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Poles and Zeros 

SSB and JTAC. In 1952, lhe Joint Technical Advisory 
Committee published a book “Radio Spectrum Conser¬ 
vation,” which spelled out a great danger facing the ra¬ 
dio industry—the creeping paralysis that infests fre¬ 
quency allocations. JTAC is sponsored jointly by IRE 
and RETMA. The latter organization underwrote the 
distribution of several thousand copies of the book to 
leading engineers, teachers and administrators through¬ 
out the world. Among the recipients were the members 
and staff of the Federal Communications Commission. 
Among the JTAC recommendations for combating the 
paralysis was “the use of the most efficient modulation 
methods, with respect to occupancy of the assigned 
channel.” 

Thereby hangs the tale of this special issue on Single 
Sideband Techniques. For in 1955, the FCC returned 
the favor by asking JTAC to undertake the collection of 
technical information, in preparation for rule making 
which would extend single sideband methods to services 
not now required to use this powerful tool of conserva¬ 
tion. JTAC responded by querying technical organiza¬ 
tions known to be active in this field, asking for papers 
on a variety of topics ranging from basic philosophy to 
specific techniques. 

The response was overwhelming. No one, not even 
those working directly in the SSB field, realized how 
much was going on behind so many laboratory doors. 
Nine papers on as many different aspects came from one 
company alone. Ordinarily, a prudent editor would re¬ 
frain from publishing this much, amounting to a quarter 
of the content of the issue, from one source. Under the 
circumstances, we congratulate that company for its 
outstanding activity in this important field. In all 34 
papers were submitted. Of these, 30 were accepted for 
publication in this issue. IRE takes particular pleasure, 
as one of JTAC’s sponsors, in publishing this material. 

Chairman McConnaughey of the FCC is preeminent¬ 
ly qualified, as the principal administrator of the spec¬ 
trum in the United States, to comment on the signifi¬ 
cance of these papers and to call attention to the tough 
technical and economic problems which presently block 
wider use of SSB. We urge all IRE members to read and 
weigh his comments, in the guest editorial that follows. 

Particular credit is due seven individuals who read 
and organized the manuscripts, under great pressure of 
time. The FCC asked that these papers be committed 
to print at the earliest possible date, so as to permit ref¬ 
erence to them during the current investigation and in 
the prospective hearings. So the issue date was moved 
up three months and the editorial work began before all 
of the papers were in hand. Our special thanks go, there¬ 
fore, to I. J. Kaar, the member of JTAC to whom the 
SSB project was assigned and who did all the spade 
work, to J. F. Honey, who coordinated the material, 
read the abstracts and assigned the detailed reviews of 
particular papers, and to N. F. Schlaak, J. P. Costas, 
N. H. Young, Jr., E. A. LaPort, and A. M. Peterson, 
who reviewed them in detail. Their efforts in behalf of 

JTAC, IRE, and the FCC will in due course extend far 
beyond professional bounds, as far in fact as the driver’s 
seat of every radio-equipped taxicab. 

Credit in full measure must also go to that good, gray 
organization, JTAC itself. This committee of eight sen¬ 
ior statesmen has, since its creation in 1948, conducted 
its affairs with such singular wisdom that it has achieved, 
preeminently among engineering advisory bodies, the 
unquestioned confidence not only of the profession and 
the industry but of a not-always-friendly government. 
That lively observer of the scene, Martin Codel, once 
called the JTAC members “consulting engineers to the 
world.” This standing has been achieved not by avoid¬ 
ing controversial issues, but by meeting them with per¬ 
tinent technical data, carefully identified as to reliabil¬ 
ity, and by truly objective evaluation of their signifi¬ 
cance. The JTAC charter requires its members to serve 
wholly without instruction from their employers or any 
other organization, and the record shows wholehearted 
compliance with this necessary prerequisite to public 
and professional trust. 

The JTAC reports contain much food for thought, 
even years after their original issue. One statement made 
in 1948, startling then but borne out today, is that a 
uhf television station, to compete with a vhf station, 
must radiate 5 to 20 megawatts. The FCC rules were 
recently amended to authorize 5 megawatts for uhf sta¬ 
tions. In another area, JTAC stated its opinion in 1954 
that narrower channels were technically feasible in the 
152-162 me mobile band, in response to an FCC request 
for information. In September, 1956, the Commission 
ruled that such narrower channels would be mandatory 
in this service, effective in 1963, and that new equip¬ 
ment must be designed for these channels after October, 
1958. 

Such advice must be based on engineering realities, 
and sound technical methods. These are originated, by 
and large, not by senior statesmen but by not-so-senior 
engineers-at-the-bench. For such engineers, we believe 
this issue of the Proceedings should serve not only as a 
source of information, but as a source of conviction that 
spectrum conservation can, and should, be advanced by 
technical methods. 

Bulk. Those members who feel that the 1000-page 
IRE Directory should be shipped complete with read¬ 
ing stand, can sympathize with the postal workers in 
Menasha, Wisconsin, who are unfortunate enough to be 
required to take the output of our printer. The Direc¬ 
tory loomed up in that post office as 116 tons of bound 
and wrapped paper, stacked to the ceiling. At 15 Direc¬ 
tories to a mail sack, they filled over 3000 sacks, and it 
took two full days of back-breaking labor to clear the 
decks of this one issue alone. The fact that 158,000 
copies of Motor Service Magazine were in the post office 
at the same time didn't help. So a tip of the hat to 
GPO, Menasha.—D.G.F. 



Tribute to Lee de Forest 
On behalf of the Institute of Radio Engineers, its 

Directors, in meeting assembled, send greetings on 

this 50th anniversary of your momentous discovery. 

The grid electron tube has made possible the rami¬ 

fied developments in electricity that have now 

reached into every branch of technology and which 

are taking civilization across the threshold of a 

new era that is to bring revolutionary advances 

of untold magnitude for the uses of mankind. 

A. \ . Loughren, President 

November 14, 1956 
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Single-Sideband Techniques as Related to 
Spectrum Administration 
GEORGE C. McCONNAUGHEY, Chairman 

Federal Communications Commission 
I am particularly pleased that this issue of the 

Institute’s Proceedings is devoted to the subject 
of single sideband techniques. This subject is one 
of immediate and growing importance to the 
Federal Communications Commission. Our con¬ 
tinual quest for practical methods of meeting the 
demands of an ever increasing, and in truth 
astounding, number of uses and users of the avail¬ 
able spectrum space requires the help of the best 
engineering talent in the land. The Institute of 
Radio Engineers over the years has provided a 
real and most valuable contribution to the thinking 
of those of us engaged in administration and regu¬ 
lation of the radio spectrum. Spectrum-saving 
techniques of all kinds now must be given high 
priority in planning circles both in the government 
and industry. Indeed, today, in the enormous field 
of communications I believe the most fertile and 
productive ground for research and development 
lies in the area of new techniques for compressing 
more and more intelligence into narrower band¬ 
widths, thus opening the way for more and better 
services of all types to the public. 

During the years since World War II, tremen¬ 
dous progress has been made. In fact, the develop¬ 
ment of new electronic devices for both civilian 
and military use has far out-paced any orderly 
plans of spectrum allocation. The time for reap¬ 
praisal is now. Fortunately, contemporary theo¬ 
retical and technological advances are encouraging 
the more efficient use of the spectrum. Information 
theory gives us a yardstick for evaluating the 
various kinds of emission in terms which show 
their relative advantages. 

I'he history and development of single sideband, 
as well as its inherent advantages, are well known 
to radio engineers. Some 90 per cent of our com¬ 
mercial overseas radiotelephone circuits are today 
utilizing this technique and efforts are being made 
to convert the remaining systems to this type of 
operation. Frequency control apparatus having 
precision adequate for use with single sideband has 
recently become available. Likewise, improved re¬ 
ceiver components and designs are now available. 
Thus, contemporary developments in single 
sideband theory, engineering, and practice have 
now placed us in a position to utilize this technique 
in systems where its advantages are apparent. 

It is the announced intent of the Federal Com¬ 
munications Commission to promulgate rules 
looking toward exclusive use of single sideband for 
radiotelephony on frequencies below 25 megacycles 
in the fixed and mobile radio services. Formal pro¬ 
ceedings for this purpose have been commenced. 

Implementation of single sideband transmission 
presents special problems in the various radio 
services. For example, in the maritime and aero¬ 
nautical mobile services, international collabora¬ 
tion is necessary to assure communication between 
stations of different countries. Consideration must 
also be given to compatibility of AM and single 
sideband operations during the transition period. 
Additionally, conversion to single sideband must 
be so planned as to avoid unnecessary and prema¬ 
ture obsolescence of existing installations. Special 
attention must, of course, be given to the specific 
problems in each radio service affected. These are 
but some of the matters which the Commission 
must consider. Consequently, the technical papers 
in this issue of the Institute's Proceedings are 
most timely contributions to knowledge of single 
sideband systems and equipment. In this connec¬ 
tion, it is expected that the work of the IRE and 
the Joint Technical Advisory Committee will be of 
material assistance to the Commission in making 
provisions for single sideband utilization. 

This issue of the Proceedings of the IRE con¬ 
stitutes a valuable contribution to the literature on 
single sideband theory and practice. Such pub¬ 
lished material is useful to the Commission in 
establishing technical standards. Also, construc¬ 
tive comments of interested parties furnished to 
the Commission in response to notices of proposed 
rule-making are of great help in formulating final 
rules. Therefore, I wish to encourage IRE members 
to submit comments regarding single sideband 
technical standards and other proposed, or to be 
proposed, rules affecting spectrum conservation. 

On behalf of the Federal Communications Com¬ 
mission, I wish again to commend the Institute of 
Radio Engineers for its outstanding contributions 
toward advancement of the art of radio communi¬ 
cations and for the whole-hearted cooperation it 
has always given all agencies of the government 
concerned with utilization and administration of 
the radio spectrum. 
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Introduction to Single-Sideband Issue 
I. J. KAAR, Chairman 
JTAC Subcommittee 56.1 

( >n October 5, 1955, the FCC released its Public 
Notice No. 55-988 and its Notice of Proposed Rule 
Making No. 22939, thus breathing life again into 
an old and ever existing campaign to increase the 
usability of the communications channels. No one 
can deny that action in this direction is not only 
highly desirable but rapidly becoming mandatory 
if our communications systems are to be salvaged 
from chaos. If the rate at which the use of our com¬ 
munications channels is increasing were to be ex¬ 
trapolated, it would not be too difficult to predict 
the time at which the entire structure would col¬ 
lapse. It is quite obvious, therefore, that means 
must be found either to provide more spectrum 
space (which is not likely!) or to enhance the 
amount of information which can be transmitted 
through a given band in a given time. Single side¬ 
band may provide an answer and thus the FCC 
Public Notice. 

Single Sideband is not new in the art. It has been 
known for many decades that the whole intelli¬ 
gence of an amplitude modulated signal resides in 
one of the sidebands. It is rather unusual, how¬ 
ever, that so many years would pass before this 
technique would be fully recognized for its true 
worth. 

At one time single sideband was actually consid¬ 
ered for our national broadcasting system and it 
has been used for transoceanic telephony since the 
early 20’s, as recounted in one of the papers of this 
issue, and it has been in use in wire communica¬ 
tions, for economic reasons, since 1915. It is inter¬ 
esting to reflect upon the possible reasons why this 
technique was not exploited earlier and more 
widely. Some will say we were about ready for it 
when frequency modulation made its appearance 
and this is interesting because, in spite of the many 
advantages of fm, it can hardly be said to be a con¬ 
server of spectrum space. Others will contend that 
the alleged conservation of spectrum space afford¬ 
ed by SSB is to some extent a snare and a delusion. 
So as is usually the case, we do not have universal 
agreement. 

To aid in resolving the problem, the FCC on 
October 6, 1955 wrote to the Joint Technical Ad¬ 

visory Committee (which exists, in a large meas¬ 
ure, to provide technical counsel to the FCC) and 
requested assistance. The JTAC agreed to under¬ 
take a study. A subcommittee was established on 
January 26, 1956 under the chairmanship of the 
writer who believes that the first action in any re¬ 
search should be a visit to the library. This has 
been done, in effect, by soliciting technical papers 
on all phases of single sideband operation from au¬ 
thorities in the field. These papers constitute this 
issue of the Proceedings. 

This issue was intended to be a compendium on 
single sideband and it may seem odd to find in¬ 
cluded a single paper supporting a competitive 
scheme when, of course, many other papers of like 
nature could have been had. Let us say, then, that 
the Costas’ paper was included to remind the read¬ 
er that the optimum modulation scheme is still a 
controversial subject. 

The papers lie in four domains: the first five pa¬ 
pers contain historical and introductory material, 
the next eight deal with new techniques, the fol¬ 
lowing five discuss design considerations, and the 
final group of twelve concern applications. 

The material in the introductory section should 
provide the reader with a good over-all picture of 
the history and present status of SSB communica¬ 
tions, its advantages and disadvantages, and the 
problems to be overcome in increasing its applica¬ 
tion. Following this, the techniques section in¬ 
cludes a number of papers which provide detailed 
discussion of circuit and system problems unique 
to the SSB system. Problems involved in the de¬ 
sign of SSB equipment and in the achievement of 
performance specifications such as linearity are 
discussed in the design section. The design of any 
communications system is largely determined by 
the application for which it is intended, and the 
papers which appear in the applications section of 
this issue discuss the requirements, restrictions, 
and approaches used in adapting the SSB system 
to a number of promising applications. 

The grateful thanks of the JTAC goes out to the 
authors who responded, to the reviewers and to 
J. F. Honey who coordinated the reviews. 
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An Introduction to Single-Sideband Communications* 
J. F. HONEYf, SENIOR MEMBER, IRE, AND D. K. WEAVER, Jr. J, associate member, ire 

Summary—The elements of the SSB communication system and 
its advantages over the AM system are discussed. These advantages 
include benefits to the individual user, generally in the form of re¬ 
duced size and weight of equipment or more effective communication 
when conditions limit the size of the installation, and benefits to the 
radio environment which include spectrum conservation and reduc¬ 
tion in the total radiated power required to accomplish a given com¬ 
munication function. Particular attention is devoted to the areas in 
which problems still remain in the use of SSB techniques in hf com¬ 
munication. Many of these problems arise from the necessity of 
having a suitable demodulating carrier at the receiver, and include 
the desirability of having highly accurate and stable frequency con¬ 
trol of the transmitter and receiver, complex techniques for frequency 
synthesis, and techniques for carrier transmission and receiver afc. 
Other problems include compatibility between AM and SSB systems 
during the transition period, and standardization of SSB practices. 

Introduction 

< Il A H IS qualitative discussion of the over-all field of 
I single-sideband communication is intended for the 

reader who does not necessarily specialize in the 
field but who, because of the increasing importance of 
SSB operation, desires a broad view of the elements and 
techniques, and the advantages and disadvantages in¬ 
volved. The advantages of SSB communication for the 
individual user accrue principally from the higher ef¬ 
ficiency of sideband power generation in the SSB sys¬ 
tem, and take the form of reduced size and weight of 
equipment or more effective communication for a given 
size and weight. There are also advantages to the radio 
environment in which all users must operate that accrue 
from the reduced spectrum occupancy of the SSB sig¬ 
nal and from the greatly-reduced total radiated power 
necessary to accomplish a given communication func¬ 
tion. The hf portion of the spectrum between 2 and 25 
me is the only portion readily suited for long-range radio 
communication. In view of the increasing crowding of 
that portion of the spectrum, with consequent high 
levels of interference from other radio signals, these en¬ 
vironmental advantages are major factors in the forth¬ 
coming widespread change to SSB service. 

There are a number of areas of difficulty that still re¬ 
main to be overcome if SSB techniques are to be widely 
used in the near future. The SSB system receives some 
very important advantages from the elimination of the 
high-power carrier signal used in amplitude-modulation 
communication; however, this elimination gives rise to 
a number of rather difficnlt problems at the receiver in 
providing a suitable demodulating carrier. These prob¬ 
lems include the necessity of having highly-stable fre-

* Original manuscript received by the IRE, August 24, 1956. 
+ Stanford Res. Inst., Menlo Park, Calif. 
Î Elec. Eugrg. Dept., Montana State College, Bozeman, Mont.; 

formerly with Stanford Res. Inst., Menlo Park, Calif. 

quency control of transmitter and receiver, the necessity 
for developing new carrier transmission techniques, and 
the use of complex receiver automatic frequency control 
techniques. Other system problems include the neces¬ 
sity for compatibility between AM and SSB systems in 
order to effect a transition both feasible and economical. 
There are also problems involved in the standardization 
of SSB techniques and practices. 

The Nature of the SSB Signal 

SSB communication derives its name from the fact 
that the spectrum of the signal resembles one of the two 
sidebands that are created in the more familiar process 
of amplitude modulation. In the AM system a carrier 
ee(t), is varied in amplitude about a mean value in ac¬ 
cordance with the modulating signal, This opera¬ 
tion is indicated in Fig. 1(a) and is described by (1), in 
which denotes the resulting AM signal: 

e2(f) = [1 + ¿«tWRW- (!) 

CARRIER e, 

(a ) 

CARRIER ec ( t 1 

(b ) 

CARRIER ec ( t 

(c 1 

Fig. 1 -Modulation systems. 

Let the carrier, ec(t), be described as shown in (2) and 
the modulating signal, ei(f), be described as the sum of 
a large number of sinusoidal components as indicated 
by (3): 

ec(/) = cos (wct + <t>e) (2) 
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®l(0 — 22 -E» COS fad + 0n). (3) 

We can substitute these expressions in (1) and rewrite 
the expression for the AM signal, e2(/), as 

«2(f) = cos (wj + 0C) carrier component 

k N
4-— 22 En COS [(a>c — Un)l + 0C ~• </>n] 

2 n-1 

lower sideband 
k A, 

4-- COS [(o>c — 03,^1 + 0C + 0n] 
2 n-1 

upper sideband. (4) 

This formulation clearly illustrates the existence of 
the original carrier component in the output signal with 
the upper and lower sidebands lying symmetrically on 
each side. The typical modulating signal as a function 
of time and of its frequency spectrum is illustrated in 
Fig. 2(a). The resulting AM signal and its spectrum, 
showing the two identical sidebands similar to the 
spectrum of the original modulating signal, are illus¬ 
trated in Fig. 2(b). 

(oï 
MODULATING SIGNAL eJD.EJw) 

( b) 
AMPLITUDE MODULATED SIGNAL e2(t),E2(w) 

(c) 
DOUBLE SIDEBAND SUPPRESSED CARRIER SIGNAL es(t),E3(w ) 

TIME DOMAIN FREQUENCY DOMAIN 
(SPECTRA) 

( d ) 
SINGLE SIDEBAND SIGNAL e4(t),E4(w ) 

Fig. 2—Signa! representations. 

Instead of varying the amplitude of the carrier signal 
about a mean value in accordance with the modulating 
function, as was done in AM, we can multiply the car¬ 
rier signal by the modulation function, ^i(Z), as indicated 
in (5) and in Fig. 1(b): 

«aW = «c(0«i(0- (5) 

When we substitute (2) and (3) for the carrier and 
modulating signals into (5), it may be expanded in the 
form shown in (6): 

En COS [(wc — Wn)/ 4" 0c — 0nJ 

lower sideband V 
4-- 22 En COS [(wc + (¿nF + 0c + 0n] 

upper sideband. (6) 

The resulting signal, es(t), is a double-sideband signal 
that is identical to the AM signal except that the strong 
carrier component is not present in the output. This 
type of signal is illustrated as a function of time and 
frequency in Fig. 2(c). 

Perhaps the most familiar method of generating the 
SSB signal is that of generating a double-sideband sig¬ 
nal similar to that just discussed and passing the result¬ 
ing signal through a special SSB filter which passes one 
of the two sidebands and rejects the other, as indicated 
in Fig. 1(c). The expression for such an SSB signal, 
e^t), is given in (7), and is illustrated as a function of 
time anil frequency in Fig. 2(d): 

1£«(0 = — 22 En cos [(wc + “n)i + 0c + 0™]. (7) 
2 n—1 

The lower sideband could have been selected instead of 
the upper sideband illustrated. Thus it appears that 
SSB modulation translates the spectrum of the modu¬ 
lating wave in frequency by a specified amount—either 
with or without inversion—and that the resulting signal 
occupies only half the total spectrum required for AM 
communication. 

The AM signal is demodulated by rectifying the re¬ 
ceived signal, thereby recovering the envelope variations 
which contain the desired information. In another 
sense, the AM signal is applied to a nonlinear device. 
The difference frequencies, or intermodulation products, 
between the high-power carrier signal and the much-
lower-power sideband components which result consti¬ 
tute the desired output signal. 

The SSB suppressed-carrier signal does not include a 
high-power carrier signal to be used in the demodula¬ 
tion process, so this carrier must be supplied by the re¬ 
ceiver itself. The sum of the signal and a high-power 
locally generated carrier can of course be rectified to 
produce difference frequencies between the carrier and 
the various components of the sideband. However, it is 
more common to use the locally-generated carrier to 
translate the SSB signal back to its original position in 
the audio-frequency band using conventional frequency 
conversion techniques. The block diagram of an SSB 
demodulator is shown in Fig. 3. 

It is quite apparent that, if the demodulating carrier 
provided by the receiver is not of the correct frequency, 

«3(0 = — 22 
“ n-1 
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DEMODULATING CARRIER e, ( t ) = cos (w, t ♦ *d) 

Fig. 3 1 temodulation of SSB signal. 

the demodulated SSB signal will be shifted up or down 
by a uniform amount from its original location in the 
spectrum. If the demodulating carrier ed(t), is described 
as shown in (8), the demodulated SSB signal, e^t), will 
be given as shown in (9): 

ed(t) = cos (w<if + 

y 
C^l) — Cn COS [(oJc — Ud + “»)l + 4>e — <l>d + </>«]• (9) 

n=»l 

It can be seen from inspection of (9) that if Cdlf) is 
identical to the original carrier frequency, ec(/), used in 
the modulation process, the demodulated signal e^t), 
will be identical to the original modulating signal, Ci(t). 
If only the phase of the demodulating carrier is different 
from the phase of the original modulating carrier, all 
components of the output signal will have undergone 
a constant phase shift equal to the difference in phase 
of the modulating and demodulating carriers. If the 
frequency of the demodulating carrier differs from the 
frequency of the modulating carrier, the output signal, 
c5(/), will be shifted up or down by the difference 

frequency. 
The problems involved in providing a demodulating 

carrier at the receiver of exactly the right frequency are 
formidable and will be discussed in substantially more 
detail later in this paper. These difficulties are a 
primary reason for the high cost and complexity of 
SSB equipment in comparison to AM equipment, and 
constitute the major reason why SSB techniques have 
not yet achieved widespread application in hf communi¬ 

cations. 

Relative Performance of AM and SSB Communications 

Under ideal propagation conditions and under signal-
to-noise ratio conditions that are better than those at 
which noise threshold effects appear in the AM detector, 
AM and SSB communication links provide identical 
performance if the total sideband power output of the 
two transmitters are the same. I his includes the effect 
of the wider noise bandwidth of the AM receiver, and 
assumes coherent addition of the two sidebands of the 
AM signal. Under typical long-range propagation con¬ 
ditions, however, selective fading is likely to occur, and 
its effects are far more deleterious to the AM signal than 
to the SSB signal. Selective fading results from a com¬ 
bination of signals at the receiver arriving over two or 

more propagation paths of differing lengths. 1 hose may 
result in partial cancellation of the carrier signal, or in 
a shift of the phase of the carrier signal relative to the 
phase of the sidebands. Phase distortion of the sidebands 
with respect to each other and to the carrier may also 
occur. Extensive tests have indicated that under excel¬ 
lent long-range propagation conditions involving point-
to-point or air-ground communication, AM and SSB 
systems will perform identically if the power of the SSB 
transmission is equal to the power in one of the two 
sidebands of the AM transmission. This 3-db loss in the 
effective AM signal power is due to a combination of 
incoherent addition of the two sidebands of the AM 
signal due to a selective fading and to threshold effects 
in the AM detector. Under conditions in which severe 
fading has been observed, the effect on the AM signal 
has been much more severe than indicated above. Under 
such conditions, successful SSB communication has 
been established when the AM circuit of similar side¬ 
band power was completely out of service. 

The SSB system is less subject to narrow-band man¬ 
made interference than is the AM system because it 
occupies only half the bandwidth of the AM system. It 
is correspondingly less likely, therefore, that an inter¬ 
fering signal will fall in the portion of the spectrum th.it 
is utilized. A study of the distribution in strength of the 
signals found in a normal hf radio environment indi¬ 
cates that the transmitter power equivalence of this ad¬ 
vantage of the SSB system is as high as 6 db for narrow¬ 
band interference. The advantage is less for wider-
bandwidth interfering signals, in which case the proba¬ 
bilities of an interfering signal appearing in two adjacent 
sidebands are no longer independent. 

Advantages of the SSB System 
The principal differences between SSB and AM com¬ 

munications that we have discussed so far include the 
reduction or elimination of the high-power carrier, a 
reduced spectrum requirement, and a more durable 
signal in the presence of selective fading and interference 
conditions. These points of comparison lead to sub¬ 
stantial benefits both to the user of SSB equipment and 
to the radio environment as a whole. 

The benefits to the individual user arise primarily 
from the higher over-all efficiency of generation and uti¬ 
lization of sideband power. If the performance of the 
SSB system is required to be equivalent to that of an 
existing AM system, the power of the SSB transmitter 
should be equivalent to the power of one of the two 
sidebands in the AM system. If equivalent performance 
is desired, the actual amount of saving in size and 
weight, or prime power requirement of the equipment, 
achieved by utilization of SSB techniques depends to a 
certain extent on the size of the installation. I*or pur¬ 
poses of rough estimation we can assume that 100-w 
AM and 125-w SSB equipments have approximately 
equal size, weight, and prime power requirements, and 
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that additional increments of power output in the SSB 
transmitter are approximately one-seventh as costly in 
terms of size, weight, and power requirement as equiv¬ 
alent increments in performance for the AM system. If 
equipment size and weight are the primary limiting fac¬ 
tors for a given user, a 100-w AM transmitter can be 
replaced by a 125-w SSB transmitter. The SSB equip¬ 
ment will provide approximately the same performance 
that would be achieved using a 500-w AM transmitter; 
hence the system performance will be improved by ap¬ 
proximately 7 db. The peak antenna voltage may be a 
limiting factor in situations in which electrically-small 
antennas or high-altitude operation in airborne com¬ 
munication is contemplated. Under this limiting con¬ 
dition a 100-w AM transmitter may be replaced by a 
400-w SSB transmitter with a resulting improvement 
in system performance of approximately 12 db. 

The benefit to the radio environment of widespread 
usage of SSB techniques is derived principally from the 
reduced spectrum occupancy and the reduction or elimi¬ 
nation of the high-power carrier signal of AM communi¬ 
cation. Because of the demodulating-carrier frequency¬ 
control problem, the SSB system requires a much higher 
order of frequency stability than present AM systems 
require, thereby reducing the guard-band requirement 
at the higher frequencies. This, plus the reduced spec¬ 
trum requirement of the SSB signal, permits the assign¬ 
ment of at least twice as many SSB channels in a given 
portion of the spectrum as present AM practice permits. 

In AM communication the total radiated power re¬ 
quired to accomplish a given communication function 
is from 12 to 16 db greater than the total power required 
to accomplish the same function with SSB techniques. In 
a radio environment rapidly approaching the point at 
which additional communications will be limited by 
other radio signals rather than by natural noise, the 
importance of such a reduction in total radiated power 
can hardly be overestimated. 

Disadvantages of the SSB System 

The principal disadvantage of the SSB system is its 
cost and complexity. A slight degree of additional com¬ 
plexity is contributed by the SSB modulators and filters 
required, but the main source of the additional com¬ 
plexity is the problem of demodulating-carrier fre¬ 
quency control. Die SSB system requires frequency 
control having accuracy and stability on the order of 
0.2 to 2 parts per million in the hf spectrum, whereas 
present practice in fixed and mobile AM communication 
in the hf spectrum ranges from 50 to 200 parts per mil¬ 
lion. If multichannel operation is required, it becomes 
impractical to provide large banks of crystals having 
such high stability, and it becomes necessary to provide 
a very stable crystal oscillator using a highly complex 
frequency-synthesis technique for deriving any desired 
operating frequency from the one stable signal. These 

disadvantages may be overshadowed in many applica¬ 
tions by the advantages of reduced equipment size and 
weight or improved performance, as described above. 

SSB Techniques 

In the transmitter it is common practice to generate 
the SSB signal at a rather low fixed intermediate fre¬ 
quency and to translate it up to the final operating fre¬ 
quency in one or more steps. The SSB signal is then 
amplified to the desired power level using Class ABi or 
Class B linear power amplifiers. The SSB receiver per¬ 
forms similar functions in the inverse order and, with 
the exception of the demodulation stage, is not signifi¬ 
cantly different from the conventional superheterodyne 
communication receiver. A conventional tuned radio¬ 
frequency amplifier is used, and the signal is then 
heterodyned down to one or more fixed-frequency IF 
amplifiers which build up the signal power and achieve 
the necessary selectivity. The demodulation stage is 
actually a final stage of frequency conversion in which 
the SSB signal is heterodyned down to its original posi¬ 
tion in the af spectrum. The frequency of the signals 
used to effect the various frequency conversions in both 
the transmitter and receiver must be very accurately 
controlled. They must be supplied by highly stable 
crystal oscillators or, in the case of multichannel equip¬ 
ment, must be derived from a highly stable crystal oscil¬ 
lator by frequency-synthesis techniques. 

In view of the fact that the various operations in the 
transmitter and receiver are so similar, it is often possi¬ 
ble in the design of transceiver equipment to simplify 
by using some elements for both transmitting and re¬ 
ceiving. The signals provided by the frequency syn¬ 
thesizer may, of course, be used for both purposes, and it 
may prove desirable to use a bilateral technique of SSB 
generation and demodulation. 

There are a number of other techniques for SSB gen¬ 
eration and demodulation in addition to the filter system 
previously discussed. These methods, together with 
further details on the filter method are discussed in the 
following. 

SSB Modulation Techniques 

The filter method of SSB generation has already been 
discussed in the second section, “The Nature of the SSB 
Signal,” and is illustrated in Fig. 1(c). The filter system 
implies that the SSB signal is generated at a fixed IF at 
a moderately low power level. The IF to be used is de¬ 
termined to some extent by design considerations of the 
SSB filter itself and to some extent by the inherent sta¬ 
bility considerations in the afc circuit of the receiver, 
if such is to be used. Suitable SSB filters can be con¬ 
structed from LC elements for the frequency range of 
20 to perhaps 100 kc for the single-channel voice signal. 
The recently-developed electromechanical filters have 
an advantage of small physical size, and have been built 
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for the frequency range of 10Ü to perhaps 600 kc. SSB 
filters using quartz crystals as the elements of the net¬ 
work have been used for many years at frequencies as 
low as 100 kc, and recent developments indicate that 
suitable filters can be constructed at frequencies as high 
as 10 me. 

'Die phasing technique of SSB generation is illustrated 
by the block diagram of Fig. 4. In this system two 
double-sideband signals are generated in balanced mod¬ 
ulators and added together. Because the modulating 
signals and the carrier signals to each balanced modu¬ 
lator are phased in quadrature, the two resulting 
double-sideband signals add in such a way that one set 
of sidebands is canceled and the other set reinforced, 
producing the desired SSB output signal. It is obviously 
important in such a system that the quadrature phase 
relationship of the two carrier signals and of the two 
modulating signals be accurately maintained and that 
the transfer characteristics of the two balanced modu¬ 
lators be identical. Wide-band audio phase-difference 
networks have been constructed for band widths as large 
as 300 to 20,000 cps, providing quadrature phase rela¬ 
tionship of the two output signals to within 0.2° in 
phase and 1 per cent in amplitude. Techniques for the 
synthesis and realization of this type of passive wide¬ 
band quadrature phase-difference network have been 
discussed in an article by Weaver. 1 This system is suita¬ 
ble for generating an SSB signal at fixed frequencies at 
any point in the IF or rf frequency range that may 
prove desirable. If a tunable or a wide-band 90° phase¬ 
difference network for the carrier signal is provided, the 
method can be used to generate an SSB signal at a 
variable frequency. This cannot be done with the filter 
method. 

Fig. 4—Phasing method of SSB generation. 

The phasing method of SSB generation has been used 
in the so-called high-level system of SSB generation. In 
this type of transmitter the two balanced modulators 
are actually the power output tubes, and the SSB signal 
is original!}’ generated at the final power level and the 
desired output frequency. This technique has been 
demonstrated to perform satisfactorily, but it involves 
complex servo systems for the maintenance of the quad-

1 D. K. Weaver, Jr., “Design of RC wide-band 90-degree phase¬ 
difference network,” Proc. IRE, vol. 42, pp. 671-676; April, 1954. 

rature phase relationship of the variable-frequency 
carrier signal, and involves the accurate balance of the 
characteristics of the four power tubes in the double 
balanced modulator stage and accurate balance of the 
amplitude and phase characteristics of the four-channel 
modulator. 

A third method of SSB generation, distinct from 
either the phasing or filter methods, has recently been 
suggested by Weaver and is described elsewhere.2 This 
method is suitable, as is the phasing method, for genera¬ 
tion of an SSB signal at any fixed or variable frequency 
in the IF or rf spectrum that may prove desirable. 
This method appears to be particularly well suited for 
future application in systems using an extremely wide 
bandwidth of modulation or systems which may require 
a constant-time-delay method of SSB generation. 

In SSB transmission, the level of the undesired side¬ 
band that exists in the output signal is determined by 
the rejection characteristics of the SSB filter or phasing 
network used. The principal design objective to be 
achieved in this respect is that the level of the undesired 
sideband must be significantly smaller than the tolerable 
level of third-order intermodulation products (generated 
in the final amplifier) that occupy the undesired side¬ 
band. 

In some applications it may be desirable to multiplex 
two channels of communication—one on the upper side¬ 
band and the other on the lower sideband. This can be 
accomplished quite readily in most types of SSB equip¬ 
ment simply by providing another set of SSB filters or 
by making certain simple modifications in the phasing 
technique, and providing the additional audio circuits 
necessary. 

SSB Demodulation 
All of the techniques discussed above for SSB genera¬ 

tion are equally applicable in the demodulation of an 
SSB signal. As mentioned above, it may be desirable in 
transceiver equipment to use bilateral units in order to 
achieve additional circuit simplification. SSB demodu¬ 
lation does not, however, necessarily require the use of 
balanced modulators, and in some cases it may be de¬ 
sirable to use the more conventional type of receiver 
frequency converter circuit. 

The requirement for undesired sideband rejection in 
the SSB receiver is entirely different from the cor¬ 
responding requirement in the transmitter. SSB de¬ 
modulation is essentially the last stage of frequency 
translation in which the IF signal is translated down to 
its appropriate position in the af spectrum. The un¬ 
wanted sideband is the image of this last stage of fre¬ 
quency conversion, and the image rejection requirement 
in this stage is essentially the same as the image rejec-

2 D. K. Weaver, “A third method of generation and detection of 
single-sideband signals,” this issue, p. 1703. 
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tion requirement for any of the other stages of frequency 
translation that may be used in the receiver. The 
primary purpose is to reject interfering signals which 
may occur in the undersided sideband. 

Linear Amplifiers 

It is necessary that the amplifiers used to achieve the 
desired output power level for the SSB signal be linear 
in the sense that the output signal be as nearly identical 
as possible to the input signal. If nonlinear distortion of 
the SSB signal occurs in the final amplifier, third-order 
intermodulation products will be produced which fall 
within and near the desired sideband. If the SSB signal 
consists of two sinusoidal tones,/i and/a, the third-order 
distortion products of concern are of the form 2/i—/2, 
and If2— fi. If the SSB signal has a rectangular spectral 
distribution, the spectral distribution of the resulting 
third-order intermodulation products will be as shown 
in Fig. 5, and will extend one modulation bandwidth on 
either side of the assigned channel. 

Csas " lllllllllllllllllll_ „ 
INTERMODULATION SPECTRUM 

U..... 
Fig. 5—Spectrum of intermodulation products. 

In the case of multiplex channel operation, the per¬ 
missible level of the third-order intermodulation prod¬ 
ucts may be determined by the amount of cross-channel 
interference that can be tolerated. For single-channel 
communication it is difficult to specify a tolerable level 
of intermodulation distortion, but we can use as a guide 
the levels of distortion products lying outside the band 
that are achieved in typical AM service. The principal 
distortion products in AM service are not intermodula¬ 
tion terms, but result from modulation by harmonics of 
the various components of the modulating signal itself 
which are generated in the modulator stage and in the 
modulation characteristic of the power amplifier. 

Demodulating Carrier Frequency Control 

As has been mentioned in “The Nature of the SSB 
Signal” section of this paper, the demodulating carrier 
supplied in the receiver must be very close to the correct 
frequency in order to avoid undesirable shift of the 
spectrum of the demodulated signal. This may be ac¬ 
complished by the use of highly stable crystal control 
of the transmitter and receiver. If sufficiently small de¬ 
modulating carrier frequency error cannot be obtained 
by this method, it becomes necessary to transmit a cer¬ 
tain amount of carrier power and to provide afc circuits 
in the receiver to correct the error of the demodulating 
carrier generated in the receiver. Present-day techniques 

developed for long-range point-to-point application in¬ 
volve the continuous transmission of carrier power at a 
level of perhaps 10 to 15 db below the peak envelope 
power rating of the transmitter, and very narrow-band 
slow-acting receiver afc circuits are used to provide the 
final correction of the demodulating carrier frequency. 
The more recent requirements for fully automatic opera¬ 
tion of the transmitting and receiving equipment and 
the desirability of rapid action of the receiver afc cir¬ 
cuits, if any, place a great premium on high stability of 
the frequency control elements and on the design and 
performance characteristics of the carrier transmission 
and receiver afc techniques to be used. This constitutes 
perhaps the major problem in the realization of success¬ 
fid SSB communication in many modern applications, 
and it will be discussed in detail in the following parts of 
this paper. 

Areas in which Problems Remain 

The following is a discussion of the principal problems 
that have restricted the use of SSB techniques until the 
present time. Most of these are concerned directly or 
indirectly with the demodulating-carrier frequency¬ 
control problem, and include the development of highly 
stable crystal oscillators and frequency synthesis tech¬ 
niques. There are also problems involved in achieving 
the compatibility of AM and SSB systems that will 
make an orderly transition possible, and in the deter¬ 
mination of standard equipment specifications and 
operating procedures for SSB equipment in various 
applications. 

Demodulating-Carrier Frequency Control 

SSB communication derives several very important 
advantages from the reduction or elimination of the 
high-power carrier signal of AM, but a strong carrier 
component must, nevertheless, be supplied at the re¬ 
ceiver in order to effect demodulation. It is often stated 
that the high-power carrier signal of AM communica¬ 
tions carries no useful information, but this is not neces¬ 
sarily true. We have seen that information about both 
the carrier phase and frequency is necessary to demodu¬ 
late the two sidebands of the AM signal. The use of the 
high-power carrier for the transmission of this informa¬ 
tion is only wasteful in that it is capable of a greater 
rate of transmission than is usually required. For voice 
communication over an SSB system, we do not need 
carrier phase information and can actually tolerate small 
frequency errors, so it follows that much less information 
need be provided at the receiver about the carrier than 
the AM system requires. 

A certain amount of information about the proper 
carrier frequency may be provided at the receiver in 
advance of communication by providing extremely ac¬ 
curate and stable frequency control of both the trans¬ 
mitter and receiver. However, if this information is not 
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sufficient to describe the demodulating carrier frequency 
to the required degree of accuracy, we must transmit 
the additional information necessary in real time over 
the communication link. This is generally accomplished 
by transmit ting a certain amount of carrier power either 
continuously or in bursts, and by providing afc circuits 
in the receiver to adjust the frequency of the demodu¬ 
lating carrier in accordance with the information ob¬ 
tained from the received carrier component. 

The requirements for the accuracy of the demodulat¬ 
ing carrier frequency may vary for different types of 
modulating signals. For voice communication, errors up 
to 10 cps are not noticeable under any conditions. In the 
absence of noise, errors as great as 50 cps detract con¬ 
siderably from the naturalness of the received speech 
signal but do not seriously impair its intelligibility. 
Errors over 50 cps result in rapidly increasing degrada¬ 
tion of intelligibility. Under low signal-to-noise ratio or 
under marginal range conditions, however, frequency 
errors between 10 and 50 cps have been found to have a 
much more serious effect on intelligibility than they do 
in the absence of noise. A complete investigation of the 
effects of the smaller frequency errors on intelligibility 
under marginal noise conditions has yet to be conducted. 

In air-ground communication, the Doppler shift of a 
transmitted or received signal due to motion of the air¬ 
craft toward or away from the communicating station 
is approximately 1 part per million per Mach number. 
The investigation of the effects of the smaller frequency 
errors on intelligibility under very noisy conditions sug¬ 
gested above will be of basic importance in determining 
whether or not independent frequency control of the 
SSB transmitter and receiver is acceptable for this appli¬ 
cation. There appears to be a possibility that the fre¬ 
quency errors due to Doppler shift alone in modern 
very-high-speed aircraft may be sufficient to seriously 
reduce performance of the system under maximum range 
conditions at the higher carrier frequencies. 

If it is necessary to use carrier transmission and re¬ 
ceiver afc, the primary design requirement will be that 
the performance of the carrier recovery system be such 
as not to degrade the performance of the communication 
link under the poorest usable signal-to-noise ratio con¬ 
ditions. The remaining design requirement is that the 
afc system must complete its function in a period of 
time short enough not to disrupt the operation of the 
communication link since such disruption causes un¬ 
necessary inconvenience to the operating personnel. 
Applications involving automatic operation of the 
equipment will, of course, require that the afc function 
be performed without aid from an operator in correcting 
the largest frequency errors that might occur. 

When a carrier signal is received in the presence of 
noise, there is a minimum irreducible error in the ability 
to determine the frequency of the received carrier com¬ 
ponent in a given period of time. In other words, the 

amount of carrier power which must be transmitted, 
relative to the sideband power output, is completely de¬ 
termined by the maximum tolerable residual frequency 
error, the response time required of the afc system, and 
the lowest signal-to-noise ratio useful in reception of the 
SSB signal. This irreducible error appears as frequency 
modulation of the demodulating carrier provided by the 
afc circuit, and must be held within limits of ±10 cps 
peak deviation in order not to degrade a voice signal un¬ 
der low signal-to-noise conditions. 

The so-called reconstituted-carrier method of pro¬ 
viding a demodulating carrier utilizes a narrow-band 
filter to select the received carrier component. The re¬ 
ceived carrier is then amplified and used to demodulate 
the received SSB signal. This system has the disad¬ 
vantage that its noise bandwidth is the same as the peak 
frequency-error correction that might be expected. The 
noise bandwidth of any afc system is basically deter¬ 
mined by the response rate required and, in this case, 
the response rate will be far faster than necessary for 
most applications. 

Discriminator circuits and synchronized oscillator 
circuits permit the noise bandwidth of the afc system to 
be separated completely from the peak-to-peak fre¬ 
quency error correction range desired and leave it to be 
determined only by the maximum response time per¬ 
missible. Discriminators have the disadvantage that a 
noise threshold occurs when the noise power received 
in the entire correction range approaches the carrier 
power. Synchronized oscillators do not have such a noise 
threshold. 

Frequency error due to Doppler shift or to drift of 
the transmitter or receiver crystals changes very slowly 
as .i function of time. This slowness permits the use of 
afc circuits that makes corrections intermittently and 
permits the use of intermittent periods of carrier trans¬ 
mission. In the so-called controlled-carrier system of 
carrier transmission,’ the carrier is transmitted at about 
the same power level as the sideband signal for a short 
period at the beginning of each transmission and during 
subsequent pauses in speech modulation. Discriminator 
or synchronized-oscillator afc circuits can be arranged 
to make their correction during periods of high carrier 
reception and to hold the corrected frequency during 
periods when the carrier signal is not being received. 

Certain applications may permit some manual tuning 
of the receiver during periods of reception. This may 
often permit the use of comparatively simple slow-
acting afc circuits having narrow noise bandwidths and 
capable of satisfactory operation with carrier signal 
suppressed from 10 to 20 db below the peak envelope 
power of the transmitter. This type of system has been 
used for years in long-range point-to-point telephone 

5 G. W. Barnes, “A Controlled-Carrier Single-Sideband System 
for Aircraft Communication,” Royal Aircraft Establishment Tech 
Note RAP. 521 ; May, 1952. 
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communications. In other applications which require 
rapid and frequent correction of demodulating carrier 
frequency errors, one may be forced to the controlled 
carrier system in order to obtain sufficient carrier power 
to handle the information rate required. 

Stable Oscillators 
A great deal of progress has been made in the past 

few years in the development of stable quartz crystals 
for frequency control and associated ovens and oscilla¬ 
tor circuits. I he work by Warner and his associates at 
the Bell I elephone Laboratories4 indicates that there 
are certainly no fundamental obstacles in the way of 
achieving crystal oscillator stabilities far better than 
those considered acceptable in AM practice today. 
Crystal oscillators having long-term stabilities on the 
order of 0.2 to 2 parts per million are necessary in hf 
SSB communication, and crystal oscillators having sta¬ 
bilities as good as this or better are being developed for 
other applications, including frequency control of uhf 
links and navigation systems. A very considerable 
amount of progress is being made in the development of 
atomic frequency standards as well. 

At the present time there appears no reason to doubt 
that crystal oscillators having stability sufficient for 
point-to-point SSB operation in hf applications and 
suitable for field application will be available within the 
next few years. 

Frequency Synthesizers 
In view of the high degree of crystal-oscillator sta¬ 

bility required in SSB service, it is usually impracticable 
to provide a large number of crystals for multichannel 
operation and hence it becomes necessary to derive the 
various signals required for frequency conversion from 
one or a very small number of stable crystal oscillators. 
1 his is known as frequency synthesis. A large number of 
techniques of frequency synthesis have been developed 
and, while they differ substantially with regard to the 
methods used for obtaining the desired signals, they are 
all quite similar in that they require from 20 to 30 tube 
envelopes and are highly complex. This complexity is 
one of the principal disadvantages of SSB for multi¬ 
channel applications, and it is to be hoped that simpler 
and more reliable synthesis techniques will be developed 
in the near future. 

Phase Distortion 

Filter and phasing techniques for SSB generation and 
reception are designed without regard to phase or time 
delay distortion of the modulating signals. While this 
is of little or no consequence in voice communications, 
it may become necessary in the future to develop 

4 A. W. Warner, “High-frequency crystal units for primary fre-
1952 Cy standards’” Proc - IRE ’ vo1- 40- PP- 1030-1033; September, 

constant-time-delay filters to accommodate other types 
of modulating signals which will not tolerate phase dis¬ 
tortion. The method of SSB generation suggested by 
Weaver elsewhere in this issue is applicable in this re¬ 
gard, since it can incorporate low-pass constant-time¬ 
delay filters that can be realized using presently avail¬ 
able synthesis techniques. 

Speech Processing 
The SSB system, which has no noise threshold, is 

particularly well suited for the application of speech 
processing techniques. These techniques are intended to 
increase the average-to-peak ratio of the speech modu¬ 
lating signal, and greatly increase the signal power out¬ 
put of a transmitter having a given peak-power limita¬ 
tion. The technique of peak limiting, which has found 
considerable application in the past, results in undesira¬ 
ble distortion levels. It has been found that more 
sophisticated techniques involving the combination of 
spectrum tilting, automatic speech-amplifier gain con¬ 
trol and speech clipping are far more effective in in¬ 
creasing the average level of modulation achievable 
without excessive distortion. 

Compatibility of AM and SSB Systems 
In order to effect an orderly and economically feasible 

transition from AM to SSB communication in many 
existing services, it appears necessary to design the new 
SSB equipment in such a way that it is compatible with 
existing AM equipment. Perhaps at a later stage in the 
transition period it will be desirable to modify the re¬ 
maining AM equipment so that it is compatible with 
the SSB services. This question is discussed in detail in 
another paper5 and will not be investigated here. It will 
suffice to say that it is easy to equip an SSB receiver 
with an AM detector and to arrange an SSB transmitter 
to radiate a large carrier signal and one sideband at re¬ 
duced power. Such a signal is readily detectable in a 
conventional AM receiver. 

Standardization 
There are many aspects of SSB communication for 

the different services in which careful thought will be 
required in the establishment of standardized design 
techniques and operating procedures before manufac¬ 
turers can enter production with confidence that their 
equipment will not be rendered obsolete in a short 
period of time by some change in procedure. Typical of 
system characteristics requiring consideration of this 
kind are the choice of the upper or lower sideband, the 
definition of the assigned channel frequency, the fre¬ 
quency accuracy and stabilities required, and carrier 
transmission and receiver afc techniques. The picture 
is further complicated by the necessity of providing 

5 N. Young, “Problems of transition to single-sideband opera¬ 
tion,” this issue, p. 1800. 
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operation compatible with AM systems during transi¬ 
tion periods. A great deal of attention has been devoted 
to this problem during the past two years by the Radio 
Technical Commission for Aeronautics,6 the Interna¬ 
tional Air 'Transport Association,7 and the Airlines 
Electronic Engineering Committee.8 1 hese organiza¬ 
tions are considering the problems involved in com¬ 
mercial airborne applications of SSB techniques for 
long-range air-ground communication, and have made 
a number of very significant recommendations for the 
standardization of airborne SSB equipment and the 
achievement of compatibility with AM systems during 
transition periods. 

SSB Applications 

SSB techniques have been used for many years in If 
and hf radiotelephony over long-range point-to-point 
links and for multiplexing a number of voice channels 
on wire lines. Until the present time, it has been more 
or less restricted to these applications by the cost and 
complexity of the equipment and by the difficulty of its 
operation, adjustment, and maintenance. Improve¬ 
ments in tubes, components, and SSB filter designs over 
the past few years have resulted in a widened field of 
practical application. I he rapid increase in acceptance 
of SSB techniques in amateur radio communication 
graphically demonstrates the effect of these improve¬ 
ments. These advances have stimulated great interest 
in portable, mobile, and airborne applications, and a 
great deal of work has been done on the special prob¬ 
lems discussed above which arise when full)’ automatic 
multichannel operation is required. It appears reason¬ 
able to expect that practical equipments suitable for 
these applications will be available in 2 to 5 years. 
The Federal Communications Commission, in the 

interest of conservation oi the hf spectrum, has released 

6 Radio Technical Commission for Aeronautics, “1 he Application 
of Single Sideband Techniques to Aeronautical Communications, 
Paper 11-54/DO-53, prepared by RTCA SC-65; January 25, 1954. 

7 International Air Transport Association, “Report of Single Side¬ 
band Compatibility Meeting, Montreal, Canada, November 14-18, 
1955,” DOC. GEN 1614. Address inquiries to IATA, International 
Aviation Bldg., Montreal 3, P.Q., Canada. 

8 Aeronautical Radio. Inc., “Proposed ARINC Characteristic 
No. 533, Airborne HF SSB/AM System,” AEEC Letter 56-3-26; 
September 10, 1956. This is a working paper prepared by ARINC for 
the Airlines Electronic Engineering Committee, and does not yet 
constitute policy approved by either organization. 

“Notice of Proposed Rule Making F( C-55-987,” which 
suggests amendments of Parts 6 and 9 of the Commis¬ 
sion’s Rules and Regulations to require the use of SSB 
transmission in fixed radiotelephone service below 25 
me within a period of from five to ten years. In “Notice 
of Proposal Making FCC-56-326,” the Commission 
proposes an amendment of Part 9 of the Rules and 
Regulations to require the use of SSB transmission in 
the aeronautical mobile service for radio-telephony on 
frequencies below 25 me. 

The advantages of spectrum conservation and free¬ 
dom from multipath propagation effects which recom¬ 
mend SSB communication so highly for hf applications 
are becoming just as important in vhf communication. 
The problems of SSB generation and demodulation in 
this frequency range are now no more difficult than for 
any other system, but the demodulating-carrier fre¬ 
quency-control problem is more difficult by an order of 
magnitude than in the hf case. We may nevertheless 
expect further increase in interest and activity in this 
field in the near future, particularly in applications re¬ 
quiring wide modulation bandwidths. 

Apologies 

In preparing this paper, the authors have made every 
effort to present a complete outline of the field of SSB 
communication and to present the numerous problems 
therein in their proper perspective. However, they are 
unfortunately lacking in one important qualification for 
those who would prepare such a paper: omniscience. 
There are without question errors of omission and 
probably errors of commission. 'To those who may feel 
that some aspect has been slighted, the authors offer 
their apologies and express their confidence that the en¬ 
suing discussions will further the objectives of this paper 
and of this special issue of the Proceedings, as well as 
their own education. 
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Early History of Single-Sideband Transmission* 
ARTHUR A. OSWALDf, fellow, ire 

Summary—This paper briefly reviews wire and radio art at the 
time of the invention of the single-sideband method of transmission. 
Recognition of sidebands, realization that either sideband contains 
the entire information and that the carrier wave conveys none, and 
the experimental discovery of homodyne reception, all preceded the 
invention. 

The method was first employed commercially in carrier telephone 
systems. 

Narrow resonance characteristics and limited transmitting power 
necessitated elimination of one sideband and carrier in the first 
transoceanic radio telephone system. 

Successful application to hf radio systems and superior perform¬ 
ance under fading conditions resulted in general adoption of single 
sideband for long-haul services. 

rip HE SINGLE-SIDEBAND METHOD of trans-
I mission was conceived in the mind of John R. 

('arson in 1915 through pure analysis resulting 
from his mathematical studies related to modulation of 
a coni ¡nitons-wave carrier by means of thermionic 
vacuum tubes.1 Almost simultaneously, H. D. Arnold 
realized the possibility in connection with tests of the 
Arlington experimental radio telephone transmitter of 
that year. Like situations preceding some other great 
contributions to telephone communication, in this in¬ 
stance the high frequency wire and radio art was ripe 
for the invention.* 

1'he first step was the recognition of sidebands per se. 
Tntil well after Carson’s invention, there seems to have 
been no general, clear-cut recognition outside the Bell 
System, that modulation of a carrier by voice waves 
results in side frequencies above and below the carrier. 
LeBlanc, in describing his multiplex system,’ speaks of 
the modified high-frequency wave and calls for a chan¬ 
nel spacing “high compared with the pitch of the sound 
waves.” This might be construed as implying that a 
transmission band is involved but LeBlanc makes no 
comments in this direction. Fleming4 treats the modu¬ 
lated carrier as a wave of constant frequency but vary¬ 
ing amplitude. Stone6 as late as 1912 says, “There is, in 
fact, in the transmission of a given message, (by carrier) 
but a single frequency of current involved.” 

The combining of two waves in a nonlinear element 
to produce sum and difference waves was an old phe¬ 
nomenon in acoustical physics. There appears to have 
been a certain carryover of that knowledge to the case 

* Original manuscript received by the IRE, August 21, 1956. 
+ Retired from Bell Telephone Labs., New York, N. Y., 1956. 
1 J. R. Carson, U. S. Patents 1,449,382, 1,343,306, and 1,343,307. 
2 E. H. Colpitts and O. B. Blackwell, “Carrier current telephony 

and telegraphy,” AIEE Trans., vol. 40, pp. 205-300; February, 1921. 
3 M. LeBlanc, U. S. Patent 857,079; 1907. 
4 J. A. Fleming, “Electric Wave Telegraphy and Telephony,” 

Longmans, Green and Co., London, Eng., 2nd ed., 1910. 
‘ J. S. Stone, “The practical aspects of the propagation of high-

frequency electric waves among wires,” J. Franklin Inst., vol. 174, 
p. 353; October, 1912. 

of electric-wave modulation by both Campbell and 
Colpitts whereby sidebands were tacitly assumed to 
exist although admittedly not very concretely visual¬ 
ized. The band spectrum of voice waves was well known. 
Campbell’s electric wave filter6 had been invented. It is 
clear from correspondence that by 1913 Bell System 
engineers were assuming that speech, in being trans¬ 
lated upward in frequency by modulation on a carrier, 
would still constitute a band of frequencies. 

In the summer of 1914 a young physicist who was 
working on radio, in familiarizing himself with the sub¬ 
ject, worked out a simple trigonometric analysis of an 
amplitude-modulated wave in his notebook. It showed 
three distinct components, the carrier and the upper 
and lower waves set off therefrom by the modulating fre¬ 
quency. The youthful analyst was Carl R. Englund; his 
notebook was dated August 19, 1914. Others may have 
done the same but this is the earliest known record. 
Nothing seems to have come directly from it. Those who 
knew apparently did not grasp the entire significance. 

In October, 1914, R. A. Heising set up and tested a 
vacuum tube transmitting and receiving terminal, over 
an artificial line in the laboratory, which simulated two 
carrier telephone channels. 1'his was the first putting 
together of an all-vacuum tube, high-frequency tele¬ 
phone sys ’em. It used separation coupled tuned circuits 
for frequency. Heising’s report, dated December 18, 
1914, recognized sidebands and mentioned the filter for 
realizing a “flat-topped transmission band.” 

The full blown appreciation came in mid-1915 during 
the radio-telephone experiments conducted at the U. S. 
Navy Radio Station at Arlington, Va. H. D. Arnold 
suggested that the antenna at Arlington be tuned to one 
side of the carrier frequency in order to pass one-side-
band well, even though the other was attenuated. Here 
was recognition that one sideband contained all the sig¬ 
nal elements necessary to reproduce the original speech. 
During this same period, John R. Carson independent!)’ 
set about analyzing vacuum-tube modulation, found 
the discrete components and recognized that one side¬ 
band and the carrier need not be transmitted. Kendall 7 

had just discovered that injection of a carrier at the re¬ 
ceiver greatly enhanced detection. Carson knew of these 
homodyne experiments and, since they demonstrated 
the feasibility of reintroducing the carrier at the receiv¬ 
ing end, they may have promoted his idea of eliminating 
the carrier at the transmitter. At any rate, Carson in 
addition to suppressing one sideband, did propose sup¬ 
pression of the carrier as well: a step beyond Arnold's 

6 G. A. Campbell, U. S. Patent 1,227,113 and 1,227,114; 1917. 
’ B. \V. Kendall, U. S. Patent 1,330,471. 
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proposal. After several patent interferences Carson was 
granted in U. S. Patent 1,449,382, filed in 1915, claims 
both to suppression of one sideband and to suppression 
of the carrier with or without suppression of one side¬ 
band. (See Fig. 1.) 

Fig. 1—Figs. 1 and 2 of J. R. Carson’s patent. 

It was from the modulation side of the laboratory 
work of 1913-1915 that the reality of sidebands and the 
possibility of single-sideband transmission were estab¬ 
lished. For more than a decade thereafter the physical 
reality of sidebands continued to be argued vigorously 
in some quarters; it was alleged that sidebands were 
merely a mathematical fiction. 1 he establishment of the 
first transoceanic radio telephone system which em¬ 
ployed single-sideband suppressed carrier transmission, 
provided an effective answer to radiomen. 

Advantage was taken of single-sideband transmission 
in developing the first commercial wire carrier telephone 
system Western Electric Company Type A -¡»laced in 
service in 1918.8 Thus the first application oi single-side¬ 
band transmission was for high-frequency wire tele¬ 
phony. Both time division and frequency division multi¬ 
plex schemes had been invented much earlier. Single-
sideband permitted obtaining twice as many channels 
in the very limited frequency spectrum then usable for 

8 B. W. Kendall. “Carrier-current telephone systems,” Hell Labs. 
Rec., vol. 1, pp. 154 159; December, 1925. 

wire transmission. Since 1918 single-sideband trans¬ 
mission has been of unique value in carrier-telephone 
development; it is standard for many systems through¬ 
out the world. The first published mention concerning 
single-sideband applications to radio seems to have been 
made by Espenschied’ late in 1922. 

The invention of the copper-to-glass seal by House¬ 
keeper brought rapid development of water-cooled 
thermionic vacuum tubes following World War I. This 
opened the possibility of early realization of the Bell 
System’s long quest for a transoceanic telephone service. 
During 1922 a powerful experimental single-sideband 
transmitter, operating at a midband frequency of 57 kc, 
was set up by their research engineers at Rocky Point, 
Long Island. 10 (See Figs. 2 and 3, on the next page.) A 
receiving station was established at New South Gate, 
near London, England. Reliable one-way speech trans¬ 
mission was publicly demonstrated over this system in 
January, 1923. Thereafter the British Post Office worked 
hand-in-hand in establishing the first New York-Lon¬ 
don circuit which was opened for service in January, 
1927. The limited transmitting power capacity and the 
narrow-resonance bands of efficient antennas at the low 
frequencies employed in this system, made imperative 
the adoption of single-sideband suppressed carrier meth¬ 
ods. However, the frequencies were about three times 
higher than those used in existing carrier telephone sys¬ 
tems. Hence, both the sideband generators 11 and the 
power amplifiers 12 involved pioneer development. 

The first overseas system was followed in the next 
few years by so-called short-wave systems operating in 
the range now designated as high frequency (3-30 me). 
Until about 1936 all the short-wave systems transmitted 
double sideband and carrier because the art in this fre¬ 
quency range did not permit practical single-sideband 
operation. However, the Bell System and British Post 
Office transmitters and possibly others were designed 
with low-level signal generators and power amplifiers so 
that the generators could be replaced by single-sideband 
generators when available. 

In the late 1920's the Bell Telephone Laboratories 
constructed a special receiver with which to investi¬ 
gate the characteristics of shortwave single-sideband 
reception. This receiver occupied seven bays and used 
crystal filters. It was capable of receiving double-side¬ 
band transmissions and separating the sidebands and 
the carrier for experimental purposes. Provision was 
made for isolating, reconditioning, and re-inserting the 
transmitted carrier. Locally generated carrier and au¬ 
tomatic frequency control were also provided, so that 

9 L. Espenschied, “Applications to radio of wire transmission 
engineering,” Proc. IRE, vol. 10, pp. 344—368, October, 1922; an 1 
Bell Sys. Tech. J., vol. 1. pp. 117 141 ; November, 1922. 

10 H. D. Arnold and !.. Espenschied, “ Transatlantic radio teleph¬ 
ony,” J. AIEE, vol. 42, Angnst. 1923; and Bell Sys. Tech. J., vol. 
2, pp. 116 144; October, 1923. 

11 R A. Heising. “Production of single-sideband for transatlantic 
radio telephony,” Proc. IRE. vol. 13, pp. 291 312; June, 1925. 

12 A A. Oswald and J, C. Schelling, “Power amplifiers in trans¬ 
atlantic radio telephony, Proc. IRE, vol. 13,pp.313 361; June, 1925. 
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Fig. 2—Single sideband-generator installed at Rocky Point for 
1922 Transatlantic experiments. 

Fig. 3—Main rectifier (right) and two banks (left) of the power 
amplifier last stage as installed for single-sideband radio tele¬ 
phone experiments in 1922. 

it was possible to simulate almost any kind of reception. 
The observations made with this equipment brought 
decisions to develop shortwave single-sideband trans¬ 
mitting and receiving units for a transoceanic trial. 1314 

Upon completion, the transmitter was taken to England 
and with the cooperation of the British Post Office, set 
up in the station at Rugby. There followed extensive tests 
which confirmed that the theoretical advantages could 
be achieved in practice, in the presence of multiple path 

13 F. A. Polkinghorn and N. F. Schlaack, “A single-sideband 
short-wave system for transatlantic telephony,” Proc. IRE, vol. 23, 
pp. 701-718, July, 1935; and Bell Sys. Tech. J., vol. 14, pp. 489-507; 
July, 1935. 

14 G. Rod win, “Single-sideband short-wave receiver,” Bell Labs. 
Rrc., vol. 14, pp. 405-410; August, 1936. 

transmission. This trial equipment was placed in com¬ 
mercial operation; in 1936 designs for production were 
initiated. 14-18 During the next decade about 50 single¬ 
sideband circuits were established in all parts of the 
world using units of these designs; the applications in¬ 
creased thereafter. 

During World War II single-sideband systems did 
valuable service in providing connections between con¬ 
tinental United States and the armed forces in various 
parts of the globe. Many of these were multichannel 
teletypewriter systems using telephone circuits with 
speech channels used only for special purposes. 1 he tele¬ 
graph signal was two-tone (mark and space) with fre¬ 
quency diversity (4 tones per telegraph channel). After 
the war improved single-sideband equipments were de¬ 
veloped in the Bell Telephone Laboratories and by 
several other companies in the United States and 
abroad. Today the single-sideband method is rather 
generally recognized as standard for long-haul point-to-
point transmissions and is being seriously considered for 
other purposes such as communication with aircraft. 19 

Recently the Federal Communications Commission has 
proposed rules requiring single sideband for all point-to-
point radio telephone transmission below 30 megacycles. 

The first short-wave single-sideband equipment pro¬ 
vided only a single speech channel on one side of the 
carrier, but it was quickly determined that a common 
power amplifier could be made sufficiently linear to per¬ 
mit adding a second channel on the opposite side of the 
carrier. At first, better performance was secured by 
spreading one channel from the carrier so that unwanted 
distortion products generated in the power amplifier by 
one channel would fall in the space between active bands 
and thus not create noise in the other channel. 1 he 
urgent need for more telephone channels during the war 
years resulted in spreading both normal speech bands 
away from the carrier. A third circuit was then secured 
by splitting a speech channel and fitting the parts into 
the narrow-frequency space available adjacent to and 
on both sides of the carrier. 

A single-sideband signal is generated by one of two 
basic methods: 1) modulating a carrier with a baseband 
signal and then suppressing all but one sideband with 
filters; or 2) balancing out the carrier and one sideband 
by an arrangement of double modulators in which the 
carrier and modulating signal applied to one modulator 
are shifted 90° with respect to those applied to the other 
modulator. The filtering method easily provides greater 

16 A. A. Roetken, “A single-sideband receiver for short-wave 
telephone service,” Proc. IRE, vol. 26, pp. 1455-1465; December, 
1938. , 

16 A. A. Oswald, “A short-wave single-sideband radio telephone 
system,” Proc. IRE, vol. 26, pp. 1431-1454; December, 1938. 

>’ J. C. Gabriel, “Single-sideband short-wave receiver,” Bell Labs. 
Rec., November, 1939. . 

18 K. L. King, “A twin-channel single-sideband radio transmitter, 
Bell Labs Rec., vol. 19, pp. 202-205; March, 1941. 

19 Radio Technical Commission for Aeronautics, Rep. of Special 
Comm. 65, Paper 11-54/DO-53; January 25, 1954. 
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suppression and operating stability. 1 he basic idea of 
the balancing scheme was invented by Hartley.20 A 
scheme for transmitting independent intelligence on the 
two sides of the carrier is shown in a patent issued to 
Potter. 21 Green 22 suggested use of balancing methods 
for separating the two sidebands at the receiver. Balanc¬ 
ing has been used in some short-haul carrier telephone 
systems where high suppression is not essential. In re¬ 
cent years balancing methods have received consider¬ 
able attention in a number of laboratories as the search 
proceeds for economical ways to make various new 
single-sideband applications. 

Once the feasibility of single-sideband transmission 
had been demonstrated, the Bell System was not alone 
in appreciating its advantages. The British Post Office 
supported a continuous program of development to es¬ 
tablish improved systems. The Dutch, pioneer workers 
in the field, developed equipment and established multi¬ 
plex circuits between the Netherlands and the Nether¬ 
lands East Indies. 23 Reeves24 of International Standard 
Electric Corporation did some major pioneer work. This 
paper makes no attempt to cover the expanded activity 
in the single-sideband field since World War II. 
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Synthesizer Stabilized Single-Sideband Systems* 
B. FISKf and C. L. SPENCERf, member, ire 

Summary—Single-sideband high frequency communications 
systems have several advantages over AM, PM, and FM for long-
range communications. These advantages include low harmonic and 
intermodulation distortion due to the behavior of the transmission 
medium, more efficient use of spectrum, and better power efficiency. 
Proposed precise frequency control would make it possible to em¬ 
ploy single-sideband systems for a great many applications, including 
unlimited netting, that are currently outside the capabilities of con¬ 
ventional single sideband. It is anticipated that precise frequency-
controlled single sideband can be employed to increase the reliability 
utility, and capacity of military and commercial hf radio communica¬ 
tions. 

Introduction 

VECTOR representations afford one of the most 
direct and easily understood approaches to the 
fundamental concepts of the many different types 

of modulation and the relationships that exist between 
these different forms. For example, Fig. 1 is a vector 

representation of the general character of a complex 
amplitude-modulated signal at some particular instant 
in time. Fo is the so-called carrier of this signal, Fo — M 
the lower sideband, and Fn-\-M the upper sideband. The 
amplitudes of individual components of the signal are 
represented by vector length, while vector direction in¬ 
dicates instantaneous phase with respect to the carrier. 
It will be readily recognized that the two sidebands are 
identically symmetrical to each other in both amplitude 
and phase about the carrier. If there is any variation 
from this symmetry, the signal represented is no longer 
a purely amplitude modulated signal. For example, if 
the carrier were shifted 90° with respect to the remain¬ 
ing components, then the signal would be primarily 
phase modulated and would carry almost no amplitude 

* Original manuscript received by the IRE, August 15, 1956. 
t Radio Division, Naval Research Lab., Washington 25. D. C. 

variation. Disturbances in amplitudes, as well as phase, 
can also cause the nature of the modulation to be 
altered. In an amplitude-modulated signal the phase 
and amplitude relations between sideband components 
and the carrier are critical and any modification of these 
relationships changes the nature of the modulation 
rather radically. 

An analysis of an amplitude-modulated signal shows 
that the carrier remains fixed and unchanging with time 
and therefore can be considered as conveying no direct 
information. Further examination of the complex 
amplitude-modulated signal illustrated in Fig. 1 points 
up the fact that the upper and lower sidebands contain 
duplicate information, therefore, as far as the trans¬ 
mission of information is concerned, it would be possible 
to transmit all the information contained in the signal 
of Fig. 1 by transmitting one of the sidebands without 
the carrier or the other sideband. When only one side¬ 
band of a conventional amplitude-modulated signal is 
employed for the transmission of information, the signal 
is described as being “single sideband.” 

The generation and detection of amplitude-modulated 
type signals are relatively simple and straightforward, 
consequently this form of radio communication has been 
employed extensively and will undoubtedly continue in 
widespread use for a great many years in the future. On 
the other hand, the generation and demodulation of 
single-sideband type signals are much more complex and 
exacting; consequently, single-sideband systems of radio 
communication have been employed only where there 
were distinct advantages to be gained through the use 
of such systems or where AM systems could not be made 
to function satisfactorily. Even though single-sideband 
radio communications systems have been used for 30 
years for point-to-point radio communications, it has 
been only recently that interest has developed in more 
general applications of single sideband, such as general 
hf military communications. 

Advantages of Single-Sideband Systems 
of Communication 

1 he most important advantage of single-sideband 
systems over amplitude, phase, or frequency modulation 
methods of communication becomes evident on medium 
and high frequency radio circuits that encounter iono¬ 
spheric return transmission. In general, any signal that 
arrives at a receiving point, either partially or wholly by 
ionospheric return, is affected by so-called multipath 
and selective fading. In such a situation the phase rela¬ 
tionships and relative amplitudes of the components of 
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a complex signal may be widely divergent at the receiv¬ 
ing point from the signal that was originally trans¬ 
mitted. As pointed out previously, any change of the 
phase relations among the components of an amplitude-
modulated signal results in a change of the nature of the 
modulation from purely amplitude modulation to a 
combination of AM and phase modulation, with the 
extreme case occurring when the carrier is shifted 
exactly 90° with respect to the sidebands, in which case 
there remains negligible amplitude variation in the total 
signal. In an AM system of communication, phase dis¬ 
tortion of the signal components by the transmitting 
media can result in apparent reduction in index of 
modulation, or selective fading in complex signals, even 
though the rf field being received shows little change in 
average intensity. 

If a selective fading situation occurred such that the 
carrier alone were erased from an amplitude-modulated 
signal, an amplitude-type detector would generate only 
harmonics and intermodulation products of the original 
modulation and none of the desired signal would be 
present in the output of the detector. Even a moderate 
selective fade of the carrier in an AM signal causes AM 
type detectors to generate excessive intermodulation 
and harmonic distortion. Not only does the fading of 
the carrier lead to difficulties, but the selective fading of 
individual components in either sideband can also cause 
an amplitude-type detector to generate excessive dis¬ 
tortion. Voice communication over an amplitude-
modulated circuit dependent upon ionospheric trans¬ 
mission is almost continually affected by excessive 
distortion and frequently the signals become completely 
unintelligible. This type distortion is so consistent and 
of such a magnitude on an AM circuit of this nature 
that high capacity communications systems, such as 
multiple-tone teletype equipments, will not function 
satisfactorily. The situation with phase and frequency 
modulation systems of communication is even more 
severe when these signals are subjected to phase and 
selective amplitude transmission distortion. The de¬ 
modulation methods usually employed in systems of 
this type are generally more sensitive to transmission 
distortions than are AM systems. 

The situation is very different when a properly de¬ 
signed and operated SSB system is employed on circuits 
subject to ionospheric transmission conditions. In a 
SSB system there is no phase or amplitude dependence 
within the transmitted signal between the various ele¬ 
ments of the signal such as there is in amplitude, phase, 
or frequency modulation systems, consequently no har¬ 
monic distortion or intermodulation is caused by multi¬ 
path phenomena. The fading or change of phase of one 
element of a SSB signal has no influence on the remainder 
of the signal. SSB signals are subject to selective fading 
as are other types of modulated signals, but this fading 
does not generate intelligence destroying harmonic dis¬ 

tortion and intermodulation in the single-sideband de¬ 
modulator. Selective fading produces what is known as 
amplitude vs frequency distortion in SSB systems, but 
this type of distortion only makes a voice signal sound 
peculiar and has little effect on intelligibility. In high-
capacity multiple-tone communications systems used in 
conjunction with SSB, selective fading is compensated 
by employing either dual space diversity reception, or 
dual frequency diversity transmission and reception. 

A second advantage of single-sideband systems over 
AM, pm, or fm systems is in the rf channel width re¬ 
quirements. Single-sideband systems of communication 
use only half the bandwidth of AM systems to transmit 
a given type of information. For example, an 8000-cycle 
wide channel is usually assigned for an AM voice cir¬ 
cuit, whereas, two SSB voice circuits could be handled 
in this same channel assignment. Narrow-band phase 
and frequency modulation voice circuits usually require 
more than 8000 cycles because significant second- and 
third-order sidebands are produced as the modulation 
index approaches one; therefore SSB is considerably 
more economical of bandwidth than either of these. In 
the field of teletype communications it is common prac¬ 
tice to assign 4000-cycle-wide channels for frequency 
shift transmission of either a single teletype circuit, or 
at most, four teletype circuits sequentially mulliplexed. 
Through the use of SSB and multiple tone transmission 
systems it is possible to transmit at least sixteen tele¬ 
type channels in a 4000-cycle assignment. Because of 
the extensive crowding and limited channels available 
in the hf spectrum, it is most important that any system 
employed at these frequencies give maximum communi¬ 
cation for the bandwidth used. From this point of view 
SSB systems are far more efficient than any other sys¬ 
tem currently in use. 
A third advantage which single-sideband systems 

show over AM and other systems of communication is 
in the transmitter power requirements and therefore 
in transmitter size and cost. For example, a 50-kw AM 
transmitter must be designed to deliver peak power 
output of 200 kw. A SSB transmitter capable of laying 
down an equivalent signal need have a peak power out¬ 
put of only approximately 12.5 kw. This means that the 
AM transmitter, its transmission-line system, and an¬ 
tenna system would need to be capable of handling four 
times as high rf voltages and currents as the SSB equip¬ 
ment capable of doing the same job. From the stand¬ 
point of ac input required to operate the two trans¬ 
mitters, the SSB transmitter should require only ap¬ 
proximately one-sixth as much power as the AM 
transmitter. 

SSB Transmitter and Receiver Design 

Fig. 2 is a simplified block diagram of a typical single¬ 
sideband transmitter of the type in general use at the 
present time. In amplitude-modulated transmitters the 
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actual modulation process is performed at the frequency 
of the transmitted signal and may be either at high level 
as is the case with a plate modulated final, or at a low 
level followed by several stages of linear amplification. 
The generation of a single-sideband signal is considera¬ 
bly more complex than is amplitude modulation, be¬ 
cause of the fact that rather exacting filtering is part of 
the process of producing such a signal; therefore, in 
single-sideband transmitters, it is common practice to 
perform the modulation at a relatively low fixed fre¬ 
quency at which it is feasible to design and build 
satisfactory sideband filters. In the transmitter illus¬ 
trated in Fig. 2 the modulation process is carried out at 
a frequency of 100 kc. The sideband filter employed 
would probably be a crystal lattice type with a moder¬ 
ately flat pass band and a very sharp cutoff at each side 
of the pass band, with especially high attenuation at the 
carrier frequency. Since in a transmitter of this nature 
the amount of carrier produced by the balanced modu¬ 
lator is 20 db or more below a normal AM carrier, and 
the sideband filter reduces this by another 30 to 40 db, 
a carrier bypass in the form of an adjustable attenuator 
is built in so that a pilot carrier of known amplitude can 
be transmitted. It is common practice to transmit the 
pilot carrier at a level that is 10 to 20 db below the level 
of a normal AM carrier. Two stages of conversion, one 
of them fixed frequency, are employed in this trans¬ 
mitter to insure that spurious signals and undesired 
products from conversions can be kept to a satisfactory 
low level at any operating frequency. All stages of the 
transmitter up to and including the second mixer 
operate at a very low power level. The linear power 
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amplifier requires a peak input of only approximately 
0.1 watt to drive it to peak output. A high degree of 
linearity is required in all stages of a single-sideband 
transmitter if single-sideband systems are to perform 
satisfactorily. In general, over-all distortion and inter¬ 
modulation products should be at least 40 db below one 
tone of a standard two-tone test signal in all single¬ 
sideband equipment. 

Fig. 3 is an abbreviated block diagram of a single¬ 
sideband receiver that is typical of the ones in use at the 
present time. The majority of SSB receivers utilize 

double conversion in order to get the frequency of the 
sideband and carrier filters low enough to give the band¬ 
pass and rejection characteristics required and at the 
same time have a receiver with a very low image re¬ 
sponse. It will be recognized from Fig. 3 that there are 
several features in a SSB receiver that are not found in a 
standard communications receiver. These features in¬ 
clude sideband and carrier filters, carrier amplifier and 
limiter, carrier discriminator, automatic tuning mecha¬ 
nisms, and a special audio demodulator. All of these 
features are necessary to separate sidebands from car¬ 
rier, maintain the receiver in exact tune with the 
transmitted signal, and produce a signal that has a very 
low distortion and intermodulation level. 

Fig. 3 

Precision Frequency-Controlled SSB Systems 

Up to the present time, single-sideband systems have 
been employed for rather limited and specialized appli¬ 
cations in the hf region primarily because of the fre¬ 
quency tolerances that must be maintained in such 
systems and because of the nature of the equipment to 
maintain these tolerances. The proper functioning of 
any single-sideband system depends upon the accurate 
reinsertion of a suitable carrier into the demodulator of 
the SSB receiver. This reinserted carrier must be within 
a very few cycles of the original modulation frequency 
carrier if prohibitive frequency displacement is to be 
avoided, and since any instability of this carrier is re¬ 
flected directly in the output, extreme care must be 
exercised to guarantee a stable and accurate insertion 
carrier. In present SSB systems, transmitter and re¬ 
ceiver frequency stability and accuracy alone are not 
adequate to make it possible to establish and maintain 
a receiver in sufficiently accurate tune with a companion 
transmitter to give satisfactory communications. To get 
around this situation, all SSB receiving equipment has 
been designed to include some form of automatic trans¬ 
mitter tracking mechanism that is capable of maintain¬ 
ing the receiver in proper tune once the receiver is ac¬ 
curately manually tuned to the desired signal and as 
long as the received signal is “solid.” Interference and 
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interruptions in the signal can cause such a receiver to 
become completely mistuned. In order for the receiver 
to be able to automatically track a transmitter, it is 
essential that some continuous signal in addition to the 
normal modulation be transmitted on which the re¬ 
ceiver can automatically tune. The signal generally 
transmitted is a pilot carrier which in most instances is 
attenuated 10 to 30 db below normal AM carrier level. 
I n the conventional SSB receiver, the carrier is removed 
from the remainder of the signal by means of a very 
sharp filter. The carrier is then amplified and limited 
and used for automatic tuning control, and either as a 
reinsertion carrier directly, or to lock the frequency of 
a local oscillator that furnishes a suitable insertion car¬ 
rier. These characteristics limit the use of present single¬ 
sideband systems to special applications such as con¬ 
tinuous duty point-to-point radio circuits. Services that 
require intermittent or net type operation are outside 
the capabilities of conventional SSB. 

The fundamental limitation to the diversified appli¬ 
cation of SSB at the present time is based on the lack 
of precision frequency control of the transmitters and 
receivers utilized to implement SSB systems and not 
because of any fundamental SSB characteristic. The 
degree of precision frequency control required to guar¬ 
antee maximum performance in the 2 to 30-mc frequency 
range is in the order of 1 part in 107 for both transmitters 
and receivers. This degree of frequency control can be 
readily attained for long periods of time through the use 
of precision frequency standards such as the 100-kc 
Loran Timing Oscillator along with properly designed 
frequency synthesizers. 
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Fig. 4 is an abbreviated block diagram of a precision 
frequency-controlled SSB transmitter of a type that 
could be employed for a wide variety of applications. 
It will be noted that the primary differences between 
this transmitter and the one of Fig. 2 are the frequency 
generation and control systems. Otherwise the two 
transmitters are identical in operation. The stability 
and accuracy of the final output frequency of the trans¬ 
mitter of Fig. 2 are directly dependent upon the sta¬ 
bility and accuracy of the three separate oscillators 

employed in its design, whereas the stability and 
accuracy of the output frequency of the transmitter of 
Fig. 4 are determined entirely by the characteristics of 
the 100-kc precision oscillator. The best frequency ac¬ 
curacy and stability that can be achieved with a trans¬ 
mitter such as the one illustrated in Fig. 2 are of the 
order of 1 part in 105, which is entirely inadequate for 
SSB operation in the hf range except with automatic 
tracking receivers. With a transmitter of the type 
illustrated in Fig. 4, the frequency accuracy and sta¬ 
bility are that of the master 100-kc standard. Currently 
there are standards in use that give frequency accuracy 
and stability good to 1 part in 108 per day but there are 
standards currently under development that are ex¬ 
pected to be good to 1 part in 10s per month. 

Fig. 5 is a block diagram of a precision frequency-con-
trolled SSB receiver designed to be a companion to the 
precision frequency transmitter of Fig. 4. A comparison 
of this receiver with the more or less conventional one of 
Fig. 3 shows that there are radical differences between 
the two other than the changes in frequency control 
methods. Since a SSB system with precision frequency 
control of both transmitters and receivers has no need 
for automatic tracking of receivers, the elements of a 
conventional SSB receiver that are employed for track¬ 
ing have been left out in the receiver of Fig. 5. There¬ 
fore, a stabilized SSB receiver need not incorporate 
carrier filter, carrier amplifiers and limiters, discrimi¬ 
nator, motor control amplifier, or tuning motor, gearing, 
clutches, etc. The actual signal processing in the two 
receivers is primarily identical, however. Tuning of a 
receiver of the type illustrated in Fig. 5 would be ac¬ 
complished in a straightforward manner simply by 
setting the dials of the synthesizer to the required mixer 
frequency for the signal to be received and then tuning 
the rf input stages to the appropriate setting with per¬ 
haps a small amount of rf trimming to achieve maximum 
receiver sensitivity. Contrasted with the elaborate and 
painstaking procedure for tuning a conventional SSB 
receiver, the “setting” of a precision frequency-
controlled receiver is far quicker, more direct and exact, 
with no signal-searching involved. 

As indicated in Figs. 4 and 5, the precision frequency 
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control for SSB transmitters and receivers is derived 
through the use of precision master oscillators, followed 
by suitable frequency synthesizers. Oscillators, such as 
the famous 100-kc I.oran standard are sufficiently ac¬ 
curate and stable to give the degree of precision neces¬ 
sary for SSB control; however, this standard is not 
capable of sustained high stability under conditions of 
shock and vibration such as would be expected in 
mobile applications. Currently there is a great deal of 
activity in the precise frequency standard field. Stand¬ 
ards that will withstand rough usage and at the same 
time possess accuracy and stability at least one order 
better than the Foran standard should be ready for pro¬ 
duction within the next two years. In addition, work is 
under way on the transistorizing of precise standards, 
so that in the near future small, light-weight standards 
will be available for use with SSB equipment. In addi¬ 
tion to the extensive work on quartz crystals standards, 
work is progressing on the production of practical 
atomic standards that may have frequency accuracies 
several orders better than expected from the most pre¬ 
cise crystal standard, and that will not be subject to 
the frequency drift characteristic due to aging that is 
universal with crystal devices. 

To date, precise frequency standards have been de¬ 
signed to operate at only a few frequencies such as 100 
kc, 1 me, 2.5 me, 5 me, or some other relatively low-fixed 
frequency. Consequently, to make available the great 
number of accurate frequencies required for a flexible 
SSB system it is necessary to employ some sort of fre¬ 
quency converting device in conjunction with a stand¬ 
ard to produce the desired frequencies. These frequency 
converting devices are usually referred to as frequency 
synthesizers. Several different designs for synthesizers 
have been developed to date, ranging from multiple 
heterodyning devices to phase-locked disciplined oscil¬ 
lators. Some of the circuits developed would require as 
many as 80 tubes in a device such as would be needed 
for SSB applications. Other designs require 20 or even 
fewer tubes. In the design of synthesizers for hf SSB use 
it has been suggested that it is only necessary for these 
devices to be able to generate accurate output frequen¬ 
cies at the 1000-cycle points. This type of design results 
in considerable simplification over one that would be 
capable of delivering continuous accurate frequency 
control over the complete range. 

Applications for Precise Frequency-
Controlled SSB Systems 

Because of the critical, automatic tuning receivers 
employed and because of insufficiently accurate and 
stable frequency control in both transmitters and re¬ 
ceivers, conventional SSB systems are primarily of 
value only on point-to-point, continuous duty circuits 
and therefore are not readily adaptable to more or less 
universal communication applications such as unlimited 

net type operation or intermittent usage. Even with 
continual operator monitoring, conventional SSB net 
circuits would be so completely unreliable that they 
would be entirely useless for any military or commercial 
application. However, with precise frequency-controlled 
single-sideband equipment, net type operation repre¬ 
sents no particular problem because it would be possible 
for operators to set transmitters and receivers to an 
exact assigned frequency and the equipment then could 
be operated from remote locations without further 
attention. Even unmanned nets that operated on the 
transponder principle would be entirely feasible. Pre¬ 
cise frequency-controlled SSB would largely eliminate 
one of the more annoying features of nets that employ 
conventional AM or fm equipment, namely, the capture 
effect that occurs when two stations are transmitting 
simultaneously. Also, the carrier heterodynes and 
whistles and the cross modulation that occur under 
these circumstances would be reduced. With a precise 
frequency-controlled SSB net system, two or more 
simultaneous transmissions would not destroy or cap¬ 
ture each other but instead all signals could be heard 
intelligibly much as with a telephone party line with 
two or more people talking at the same time. 

A further application of precise frequency-controlled 
SSB could well be for situations and services that re¬ 
quire brief intermittent transmissions with long periods 
of intervening radio silence. For example, precise fre¬ 
quency-controlled SSB could be used to implement a 
high-capacity flash-transmission system that would 
have a very high degree of reliability and at the same 
time require a minimum of transmission time. 

HF radio channels suitable for point-to-point com¬ 
munications at any particular time of day are very 
limited and the ever increasing demand for frequency 
assignments far exceeds the available supply. It is cur¬ 
rent practice to assign 4000-cycle-wide channels for 
telegraph and teletype circuits, while voice circuits re¬ 
ceive 8 to 12-kc channel assignments. From the stand¬ 
point of voice communications, it would be possible 
with stabilized SSB systems to utilize present 4-kc 
channel assignments for single voice circuits and 8-kc 
channels for two independent voice circuits. The situa¬ 
tion could be improved even more drastically in the 
teletype situation since, through the use of stabilized 
SSB systems and techniques, it appears to be entirely 
practicable to operate individual independent 100-speed 
teletype circuits in a channel that need be only 250 
cycles wide. On this basis it would be possible to provide 
16 independent teletype circuits in the spectrum now 
frequently assigned to a single circuit, provided careful 
attention were given to geographic locations in making 
adjacent assignments. 

In the application of precise frequency-control SSB 
equipment to aircraft communications the problem of 
Doppler frequency shift due to the speed of the plane 
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assumes importance. If the plane is flying toward the 
station with which it is communicating, the frequency 
shift is up, while it it is flying away, the shift is down. 
This Doppler shift due to motion is approximately one-
cycle shift per megacycle of operating frequency at a 
speed of 600 knots. For example, if a plane were flying 
at a speed of 300 knots, and the operating frequency 
were 20 me, the Doppler shift could be as much as ten 
cycles when the plane was flying either directly toward 
or directly away from the station with which it were 
communicating. With a voice signal, a total frequency 
difference that does not exceed 15 cycles causes negligi¬ 
ble deterioration of the signal; therefore, in the example 
cited, no particular difficulty would be experienced be¬ 
cause of the Doppler shift. However, if it were necessary 
to use precise frequency-control SSB for aircraft com¬ 
munications under circumstances where the Doppler 
shift exceeded 15 cycles, it would be advisable to incor¬ 
porate in such equipment a form of very limited afc that 
could automatically tune a receiver over a range not to 
exceed 100 cycles. This would enable the receiver to re¬ 
main accurately-enough tuned to its channel as not to 
get lost and at the same time be able to quickly tune to 
compensate for Doppler frequency shift as soon as a 
pilot carrrier was received. 

The applications listed are only a few of a great many 
possibilities in which communication reliability, capac¬ 
ity, and dependability can be substantially increased 
through the use of precise frequency-controlled single¬ 
sideband systems. Even though equipment complexity 

will be increased appreciably and maintenance may 
require better trained technicians, equipment of this 
type will require far less skill and time to properly 
operate than conventional SSB or AM systems. 

Conclusion 

It has been pointed out that conventional SSB is 
superior to AM, pm, or fm for hf communications, either 
voice or multiple tone teletype. However, conventional 
SSB is limited in application to circuits that are con¬ 
tinually in use and is not particularly adaptable to net 
type circuits or circuits where intermittent use is neces¬ 
sary. The addition of precise frequency control to SSB 
provides a system of hf communication that is readily 
adaptable to any communications situation, whether 
multiple station net, or point-to-point. 

Even though precise frequency-controlled SSB equip¬ 
ment is somewhat more complex than conventional 
equipment, it will be able to handle a greater traffic load, 
unit-for-unit, than conventional equipment. Conse¬ 
quently, from a message capacity standpoint, it is an¬ 
ticipated that, in most instances, much less total equip¬ 
ment will be required to handle a given traffic load 
than with conventional systems. 

To achieve the full benefits that are available from 
precise frequency-controlled SSB it is essential that 
distortion and intermodulation be maintained at such 
a low level that all unwanted distortion be at least 40 
db below either tone, of a two-tone test signal, at all 
levels of modulation. 

A Suggestion for Spectrum Conservation* 
R. T. COXf, SENIOR MEMBER, IRE, AND E. W. PAPPENFUSf, SENIOR MEMBER, IRE 

Summary—Frequency stability and reduced bandwidth of single 
sideband suppressed carrier transmissions are important factors 
which assist in easing the present crowding of the high frequency 
bands. 

Present channel assignments are ordinarily predicated upon a 
frequency stability of 0.01 per cent and double sideband amplitude 
modulation. By making the transition to accurate frequency control 
and minimum bandwidth of transmission, many additional channels 
are made available. Typical examples are charted from the aero¬ 
nautical mobile bands to illustrate this point. Factors affecting chan¬ 
nel allocation are discussed. 

* Original manuscript received by the IRE. September 10, 1956. 
t Collins Radio Co., Cedar Rapids, Iowa. 

OVER THE YEARS that radio communication 
has been known the need and use of radio has 
surpassed the development of new techniques 

and the opening of new frequency spectrum. This nat¬ 
ural exploitation of a new and useful discovery has led 
to severe pressures on the frequency allocation agencies, 
and the need for channels has been felt in all parts of the 
spectrum. The effect of radio services on all classes of 
people has been great. To the public in general, radio 
means entertainment, social and business communica¬ 
tions, and safety, as well as many other effects that in¬ 
fluence the life of everyone. It is important that immedi-
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ate consideration be given to all possible means lor pro¬ 
viding the necessary radio channels. Unless these chan¬ 
nels are made available, industry, safety, services, trans¬ 
portation, and the Government, to name a few, will 
suffer. 1 The scarcity of radio channels and the need for 
more is evident particularly in the high frequency range 
from 2 to 30 me. These are the frequencies best suited 
to long-range national and international communica¬ 
tions. It is to be expected then that with all of the na¬ 
tions of the world making use of this one 28-mc range of 
frequencies severe congestion would occur. The Inter¬ 
national Telecommunications Union on a world-wide 
basis and the Federal Communications Commission in 
the United States regulate the allocation, use, and 
standards of operation for hf radio channels. The num¬ 
ber and spacing of these channels are determined by the 
needs of each particular service and by the state of the 
radio art. I he allocation and use of the spectrum is one 
of evolution. As new services show a need for radio 
channels, they compete with old services for the limited 
number of channels available, while new technological 
developments permit closer spacing. In addition to the 
need of the services and the state of the radio art, there 
are a number of operational factors which influence 
channel separation and total number of channels avail¬ 
able. 1 hese factors are explained in paragraphs below. 

Spurious Radiation 

Spurious radiation can be generally defined as any 
output from a transmission system not required for the 
transmission of intelligence. It includes harmonics of 
the output frequency, undesired mixer products, broad¬ 
band noise, and parasitic oscillations. Harmonics, mixer 
products, and noise can best be reduced by additional 
selectivity in transmitter circuits and band-pass or low-
pass filters in the antenna lead. To accomplish the de¬ 
sired reduction of this class of spurious radiations it is 
necessary to add components and circuits to the trans¬ 
mitter over those which would be required to merely 
carry on communications without regard for interfering 
products. Parasitic oscillations must also be eliminated 
by proper design and operation. The reduction of all 
spurious products from a transmitter, or from a receiver 
for that matter, increase the cost of the unit, and, be¬ 
cause of this, there is resistance on the part of the 
equipment manufacturer and on the part of the cus¬ 
tomer to include the new design features until forced 
to by operating rules promulgated by the licensing 
agency. 

Bandwidth of Receiver 

The current trend of receiver design, which provides 
a very narrow steep-sided selectivity curve, permits 

1 Joint Technical Advisory Committee of IRE and RETMA, 
“Radio Spectrum Conservation,” McGraw-Hill Book Co., Inc New 
York, N. Y.; 1952. 

closer spacing of transmitter channels without mutual 
interference. The use of low frequency 1 F amplifiers and 
improved filter techniques, such as the mechanical 
filter, permit the approach to the nearly ideal selectivity 
characteristic, allowing transmitters to be spaced more 
closely in the radio spectrum without causing interfer¬ 
ence in a receiver tuned to an adjacent channel. As re¬ 
ceiver performance characteristics generally improve, 
the spectrum can be utilized more completely, with less 
need for a guard band between channels. 

Freq ué NC y Sta b i lit y 

It is perhaps obvious that frequency drift in either 
the transmitter or receiver will result in interference 
from the adjacent channel. In the transmitter, frequency 
instability is particularly dangerous since it may inter¬ 
fere with a large number of receivers; while in the re¬ 
ceiver it merely degrades the performance of that par¬ 
ticular receiving station. The aggregate frequency in¬ 
stability in both the transmitter and receiver dictates 
the guard band which must be allowed between chan¬ 
nels; and thus it has a direct relationship to the number 
of channels which can be allocated in a given band. For 
example, a commonly assigned stability of 0.01 per cent 
will result in an allowable drift of ±3000 cycles at 30 
me. This is equivalent to the loss of a band of frequency-
sufficient to accommodate two voice channels using 
single sideband transmission. Because of lack of polic¬ 
ing, stations are frequently operated in which frequency 
drift is in excess of that allowable under the rules. Pres¬ 
ent frequency stability requirements must be increased 
to reduce the allowable drift of transmitters. It will then 
be possible to utilize the spectrum more fully. 

Bandwidth of Transmitter 

In many amplitude modulation transmitters the 
bandwidth occupied is determined only by the selectiv¬ 
ity of rf circuits following the power amplifier. Over¬ 
modulation is all too common and audio bandwidth is 
not restricted by low-pass filters; thus, interfering sig¬ 
nals can be generated, covering a band two or three 
times the normal modulating bandwidth. Attention 
should be given to early replacement of such trans¬ 
mitters with equipment utilizing minimum bandwidth 
for transmission. Single sideband suppressed carrier 
transmission suggests one means by which the band¬ 
width of the transmitter can be reduced as compared 
to amplitude modulation. 

Geographic Spacing 

To permit common usage of radio frequency' channels, 
these channels are frequently allocated to many stations 
separated geographically so that interference between 
these stations is maintained below some predetermined 
minimum level. The nature of the transmission, power, 
frequency, and geographic spacing determines the 
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amount of mutual interference between transmitters on 
the same frequency channel. All too frequently, severe 
interference is permitted to exist because frequency 
channels are simply not available. 

Permissible Interference Level 

In connection with the previous heading, Geographic 
Spacing, it is evident that the clear channel is a concept 
lost in the history of radio. Today there are very many 
stations operating on the same channel in many cases, 
and in the high frequency bands severe interference can 
exist even at great distances when propagation condi¬ 
tions are unusual. The assignment of station licenses 
must take the unusual condition into consideration and 
deal with the problem on the basis of maximum tolerable 
interference level. Here again single sideband trans¬ 
mission will alleviate the problem, as will be explained 
later. 

The above discussion of problems and factors in the 
matter of frequency channel allocation indicates a great 
many limitations facing the FCC and similar agencies 
at the present time. There is, however, a good possibility 
of reduction in these problems through the conversion of 
voice circuits to single sideband transmission and re¬ 
ception. The bandwidth of transmission is, by the very 
nature of single sideband, reduced to at least one-half of 
that required for amplitude modulation. Frequently, 
due to spurious products from the transmitter, over¬ 
modulation and the like, bandwidth required by present 
transmitters is far in excess ot that really required for 
effective communications. If a significant improvement 
is to be obtained in the matter of spectrum conservation 
by converting many of the radio frequency channels in 
the high frequency range to single sideband, then high¬ 
grade equipment of the very best design characteristics 
must be used. Good design characteristics include mini¬ 
mum bandwidth required for adequate voice communi¬ 
cations, reduction of harmonic and spurious radiations 
and reduction of intermodulation distortion to the mini¬ 
mum, reduction of frequency drift and instability, and 
control of power to a level just sufficient to carry on 
adequate communications. 

In the most foolproof single sideband network, good 
inherent frequency stability is required to obviate the 
necessity of providing automatic frequency control in 
the receiver. A frequency stability of one part per mil¬ 
lion to one part in ten million is entirely practical at the 
present time. This reduces a frequency error at 30 me 
from an allowable 3000 cycles for 0.01 per cent to 3 to 30 
cycles; thus, universal conversion to higher frequency 
stability will automatically make available a large num¬ 
ber of additional channels. 

Single sideband transmission and reception permits 
up to 9 db improvement in transmission capabilities; 
therefore, it is entirely practical to replace a 1-kw AM 
station with a 125-watt single sideband station. This 

means that mutual interference between stations is 
greatly reduced. This is particularly true of AM systems 
when the carriers are offset due to frequency instability 
in which each AM circuit is plagued by a steady audible 
beat note between the two AM carriers. Single sideband 
suppressed carrier transmissions, of course, do not have 
a carrier to cause a steady, disagreeable beat note and 
single sideband voice interference does not degrade the 
transmission of speech to nearly the same degree as is 
true with interference between AM signals. I he recep¬ 
tion of single sideband signals from two or more trans¬ 
mitters is similar to listening to a number of independ¬ 
ent conversations, all understandable, in a crowded 
room. While it is not intended to minimize the adverse 
effects of interference in a single sideband system, it 
should be understood that the degree of circuit degrada¬ 
tion is much less than with amplitude modulation. 

To indicate potential alleviation of the hf frequency 
spectrum channel crowding, reference is made to the 
chart of Fig. 1. Here the frequency allotment plan for 

PROPOSED CHANNEL ASSIGNMENT 
TOL * 285 TO + 3I5C PS 285O-3I55KC 

2866 43 CHANNELS 

2654 A3 CHANNELS 

2050 2854 76 CHANNELS 
ULTIMATE 

17900- I8O3OKC 

I79O6 5 13 CHANNELS 
PRESENT 

BW ♦ TOL 
I8OZ4 26 CHANNELS 

18024 17000 I 70Q4 32 CHANNELS 

17003 II 

• SUPPRESSED CARRIER 

YZ/A lower sideband 
KWN UPPER SIDEBAND 

TOL *1790TO tl8O2C.PS 

18023 5 

Fir. 1 

the Aeronautical Mobile Service, as provided by the 
International Administrative Aeronautical Conference 
of the ITU, was taken as an example. In “A” the allot¬ 
ment plan for the low end of the spectrum is given; 
while in “B” comparable bar graphs show the frequency 
channels for the high end of the allotment plan. In the 
interim, single sideband channels must operate com¬ 
patibly with existing AM channels and so may be 
centered with the suppressed carrier at the center of the 
alloted voice channel. At the low end of the band, for the 
first group of frequencies, 43 channels are available on 
an AM basis and 43 are available on the interim single 
sideband basis. Ultimately, with a 4-kc channel alloca¬ 
tion plan allowing a 3-kc speech band and a 1-kc guard 
band, 76 channels are made available. At the high end 
of the range the additional frequency instability allow¬ 
able under present rules (based on 0.01 per cent) makes 
possible the allocation of two single sideband channels 
for each AM channel; thus, the 13 channels in the fre-
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quency range 17,900 to 18,030 kc increase to 26 chan¬ 
nels for the interim plan and to 32 channels for the ulti¬ 
mate single sideband plan. A 4-kc channel allocation 
plan is suggested to provide a small guard band between 
channels and also to allow for possible supervisory and 
signaling functions which might be either within the 
voice band or above on an intermittent basis. It is inter¬ 
esting to note that the 4-kc channel coincides with each 
me, 100-kc, and 20-kc interval. While this recurrence of 
channel frequency at fixed intervals is not of great im¬ 
portance, it is a potential convenience in channel 
assignment. A frequency generating system providing 
channels at each 1-kc interval in the hf range is adequate 
for the interim plan. A 4-kc exciter interval with at¬ 
tendant simplification of frequency control apparatus 
may be used ultimately if the suggested plan is adopted. 
It must be admitted that this frequency allocation plan 
is just a suggestion of the authors and has no support 
from any recognized frequency allocation organization. 
It is presented strictly as a proposal as to possible means 
for remedying a very serious limitation in the expansion 
of hf communications. 

The analysis of channel allocation was based on a 
transmission band suitable for voice frequency opera¬ 
tion. The same discussion applies with equal validity to 
multichannel telegraph or any frequency division trans¬ 
mission. 1 he use of a single sideband transmitter may 
be viewed as simply a frequency translator in which the 
desired band of intelligence is converted to the assigned 
channel without the generation of distortion products 
or unwanted sidebands. 1 hus, if new transmission sys¬ 
tems are developed requiring less bandwidth or possess¬ 
ing other advantages, a single sideband transmitter 
and receiver will accommodate these transmission 
systems. 

It is obvious that an immediate and exclusive use of 
single sideband is not possible due to the reluctance of 
users to obsolete their present amplitude modulation 
equipment and write off a considerable investment in 
transmitters and receivers. There will, however, be cer¬ 
tain users and potential users who will immediately 
shift to single sideband and this leads to a compatibility 
problem. The old and the new must be able to talk to 
each other. This dilemma is best solved by making the 
single sideband equipment suitable for both types of 
transmission. A single sideband suppressed carrier 
transmitter can provide a kind of amplitude modulation 
which has been termed full carrier single sideband. It 
consists of a carrier plus one sideband and may be re¬ 
ceived by a conventional AM receiver. This type of 
signal is usable in the above suggested frequency alloca¬ 
tions but occupies the same bandwidth as single side¬ 

band. It is much less effective because the carrier de¬ 
tracts from sideband power, but it does solve the prob¬ 
lem of compatibility during the interim period when 
amplitude modulation and single sideband must exist at 
the same time. 

I he accomplishment of any significant improvement 
in the ground station of frequency allocations must come 
about through national and international policing by 
the cognizant organizations. The FCC has shown an 
awareness of this need through the request for com¬ 
ments on proposed rules governing conversion to single 
sideband in the hf spectrum. 23 There has also been a 
continuing effort to impose higher standards of spurious 
rejection in transmitters to prevent undesired interfer¬ 
ence. Frequency stability is undergoing a constant 
evolution toward closer control, and with recent de¬ 
velopments in frequency control in crystal oscillators 
and stabilized master oscillators, the closer frequency 
control is easily attainable. 

It appears that the time is rapidly approaching when 
single sideband equipment of high quality will be 
readily available for use on existing circuits. It seems 
entirely practical to impose much tighter regulations 
on the transmission of radio signals in the hf band by 
I960. These requirements might include frequency 
tolerance of ±0.0001 per cent, voice bandwidth 3 kc, 
spurious and harmonic output not to exceed 50 micro¬ 
watts, carrier suppression of 40 to 60 db, and inter¬ 
modulation distortion —50 db. It might be well to 
standardize so that all transmissions use the upper 
sideband as shown in the proposed frequency allocation 
plan. By 1958 it might be desirable to specify that all 
new equipment being licensed must be capable of single 
sideband and that by 1960 all transmission should be 
converted to single sideband. These suggestions, if 
adopted by the FCC and ITU, will point to early relief 
in the matter of spectrum conservation. To insure that 
the maximum benefit is derived, very close policing and 
severe penalties for infractions would be necessary, and, 
inasmuch as even a doubling or quadrupling of existing 
hf channels would not take care of all necessary expan¬ 
sion in communications, a continuing evaluation of the 
needs of each service must be made. Increased use of 
other frequency bands such as the use of vhf scatter, 
where practical, may also assist in the long term spec¬ 
trum conservation problem. It is seldom that a system 
for gaining a two to three-fold increase in spectrum usa¬ 
bility is made available. Single sideband offers this great 
potential and thus is worthy of serious consideration. 
Indeed it demands immediate further consideration. 
2 Docket 11513, October 5, 1955. 
’ Docket 11678, April 12,1956. 



1956 PROCEEDINGS OF THE IRE 1689 

Power and Economics of Single Sideband 
ERNEST W. PAPPENFUSf, SENIOR MEMBER, TRE 

Summary—Prime cost of equipment and continuing cost of opera¬ 
tion are both important in the selection of communications appara¬ 
tus. Listings are given for both transmitters and receivers on a com¬ 
parable basis. Size, weight, floor area, and prime equipment costs 
are included to permit easy comparisons between single sideband 
and conventional equipment. Comparison of the equipments on all 
factors indicate the use of single sideband equipment in high fre¬ 
quency communications applications. 

THE COS'!' and economics of a new transmission 
means in radio are very important. Any new 
equipment concept must be justified on the basis 

of savings to the ultimate user, or by a more effective 
execution of the job to be done. I here is a great le-
luctance on the part of every user of technical apparatus 
to adopt something new when the existing equipment is 
doing an even mediocre job. I his is especially true in 
the vhf television bands. It is obvious that insufficient 
vhf television channels are available to provide adequate 
national coverage and that a shift to the uhf range 
would improve service to many television users. 1 here 
has been, however, a universal reluctance of the 1 \ set 
owner to buy even an inexpensive converter to make use 
of the additional channels in the uhf range. The large 
number of television receivers now in the hands of the 
public render a change in channel allocation in the 1 \ 
band almost completely out of the question. The Fed-

' eral Communications Commission would be faced by 
such a loud general clamor from the public upon an¬ 
nouncing any change which would obsolete I \ re¬ 
ceivers that it will be difficult to initiate new rules even 
though technically desirable. 

This pressure of existing users of radio to maintain a 
status quo is also evident in all other parts of the spec¬ 
trum. The user must be forced into new and better 
equipment which will permit the allocation of additional 
radio channels by Federal regulation, or by an assurance 
that money will be saved in the long run by such a con¬ 
version. \\ hile recent publications by the FCC i nd ¡cat e 
a trend toward single sideband a id forecast a change in 
the not too distant future to the use of single sideband 
for many services, it will be necessary for single side¬ 
band to justify its use in terms of cost factors and 
economies in operation if a willing transition is to occur. 

Among the cost factors are those of initial cost of the 
single sideband transmitter and the single sideband re¬ 
ceiver AM and SSB apparatus. Power output is nor-
mallv considered to be one of the important considera¬ 
tions in analyzing transmitter specifications; therefore, 

* Original manuscript received by the IRE, September 13, 1956. 
t Collins Radio Company, Cedar Rapids, Iowa. 

comparisons will be made from this standpoint. Another 
factor to be considered in the analysis of equipment is 
the operating economies which can be realized by 
changing to new, more advanced apparatus. This also 
will be discussed in more detail later. 

Without question the low-power single sideband sup¬ 
pressed carrier transmitter will sell at a higher price 
than the comparable AM transmitter. This is brought 
about by the requirement for a larger number of circuits 
in the low level stages of the single sideband transmitter. 
In the higher power transmitters it is possible to achieve 
a verv favorable cost comparison because the high level 
modulator and associated high voltage power supply of 
the AM transmitter can be eliminated which more than 
compensates for the low level modulator cost. 

In the single sideband transmitter, linear amplifiers 
must be used throughout, from the very low level stages 
through the final linear power amplifier. If the full ad¬ 
vantage of single sideband is to be realized in terms of 
spectrum conservation, then very close attention must 
be paid to the linearity of these amplifiers to insure that 
intermodulation distortion products are held to a very 
low level. To insure this linear operation, distortion 
compensating means must be used such as inverse radio 
frequency feedback, and operating levels throughout 
the amplifying string must be held to levels within the 
linear range. This means that more amplifying stages 
must be utilized than would be the case in a series of 
Class C amplifiers. 

In a tvpical Class C amplitude modulation trans¬ 
mitter, multiplier stages and high gain amplifying 
stages are used. In a single sideband transmitter, fre¬ 
quency conversion of the single sideband signal must be 
used to maintain the character of the single sideband 
signal components. 

In general, the rf portions of a single sideband trans¬ 
mitter bring about a moderate increase in number of 
components, stages, and vacuum tubes over that of an 
amplitude modulation transmitter of comparable power 
rating. The generation of single sideband, while requir¬ 
ing only relatively low power components, does require 
relatively precise control of components and a critically 
designed sideband separation filter. The generation of 
high-power single sideband signals is much more inex¬ 
pensive, however, than would be the case in a high 
power modulator required in an amplitude modulation 
transmitter. Frequency control in an AM transmitter 
is relatively noncritical, while in a single sideband 
transmitter very precise frequency control is needed. 
For adequate reception of voice the frequency must 
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be controlled to within 50 cycles or less, although in¬ 
telligibility does not suffer greatly until frequency errors 
in the order of 100 cycles are reached. 

Since the single sideband transmitter is designed to¬ 
day instead of five or ten years in the past, it accumu¬ 
lates certain cost increasing features which should not 
be attributed to the generation of a single sideband sig¬ 
nal. Typical of these features are servo automatic 
tuning and the attenuation of spurious and harmonic 
signals, which wotdd be required in any newly designed 
amplitude modulation transmitter as well. 

The single sideband receiver does not differ greatly 
from a well-designed communications receiver for ampli¬ 
tude modulation. It differs chiefly in the requirement for 
reduced bandwidth, which requires a relatively complex 
IF amplifier or the use of a crystal or mechanical filter. 
Only by the use of a high performance filter can the de¬ 
sired minimum bandwidth be achieved. Again in the 
single sideband receiver, as in the transmitter, greatly 
improved frequency stability is needed to insure high 
quality single sideband reception. Convenient fre¬ 
quency control on a multichannel basis in the receiver 
dictates the use of a frequency synthesizing or a stabi¬ 
lized master oscillator principle. This again is obviously 
more complex than a receiver designed for amplitude 
modulation in which a tunable low stability local oscilla¬ 
tor is used. Single sideband reception is entirely possible 
using a standard communications receiver if an operator 
is manning the receiver with a relatively stable fre¬ 
quency injection system in both the hf oscillator and the 
beat frequency oscillator. To secure adequate frequency 
control careful attention by the operator is required at 
all times due to the normal frequency instability present 
in current communications receivers. For completely 
unattended operation a high degree of long term fre¬ 
quency stability and a convenient means of channel 
selection in the receiver are imperative. Frequency sta¬ 
bility in the general order of one part per million is 
adequate up to the top of the hf range. 

While a direct comparison of cost is impossible be¬ 
tween AM and SSB equipment, a number of tabulations 
are shown below to serve as a guide. In the tabulation of 
transmitters, high level amplitude modulation units of 
a given carrier power level are compared with single 
sideband suppressed carrier equipments of the same 
peak envelope power rating. An AM transmitter must 
actually provide up to 9 db more carrier power than the 
peak envelope power rating of a single sideband trans¬ 
mitter. This means that a 125-watt SSB unit can replace 
a 1000-watt AM transmitter. Despite the legitimacy of 
such a comparison it was felt that such an approach 
might be open to question, hence the following tabula¬ 
tion was made. It will be noted that in the case of both 
transmitter and receiver comparisons, the advantages of 
single sideband suppressed carrier apparatus are note¬ 
worthy. 

Amateur Transmitter Comparison 

Floor Area 
Volume 
Weight 
Power Consumption 
Average Speech 

Number of Tubes 
Selling Price 

Amateur SSB Amateur CW and AM 
1.86 sq feet 
6.28 cu. feet 
210 lbs. 

1000 watts 
31 

$1995 

3.5 sq. feet 
19.4 cu. feet 
675 lbs. 

2850 watts 
27 

$3850 

Frequency stability and coverage are the same for 
each transmitter. Each is rated at an amateur rating 
kilowatt. Frequency stability is not adequate to satisfy 
commercial standards. 

Receiver Comparison 

Table Area 
Volume 
Weight 
Power Consumption 
Number of Tubes 
Selling Price 

Amateur 
AM-CW-SSB 

1 .86 sq. feet 
1.63 cu. feet 

35 lbs. 
100 watts 

22 
$595 

Amateur 
CW and AM 

1.92 sq. feet 
1.99 cu. feet 

50 lbs. 
85 watts 

19 
$530 

Frequency stability and coverage are the same in the 
two receivers. The added components in the 75A-4 
single sideband receiver are due to the separate detec¬ 
tors for AM and single sideband, an avc amplifier and a 
bias rectifier. Frequency stability is not adequate to 
satisfy commercial standards. 

2-30 MC, 1 KW Transmitter Comparison 

Floor Area 
Volume 
Weight 
Power Consumption 
Average Speech 

Number of Tubes 
Number of Transistors 
Selling Price 

Crystal Controlled 
1 KW PEP SSB 

2.83 sq. feet 
19.8 cu. feet 

650 lbs. 

2000 watts 
32 
35 

$11,300 

Crystal Controlled 
1 KW AM 

11.0 sq. feet 
77.1 cu. feet 
1250 lbs. 

3500 watts 
28 

$11,840 

General characteristics are the same for both trans¬ 
mitters. Frequency stability however is better for the 
single sideband transmitter. Cost for the single side¬ 
band transmitter is based on a preliminary estimate. 

Comparison of High Power Transmitters 

Floor Area 
Volume 
Power Consumption 

Average Speech 
Weight 
Numlier of Tubes 
Number of Transistors 
Selling Price 

45 KW PEP SSB, 35 KW AM, 
2-30 MC 2-26 MC 

30.2 sq. feet 
167.5 cu. feet 

35 kw 
5200 lbs. 

55 
38 

$45,000 

106.5 sq. feet 
687.3 cu. feet 

90.4 kw 
17,653 lbs 

82 

$98,000 
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General characteristics are the same for both trans¬ 
mitters. Each covers the hf band continuously and is 
automatically tuned. Frequency stability, however, is 
better for the 2O5J-1 SSB transmitter. The above selling 
price for the 205J-1 SSB transmitter including a crystal 
controlled exciter for single-sideband service is based on 
a preliminary estimate. 

Advantage of SSB Transmitters Based on Percentage of Size, 
Weight and Input Power Required for Com¬ 

parable AM Power Level 

Volume 
Weight 
Input Power 

40 KW 

25 per cent 
30 per cent 
39 per cent 

1 KW Commercial 

25 [xr cent 
52 ptr cent 
57 per cent 

1 KW Amateur 

32 per cent 
31 per cent 
35 per cent 

The above tabulations show a striking advantage for 
the use of SSB equipment in transmission of hf signals. 
For receivers, the cost of a communications type re¬ 
ceiver of adequate stability and general performance 
for single sideband service will cost several times as 
much as a comparable amplitude modulation unit. The 
chief cost factors are in the frequency control portions 
of the SSB receiver. Volume and weight increase in the 
SSB communications receiver also. 

In addition to the advantage of reduced initial cost in 
the higher transmitter power ratings there are certain 
operating economies which can be achieved through the 
use of a single sideband transmitter. There is a signifi¬ 
cant factor of reduced primary power cost. A single 
sideband transmitter utilizing a linear amplifier in the 
high power range requires much less power from the 
power lines. This is due to the greatly increased effec¬ 
tiveness of single sideband communications which per¬ 
mits a lower power transmitter to do the job of a higher 
power AM unit. Another factor is the variation in input 
power depending upon signal level. During periods of 
high signal level full power is drawn from the primary 
power source, but during periods of low signal level the 
power drain is reduced to a great extent. Reference to 

the previous comparisons between the equipments will 
indicate that the single sideband transmitter is eco¬ 
nomical of primary power drain. 

The cost of transmitter buildings is increasing con¬ 
tinuously so the matter of floor space is achieving in¬ 
creased attention from the radio user. The single side¬ 
band transmitter by eliminating the modulator requires 
much less floor space, and, hence, allows a smaller 
transmitter building. It must be admitted that some of 
the space saving in the single sideband equipment of¬ 
fered in comparison is due to improvement in compo¬ 
nents, an advantage which would be favorable to am¬ 
plitude modulation also. 

If transmitter utilization is important, multichannel 
operation with multiple teletype and voice channels on 
a single high power transmitter should not be over¬ 
looked. A minimum number of tuned circuits and maxi¬ 
mum utilization of the spectrum result from this mode 
of operation. Great efficiencies can be realized through 
the use of multichannel operation of a single transmit¬ 
ter as contrasted to the use of a relatively larger number 
of lower power transmitters. The multichannel opera¬ 
tion with any number of channels over four the power 
input is very similar to that of a voice channel. 

Because of the improvement in signal-to-noise ratio 
made possible by single sideband transmission, it is 
possible for a given power rating to accommodate 
additional channels in the single sideband transmitter. 

Because of the greater effectiveness of the single 
sideband transmitter, transmission line and antenna 
costs can be reduced because the peak voltages en¬ 
countered are much less in the single sideband system. 

As pointed out initially, new apparatus and new radio 
techniques must be justified on the basis of economy of 
operation or economies in the initial costs. This has been 
shown to be true in the instance of single sideband 
equipment. It can be expected that the use of single 
sideband transmittersand receiverswill increase rapidly 
within the next few years. 
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Application of Single-Sideband Technique to 
Frequency Shift Telegraph* 
CHRISTOPHER BUFFf, senior member, ire 

Summary—Congestion of the 2 to 30 me spectrum makes manda¬ 
tory the reduction of bandwidths, on all types of transmissions, to 
the minimum technically required. This paper describes a method 
of economically utilizing the narrow-band plus high-stability tech¬ 
niques, normally associated with single-sideband systems, for fre¬ 
quency shift telegraph operation of one or more channels per trans¬ 
mitter. The frequency transposition type of fsk excitation is shown to 
have several advantages over present methods, whether for single 
channel operation with Class C transmitters or multichannel operation 
with linear transmitters. Tests made on a long-distance radio path 
indicate that frequency shifts as low as ±30 cycles for single printer 
and ± 50 cycles for four-channel time-division multiplex are practic¬ 
able, providing ultra-stable oscillators or afc is used. 

1NTRODUCTION 

ABOUT a decade ago, in the record-communications 
Z-A field, the application of frequency shift keying 

to all forms of telegraph operation started to 
gain momentum. The situation then, in the radio¬ 
telegraph field, was somewhat analogous to that in the 
voice-communications field today, where single-side-
band methods are spreading to many types of radio¬ 
telephone services. 

FSK may itself be considered a form of single¬ 
sideband technique applied to telegraphy. The carrier, 
or assigned center frequency, is suppressed, mark and 
space sidebands are transmitted, and at the receiver a 
local carrier is injected which beats against the mark 
and space sidebands to produce low-frequency signals 
for final detection. 

A closer look at the over-all situation, however, re¬ 
veals that in the radiotelegraph field we may again turn 
to the single-sideband concept as applied to telephony 
and gain some desirable features to apply to frequency 
shift telegraphy. 

Present fsk practices are, in many cases, wasteful of 
frequency spectrum. There is no longer much justifica¬ 
tion, for example, for the use of an 850 cycle shift for 
straight 60 wpm printer operation. Significant advances 
have been made through the use of four-channel multi¬ 
plex operation with 400 cycles shift, and by the applica¬ 
tion of two synchronized four-channel multiplexes to a 
Twinplex circuit using 1200 cycles shift. The latter sys¬ 
tem is quite efficient, yielding one 60 wpm channel per 
150 cycles of shift including guard bands. There will 
probably always be, however, a great number of low-
traffic circuits on which the application of such complex 
systems is economically unjustified. At the present 
time, most of these single printer circuits occupy many 

‘Original manuscript received by the IRE, August 27, 1956. 
f Mackay Radio and Telegraph Co., Inc., Brentwood, X. V. 

more cycles per channel than the high capacity trunk 
circuits which are time-division multiplexed. 

Furthermore, even with the more efficient time¬ 
division systems mentioned, a four-to-one reduction in 
transmitted bandwidth, from 400 to 100 cycles overall, 
appears practical by using a transposition method of 
excitation and either a highly stable oscillator or some 
form of automatic 1 requency-control at the receivers. 

In this paper a generalized approach to the applica¬ 
tion of single-sideband technique to frequency shift 
telegraphy, whether with Class C or linear transmitters, 
is discussed. 

SSB/FSK System 

I here is in use the so-called Polyplex system which 
allows for two or more equal amplitude carriers to be 
passed through a linear radio transmitter. The voice¬ 
frequency telegraph signals are first demodulated, how¬ 
ever, before the rekeyed separate carriers are transposed 
to high frequency from a 200 kc level. This permits the 
use of any available control channel for keying and also 
allows the rf carrier shift to be adjusted to conform with 
the filters in existing fsk or Twinplex receiving equip¬ 
ment. 

As the use of frequency-shifted voice-frequency con¬ 
trol channels becomes more widespread it would be 
desirable to eliminate the demodulation step of the 
Polyplex system and evolve into a system of “single¬ 
sideband" frequency shift transmission as shown in 
Fig. 1. 

Direct transposition of frequency shifted keying con¬ 
trol tones to radio frequency would aid considerably in 
the conservation of frequency spectrum. In addition to 
less transmitted bandwidth, other advantages would be 
improved signal-to-noise ratio due to narrower receiving 
filters, high stability of shift values, reduction in possible 
keying bias and distortion due to elimination of demodu¬ 
lation ahead of transmitter, and a reduction in the 
number of shift adjustments. 

There are a great many frequency shift circuits using 
either a single printer channel or a four-channel time¬ 
division multiplex. In such applications linear ampli¬ 
fiers are not required following the frequency transposi¬ 
tion exciter. For this reason it is advantageous to sepa¬ 
rate the frequency transposition exciter from the trans¬ 
mitter proper. 1 he exciter may then be connected either 
to a Class C or linear radio transmitter as required, re¬ 
sulting in an increase in operational flexibility (Figs. 2, 
3, 4 on p. 1694). 

Up to the present a single-sideband exciter and its 
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p- t—Tvnical ssb/fsk transmitting svstem. VF facility shown provides nine single printer channels and two time-division multiplex chan-
g’ neis O?w possible’ grouping at transmitting station shows three Class C and one linear transmitter bemg driven from transposed keying 

tones. There is no interim demodulation in either case, (a) Single high-powered prmter. (b) Group of eight mixed printers, (c) F our channel 
T.D. multiplex, (d) Four channel T.D. multiplex. 

linear amplifiers following, have generally been con¬ 
sidered as an entity. Such transmitters are, for economic 
reasons, not used for single channel fsk, but only on 
those circuits requiring a large number of channels to 
one point. In this case, power division may make circuit 
operation marginal with a given transmitter, requiring 
still higher power linear amplifiers to make the circuit 
workable. 

With the ssb/fsk system, any one of the channels in 
a voice-frequency group could, if circuit operation re¬ 
quires it, drive an ordinary Class C transmitter to its full 
power output. A four-channel time-division multiplex, 
for example, using a frequency shift of ±50 cycles on 
the control line facility, would consequently emit the 
identical frequency shift at the final radio frequency. 

This signal, properly detected at the receivers 
through narrow-band filters, should render a gain of ap¬ 
proximately 6 db over present 400 cycle shift operation. 

Another advantage of this arrangement is that the 
narrow shift remains extremely stable at all radio fre¬ 
quencies and needs no readjustment from day to day. 
Also, since there is no demodulation ahead of the trans¬ 
mitter, keying bias and distortion factors are improved. 

Distortion Measurement 

One of the requirements of a large point-to-point 
radiotelegraph installation is flexibility in frequency as¬ 
signments among a large number of transmitters and 
rapid frequency change capability in the individual 
transmitter. 

As the number of multicarrier or single-sideband 
transmitters increases, this flexibility and speed of 

change should not be lost. For this reason the distortion 
checking means should be rapid, though reliable, and 
preferably should indicate the complete spectrum of 
spurious radiations due to distortion products, rather 
than a specific order of sideband products. This is 
especially important in telegraph operation, where the 
spectrum is present continuously rather than sporad¬ 
ically as in the case of voice operation. 

A panoramic measurement of total distortion prod¬ 
ucts has been found to provide the desirable features of 
speed, accuracy, and completeness. An arrangement 
which has worked out well is to make the panoramic 
distortion measuring equipment mobile so that a single 
set-up may be used for checking a large number of 
transmitters. A sample of the transmitter output is 
picked up on a coaxial cable and fed to the panoramic 
equipment in front of the transmitter. Drive and load¬ 
ing adjustments may now be made while watching the 
over-all distortion picture and the best compromise be¬ 
tween power output and distortion quickly arrived at. 

Certain transmitters originally designed for Class C 
telegraph operation at 30 kilowatts output have been 
modified for linear operation and include an rf feedback 
arrangement from the final stage back to the low level 
200 kc input stage. The power obtained under linear 
conditions with a two-tone test is approximately 15 kw, 
rms, for each of two carriers. From a telegraph stand¬ 
point it appears more logical to rate the transmitter in 
this way, in keeping with single signal ratings, rather 
than to refer to peak envelope power. In this way the 
effectiveness of each of the radiated carriers may be 
more readily compared to single signal conditions. With 
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Fig. 2 -VF to rf transposition exciter. Unit “A” takes the place of 
normal fsk exciter, while unit “B” takes the place of oscillator¬ 
multiplier section in transmitter. Considering that no vf to de 
demodulators are used total circuitry is less than with conven-
ti >nal fsk system. 

Fig. 3—Sideband filter used in ssb/fsk exciter. 

Fig. 4—SSB/FSK exciter accepts frequency shifted tone keying sig¬ 
nals in the range 425 to 2465 cycles and converts them to 200 kc 
range. The 200 kc signals are applied, over coaxial cable, to radio 
frequency converter in transmitter proper. 

a two-tone test at 15 kw, rms, output per carrier, the 
maximum distortion products may be reduced to be¬ 
tween 32 and 35 db below the main signal on the present 
transmitters (Figs. 5, 6). 

Fig. 5—Transmitter may be operated either linear or Class C using 
frequency transposition type of exciter. Panoramic equipment 
for distortion measurement at the right. 

Fig. 6—Two-carrier test pattern at power output of approximately 
10 kw, rms, per carrier. Third-order distortion products are about 
32 db down. Separation of carriers is 2150 cycles. 

Bandwidth and Frequency Shift Considerations 

There appears to be some conflict in the literature and 
in practice as to the minimum frequency shift required 
for the successful passage of intelligence at a given speed 
on high frequency radio circuits. A rigorous application 
of wide band fm theory has resulted in the general im¬ 
pression that a high deviation ratio was a major factor 
in the performance of frequency shift circuits. It has 
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been stated that a deviation ratio of at least 4.7 was 
necessary for satisfactory fsk operation. Yet, we find 
improved circuit operation, all things including multi¬ 
path phenomena considered, when 400 cycles shift, with 
an appropriately narrower fdter band, is used for 150 
baud multiplex operation, vs the former 800 cycles 
shift. The 400 cycle shift results in a deviation ratio of 
only 2.67. Furthermore, in single-sideband multichannel 
telegraphy, 85 cycles shift has been successfully used for 
23 cycle printer speed, resulting in a deviation ratio of 
only 1.8. Recent tests have indicated that considerably 
lower ratios, properly utilized, are possible. 

It is a matter of band-pass and low-pass filter band¬ 
widths, discriminator sensitivity, and frequency sta¬ 
bility, all combined. For very narrow band operation 
it has been found that a post-limiting linear discrimi¬ 
nator permits the highest keying speed for a given pre¬ 
limiting filter band-pass. Discriminators having high 
output vs frequency change, i.e., high sensitivity, will 
give the best over-all performance. The discriminators 
used in the ±30 and ±50 cycles frequency shift tests 
produce an output of approximately three-quarters of a 
volt per cycle, resulting in a voltage of several times cut¬ 
off, with ±30 cycles shift or higher, for the keyed stage 
following the low-pass filter (Fig. 7). 

Given adequate frequency stability, it appears ad¬ 
vantageous for many reasons to design high frequency 
fsk systems which at least approach the following 
criteria: 

where Pt is the baud length in seconds. 

2) total frequency shift = 50 to 60 per cent of 1). 

A simplified afc system for the receiver has been 
tested which will hold in a narrow band signal of this 
type for several hours, and more. The mark and space 
frequencies must be stable within ±5 cycles over long 
periods in order to utilize such narrow shifts and band¬ 
width effectively. 

If for no other reason than alleviating congestion of 
the high frequency spectrum, such criteria should be 
met. 

Frequency shifted keying control channels in the 
Mackay System use 170 cycles spacing between low 
speed channels with ±30 cycles shift and 340 cycles 
spacing between high speed channels with ±50 cycles 
shift. Receiving filter bandwidths are ±40 cycles and 
±125 cycles at 3-db points, respectively. These band¬ 
widths were determined by the criterion for optimum 
signal-to-noise ratio; bw = 3.OXkeying speed in cycles. 
It is important for minimum distortion that the low-
pass, as well as the band-pass filters, use this same cri¬ 
terion, with careful attention being given to the wave¬ 
shape at the output of the low-pass filter before peak 

Fig. 7- Discriminator and receiving filter used in ±30 cycles 
ssb/fsk test with 60 wpm printer keying. 

clipping takes place. I he low-pass filter, since it is 
asymmetrical, uses the factor 1.5 instead of 3.0. I hese 
factors may be derived from Goldman's analysis show¬ 
ing that the optimum bandwidth for pulse definition is 
equal to three-quarters the reciprocal of the pulse 
duration. 

On other systems with 170 cycles spacing, it has been 
the practice to use ±42.5 cycles shift. This is a rather 
poor choice as it puts the mark and space frequencies 
on the sharp slopes of the filters so that any slight 
change in frequency or in filter characteristics causes 
keying bias and distortion. It has been found that ap¬ 
proximately ±30 cycles shift produces a better keying 
waveshape and is more stable in operation. 

The wide band channels with 340 cycles spacing, used 
for 150 to 170 baud multiplex signals, are of particular 
interest. Here a frequency shift of ±50 cycles is used 
rather than ±85 or ±170 cycles as used in other sys¬ 
tems. Total keying distortion after demodulation and 
using tone frequencies above 2.0 kc, is held to within 5 
to 7 per cent. This makes possible the transmission of 
four-channel multiplex groups on center frequencies of 
2125 cycles, 2465 and 2815 cycles, each with a filter 
bandwidth of ±125 cycles. 

While the above describes the situation on the keying 
line control facilities, where the frequency shifted tones 
are normally demodulated for rekeying of standard fsk 
exciters, tests have been made using the transposition 
method of excitation. The 2465 cycles channel, for ex¬ 
ample, may be picked off the receiving line filter output 
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and transposed to any radio frequency using the excita¬ 
tion scheme shown in Fig. 2. 

I he radio signal, as received on a dual diversity basis 
using input band-pass filters of ±125 cycles bandwidth 
and discriminator detection after demodulation, aver¬ 
ages about 7 per cent without multipath effects. With 
normally encountered multipath effects, the total dis¬ 
tortion runs between 10 per cent and 25 per cent. The 
test converter with afc is shown in Fig. 8. 

Fig. 8 -Narrow-band converter with afc used in tests. 150 baud 
multiplex signals received at Brentwood, L. I. from San Francisco, 
Calif, averaged 20 per cent total distortion using bandwidths and 
frequency shifts shown. 
Same converter with input band-pass filters reduced to ±40 

cycles and +30 cycles shift used with 44 baud printer keying 
averaged 10 to 15 per cent distortion. 

We are guided in this pursuit by the fact that long 
distance Twinplex radio circuits using post-limiting 
filters of similar bandwidths for the mark-mark, mark¬ 
space, and space-mark frequencies have been operating 
very successfully at four-channel multiplex speeds. 
Outages due to all causes have been less than with the 
former wider band fsk equipment which had squared up 
low-pass filter output signals. The constant gain in s/n 
outweighs possible lost time due to severe multipath 
effects at infrequent times. This is the final criterion. 

In the ssb/fsk system the narrow band filter is pre¬ 
limiting, further improving the s/n as compared to 
Twinplex which uses a 2.0 kc wide input filter and +125 
cycle post-limiting filters. 

The receiving high frequency oscillator will require 
a stability of ±5 cycles at all usable frequencies. A drift 
of 5 cycles produces approximately a 5 per cent bias 
change. In lieu of this, afc may be used. 

A master oscillator with afc has been constructed 
which will hold in the signal over long periods of time. 
This afc operates from the mark and/or space fre¬ 
quencies of a particular channel (Fig. 9). 

Where linear transmitters are available, two or more 
time-division multiplex channels may be transmitted 
simultaneously. The afc scheme used in recent tests 
latches on to the keying signals of one of the channels, 
thereby holding all of ’hem in control, since the tone 
frequencies remain very constant. 

There is no pilot carrier transmitted in this system. 
I he total number of channels may always be sym¬ 
metrically placed with respect to the assigned carrier 
frequency. 

Fig. 9—Section of test receiving bay showing master variable oscil¬ 
lator (middle unit) which incorporates a linear reactance tube 
for applying afc voltage from external source. 

Narrow-Band SSB/FSK Tests 

Receiving tests were made at Brentwood, L. J. with 
narrow-band frequency shift keyed transmissions from 
Palo Alto, California on 15,675 kc. These tests were 
concerned mainly with oscilloscope observations of the 
keying waveshapes obtained with start-stop printer at 
60 wpm speed, +30 cycles shift, and 150 baud four-
channel multiplex with +50 cycles shift. The effects of 
normally encountered multipath phenomena with re¬ 
gard to over-all keying distortion, were found to be quite 
tolerable. The distortion, or “jitter” as it is called, 
averaged about 10-20 per cent most of the time. As the 
normal transition time for the radio frequency was ap¬ 
proached, the “jitter” increased to the breaking point 
of around 40 per cent. It is realized that the over-all dis¬ 
tortion at the frequency shift converter output is due to 
multipath plus noise and that each must be given a 
proper weighting factor. In a system in which the signals 
are shaped according to the criteria previously men¬ 
tioned, the shortest bauds are essentially sine-wave 
shaped so that noise manifests itself mainly as pulse¬ 
edge distortion. 
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Another object of the tests was to determine the ef¬ 
fectiveness and shortcomings of automatic frequency 
control derived from the signalling pulses themselves. 
Since the shifts were very narrow, discriminator detec¬ 
tion was used for the signals and a so-called “shift -
expander” for the afc derivation. With ±50 cycle sig¬ 
nals incoming shift, the expander puts out +300 cycles 
shift around a convenient audio frequency such as 1650 
cycles. The marking and spacing frequencies may now 
be readily filtered out. One cycle change in the incoming 
±50 cycle signals then produces six cycles change in 
the expander output, allowing for precise frequency 
control. The associated variable master oscillator is very 
stable in itself, having a stability of approximately 1 
cycle/mc/hour at normal room temperatures. The 
discriminator-reactance tube method of control, coupled 
with a time-constant relatively long with respect to the 
signalling pulses, was used. It was found that satisfac¬ 
tory frequency control could be obtained by using the 
marking frequency only, in dual diversity fashion. With 
start-stop printer, the transmission of continuous blank¬ 
ing signals, i.e., all space elements except the stop pulse, 
affords the most crucial test of this type of automatic 
frequency control. Under this condition the afc held in 
satisfactorily, with fading signals, over periods of four 
hours, and more, without retune of any kind. Likewise, 
with multiplex signals, the afc could be made to hold in 
the ±50 cycle shift signals over long periods without 
biasing effects or any noticeable loss of signal-to-noise 
ratio. 

With the method of afc employed, the equipment 
could easily be adjusted to control on either ±30 cycles, 
±50 cycles, or any other value of shift in the range ± 10 
to ±100 cycles. 

Satisfactory start-stop printer copy was made over 
periods of three to four hours without retunes or loss of 
afc. Final evaluation tests on the basis of error counts 
have not yet been carried out. 

From the results obtained thus far, it is evident that 
satisfactorv operat ion will be possible at these low values 
of shift, and that the necessary afc can be provided 
without appreciable loss of s/n or other deleterious 
effects. 
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Frequency Control Techniques for Single Sideband* 
R. L. CRAIGLOWf, associate member, ire, and E. L. MARTINf, member, irf. 

Summary—The virtual elimination of the carrier in single-side-
band emission makes mandatory the accurate control of the fre¬ 
quencies used at the terminals of a single-sideband communications 
circuit. Independent, absolute frequency control of the receiver and 
transmitter provide immunity to propagation vagaries and inter¬ 
ference which plague systems using partly-suppressed carrier and afc. 
Oscillators using high-frequency quartz resonators provide accurate 
and stable reference signals in small, rugged packages. A master 
oscillator, stabilized by phase comparison with signals derived from 
the reference oscillator, provide a multiplicity of accurate and stable 
channel frequencies. 

IT IS of some interest to trace the development of frequency control circuits and the technical and 
economic forces that caused their evolution. In the 

early days of radio, the tunable LC oscillator provided 

* Original manuscript received by the IRE, September 10, 1956; 
revised manuscript received, September 28, 1956. 

f Collins Radio Co., Cedar Rapids, Iowa. 

a simple and serviceable answer to the problem of gen¬ 
erating channel frequencies. The lower-frequency end 
of the spectrum and amplitude modulation were in use 
and the spectrum was not unduly crowded. 

Later crowding of the spectrum was alleviated by 
closer channel spacing and expansion into the higher-
frequency regions. The increased frequency accuracy 
required was provided by crystal oscillators and a 
multiplicity of channels was provided by a like number 
of crystals. In World War II, the logistics of delivering 
the right crystal to the right place at the right time be¬ 
came untenable. 

At the end of hostilities, those involved in multi¬ 
channel equipment design saw the virtual end of the 
simple MOPA circuit. A choice of one of hundreds of 
channels was required at the flick of a switch, guard 
bands were narrowed, vhf bands were pressed into more 
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extensive service, and under these forces the multiple 
crystal synthesizer soon evolved. The principle was 
simple : The output frequencies of several crystal oscil¬ 
lators were mixed together to produce the desired out¬ 
put frequencies. Each oscillator was provided with a 
means of selecting one of ten or more crystals so that a 
large number of channel frequencies may be synthe¬ 
sized. This principle is illustrated in Fig. 1. 

Fig. 1—Block diagram of a multiple crystal frequency synthesizer. 

It now appears that we must turn to single sideband 
to further increase the number of available channels and 
this necessitates maintaining channel frequencies within 
a tolerance of +| part per million. It would be tech¬ 
nically and economically unfeasible to maintain all the 
crystals in a multiple crystal synthesizer to the required 
accuracy and therefore all the stability requirements 
must be concentrated in one or at most several highly-
stable oscillators. From this challenge has emerged sev¬ 
eral operationally satisfactory types of single crystal 
synthesizers. 

Basically, the single crystal frequency synthesizer is a 
circuit in which harmonics and subharmonics of a single¬ 
standard oscillator are combined to provide a multiplic¬ 
ity of output signals which are all harmonically related 
to a subharmonic of the standard oscillator.1 A simple 
block diagram of such a synthesizer is shown in Fig. 2. 

Fig. 2—Block diagram of a single crystal frequency synthesizer. 

A great advantage of this circuit is that the accuracy 
and stability of the output signal is essentially equal to 
that of the standard oscillator. The problems involved 
in building a single frequency oscillator of extreme pre¬ 
cision are much simpler than those associated with 
multifrequency oscillators. Furthermore, as techniques 
improve, the stability of the synthesizer is readily im-

1 H. J. Finden, “The frequency synthesizer,” J. JEE, vol. 90, 
part III, pp. 165-177; December, 1943. 

proved as it is necessary only to replace the standard 
oscillator to obtain improved precision. The primary 
difficulty encountered in the design of the frequency 
synthesizer is the presence of spurious signals generated 
in the combining mixers. Extensive filtering and ex¬ 
tremely careful selection of operating frequencies is re¬ 
quired for even the simplest circuits. Spurious frequency 
problems increase rapidly as the output frequency 
range increases and the channel spacing decreases. 

When the synthesizer is to be used in hf equipment, a 
considerable parts saving may be effected by inter¬ 
weaving the synthesizer and the equipment circuits. 
This is particularly easy to do with the superheterodyne 
circuits which are universally used in the hf frequency 
ranges as is shown in Fig. 3. 

HARMONICS 
OF A 100 KC SERIES 

HARMONICS 
OF A I KC SERIES 

OR VFO 

Fig. 3—Block diagram showing integration of a superheterodyne 
receiver and single crystal frequency synthesizer. 

It is possible to retain the advantage of the frequency 
synthesizer and avoid many of the spurious frequency 
problems by using the synthesizer to provide a reference 
signal to control the frequency of a variable frequency 
master oscillator.2,3 Such a circuit has come to be known 
as a stabilized master oscillator (frequently referred to 
by its initials SMO) and is shown in simplified block 
diagram form in Fig. 4. 

OUTPUT 

FREQUENCY AND 
PHASE DISCRIMINATOR 

250 KC FROM STANDARD 

BANDPASS 

FILTER 

MIXER 

11700-1800 KC 

Mth HARMONIC 
OF A 10 KC SERIES 

1550-1460 KC 

Nth HARMONIC 
OF A I00KC SERIES 

5Ô00 KC 

Fig. 4—Block diagram of a stabilized master 
oscillator frequency synthesizer. 

Technical Requirements 

1 he frequency stabilities' requirements for single¬ 
sideband communications are quite severe when com¬ 
pared with most other communications systems. A fre¬ 
quency error in carrier reinjection of 20 cps or less will 
give good voice reproduction. Intelligibility is impaired 

2 E. \V. Pappeufus, “Stabilized master oscillator for multichannel 
operation” Electronics, vol. 23, pp. 108-113; December, 1950. 

3 G. J. Camfield, “A frequency generating system for vhf com¬ 
munication equipment,” J. JEE, vol. 101, part III, pp. 85-90; 
April, 1954. 
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when the frequency error is 100 cps or greater and errors 
of only 50 cps result in noticeable distortion. 

There are significant frequency errors introduced by 
the propagation medium and by Doppler shifts due to 
relative motion between transmitter and receiver in air¬ 
craft communications. In hf sky wave transmission, the 
Doppler shifts caused by the motion of the ionosphere 
introduce frequency shifts of several cps. Doppler shift 
due to relative motion amounts to one part in 106 for 
every 670 miles per hour difference in velocity between 
the transmitting and receiving station. At a carrier fre¬ 
quency of 20 me in communicating from a jet aircraft to 
ground, the frequency shift will be approximately 
20 cps. Inasmuch as this represents approximately half 
of the desired maximum frequency error, the errors in¬ 
troduced by the transmitting and receiving equipment 
must be comparatively small. This dictates a design 
goal in the vicinity of ± | part in 106 in both ground and 
aircraft installations. 

Present-day trends demand that communications be 
established on prearranged frequencies without search¬ 
ing a portion of the spectrum in order to obtain netting 
and therefore the figure of ±| part in 106 presents the 
required absolute accuracy over long periods of time 
rather than short-term stability. Further, most military 
and some commercial applications demand that opera¬ 
tion be obtained on any one of the seven thousand or so 
SSB voice channels in the hf band. Summarizing, a 
channel frequency generator having an absolute ac¬ 
curacy of ±| part in 106 (±0.00005 per cent) and pro¬ 
viding either continuous coverage or channelized cover¬ 
age in steps no greater than 4 kc is required in many 
SSB systems. 

AFC vs Absolute Frequency Control 

To meet the stringent frequency control require¬ 
ments, early hf single-sideband systems utilized various 
methods of automatic control of the reinserted carrier 
at the receiver.4,5 Either a pilot tone or carrier was trans¬ 
mitted along with the sideband components and the re¬ 
ceiver frequency was synchronized with the transmitter 
frequency. No stabilization of the transmitter frequency 
was used other than that obtained by using crystal con¬ 
trolled oscillators. 

The first single-sideband radio-telephony system6 did 
not use automatic-frequency control and was able to ac¬ 
complish its purpose because the operating frequency of 
about 60 kc was low enough that oscillators were then 
available with sufficient stability. Although oscillators 
have long been available with sufficient frequency sta¬ 
bility and accuracy for use in high-frequency single¬ 
sideband equipment, these oscillators were bulky, frag-

1 F. A. Polkinghorn and N. F. Schlaack, “A single side-band short¬ 
wave system for transatlantic telephony, Proc. IRE, vol. 23, pp. 
701-718; July, 1935. , ,. , , 

6 N. Koomans, “Single-side-band telephony applied to the radio 
link between the Netherlands and the Netherlands East Indies, 
Proc. IRE, vol. 26, pp. 182-206; February, 1938 

6 R. A. Heising, “Production of single sideband for transatlantic 
radio telephony,” Proc. I RE, vol. 13, pp. 291-312; June, 1925. 

ile, and limited in frequency channels. 1 hey were used 
principally as laboratory frequency standards. Improve¬ 
ments in the crystal art, development of circuit tech¬ 
nique, and new components have made available the 
means to obtain hf receivers and transmitters capable of 
multichannel operation with sufficient frequency ac¬ 
curacy and stability for independent operation of the 
receiver 

The advantages obtained through the use of inde¬ 
pendent absolute frequency control are considerable. 
The bandwidth required for a communication channel is 
minimized as there need be no allotment tor the syn¬ 
chronizing signal and the frequency tolerance. 1 he re¬ 
lationship between transmitter and receiver carriers is 
absolute and indestructible and is, therefore, immune to 
any type or degree of interference, resulting in maximum 
fidelity of the received signal. Even in the extreme cases 
where Doppler effects introduce sufficient frequency 
shift to upset the system, making some form of auto¬ 
matic frequency correction necessary, the use of abso¬ 
lute frequency control assures that the bandwidth and, 
therefore, the interference susceptibility of the afc cir¬ 
cuit will be minimized. 

The Stabilized Master Oscillator 

The stabilized master oscillator consists of a variable 
frequency master oscillator capable of being locked to a 
reference signal derived from a standard oscillator of 
extremely high accuracy and stability. 

The master oscillator is stabilized by means of a feed¬ 
back servo system deriving its error signal from the 
comparison of the phase of the master oscillator and the 
phase of a signal derived from the standard reference 
oscillator. The master oscillator output is mixed with a 
spectrum of signals spaced 100 kc derived from the ref¬ 
erence oscillator. The desired mixing product in the 
range 1.7 to 1.8 me is selected with a bandpass filter and 
passed to the second mixer in which further translation 
is effected to shift the signal frequency to 250 kc. The 
desired signal is applied to a frequency and phase dis¬ 
criminator combination to obtain the correcting signal 
required to stabilize the master oscillator. The correct¬ 
ing signal may be used to control a saturable reactor, 
reactance tube or other frequency control device con¬ 
nected to the master oscillator, thus completing the 
servo loop (see block diagram, Fig. 4). 

The manner in which frequency selection takes place 
can best be understood by considering independently 
the effect of frequency changes at each of the mixers in¬ 
cluded in the servo loop. Assuming that the injection 
frequencies at the second mixer remain fixed, it can be 
seen that as a master oscillator frequency is caused to 
vary, the servo loop circuit functions as a receiver with 
automatic frequency control. If the oscillator is tuned 
within ±5 kc of 4000 kc, the received signal is within the 
passband determined by the bandpass filters and the 
master oscillator will lock to exactly 4000 kc. As the 
master oscillator tuning control is moved or if the fre-
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quency drifts, the servo loop will counteract the fre¬ 
quency (hange until the limit of the frequency control 
device is reached. 

As long as the injection frequencies at the second 
mixer remain fixed, the servo loop will be able to control 
the master oscillator only at frequencies separated by 
100-kc intervals. 

I he effect of varying the injection frequency at the 
second mixer will be considered now. This frequency 
can be adjusted to 10 different frequencies from 1550 to 
1460 kc, spaced 10 kc apart. The IF and oscillator fre¬ 
quencies are chosen such that the 1550-kc frequency 
corresponds to the condition in which the master oscilla¬ 
tor would be stabilized on frequencies that would be 
exact multiples of 100 kc. Now, if the frequency at the 
second mixer is increased by one 10-kc increment, the 
master oscillator will be stabilized on a frequency that 
will be 10 kc higher in frequency. By running through 
the range of this frequency, stabilization can be effected 
at 10-kc intervals between the 100-kc multiples. 

Considering the complete loop it is possible to stabil¬ 
ize the master oscillator at 200 frequencies separated by 
10-kc intervals. More channels can be synthesized bv 
adding another mixer stage or by increasing the number 
of steps used at each mixer. 

The accuracy of the stabilization obtained by the 
system described above depends on the accuracy of the 
frequencies used at the translating mixers. To obtain the 
greatest accuracy all of these frequencies are derived 
iront a single source; a standard reference oscillator of 
extremely high accuracy and having great stability. 

The use of a phase error signal in the control loop in¬ 
sures that the residual error of the stabilized oscillator 
will be measured in terms of degrees of phase angle be¬ 
tween controlled and reference oscillators rather than 
cycles of frequency difference if only a frequency dis¬ 
criminator were used. However, a frequency discrimina¬ 
tor is still a necessary part of the circuit, as the pull-in 
range of the phase discriminator is usually not large 
enough to cope with the initial frequency inaccuracy of 
the master oscillator. 

Stabilized Master Oscillator Design F actors 

As in any feedback system, stability of operation of 
the correcting loop is an important consideration. Open 
loop gain-phase measurements in a phase-controlled 
stabilized master oscillator are practically impossible, 
owing to master oscillator instability. Considerable suc¬ 
cess has been achieved by measuring the closed-loop re¬ 
sponse and converting these data to open loop gain and 
phase data by means of a circle diagram. Stable opera¬ 
tion can be obtained with loop bandwidths exceeding 
400 cps, and enough gain to suppress microphonie dis¬ 
turbances arising from vibration and shock. 

Although the stabilized master oscillator synthesizer 
avoids many spurious frequencies, careful attention to 
the frequencies used in the synthesizer mixer is still re-
quired. I he low-pass filter between the discriminator 

and the master oscillator reactance control controls the 
bandwidth of the system. Spurious products falling 
within a few kc of the desired frequency will phase 
modulate the master oscillator. However, those prod¬ 
ucts falling outside this range will be effectively sup¬ 
pressed and will not appear in the master oscillator 
output. 

Generally, the hold-in range of a controlled oscillator 
system exceeds the pull-in range. For this reason it is 
usually necessary to disable the control loop when shift¬ 
ing channels to insure lock-in on the desired channel and 
not one of the adjacent channels. 

Owing to the fact that there are practical limitations 
on selectivity in the 100-kc frequency multiplier, steps 
must be taken to insure that the correct 100-kc harmonic 
is selected by the master oscillator. This can be done by 
limiting the pull-in range to slightly less than ±50 kc 
and accurately tuning the master oscillator. 

The Standard Reference Oscillator 

As the frequency accuracy and stability of the stabil¬ 
ized master oscillator are completely dependent upon 
the standard reference oscillator, it is very important to 
employ a reference oscillator of the greatest precision 
obtainable within the limitations of the over-all equip¬ 
ment specification. Using techniques now available it is 
possible to produce small and rugged oscillators capable 
of performing in the aircraft environment with pre¬ 
cision equal to many laboratory frequency standards. 

Reference Oscillator Design Factors 

In order to obtain reliable, low-distortion netting in 
single-sideband communication, great care must be 
exercised in the design of the reference crystal oscillator. 
1'he factors of primary importance in obtaining a high 
degree of frequency stability are listed below. 

1) All components that form a part of the resonator 
circuit must be as stable with time and changes in en¬ 
vironmental conditions as possible. This generally in¬ 
cludes the quartz crystal resonator and a few capacitors 
and inductors immediately associated with it. The aging 
rate of the resonator may be minimized by maintaining 
a high degree of cleanliness in its construction. In order 
to maintain this cleanliness and eliminate atmospheric 
effects, the resonator should be sealed in an evacuated 
glass envelope. By careful orientation of the resonator 
plates with regard to the crystalographic axis the tem¬ 
perature coefficient of frequency may be made very 
small over a narrow range of temperature. Some im¬ 
munity to the effects ol mechanical shock and vibration 
can be obtained by proper mounting of the resonator 
plate. 

2) Even though the components involved in the 
resonator circuit are relatively independent of environ¬ 
mental conditions, certain of these conditions require, in 
addition, careful regulation. Of particular importance is 
the temperature of the quartz crystal which must be 
extremely closely controlled. The resonant frequency of 
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quartz resonator is dependent on the rf power dissipated 
in it, especially at higher power. The crystal current 
must, therefore, be regulated at very low values. Rea¬ 
sonable steps should be taken to isolate the resonator 
from mechanical shock and vibration. I he aging rate ol 
quartz crystals increases markedly with ambient tem-
perature, and therefore the temperature should be con¬ 
trolled at as low a value as possible. Consideration is 
being given to refrigeration of the crystal, and the Na¬ 
tional Bureau of Standards and Bell I elephone Labora¬ 
tories are presently involved in investigations along 
these lines under Signal Corps sponsorship. 

3) The coupling between the resonator and the active 
or amplifying portion of the circuit should be as small as 
possible while still maintaining sufficient coupling for 
sustained oscillations, so that the active portion cannot 
appreciably affect the natural frequency of resonator 
network. The Q of the resonance network should be as 
high as possible so as to allow very light coupling to the 
active network. 

4) The ratio of the gain to the phase instabilities 
through the amplifying network must be maximized. 
Thus the coupling between the resonator and the ampli¬ 
fier portions of the circuit may be decreased by increas¬ 
ing the amplifier gain, but should this increase in gain 
be accompanied by a proportional increase in phase in¬ 
stability through the amplifier, no net improvement in 
stability would be obtained. Care in shielding is required 
between the oscillator stage and the following buffers so 
as to eliminate undesired feedback from these stages 
since this feedback generally has poor phase stability. 
Another source of phase instabilities is caused by the 
generation and mixing of harmonics in the amplifying 
portion of the oscillator circuit. Harmonics are generated 
by nonlinearities in the active network. Adjacent har¬ 
monics are mixed together in the same or other non¬ 
linear portion of the circuit after having passed around 
the feedback network, thus producing a fundamental 
frequency component that is not, in general, phase 
stable. This cause of phase instability can be almost 
completely eliminated by use of an amplitude control 
system having a long time constant so as not to intro¬ 
duce appreciable harmonic components. 

Typical High Stability Oscillator Design 

An example of an oscillator suitable for use as a ref¬ 
erence frequency generator is shown in Fig. 5. The oper¬ 
ation can most readily be understood by reference to the 
block diagram shown in Fig. 6. The functions may be 
divided into the oscillator and oven control circuits. 
The oscillator consists of an amplitude-controlled Pierce 
type circuit. A highly-stable 1-mc quartz resonator is 
used. The temperature of this resonator and allied criti¬ 
cal components are held constant to better than 0.01 C. 
during normal fixed station operation by means of an 
electronically-controlled oven shown in Fig. 7. 

The 1-mc quartz resonator is a fundamental AT cut 
crystal, sealed in an evacuated glass envelope. This 

Fig. 5—Photograph of a typical reference frequency oscillator 
for ground station use. 

Fig. 6—Block diagram of a typical reference frequency oscillator. 

Fig. 7—Photograph showing the oven construction of a typical 
ground station reference frequency oscillator. 

resonator has a minimum Q of one million and a tem¬ 
perature coefficient of only several parts in 107 per de¬ 
gree C. Small adjustments of the oscillator frequency 
are accomplished by means of a precision trimmer ca¬ 
pacitor (C-104). 

The amplitude of oscillation is controlled so that the 
resonator power dissipation is less than 0.1 microwatt, 
and so that no appreciable harmonics are present in this 
circuit. 

This amplitude control is accomplished by amplifying 
the 1-mc oscillator output through two stages, rectifying 
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the output, and returning this bias voltage to the con¬ 
trol grid of the oscillator tube in a fashion very similar 
to a delayed avc system. The two stages of amplification 
are followed by a third buffer, and these three stages 
provide adequate gain and isolation. 

The oven is controlled at approximately 65°C., and is 
c apable of delivering 8 w of heater power. There is no 
temperature cycling, inasmuch as the system is pro¬ 
portionally controlled. This oven maintains the resona¬ 
tor and other critical components at a constant tem¬ 
perature within very close limits. 

The control circuit consists of a temperature-sensi¬ 
tive resistance bridge, which also acts as the heater and 
a tuned four-stage audio amplifier. Due to positive feed¬ 
back through the bridge, the amplifier oscillates and 
delivers power to the heater. As the bridge heats up, it 
starts to come into balance until finally the attenuation 
of the bridge is just equal to the gain of the amplifier and 
stable, steady-state oscillations are produced. This 
maintains the oven at a temperature of a few hun¬ 
dredths of a degree C. below the true balance tempera¬ 
ture of the bridge. 

Fig. 8—Long-term frequency stability of a typical reference fre¬ 
quency oscillator. (Direct comparison data represents errors de¬ 
rived from time comparison with WWV. Corrected data repre¬ 
sents errors derived from time comparison with WWV after hav¬ 
ing corrected data per WWV’s time correction bulletin.) 

Fig. 9—Short-term frequency stability of a typical reference 
frequency oscillator. 

Typical short-term and long-term frequency stability 
curves are shown above in Figs. 8 and 9 respectively. 
Shutdown of the equipment for a period of a day has 
little effect on the aging rate curve. 

An example of what can be achieved toward miniatur¬ 

ization and ruggedization for airborne applications is 
shown in Fig. 10. This oscillator is basically the same as 
the one previously described, except that the oven con¬ 
trol circuit has here been transistorized and a crystal 
frequency of 3 me was used to decrease the size of the 
crystal and oven and to increase the ruggedness of the 
resonator. I he entire unit, including frequency dividers 
delivering 100-kc output, is housed in a 3X4|X4| inch 
module. The long-term stability of this oscillator is ap¬ 
proximately the same as that previously shown. 

Fig. 10—Photograph of a typical airborne reference 
frequency oscillator. 

Conclusion 

1 he frequency control of a single-sideband equipment 
for the hf range must have the precision equal to that 
usually obtainable only in laboratory frequency stand¬ 
ards. Although the use of pilot carrier and afc permits 
some relaxation of oscillator requirements, susceptibil¬ 
ity to fading and jamming make such a system unde¬ 
sirable. Using techniques now available, hf equipments 
can be economically produced to satisfy the operational 
requirement of multichannel capability with stability 
and accuracy sufficient for independent frequency con¬ 
trol. The technique consists of using a stabilized master 
oscillator phase-locked to a reference signal generated 
by combining harmonics and subharmonics of a stand¬ 
ard reference oscillator. The stability and accuracy of 
such a system are completely dependent upon the refer¬ 
ence oscillator, and this can be made to have an error 
of less than 0.1 part per million per month, limited en¬ 
tirely by aging of the crystal resonator. With the attain¬ 
ment of this degree of equipment performance, the sys¬ 
tem performance has reached the point where the 
ionospheric effects and Doppler shifts resulting from 
high velocity movement of communicating stations be¬ 
come the limiting factors. 
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A Third Method of Generation and Detection 
of Single-Sideband Signals* 

DONALD K. WEAVER, JR.f, associate member, ire 

Summary—This paper presents a third method of generation and 
detection of a single-sideband signal. The method is basically dif¬ 
ferent from either the conventional filter or phasing method in that 
no sharp cutoff filters or wide-band 90° phase-difference networks 
are needed. This system is especially suited to keeping the signal 
energy confined to the desired bandwidth. Any unwanted sideband 
occupies the same band as the desired sideband, and the unwanted 
sideband in the usual sense is not present. 

1 3 HE PURPOSE of this paper is to present a third basic method of generation and detection of 
single-sideband signals. Two methods are com¬ 

monly used today. A block diagram of the first of these, 
the fdter method, is shown in Fig. 1. The input signal 
(a speech waveform, for example) is applied to a bal¬ 
anced modulator along with the first translating or car¬ 
rier frequency. The two normal sidebands appear in the 
output of the balanced modulation, but the carrier fre¬ 
quency is balanced out. The purpose of the filter is to 
select one sideband and reject the other. When the de¬ 
sired frequency location of the single-sideband signal is 
high compared with the original location of the input 
signal (e.g., translating speech to the hf region), it be¬ 
comes very difficult to obtain filters that will pass one 
sideband and reject the other. Io avoid this, the trans¬ 
lation is done in several steps so as to ease the filter 
requirement. 

FIRST TRANSLATING SECOND TRANSLATING 
FREQUENCY FREQUENCY 

Pig 1—Filter method of SSB generation. 

Fig. 1 shows a system using two translational steps. 
In many radio transmission systems, three to five trans¬ 
lational steps may be used. The detection problem is 
simply an inverse operat ion ; t hat is, the arrow sin big. 1 
could be reversed. In detection, balanced modulators 
are not necessary, and ordinary converter circuits are 
satisfactory. 

I he second method, generally called the phasing 
method, is shown in Fig. 2. The input signal is applied to 
a wide-band 90° phase-difference network. This network 
passes all frequencies of the input signal uniformly in 
amplitude. However, the phase response is such that a 
sinusoidal input whose frequency falls anywhere within 

the input signal frequency band will result in two equal 
amplitude sinusoidal signals whose phases differ by 
90°. These quadrature signals are applied to a pair of 
balanced modulators. The translating carrier frequency 
is also divided into two 90° components. When the out¬ 
put signals from these two balanced modulators are 
added, one set of sidebands will add in phase, generating 
the desired signal, while the other sideband will cancel 
itself out. By subtracting instead of adding, it is possible 
to change sidebands. 

INPUT 
SIGNAL 

Fig. 2—Phasing method of SSB generation. 

As this is a balancing method and does not require 
any sharp cutoff filters, it is possible to generate the de¬ 
sired sideband in a single translational step regardless 
of how high the final signal frequency may be. However, 
the degree to which the undesired sideband may be 
suppressed depends upon accurate balancing and re¬ 
quires very careful control of amplitudes and phases. 
As a practical matter it is quite easy to realize 20-db 
suppression, reasonable to expect 30 db, and quite diffi¬ 
cult to go beyond 40 db. Suppression of 60 to 80 db or 
more can be realized using the filter method, but ex¬ 
treme care in maintaining low intermodulation in linear 
amplifiers is necessary if this degree of suppression is to 
exist in the final radiated signal. 
The design and construction of a wide-band 90° 

phase-difference network is not a familiar art with most 
circuit designers, and this often acts as a roadblock to 
using the phasing method. 

A block diagram showing the new method of single¬ 
sideband signal generation is shown in Fig. 3. The input 
signal Ci is confined to a bandwidth W with the lower 
band limit ft as shown in Fig. 4. The band center is/o-

/o = J i. + 1F/2. (1) 

For convenience let the input signal be expressed as a 
summation of sinusoidal terms. 

* Original manuscript received by the IRE, June 25, 1956. 
t Formerly with Stanford Res. Inst., Menlo Park, Calif., now 

with Elec. Eng. Dept., Montana State College, Bozeman, Mont. 
«•(f) = 22 £»cos (w«z + 0'>)- (2) 
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Fig. 3—Single-sideband generator. 

INPUT 
SIGNAL 

SPECTRUM 

Fig. 4—Input signal spectrum. 

Note that the modulating or carrier frequency of the 
first pair of balanced modulators is the center frequency 
of the input spectrum. The outputs of the first two 
balanced modulators are 

«oi = 2e,(f) cos w^t (3) 

«6i = 2e,(/) sin wot, (4) 

where 

wo = 2tt/0. (5) 

The coefficient 2 is used for convenience and can be 
considered a property of the balanced modulators. Sub¬ 
stituting (2) into (3) and (4) and expanding gives 

«al = 22 En COS [(wn — Wo)t T </>„ ] n—1 
+ En COS [(w„ + Wo)l + </>„] (6) 

■V 
ebl ~ 22 En sin [(o>„ — Wo^t + <t>n ] n—1 

+ En sin [(a>0 + WnV + </>„) ]. (7) 

I he frequencies fn=w„/2ir are restricted to the original 
bandwidth IV 

fl. ^fn^ fL + IF. (8) 

Hence the spectrum of the signals eul and ebi is as shown 
in Fig. 5. The low-pass filter passes the frequencies from 
zero to TF/2. I ront IF/2 to 2/0— JF/2 there should be no 
signal energy which provides a convenient transition 
region for the filter. Above 2f0-W/2 the filter should 

SPECTRUM 

"ND ezzzzzlZZÎZZZZ2izzzzzzzzzzzzzz—_ 
02 0 W/2 fo 2fo-W/2 2fo 2fo + W/2 

FREQUENCY 

Fig. 5—Spectrum from first balanced modulators. 

have adequate attenuation to eliminate the high-fre¬ 
quency components from the balanced modulators. 
Using such a filter the expressions for the filter output 
voltages are 

.V «a2 = 22 En COS [(<,)„ - W^t + </>„] (9) 

«62 — 22 ^'n S*n [(^n — Wo)l T (10) n—1 
1 hese two low-frequency functions are then applied 

to another pair of balanced modulators. However, in 
this case the translating frequency wc is the band center 
of the desired single-sideband signal. This is generally a 
high frequency compared with any of the frequencies of 
the original signal. The expressions for the outputs of 
this second pair of modulators are 

eaz = ea2 cos wcl (11) 

Cb3 = «62 sin wct. (12) 

Substituting (9) and (10) into (11) and (12), and ex¬ 
panding gives 

N 
«□s 22 n-l 

£n 
d—— cos [(a>c — wn + Wo)t — </>„] (13) 

•v j;n«63 = 22 ~ C0S [("c + ^n — Wo)l + <t>n ] n-l 2 

En2 COS l(we — "n + wo)f — </>nJ. (14) 
Finally, adding (13) and (14) gives the desired single¬ 
sideband output. 

«0 = «03 + «63 (15) 
N 

«o — 22 En cos [(a>c + wn — wo)l -f- </>„]. (16) n—1 
Note that the frequency normally referred to as the 
carrier corresponds to we—w0 and that the frequency 
W' is the center of the single sideband. Fig. 6 shows the 
spectrum of ea. 

This method of single-sideband generation does not 
need either sharp cutoff filters or wide-band 90° phase-

—COS [(iCc + Wn — Wo)l -f- </>„] 
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SPECTRUM 
OF 

OUTPUT 
SIGNAL 

«-W-► 

_ ^//Á/77A 
FREQUENCY fc

Fig. 6—Spectrum of output signal. 

difference networks. Imperfections in the phasing or 
balancing do not result in the presence of the unwanted 
sideband in its usual location. Instead, the unwanted 
sideband occupies the same band of frequencies as the 
desired sideband, except that it is inverted. I his is a 
very useful property of this system when channel con¬ 
servation is an important reason for using single-side-
band signals. 

Fig. 7 shows the circuit of a single-sideband generator 
using this method. The input signal is a typical speech 
signal whose energy is confined to a band from 300 to 
3300 cps. Care must be taken in the first pair of balanced 
modulators to keep the input signal component (linear 
term) from appearing in the output. The two low-pass 
filters pass all frequencies up to 1500 cps and provide 
adequate attenuation above 2100 cps. In the second pair 
of balanced modulators the rf oscillator signal must be 
accurately balanced out to keep it from appearing in the 
output. 

Two tone tests indicated that undesired signal com¬ 
ponents were all more than 30 db below the desired sig¬ 
nals. The input signal level was in the range 0.1 to 1.0 
volt. Listening tests using speech and music indicated 
good quality. No difficulty was encountered in balancing 
the modulators or in phasing the translating signals. 
The balanced modulators, filters, and transformers can 
be packaged in a very small unit. As the circuit is bi¬ 
lateral, it can be used in demodulation as well as in 
generation of single-sideband signals. The lack of critical 
or expensive elements, combined with the ease of ad¬ 
justment and the ruggedness and reliability of a passive 
circuit (such as the one shown in Fig. 7) makes this 
method attractive for application in future single-side¬ 
band systems. 

Fig. 7—Single-sideband generator. 
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Comparison of Linear Single-Sideband Transmitters 
with Envelope Elimination and Restoration 

Single-Sideband Transmitters* 
LEONARD R. KAHNf, senior member, ire 

Summary—The Elimination and Restoration System was origi¬ 
nally described in 1952 [1 ]. The purpose of the following is to evalu¬ 
ate certain basic characteristics of the Envelope Elimination and 
Restoration System and to compare it with the Linear Amplifier 
System [2, 3]. 

Brief Description of Envelope Elimination 
and Restoration System 

Fig. 1—Simplified block diagram of envelope elimination and 
restoration system. 

PLEASE refer to Fig. 1, which is a simplified block 
diagram of the envelope elimination and restora¬ 
tion system. The waveshapes shown in this figure 

are for two equal amplitude tones with the carrier com¬ 
pletely eliminated. The single-sideband generator used 
in practical equipment has been of the filter type but the 
phase shift techniques may also be used. The output of 
the single-sideband generator is fed to a limiter wherein 
the limiter removes the amplitude modulation compo¬ 
nent from the single-sideband wave producing a pure 
phase-modulated wave. Since a phase-modulated wave 
is not distorted by amplitude nonlinearities, this wave 
may be amplified in highly efficient Class C amplifiers. 
The Class C amplifier finally drives the modulated stage 
which may also be designed for Class C operation. 

The amplitude modulation component of the single¬ 
sideband wave is isolated from the phase modulation 
component by the AM detector. The AM detector out-

* Original manuscript received by the IRE, June 14, 1956; re¬ 
vised manuscript received, October 5, 1956. 

t Kahn Research Laboratories, Freeport, N. Y. 

put is identical to the envelope waveshape of the single¬ 
sideband wave at point A. This audio frequency wave is 
amplified and then fed to the modulator. 

The modulator modulates the phase-modulated com¬ 
ponent by the envelope function in the modulated stage. 
If the time relationship between the phase and ampli¬ 
tude modulation components is properly maintained, 
the signal at point G will be a high powered replica of 
the single-sideband wave at point A. It should be 
stressed that Fig. 1 is a simplified block diagram and in 
itself is not a practical system. Such important elements 
as the equipment for equalizing time delays are missing 
but it is felt that the figure demonstrates the basic 
technique. 

Efficiency of a Linear Amplifier and the Envelope 
Elimination and Restoration System 

In the analysis shown in Appendix I, the efficiency of 
the linear amplifier system is compared with that of the 
envelope elimination and restoration system. It might 
be assumed from a cursory examination of these two 
systems that the comparison is the same as that of a 
high-level modulated AM transmitter with a low-level 
modulated AM transmitter and therefore the high-level 
(envelope elimination and restoration system) would be 
slightly superior in efficiency to the linear amplifier low-
level system. Actually the analysis is somewhat differ¬ 
ent because of the special waveshapes peculiar to single¬ 
sideband operation. 

From the analysis shown in Appendix I, it is seen that, 
if it is assumed that the linear amplifier has a plate cir¬ 
cuit efficiency of 60 per cent under conditions of full 
drive [4], its average efficiency will be 47.1 per cent for 
the two-tone case. In Appendix I, it is also shown that 
the plate circuit efficiency of the envelope elimination 
and restoration system is approximately 69 per cent. 1 

Therefore, the ratio of power output from the envelope 
elimination and restoration system is 2.53 times that of 
the linear amplifier system assuming both systems uti¬ 
lize tubes having equal total plate dissipation. (That is, 
the summation of the plate dissipation capabilities of the 
tubes in the Class C amplifier, plus those in the Class B 
modulator, equals the plate dissipation capability of the 
final linear amplifier tubes.) 

1 See Appendix I for the conditions assumed. 
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As pointed out in Appendix I, the above comparison 
is based upon an assumption of plate circuit efficiency 
for the Class C amplifier of 80 per cent. In both the 
linear and the envelope elimination and restoration 
transmitter calculations, we have not taken into con¬ 
sideration loss in the rf coupling networks but since both 
systems should have approximately the same loss in 
these circuits, the comparison would not require modifi¬ 
cation. If we had assumed that the Class C amplifier 
had a plate circuit efficiency of 75 per cent, the power 
output of the envelope elimination and restoration sys¬ 
tem would be 2.1 times as great as that from a linear 
amplifier system. 

Comparison of Means of Modification of 
High Level AM Transmitters to 

Single-Sideband Operation 

Many firms are reluctant to convert to single-side-
band transmission because of the expense of completely 
replacing AM transmitting equipment. Therefore, there 
has been considerable interest in proposals for convert¬ 
ing AM transmitters to single-sideband operation. 

One method proposed is to use envelope elimination 
and restoration adapters. The second method proposed 
is to redesign the transmitter for Class B linear opera¬ 
tion. This second technique would require appreciable 
engineering effort and in many cases additional stages 
would have to be added to make up for the decreased 
power gain of Class B linear amplifiers. Also, since fre¬ 
quency multipliers are not linear devices, further radical 
changes would be necessary. 

It might be interesting to compare the power output 
from a high-level amplitude modulated transmitter con¬ 
verted to linear amplifier operation with the power out¬ 
put from the same transmitter utilizing an envelope 
elimination and restoration adapter. 

In .Appendix II, it is shown that a high-level ampli¬ 
tude modulated transmitter, if modified for Class B 
linear single-sideband operation, would have a peak en¬ 
velope power rating of approximately two-thirds of the 
carrier rating of the transmitter. If such a transmitter 
was adapted by the envelope elimination and restora¬ 
tion system, the peak envelope power would be equal to 
approximately four times the carrier rating for single¬ 
sideband telephone operation. The rating of such a 
transmitter when transmitting multichannel teleprinter 
single-sideband signals varies between three to four 
times the carrier rating of the AM transmitter depend¬ 
ing upon the number of tones transmitted and whether 
they are phase-locked. 1 hus we see that for telephone 
operation there is a power gain of approximately 6 and 
for a multichannel teleprinter a power gain of 4.5 to 6 
over the power output from a high level modulated 
transmitter converted to Class B linear operation. It, 
in the above calculations, a figure of 75 per cent was as¬ 
sumed for the plate circuit efficiency of the final Class C 

stage, the power gain of the envelope elimination and 
restoration system, over the linear amplifier system, 
would be 3.37 to 4.5 times. 

It should be noted that the above comparison was 
based upon the assumption that a modulator for the 
transmitter was available. If a modulator is not avail¬ 
able, it would be necessary to compare the cost of the 
modulator plus the envelope elimination and restoration 
adapter with the cost of engineering, labor, and the 
power disadvantage of converting the ri stages of the 
transmitter to Class B linear operation. 

The above calculations are based upon the carrier 
rating of an AM transmitter. If the cw rating of the 
transmitter is used, the peak envelope power of the 
Class B linear is two-thirds the value above stated or 
approximately four-ninths of the cw rating of the trans¬ 
mitter. Similarly the peak envelope power of the en¬ 
velope elimination and restoration adaptei transmitter 
for single-sideband telephone operation is approxi¬ 
mately 2.67 times the cw rating and from 2 to 2.67 times 
the cw rating for multichannel teleprinter operation. 

Required Modulator Response 

Table 1 is a tabulation of the required modulator fre¬ 
quency response for given spurious outputs from an 
envelope elimination and restoration transmitter. 

TABLE I 

Modulator equalized to 
pass up to 

Fundamental of the difference fre¬ 
quency of the two equal tones 

Second harmonic 
Third harmonic 
Fourth harmonic 

Worse spurious level for 
two equal tones 

— 25.3 db relative to 1 of the 
two tones 

-31.4 db 
-36.2 db 
-40.5 db 

In the paper published in 1952 [1 ], a similar chart was 
furnished based upon the assumption that all the energy 
in the components not passed by the modulator added 
up to produce a single spurious component. I hat chart 
was therefore pessimistic as pointed out in that article. 
A new mathematical technique has since been developed 
[5] and the fact that the figures originally published 
were pessimistic was confirmed. 

In Appendix III, this new technique is used to solve 
this problem. However, it should be pointed out that these 
figures are still pessimistic because the analysis assumes 
that two equal amplitude tones are radiated and their fre¬ 
quencies are at the extreme ends of the transmitted band. 
Of course, in practice, voice signals have most of their 
high energy components situated at relatively close 
spacing at the low-frequency end of the audio band. 
Another reason why these figures are pessimistic is that 
in most applications there are many components trans¬ 
mitted simultaneously rather than just the severe two-
tone case. Multichannel telegraph single-sideband, and 
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of course voice systems, normally radiate more than 
two-tones simultaneously. 

Il, instead of two equal tones, tones of unequal ampli¬ 
tude are transmitted, the frequency response require¬ 
ments of the modulator are eased. 

Another important reason why these figures are quite 
conservative, is that the response of a conventional 
amplitude modulator does not suddenly go to zero 
above a certain frequency. If this effect is analyzed it is 
seen that the spurious is reduced by this vestigial fre¬ 
quency response because of two reasons. The first 
reason is that any energy at these higher frequencies 
assists in reducing the spurious. The second reason is 
that, for optimum spurious reduction, the highest fre¬ 
quency overtone which is passed by the modulator 
should have a smaller amplitude than indicated by the 
Fourier series expansion of the envelope. This may be 
seen by considering the analysis in Appendix III and 
examining the effect of reducing the percentage of 
modulation of the highest order overtone. This effect is 
considerably more important for high order harmonics. 

It has been found, in practical installations, that for 
a signal bandwidth of up to 6 kc, a modulator, having a 
flat response or one equalized for a flat response of ap¬ 
pt oximately 8 kc, can be used to produce signalshaving 
the worst spurious amplitude down 30 to 35 db relative 
to one of the two equal desired tones. 

Discussion of Practical Installations of Envelope 
Elimination and Restoration Systems 

Fig. 2 is a picture of a commercial single-sideband 
envelope elimination and restoration transmitting 
adapter. This adapter may be used to adapt an ampli¬ 
tude modulated transmitter to single-sideband service. 
I he phase modulation component of the single-sideband 
wave is fed to a low level rf stage of the transmitter. The 
AM component of the single-sideband wave is fed from 
the adapter to the audio input of the transmitter. Aside 
from the installation of a connection for feeding the low 
level rf stage, no modification of the transmitter is 
necessary. This adapter may be used to produce inde¬ 
pendently modulated upper and lower sidebands and is 
being used in a number of transoceanic multichannel 
teletype circuits. 

A similar model of the single-sideband transmitter 
adapter may be used for broadcast relay service. This 
adapter has been used in conjunction with a 100-kw AM 
transmitter to produce a 400-kw peak envelope single¬ 
sideband signal. We understand that this is the most 
powerful single-sideband transmitter in operation. 

No attempt has been made to minimize the size of 
this equipment and certainly appreciable reduction in 
size and weight can be accomplished by use of conven¬ 
tional miniaturization techniques. 

1 he average spurious output of systems using these 
adapters is from -32 to -35 db relative to the ampli¬ 
tude of one of the two equal tones. The best measure-

Fig. 2 SSB53-2A. Kahn Research Laboratories’ 
twin sideband adapter. 

ment of a practical 40-kw peak envelope power trans¬ 
mitter utilizing this system was slightlv better than 
-40 db. 

Résumé of Advantages of Envelope Elimination 
and Restoration Systems 

I he advantages of the envelope elimination and 
restoration system are as follows: 
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1) The envelope elimination and restoration system 
produces approximately 2.5 times the power out¬ 
put, as does the linear amplifier system, for a given 
total plate dissipation. 

2) The envelope elimination and restoration system 
may be used to adapt existing high quality trans¬ 
mitters without any design change of these trans¬ 
mitters. The peak envelope rating of such a system 
is from 3 to 4 times the carrier rating. Of course, 
the system may also be used as a component part 
of new transmitters. 

3) The envelope elimination and restoration system 
is relatively noncritical because Class C amplifiers 
may be used. 

4) Frequency multiplication may be used in the 
envelope system simplifying design. 

5) The envelope elimination and restoration system 
makes practical low-cost high-powered, 20-kw 
peak envelope power or more, single-sideband 
transmitters. In the linear system, each additional 
stage introduces distortion and this makes it very 
difficult to obtain satisfactory spurious figures 
from high-powered transmitters. Also, the high 
efficiency of envelope elimination and restoration 
type transmitters is of considerable economic 
importance. 

6) At the present time there are no very high-
powered linear amplifier type single-sideband 
transmitters available, and for such requirements, 
the envelope elimination and restoration system 
appears to be the only practical solution. 

average power, Po, is therefore | watt.2 Since the en¬ 
velope waveshape of a two equal tone wave is a full 
wave rectified sine wave and since the efficiency of a 
linear amplifier is a linear function of signal voltage, the 
efficiency as a function of time tp is: 

m — k sin ut (1) 

where w is the difference in angular velocity between the 
equal tones and k is the efficiency of the linear amplifier 
when delivering peak output. 

The plate dissipation at any instant, t, is: 

Po« „ 
-Pot 
It 

(2) 

where 
Pit = the power input fed to the amplifier from the 

power supply. 
P0/ = the desired power output from the tube which 

is fed to the tank circuit. 
(Pot = sin2 wt X 1 watt for a two equal tone wave having 

a peak envelope power of 1 watt.) 
Therefore, 

sin2 ail ... 
l’ dt = —;- sin2 ut. (3) 

k sin ait 

The average plate dissipation Pa is: 

Appendix I 

Comparison of Linear and Envelope Ei.imination 
and Restoration Single-Sideband 

Transmitter Efficiencies 

In order to compare the efficiency of the two systems, 
we will first derive an equation for efficiency of the linear 
amplifier. We will assume that the standard two equal 
tone signal is amplified by both systems because power 
and distortion ratings are generally based upon this 
specific waveshape. 

The efficiency of a Class B linear amplifier is a linear 
function of the output voltage. (This functional rela¬ 
tionship may be established by noting that output 
power is proportional to the square of the output volt¬ 
age, yet the voltage from the plate power supply is 
constant and the current from the power supply is a 
linear function of the output wave of the amplifier. 
Therefore, since the output power varies as a square of 
the output voltage and the power input is merely a 
linear function, the efficiency must also be a linear func¬ 
tion in order to establish the correct product function.) 

Let us assume that the linear amplifier is used to 
amplify a signal composed of two equal amplitude tones 
and produces a 1-watt peak envelope power output. 1 he 

(4) 

Therefore, since the average power output in this case 
is I watt, the efficiency of a linear amplifier when ampli¬ 
fying a two equal tone wave is 

Po M2 

Po + Pd 1/2 + 2/trk - 1/2 4 

We will assume that in the envelope elimination and 
restoration system the Class C modulated stage has a 
plate circuit efficiency of 80 per cent (coupling circuit 
losses are not considered in this comparison) and the 
Class B modulator stage has an efficiency of 55 per cent. 
The following calculations show an over-all efficiency of 
slightly over 69 per cent: 

Let Po = 0.5 watt (1 watt peak envelope power) 

2 The fact that the peak envelope rating of a two equal tone wave 
is equal to two times the average power rating may be confirmed as 
follows: consider that each of the two equal amplitude tones has an 
rms amplitude of one-half volt developed across a one ohm resistance. 
Each of the tones would dissipate J watt and the total power of the 
two tones wotdd then be J watt. The peak envelope power, however, 
occurs when the two tones are in phase and their combined ampli¬ 
tude would then be 1 volt rms so therefore their peak envelope power 
would be 1 watt. 
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\J.k} 

Pd Class C stage =-0.5 = 0.125 watt 
0.8 

Since, for a 0.5 watt SSB signal (Iw PEP) there is 
0.095 watt in the AM component. 

Total Pd = 0.125 + 0.097 = 0.222 (7) 

Appendix 11 

Power Output of a High Level Modulated Trans¬ 
mitter Converted to Class B Linear Operation 

If we assume that the transmitter to be modified 
utilizes high-level modulation and that the modulated 
stage plate circuit efficiency is 80 per cent, then the 
plate dissipation, Pd, of the stage is: 

3 (1 - ,) 
Pa = — P^-
2 i? 

3 0.2 

= T Œ8 PcOTier

0.375 Pcarrier« (9) 

It was shown, in Appendix I, that a reasonable figure 
for the plate circuit efficiency of the linear single¬ 
sideband amplifier is 47.1 per cent. Therefore, the 
average power output, Pssb of a transmitter altered 
to linear SSB operation is: 

n 0.471 
PSSB av = - Pd — —- 0.375 Pcarrier 

1-7? 1 - 0.471 

= 0.334 Pcarrier. (10) 

For a two equal tone single-sideband wave, the peak 
envelope power is equal to two times the average power. 
Therefore, the peak envelope power output of a trans¬ 
mitter modified for linear amplifier operation is approxi¬ 
mately 0.67 times the carrier power output rating of the 
unmodified transmitter. 

Appendix J11 

Modulator Frequency Response Requirement 

The following analysis is accomplished in two seg¬ 
ments. In the first part of the analysis the spectrum of 
the phase modulation component of the single-sideband 
wave is determined. This is the signal fed to the modu¬ 
lated stage in the envelope elimination and restoration 
system. In the second part of the analysis the phase-
modulated wave is mathematically modulated by the 
components of the envelope of the two-tone single¬ 

sideband wave that are within the frequency response 
of the modulator. In this manner it is possible to calcu¬ 
late the amount of spurious produced when the modu¬ 
lator can pass only a restricted number of overtones of 
the envelope function. 

Part 1 

The method to be used for determining the spectrum 
of the phase-modulated component of a two equal 
amplitude tone wave was described in 1953 [5]. This 
method is based upon the fact that a limiter is an ampli¬ 
tude modulator which modulates the input wave by the 
inverse function of the envelope of this input wave. 

The method may be outlined in the following series of 
steps. 

1) The signal wave fed to the limiter is fully described 
as to the amplitude, frequency, and relative phase 
of the spectrum components. 

2) The envelope function, F(f), of the input wave is 
determined. 

3) The inverse function of the input envelope func¬ 
tion, 1/F(Z), is next calculated. This is the en¬ 
velope-limiter gain function, ELGF{t). 

4) The Fourier series describing the envelope-limiter 
gain function determined in step 3 is calculated.3

5) Each individual input signal component described 
in step 1 is amplitude modulated (multiplied) by 
the Fourier series of the envelope-limiter gain 
function. The resulting spectrum is the desired 
output of an ideal limiter and therefore it is the 
phase-modulation component of the input wave 
described in step 1. 

In accordance with the above procedure, the following 
calculations may be made. 

Step 1 : The frequency components of the input wave, 
to the limiter, are shown in Fig. 3, line 1. Besides these 
two equal tone components there is assumed to be a 
noise component which, in the analysis, is made to ap¬ 
proach zero. It is assumed that at zero reference time 
the two tones are exactly out of phase. 

Step 2: The amplitude modulation component of the 
input wave is shown in Fig. 4. In order to simplify the 
analysis, it is assumed that the bottom part of the wave 
is a straight line as shown in the figure. Actually the 
bottom of the wave is not perfectly flat but since this 
portion of the wave is made to approach a limit of zero 
this assumption does not affect the accuracy of the 
analysis. The envelope function may be defined as 
follows: 

« l^ + [5 sine]/ '+ 

+ [— Ssinfl] * ' + [A]'* . (11) T4- e 2w—e 
Step 3: The envelope-limiter gain function, ELGF^t), 

which is the inverse function of step 2, is determined. 

3 In many cases, it will be less laborious to do step 4 before step 3. 
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Fig. 3—Spectrum diagram showing calculation of two-tone 
phase modulation component. 

This function may be defined as follows: 

ELGF(t) = 1/F(O ~ [lAV]o' + 

(12) 

Step 4: Next, the Fourier series describing this wave 
is determined. The fundamental frequency of the Fou¬ 
rier series is assumed to be equal to one-half the fre¬ 
quency separation between the signal frequencies in 
order to simplify calculations. The de component 
equals: 

(13) 

Due to the choice of fundamental frequency, all odd 
harmonics are equal to zero. The following equation de¬ 
fines the Bn Fourier series components where n is an 
even integer. 

Bn 
2 

EUGl'ft} cos nddh 

cos nOdd 
S sin 0 

(14) 

but the next lower harmonic component, B„^<, equals 

= — f ELGFif) cos (n - 2)3d0 
2 T J 0 
1 p sin (n - 2)e Ç c cos (n — 2)8d3 
7T I N(n - 2) J e sin 0 

For very small values of c, sin ne~ne, where e is 
in radians. The error in this approximation vanishes as 
e approaches zero. 1 herefore, the first terms of Bn and 
B„_2 approach equality as e approaches zero. There¬ 
fore, the difference between B„ and B„_» is 

Bn̂  Bn 4 
2 2 S(n — l)ir 

Therefore (16) holds even for the difference between 
AandB2/2. 

Step 5: Each of the two equal tone components is 
modulated by the various Fourier series components of 
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Spectrum 
produced. ^1X2 .0^127 .0391b ,03319 

n n n 

Fig. 5—Calculation of spectrum created when envelope elimination 
and restoration system is used with a low-fidelity modulator ca¬ 
pable of passing only the fundamental beat note. 

the envelope limiter gain functions, as shown in Fig. 3, 
lines 2 and 3. 1 he result of this modulation process is 
then summated as shown in Fig. 3, line 4. It should be 
noted that, since the various sideband components are 
equal to a difference between Bn and Bn_2, the result¬ 
ing spectrum may be readily determined to a very high 
order of precision by use of (16). 

1 he result of this first part of the analysis is the 
phase-modulation component spectrum of a two equal 

tone wave. In addition to its application to single¬ 
sideband analysis, this result is of interest to other fields 
of physics. 

Part 2 

As mentioned above, the second part of the analysis 
requires the calculation of the effect of amplitude modu¬ 
lation oi the phase modulation spectrum by the 
Fourier series components of the envelope function of 
the two equal tone wave. The envelope function of the 
two equal tone wave is exactly equivalent to that of a 
full wave rectified sinewave and may be expanded into 
the following Fourier series: 

2E T 2 2 cos 40 2 
— id—~ cos 20-1-cos 60 
r L 3 15 35 

(_ l)»/^1
2 cos n9~ 
n- - 1 _ (19) 

where w=even integer. 
I he result of modulation by merely the fundamental 

component of the Fourier series is shown in Fig. 5. Thus, 
it is seen that the worse spurious component is 25.3 db 
down, relative to one of the two equal tone waves. The 
results of similar calculations for modulators with better 
frequency responses are shown in Table I. 
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Synchronous Communications* 
JOHN P. COSTASf, ASSOCIATE MEMBER, ire 

Summary—It can be shown that present usage of amplitude 
modulation does not permit the inherent capabilities of the modula¬ 
tion process to be realized. In order to achieve the ultimate per¬ 
formance of which AM is capable synchronous or coherent detection 
techniques must be used at the receiver and carrier suppression 
must be employed at the transmitter. 

When a performance comparison is made between a synchronous 
AM system and a single-sideband system it is shown that many of 
the advantages normally attributed to single sideband no longer exist. 
SSB has no power advantage over the synchronous AM (DSB) sys¬ 
tem and SSB is shown to be more susceptible to jamming. The 
performance of the two systems with regard to multipath or selective 
fading conditions is also discussed. The DSB system shows a decided 
advantage over SSB with regard to system complexity, especially at 
the transmitter. The bandwidth saving of SSB over DSB is considered 
and it is shown that factors other than signal bandwidth must be 
considered. The number of usable channels is not necessarily doubled 
by the use of SSB and in many practical situations no increase in 
the number of usable channels results from the use of SSB. 

The transmitting and receiving equipment which has been de¬ 
veloped under Air Force sponsorship is discussed. The receiving 
system design involves a local oscillator phase-control system which 
derives carrier phase information from the sidebands alone and does 
not require the use of a pilot carrier or synchronizing tone. The 
avoidance of superheterodyne techniques in this receiver is explained 
and the versatility of such a receiving system with regard to the re¬ 
ception of many different types of signals is pointed out. 

System test results to date are presented and discussed. 

Introduction 

OR A good many years, a very large percentage 
of all military and commercial communications 
systems have employed amplitude modulation lor 

the transmission ol information. In spite of certain well-
known shortcomings of conventional AM, its use has 
been continued mainly due to the simplicity of this sys¬ 
tem as compared to other modulation methods which 
have been proposed. During the last few years, however, 
it has been felt by many responsible engineers that the 
increased demands being made on communications 
facilities could not be met by the use of conventional 
AM and that new modulation techniques would have 
to be employed in spite of the additional system com¬ 
plexity. Of these new techniques, single sideband has 
been singled out as the logical replacement for conven¬ 
tional AM and a great deal of publicity and financial 
support has been given SSB as a consequence. 

Many technical reasons have been given to support 
the claim that SSB is better than AM and these points 
will be discussed in some detail later in this paper. In 
addition, many experiments have been performed 
which also indicate a superiority for SSB over AM. 
Some care must be taken, however, in drawing conclu¬ 
sions from the above statements. We cannot conclude 
that SSB is superior to A M because we have no assurance 

* Original manuscript received by the IRE, August 31, 1956. 
t General Electric Co., Syracuse, N. Y. 

whatever that conventional A M systems make efficient use 
of the modulation process employed. In other words, AM 
as a modulation process may be capable of far better 
performance than that which is obtained in conven¬ 
tional AM systems. If an analysis is made of AM and 
SSB systems, it will be found that existing SSB systems 
are very nearly optimum with respect to the modulation 
process employed whereas conventional AM systems 
fall far short of realizing the full potential of the modu¬ 
lation process employed. In fact, it could honestly be 
said that we have been misusing rather than using AM 
in the past. Realization of the above situation raises 
some immediate questions: What are the equipment re¬ 
quirements of the optimum AM system? How does the 
performance of the optimum AM system compare with 
that of SSB? Which shows the greater promise of ful¬ 
filling future military and commercial communications 
requirements, optimum AM or SSB? I he remainder of 
this paper will be devoted mainly to answering these 
questions. 

Synchronous Communications—The Optimum 
AM System 

Receiver 
Conventional AM systems fail to obtain the full bene¬ 

fits of the modulation process for two main reasons: In¬ 
efficient use of generated power at the transmitter and 
inefficient detection methods at the receiver. Starting 
with the receiver it can be shown that if maximum re¬ 
ceiver performance is to be obtained the detection proc¬ 
ess must involve the use of a phase-locked oscillator and 
a synchronous or coherent detector. I he basic synchro¬ 
nous receiver is shown in Fig. 1. The incoming signal is 

Fig. 1—Basic synchronous receiver. 

mixed or multiplied with the coherent local oscillator 
signal in the detector and the demodulated audio output 
is thereby directly produced. The audio signal is then 
filtered and amplified. The local oscillator must be main-
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tained at proper phase so that the audio output contri¬ 
butions of the upper and lower sidebands reinforce one 
another. If the oscillator phase is 90° away from the 
optimum value a null in audio output will result which 
is typical of detectors of this type. The actual method of 
phase control will be explained shortly, but for the pur¬ 
pose of this discussion maintenance of correct oscillator 
phase shall be assumed. 

In spite of the simplicity of this type of receiver, 
there are several important advantages worthy of note. 
Io begin with, no IF system is employed which elimi¬ 
nates completely the problem of image responses. The 
opportunity to effectively use post-detector tillering 
allows extreme selectivity to be obtained without dif¬ 
ficulty. The selectivity curve of such a receiver will be 
found to be the low-pass filter characteristic mirror-
imaged about the operating frequency. Not only is a 
high order of selectivity obtained in this manner, but 
the selectivity of the receiver may be easily changed by 
low-pass filter switching. The carrier component of the 
AM signal is not in any way involved in the demodula¬ 
tion process and need not be transmitted when using 
such a receiver. Furthermore, detection may be ac¬ 
complished at very low level and consequently the bulk 
of total receiver gain may be at audio frequencies. This 
permits an obvious application of transistors but more 
important it allows the selectivity determining low-pass 
filter to be inserted at a low-level point in the receiver 
which aids immeasurably in protecting against spurious 
responses from very strong undesired signals. 

Phase Control: 1 o obtain a practical synchronous 
receiving system some additions to the basic receiver of 
Fig. 1 are required. A more complete synchronous re¬ 
ceiver is shown in Fig. 2. The first thing to be noted 

F*g- 2—Two-phase synchronous receiver. 

about this diagram is that we have essentially two basic 
receivers with the same input signal but with local oscil¬ 
lator signals in phase quadrature to each other. To 
understand the operation of the phase-control circuit 
consider that the local oscillator signal is of the same 
phase as the carrier component of the incoming AM 
signal. Under these conditions, the in-phase or I audio 

amplifier output will contain the demodulated audio 
signal while the quadrature or Q audio amplifier will 
have no output due to the quadrature null effect of the 
Q synchronous detector. If now the local oscillator phase 
drifts from its proper value by a few degrees the I audio 
will remain essentially unaffected but there will now 
appear some audio output from the Q channel. This Q 
channel audio will have the same polarity as the I 
channel audio for one direction of local oscillator phase 
drift and opposite polarity for the opposite direction of 
local oscillator phase drift. I he Q audio level is propor¬ 
tional to the magnitude of the local oscillator phase 
angle error for small errors. Thus by simply combining 
the I and Q audio signals in the audio phase discrimi¬ 
nator a de control signal is obtained which automatically 
corrects for local oscillator phase errors. It should be 
noted that phase control information is derived entirely 
from the sideband components of the AM signal and 
that the carrier if present is not used in any way. Thus 
since both synchronization and demodulation are ac¬ 
complished in complete independence of carrier, sup¬ 
pressed-carrier transmissions may be employed. 

It is unfortunate that many engineers tend to avoid 
phase-locked systems. It is true that a certain amount 
of stability is a prerequisite but it has been determined 
by experiment that for this application the stability re¬ 
quirements of single-sideband voice are more than ade¬ 
quate. Once a certain degree of stability is obtained, 
the step to phase lock is a simple one. It is interesting 
to note that this phase-control system can be modified 
quite readily to correct for large frequency errors when 
receiving AM due to Doppler shift in air-to-air or 
ground-to-air links. 

It is apparent that phase control ceases with modula¬ 
tion and that phase lock will have to be reestablished 
with the reappearance of modulation. This has not 
proved to be a serious problem since lock-up normally 
occurs so rapidly that no perceptible distortion results 
when receiving voice transmission. It should be further 
noted that such a phase control system is inherently 
immune to carrier capture or jamming. In addition it 
has been found that due to the narrow noise bandwidth 
of the phase-control loop, synchronization is maintained 
at noise levels which render the channel useless for voice 
com munications. 

Interference Suppression: The post-detector filters 
provide the sharp selectivity which, of course, con¬ 
tributes significantly to interference suppression. How¬ 
ever, these filters cannot protect against interfering sig¬ 
nal components which fall within the pass band of the 
receiver. Such interference can be reduced and some¬ 
times eliminated by proper combination of the Zand Q 
channel audio signals. To understand this process con¬ 
sider that the receiver is properly locked to a desired 
AM signal and that an undesired signal appears, some 
of whose components fall within the receiver pass band. 
Under these conditions the I channel will contain the 
desired audio signal plus an undesired component due 
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to the interference. The Q channel will contain only an 
interference component also arising from the presence 
of the interfering signal. In general the interference 
component in the I channel and the interference com¬ 
ponent in the Q channel are related to one another or 
they may be said to be correlated. Advantage may be 
taken of this correlation by treating the Zand Q voltages 
with the I and Q networks and adding these network 
outputs. If properly done this process will reduce and 
sometimes eliminate the interfering signal from the re¬ 
ceiver output as a result of destructive addition of the I 
and Q interference voltages. 

The design of these networks is determined by the 
spectrum of the interfering signal and the details of net¬ 
work design may be found a report by the author.1 Al¬ 
though such details cannot be given here it is interesting 
to consider one special interference case. If the inter¬ 
fering signal spectrum is confined entirely to one side of 
the desired signal carrier frequency the optimum Z and 
Q networks become the familiar 90° phasing networks 
common in single-sideband work. Such operation does 
not however result in single-sideband reception of the 
desired signal since both desired signal sidebands con¬ 
tribute to receiver output at all times. This can be seen 
by noting that the Q channel contains no desired signal 
component so that network treatment and addition 
effects only the undesired audio signal components. The 
phasing networks are optimum only for the interference 
condition assumed above. If there is an overlap of the 
carrier frequency by the undesired signal spectrum the 
phasing networks are no longer optimum and a different 
network design is required for the greatest interference 
suppression. 

This two-phase method of AM signal reception can 
aid materially in reducing interference. As a matter of 
fact it can be shown that the true anti-jam character¬ 
istics of AM cannot be realized unless a receiving system 
of the type discussed above is used. If we now compare 
the anti-jam characteristics of single sideband and 
suppressed-carrier AM properly received it will be found 
that intelligent jamming of each type of signal will re¬ 
sult in a two-to-one power advantage for AM. The band¬ 
width reduction obtained with single sideband does not 
come without penalty. One of the penalties as we see 
here is that single sideband is more easily jammed than 
double sideband. 

Transmitter 
The synchronous receiver described above is capable 

of receiving suppressed-carrier AM transmissions. If a 
carrier is present as in standard AM this will cause no 
trouble but the receiver obviously makes no use what¬ 
ever of the carrier component. The opportunity to em¬ 
ploy carrier-suppressed AM transmissions can be used 
to good advantage in transmitter design. There are 
many ways in which to generate carrier-suppressed AM 

'J. I’. Costas, “Interference Filtering," Mass. Inst. Tech. Res. 
Lab. of Elec , Tech. Rep. no. 185. 

signals and one of the more successful methods is shown 
in Fig. 3. A pair of class-C beam power amplifiers are 
screen modulated by a push-pull audio signal and are 
driven in push-pull from an rf exciter. The screens are 
returned to ground or to some negative bias value by 
means of the driver transformer center tap. Thus in the 
absence of modulation no rf output results and during 
modulation the tubes conduct alternately with audio 
polarity change. The circuit is extremely simple and a 
given pair of tubes used in such a transmitter can easily 
match the average rf power output of the same pair of 
tubes used in SSB linear amplifier service. The circuit 
is self-neutralizing and the tune-up procedure is very 
much the same as in any other class-C rf power ampli¬ 
fier. The excitation requirements are modest and as an 
example the order of 8 w of audio are required to pro¬ 
duce a sideband power output equivalent to a standard 
AM carrier output of 1 kw. Modulation linearity is good 
and the circuit is amenable to various feedback tech¬ 
niques for obtaining very low distortion which may be 
required for multiplex transmissions. 

Fig. 3—Suppressed-carrier AM transmitter. 

This transmitter circuit is by no means new. The in¬ 
formation is presented here to indicate the equipment 
simplicity which can be realized by use of synchronous 
AM communications. 

Prototype Equipment 

A synchronous receiver covering the frequency range 
of 2-32 me is shown in Fig. 4. The theory of operation of 
this receiver is essentially that of the two-phase synchro¬ 
nous receiver discussed earlier. This is a direct conver¬ 
sion receiver and the superheterodyne principle is not 
used. A rather unusual frequency synthesis system is 
employed to give high stability with very low spurious 
response. Only one crystal is used and this is a 100 kc 
oven-controlled unit. 

This receiver will demodulate standard AM, sup¬ 
pressed-carrier AM, single sideband, narrow-band fm, 
phase modulation, and cw signals in an optimum man-
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Fig. 4 The AN/FRR 48 (XW-1) synchronous receiver. 

Fig. 5 I he AN/FRT—29 (XXV-1) suppressed-carrier AM 
transmitter. 

ner. 1 his versatility is a natural by-product of the syn¬ 
chronous detection system and no great effort is required 
to obtain this performance. 

Fig. 5 shows a suppressed-carrier AM transmitter 
using a pair of 6146 tubes in the final. This unit is 
capable of 150-w peak sideband power output for con¬ 
tinuous sine-wave modulation. The modulator is a 
single 12BJI7 miniature double triode. Fig. 6 shows a 
transmitter capable of 1000-w peak sideband power out¬ 
put under continuous sine wave audio conditions. The 
final tubes are 4-250-A’s and the modulator uses a pair 
of 6L6’s. Both of these transmitters are continuously 
tunable over 2-30 me. 

Fig. 6 The AN/FRT—30 (XW-1) suppressed-carrier AM 
transmitter. 

Signal-to-Noise Ratio 
If equal average powers are assumed for SSB and 

synchronous AM it can easily be shown that identical 
s/n ratios will result at the receiver. The additional 
noise involved from the reception of two sidebands is 
exactly compensated for by the coherent addition of 
these sidebands. The 9-db advantage often quoted for 
SSB is based on a full AM carrier and a peak power com¬ 
parison. Since we have eliminated the carrier and since 
a given pair of tubes will give the same average power in 
suppressed-carrier AM or SSB service there is actually 
no advantage either way. If intelligent jamming rather 
than noise is considered there exists a clear advantage 
of two-to-one in average power in favor of synchro¬ 
nous AM. 

A Comparison of Synchronous AM and 
Single Sideband 

It is interesting at this point to compare the relative 
advantages and disadvantages of synchronous AM and 
single-sideband systems. Although single sideband has a 
clear advantage over conventional AM this picture is 
radically changed when synchronous AM is considered. 

System Complexity 

Since the receiver described is also capable of SSB re¬ 
ception it would appear that synchronous AM and SSB 
systems involve roughly the same receiver complexity. 
I his is not altogether true since much tighter design 
specifications must be imposed if high quality SSB re¬ 
ception is to be obtained. 11 AM reception only is con-
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sidered these specifications may be relaxed considerably 
without materially affecting performance. The syn¬ 
chronous receiver described earlier may possess im¬ 
portant advantages over conventional superheterodyne 
receivers but this point is not an issue here. 

The suppressed-carrier AM transmitter is actually 
simpler than a conventional AM transmitter. It is of 
course far simpler than any SSB transmitter. 1 here are 
no linear amplifiers, filters, phasing networks, or fre¬ 
quency translators involved. Personnel capable of 
operating or maintaining standard AM equipment will 
have no difficulty in adapting to suppressed-carrier AM. 
The military and commercial significance of this situa¬ 
tion is rather obvious and further discussion of this 
point is not warranted. 

Long-Range Communications 
The selective fading and multipath conditions en¬ 

countered in long-range circuits tend to vary the ampli¬ 
tude and phase of one sideband component relative to 
the other. This would perhaps tend to indicate an ad¬ 
vantage for SSB but tests to date do not confirm this. 
Synchronous AM reception of standard AM signals over 
long paths has been consistently as good as SSB recep¬ 
tion of the same signal. In some cases it was noted that 
the SSB receiver output contained a serious flutter 
which was oidy slightly discernible in the synchronous 
receiver output. Some attempt has been made to ex¬ 
plain these results but as yet no complete explanation is 
available. One interesting fact about the synchronous 
receiver is that the local oscillator phase changes as the 
sidebands are modified by the medium since phase con¬ 
trol is derived directly from the sidebands. In a study of 
special cases of signal distortion, it was found that the 
oscillator orients itself in phase in such a way as to at¬ 
tempt to compensate for the distortion caused by the 
medium. This may partially explain the good results 
which have been obtained. Perhaps another point of 
view would be that the synchronous receiver is taking 
advantage of the inherent diversity feature provided by 
the two AM sidebands. 

Test results to date indicate that synchronous AM 
and single-sideband provide much the same perform¬ 
ance for long-range communications. The AM system 
has been found on occasion to be better but since ex¬ 
tensive tests have not been performed and a complete 
explanation of these results is not yet available it would 
be unfair to claim any advantage at this time for AM. 

Spectrum Utilization 
In theory, single-sideband transmissions require only 

half the bandwidth of equivalent AM transmissions and 
this fact has led to the popular belief that conversion to 
single sideband will result in an increase in usable chan¬ 
nels by a factor of two. 1 f a complete conversion to single 
sideband were made those who believe that twice the 
number of usable channels would be available might be 
in for a rather rude awakening. There are many factors 

which determine frequency allocation besides modula¬ 
tion bandwidth. Under many conditions it actually 
turns out that modulation bandwidth is not a considera¬ 
tion. This is a complicated problem and only a few of the 
more pertinent points can be discussed briefly here. 

To begin with the elimination of one sideband is a 
complicated and delicate business. Any one of several 
misadjustments of the SSB transmitter will result in an 
empty sideband which is not actually empty. We are not 
thinking here of a telephone company point-to-point 
system staffed by career personnel, but rather we have 
in mind the majority of military and commercial field 
installations. This is in no way meant to be a criticism, 
but the technical personnel problem faced by the mili¬ 
tary especially in time of war is a serious one and this 
simple fact of life cannot be ignored in future system 
planning. Thus we must concede that single-sideband 
transmissions will in practice not always be confined to 
one sideband and that those who allocate frequencies 
must take this into consideration. 

There may be those who would argue that SSB trans¬ 
mitting equipment can be designed for simple operation. 
This is probably true but in general operational sim¬ 
plicity can only be obtained at the expense of additional 
complexity in manufacture and maintenance. This of 
course trades one set of problems for another but if we 
assume ideal SSB transmission we are still faced with an 
even more serious allocation problem. We refer here to 
the problem of receiver nonlinearity which becomes a 
dominant factor when trying to receive a weak signal in 
the presence of one or more near-frequency strong sig¬ 
nals. Under such conditions the single-signal selectivity 
curves often shown by manufacturers are next to 
meaningless. This strong undesired-weak desired signal 
situation often arises in practice especially in the mili¬ 
tary where close physical spacing of equipment is 
mandatory as in the case of ships or aircraft and where 
the signal environment changes due to the changing 
locations of these vehicles. Because of this situation 
allocations to some extent must be made practically 
independent of modulation bandwidth and the theo¬ 
retical spectrum conservation of single sideband cannot 
always be advantageously used. 

The problem of receiver nonlinearity is especially 
serious in multiple conversion superheterodyne re¬ 
ceivers for obvious reasons. This was the dominant fac¬ 
tor in choosing a direct conversion scheme in the syn¬ 
chronous receiver described earlier. Although this ap¬ 
proach has given good results and continued refinement 
has indicated that significant advances over prior art 
can be obtained, it cannot be said however that the re¬ 
ceiver problem is solved. This problem will probably re¬ 
main a serious one until new materials and components 
are made available. This is a relatively slow process and 
it is not at all absurd to consider that by the time this 
problem is eliminated new modulation processes will 
have appeared which will eclipse both of those now being 
considered. 
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In short, the spectrum economies of SSB which exist 
in theory cannot always be realized in practice as there 
exist many important military and commercial com¬ 
munications situations in which no increase in usable 
channels will result from the adoption of single side¬ 
band. 

Jamming 
The reduction of transmission bandwidth afforded by 

single sideband must be paid for in one form or another. 
A system has yet to be proposed which offers nothing 
but advantages. One of the prices paid for this reduction 
in bandwidth is greater susceptibility to jamming as was 
previously mentioned. There is an understandable 
tendency at times to ignore jamming since the systems 
with which we are usually concerned provide us with 
ample worries without any outside aid. Jamming of 
course cannot be ignored and from a military point of 
view this raises a very serious question. If we concede for 
the moment that by proper frequency allocation single 
sideband offers a normal channel capacity advantage 
over AM, what will happen to this advantage when we 
have the greatest need for communications? It is almost 
a certainty that at the time of greatest need jamming 

will have to be reckoned with. Under these conditions 
any channel capacity advantage of SSB could easily 
vanish. A definite statement to this effect cannot be 
made of course without additional study but this is a 
factor well worth considering. 

Conclusion 

There is an undeniable need for improved communi¬ 
cations and to date it appears that single sideband has 
been almost exclusively considered to supplant con¬ 
ventional AM. It has been the main purpose of this 
paper to point out that the improved performance 
needed can be obtained in another way. The synchro¬ 
nous AM system can compete more than favorably with 
single-sideband when all factors are taken into account. 
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The Phase-Shift Method of Single¬ 
Sideband Signal Generation* 
DONALD E. NORGAARDf, senior member, ire 

Summary—A general expression is developed for sideband sup¬ 
pression obtained with the phase-shift method of single-sideband 
signal generation. The sideband suppression ratio is expressed in 
terms of four systems parameters, three of which are governed by 
the characteristics of wide-band phase-shift networks employed in 
such signal generators. Several typical phase-shift network configura¬ 
tions are analyzed and shown to be equivalent to a cascade of net¬ 
works of “simplest” type. In addition, certain special network combi¬ 
nations are presented. 

A simple dual-channel multiplex single-sideband generator of 
the phase-shift type is shown. Use of the phase-shift method in com¬ 
bination with band-pass filters to enhance system performance is 
discussed. The role of a modified phase-shift type of signal generator 
as a system-test signal source is outlined. The eflects of intermodula¬ 
tion distortion on signal purity and the performance stability of the 
phase-shift method are discussed from the system viewpoint. 

Introduction 

I HE PROBLEM of generating single-sideband 
signals having the required amounts of unwanted 
sideband suppression, channel bandwidth, and a 

* Original manuscript received by the IRE, September 26, 1956. 
t General Electric Res. Lab., Schenectady, N. Y. 

suitably low-modulation frequency cutoff presents a 
challenge to the designer of single-sideband apparatus. 
The phase-shift method of generating single-sideband 
signals provides a means for extending the useful band¬ 
width of single-sideband systems or for increasing un¬ 
wanted sideband attenuation in systems where sharp 
cutoff filters are used. In conjunction with appropriately 
designed filters, either or both of these signal character¬ 
istics can be enhanced by use of the phase-shift method. 

In addition, the phase-shift method permits economi¬ 
cal simultaneous generation of a two-channel single¬ 
sideband signal in which upper and lower sidebands 
convey different intelligence. Since, fundamentally, no 
band-pass filters are required in the application of the 
method, frequency conversion to a specified operating 
band is not necessary, and certain advantages of cost, 
weight, simplicity, and reliability may be obtained in 
many cases. 

It is the purpose ol this paper to analyze the phase¬ 
shift method of single-sideband signal generation and 
to relate system performance to the parameters of the 
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basic system elements. It is also intended that this paper 
serve as a stimulus to the serious-minded engineer for 
further development of useful design concepts which will 
aid in advancing the utility of single-sideband transmis¬ 
sion systems. 

The Phase-Shift Method 

The fundamental concept involved in generation of 
a single-sideband signal by the phase-shift method is 
centered about two separate simultaneous modulation 
processes and subsequent combination of the modula¬ 
tion products. This method is shown in Fig. 1, which is 
a simplified representation of the practical embodiment 
of the principle. The output of modulator no. 1 con¬ 
tains “reference phase” sidebands symmetrically spaced 
about the carrier frequency, while the output of modu¬ 
lator no. 2 contains sidebands having identical fre¬ 
quencies and magnitudes as those of the first but of such 
relative phase that vector addition of the two outputs 
in the combining circuit results in cancellation of one 
set of sidebands and reinforcement of the other set.1

Fig. 1- Simplified block diagram of phase-shift method of single 
sideband signal generation. 

It can be shown that if the signal conditions indicated 
in Fig. 1 are maintained over a desired modulating¬ 
signal frequency range the action is to completely sup¬ 
press one set of sidebands and to reinforce (double) the 
opposite set at the output. In addition, the carrier sig¬ 
nal will not appear in the output if each modulator is a 
balanced modulator of the type which suppresses 
carrier. 

In practice it is difficult to design a system such as 
that of Fig. 1 so that the indicated phase-shift, 0, is 
maintained over a wide enough modulating-signal fre¬ 
quency range to be useful for most applications. If, how¬ 
ever, a phase-shifting network is included in each modu¬ 
lating signal path, the required differential phase-shift, 
in general, can be maintained within any desired toler¬ 
ance over any desired frequency range. Such an ar¬ 
rangement is shown in Fig. 2, where the phase-shifting 
networks are identified by a and ß. These will be re¬ 
ferred to hereinafter as a and ß networks, and the phase¬ 
shifts produced by each as a and ß, respectively. 

1 K. Henney, “The Radio Engineering Handbook,’’ McGraw-
Hill Book Co., Inc., New York, N. Y., 3rd ed., pp. 552-553; 1941. 

«»ZS-

Fig. 2 Practical embodiment of phase-shift method. 

Analysis of the Phase-Shift Method 

The relationship between a and ß may be expressed 

ß - a = 90° + 5, (1) 

where ß and a are, respectively, the phase shift of the 
5 and a networks and ô is the angular deviation from 
90° in the phase-shift difference. It follows that 

ß = a + 90° + Ô. (2) 

Similarly, in the carrier supply circuits to the modu¬ 
lators, an error angle A is permitted, as indicated in 
Fig. 2. 

If a modulating signal component, Eu sin pl, is ap¬ 
plied simultaneously to the a and ß networks and the 
signal output of the carrier source of Fig. 2 is expressed 
as Ec sin wj, where Em and Ec are, respectively, the peak 
magnitudes of the signals, p and are 2tt times the 
respective frequencies, and t is time, then the four sig¬ 
nals supplied to the two modulators may be written as 
follows: 

To modulator 1 the carrier signal is 

Ec sin ucl, (3) 

while the modulating signal is 

AEm sin (pl + a), (4) 

where A is a real constant of proportionality and a is 
the phase-shift of the a network. 

To modulator 2 the carrier signal is 

Ec sin (ucl + 90° + A), (5) 

while the modulating signal is 

BEm sin (pl + ß) = BEm sin (pl + a + 90° + 3), (6) 

where B is a real constant of proportionality and ß is the 
phase shift of the ß network. Other terms are as defined 
previously. 

Eqs. (4) and (6), of course, are written on the basis 
of but one sinusoidal component of modulating signal 
frequency, P/Itc, for the sake of simplicity. Where com¬ 
plex waveforms are present in the modulating signal 
similar equations result for each Fourier component. 

Assuming modulators 1 and 2 to be identical balanced 
modulators where the carrier term vanishes from the 
output, modulator 1 output may be written 
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Ei = [Ec sin (uc/)j[4£.w sin (pl + a)], 

which expands2 to 

Er 
AEcEm Teos (wct — pl — a) 

2 L— cos (wc/ + pl + a)_ 

(7) 

(8) 

Similarly, modulator 2 output may be written 

£2 — [£c sin (ûjc/ + 90° -f- A) ] 

• [BEm sin (pt+ a + 90° + Ô) J, (9) 

which expands to 

Ei 
BEcEm cos (a¡c/T 90°+A— pl — a — 90° — ô) 

2 L-cos (aM+9O°+A+/>/+a+9O°+3) 
(10) 

which in turn reduces to 

Ei 
BEcEm cos (oict — pl — T A — Ô) 

..+ cos (ucl + pl + A + ô + a)_ (H) 

If the combining circuit adds the two modulator out¬ 
puts, then the signal output may be expressed 

1) polarity reversal of either (but not both) modu¬ 
lating signal(s), 

2) polarity reversal of either (but not both) carrier 
signal(s), or 

3) subtraction of one modulator output from the 
other in the combining circuit. 

The exact expression for E3 [equivalent to that given by 
(14)] may I>e derived by substitution of appropriate 
algebraic sign in (3), (4), (5), (6), or (12) and carrying 
out the analysis in the manner indicated. In practice, 
polarity reversal of one of the modulating sigmils is the 
method generally used for “switching” sidebands. 

A matter of primary interest is the ratio of the un¬ 
desired sideband to the desired sideband. In this case, 

Undesired Sideband /A^pB2 — 2AB cos (A+S) 
Desired Sideband V A2+B2+2AB cos (A-Ô) 

Eq. (18) is the fundamental expression for sideband 
suppression ratio obtained in generating single-sideband 
signals by the phase-shift method. Several corollary 
relationships may be derived from this equation, as 
follows: 

E3 = Ei + Ei. Substituting, 

Ei cos (uct - pl - a) + B cos (uct - pl - a + & ~ òY 
cos (wct + pt + a) + B cos (uct + pt + a + A + Ô). 

Eq. (13) reduces to 

(12) 

(13) 

/ < 9 i Õõ i « », • . TT" • I ' I I' LOS I -A 0 I V A 2 + B- + 2.1 B cos (A — ô) sin ( ucl — pl — a — tan“1 — 
\ B sin (A — S) 

VZ2+ B2 — 2.1 71 cos (A + Ô) sin (Uct + pt + a + tan“1
\ B sin (A + ó) . 

(14) 

The upper sideband term, 

sin 
A — B cos (A + Ó)-

+ pl + a + tan“1-
B sin (A + Ó) _ 

vanishes when its coefficient 

ECE„_ 
-V-l 2 + B2 - 2A B cos (A + Ô) = 0, (15) 

or when both 

and 

A + 5 = 0 (16) 

A = B, (17) 

excluding the trivial cases where Ee or Ey = 0, or A =0. 
Alternatively, suppression of the lower sideband term 

can be accomplished by: 

2 The trigonometric identities involved in this and the following 
manipulations are taken from or derived from the tabulations appear¬ 
ing in R. G. Hudson, “The Engineer’s Manual,” John Wiley and 
Sons, Inc., New York, N. Y., 2nd ed.; 1947. 

When A = B, the magnitudes of the sideband com¬ 
ponents from the individual modulators (as seen at the 
output of the combining circuit) are equal, and 

Undesired Sideband 

Desired Sideband 

— cos (A + ô) 
-• (18a) 

+ cos (A — ô) 

This ratio becomes zero when (A+5) =0 in accordance 
with (16) and (17). 
When A =B and A = 0, then 

Undesired Sideband 

Desired Sideband 

1 — cos ô 

1 + cos S 

ô 
tan — • (18b) 

7 

When A=B and 5=0, then 

Undesired Sideband 

Desired Sideband 

1 — cos A 

1 + cos A 
(18c) 

W hen (A+3) =0, but A B and Aj^O, then 

Undesired Sideband 

Desired Sideband 

/ .4 2 + B2 - 2.1 B 
V A 2+ B2+ 2dBcos2A 

. (18d) 
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When (A+S) =0, but A^O, and A = ß^0, then 

Undesired Sideband / (/Í — B)* 

Desired Sideband ' 71 2 + ß2 T 2.1ßcos2A 

= 0. (18e) 

When A = 5 = 0, but A^B and A 5¿0, then 

Undesired Sideband A — B 
---- (18f) 
Desired Sideband A + B 

I'he value of (18) through (18f) lies in the fact that 
the signal output characteristics arising from any de¬ 
gree of unbalance created by any one or a combination 
of causes can be determined in advance from system 
parameters. Conversely, certain system parameters can 
be determined from measurement of signal character¬ 
istics. 

The foregoing analysis delineates the phase-shift 
method of generating single-sideband signals. The 
general treatment permits ratherbroad choice of meth¬ 
ods for satisfying the particular functions indicated as 
essential to the system. As a practical matter, system 
performance is usually directly related to the perform¬ 
ance of the a and ß networks when a band of frequencies 
such as a voice channel, for example, serves as the mod¬ 
ulating signal. Ideally, both the angle S and the ratio of 
magnitudes, A/B, should remain constant over the en¬ 
tire modulating-signal frequency range. Optimum 
results dictate, in addition, that A = 0. 

As indicated by (18b) and (18c), the effect on side¬ 
band suppression of the phase error angle A is equal in 
importance to that of the angle 3. Since for any given 
carrier frequency of signal generation A is not a function 
of the modulating-signal frequency, the only significant 
requirement on A is that it be suitably chosen and main¬ 
tained, ti condition easily assured in most cases. 

Although (8) and (10) would appear to place a pre¬ 
mium on the relative amplitude stability of the carrier 
signal magnitudes supplied to each of the two modula¬ 
tors, this is not usually the case in practice. Many forms 
of balanced modulators exist in which the magnitude of 
the carrier excitation employed can be varied between 
relatively wide limits with negligible effect on the mag¬ 
nitudes of the sidebands produced. This type of modu¬ 
lator is implicitly assumed [despite (8) and (10)] in 
writing (13), where the product EcEm can be taken as 
being virtually independent of the actual values of Ee 

indicated in (8) and (10). 
11 will be noted that no band-pass filters are indicated 

in Figs. 1 and 2, and none is required (in the usual sense) 
for successful operation of the phase-shift method. It is 
well to remember, however, that the operation of any 
modulator depends upon an inherent nonlinearity, so 
that circuits which follow the modulators should be de¬ 
signed for adequate harmonic suppression. Ordinary 
linear amplifier design is usually an entirely adequate 
precaution against trouble caused by harmonics of fre¬ 
quencies near the carrier frequency. 

Since a sharp cutoff filter is not required for sideband 
separation there is essentially no restriction on the 
choice of carrier frequency wc/2tt. It is required, how¬ 
ever, that the modulating devices be operable at the 
chosen frequency and that the carrier frequency phase 
shift introduced in the carrier supply path to one of the 
modulators be obtained and maintained within the 
limits necessary to assure adequate unwanted sideband 
suppression. 

Likewise, no limit is placed on the power level at 
which signal generation is accomplished. Many factors, 
however, influence the choice of power level at this 
point in a complete system. In practice it is customary 
to generate the single-sideband signal at receiving-tube 
level (from a few microwatts to a few milliwatts) and to 
amplify the signals to the desired power level by linear 
amplifiers of appropriate characteristics. 

Further, since no inherent restrictions appear in the 
choice of carrier frequency, selection of a sufficiently 
high fixed-frequency of signal generation can be made 
to simplify subsequent frequency conversion to a de¬ 
sired operating channel in cases where a single piece of 
apparatus must be used to serve a wide range of trans¬ 
mission channels. 

Multiplex Systems 

The modulating signal, EM, used in the foregoing 
analysis can comprise several individual channels of 
transmission. The ability of the phase-shift method to 
generate either lower- or upper-sideband signals selec¬ 
tively by choice of relative modulating signal polarity 
suggests an extremely simple and useful dual-channel 
single-sideband system. Each or either of the two chan¬ 
nels so provided may, in turn, be multiplex channels. 
Fig. 3 illustrates such a dual-channel single-sideband 
signal generator. 

Fig. 3—Dual-channel single-sideband signal generator based on 
the phase-shift method. Channels I and II appear as opposite 
sidebands at output. 

fhe modulators, a and ß networks, combining circuit, 
etc. shown in Fig. 3 can be the same as indicated for the 
single-channel system of Fig. 2. The two separate chan¬ 
nels are indicated at the left of the drawing by the 
legends Emx and Em» respectively. A simple matrix 
which in effect adds Emi to Eu, and tielivers this sum 
signal to the a network, and which subtracts Em, from 
Em, and delivers this difference signal to the ß network 
is the only additional equipment necessary to generate 
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a dual-channel signal. Alternative matrixing methods 
can be substituted for the resistive form illustrated. For 
example, a “7 ” connection of the secondaries of two 
transíormers, each carrying its separate channel, would 
yield an equivalent result. 

The analysis of the signal produced is similar to that 
employed in conjunction with the arrangement of Fig. 
2. 11 will be apparent that the angle A should be zero in 
order to obtain the same sideband suppression charac¬ 
teristic for each channel. The suppression so obtained 
will then be optimum for each (if A = B) and will depend 
entirely upon the error angle, 5, introduced by the a and 
ß networks. 

Carrier Suppression 

In the preceding analysis the simplifying assumption 
was made that each modulator is perfectly balanced for 
carrier output. In practice such mathematical perfection 
is not generally attainable, nor is it required for most 
applications. It is not uncommon to obtain and main¬ 
tain carrier suppressions of the order of 60 to 80 db in 
many modulator configurations. This attenuation is the 
amount by which the carrier component at the modu¬ 
lator output can be expected to be below the peak side¬ 
band output of such a modulator. Since the sideband 
signal outputs of the modulators necessary in the phase¬ 
shift method add numerically in the combining circuit 
when A and 3 are approximately zero while the carrier 
outputs are added in approximate quadrature, the com¬ 
posite carrier balance (suppression) should be better 
than that of the individual modulators. 

In many applications it is desirable to transmit a 
known amount of carrier signal along with the sideband 
channel(s) for age and frequency control purposes at 
the receiving [joint. Such a carrier signal is called a pilot 
carrier and can be transmitted with negligible [lower 
loading of a final amplifier stage of a transmitter and 
with very slight loss of power devoted to transmission 
of sideband energy. For such a system it is common 
practice to introduce the required amount of carrier 
signal to some stage of a transmitter following the com¬ 
bining circuit rather than by deliberately disturbing the 
balance in either of the modulators. In simplified sys¬ 
tems, however, carrier introduced by modulator un¬ 
balance can yield acceptable performance. 

Again, in some applications the pilot signal may not 
be transmitted at “carrier” frequency but displaced 
from it by a predetermined amount. In this case the 
pilot carrier may be introduced to the system by modu¬ 
lation with an appropriate amount of signal mixed with 
a chosen channel signal to serve as the “offset pilot 
carrier.” Suppression of the actual carrier signal is 
unaffected. 

Characteristics of a and ß Networks 
It has been shown by (18) and its derivatives that the 

sideband suppression ratio obtained with the phase¬ 
shift method is directly dependent on the quantities A, 

December 

B, ò, and A. In many respects A, B, and ó are directly 
related to the characteristics of the a and ß networks 
of Figs. 2 and 3. The quantity A must also be chosen to 
be compatible with 5 for optimum system performance, 
but there is no single value of A which will give ideal 
performance unless A, B, and 3 are constant. The angle 
A is generally made equal and opposite to the average 
value of 3 over a given band of modulation frequencies 
for which a system is designed. 
The a and ß networks, therefore, largely govern sys¬ 

tem performance in a manner quite analogous to the 
pass band and attenuation bands of filters which play 
an equivalent part in determining the sideband attenua¬ 
tion characteristics of single-sideband signal generating 
equipment of the filter type. It is entirely appropriate 
to devote some consideration to both the design and the 
practical aspects of the phase-shift networks themselves 
and to their use in the phase-shift method. The analogy 
between a filter and a set of phase-shift networks may 
be carried further by stating that it is intrinsically possi¬ 
ble to design and construct phase-shifting networks 
with as close a tolerance on 3 and on A and B as is 
necessary for any specified degree of sideband suppres¬ 
sion over as broad a frequency range as desired. Gen¬ 
erally speaking, the number of circuit branches or ele¬ 
ments increases with diminishing tolerance, 3, and with 
increasing modulation frequency ratio. This is true of 
filter design also, where specification of skirt steepness, 
uniformity of response in the pass band, attenuation 
outside the pass band, and width of pass band dictates 
at least a minimum number of filter elements and maxi¬ 
mum tolerances on terminating impedances and on re¬ 
actance values of the filter elements themselves. 

The ideal a and ß networks for use in the phase-shift 
system should have the following characteristics:3

1) Each network should have constant attenuation 
at least over the band of modulating frequencies 
of interest. 

2) The phase error angle, 3, should be constant over 
the band of modulating frequencies of interest. 
Preferably, 3, as expressed in (1) should be zero. 

The first characteristic can be satisfied by use of “all-
pass” network structures. The second characteristic 
fundamentally indicates a nonuniform time delay of 
signals as a function of frequency. Lattice (or semi¬ 
lattice) network structures can be designed to approxi¬ 
mate these two requirements. 

Perhaps the simplest phase-shifting structure which 
satisfies condition 1 is the “push-pull” excited series 
connected resistance and reactance as illustrated in Fig. 
4. If balanced output signals are desired a second series 
connected resistance and reactance having the same 
time constant may be connected as indicated by the 
dashed lines. The phase shift vs frequency character-

3 Here we are concerned only with the electrical characteristics 
and not necessarily with feasibility, temperature, humidity, and time 
stabilities, cost, size, weight, etc., all of which are important. 
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istic of this structure is shown in Fig. 5. The magnitude 
of the output signal is independent of frequency with 
constant voltage excitation. 

It will be noted that in Fig. 5 the frequency scale is 
expressed in terms of w/wo, where œ/2rr is the frequency 
of the applied signal, and wo/2tt is the frequency at 
which the absolute value of the reactance is equal to the 
resistance. 

Fig. 4—Basic “simplest” phase-shifting network element. 

Fig. 5—No-malized phase-shift characteristic of basic phase-
shift element. 

Although the structure of Fig. 4 satisfies condition 1, 
it is clear that if such a network is taken to be a ß net¬ 
work while the a network produces no phase shift (a 
condition similar to that indicated in Fig. 1) the angle 
5 is zero only at w/w0= 1, and varies between +90° and 
— 90° at the extreme ends of the frequency domain. 
Furthermore, the greatest slope occurs at 5 = 0. If, how¬ 
ever, an a network of identical structure is excited from 
the same terminals and its value of made different 
from that of the ß network, condition 1 will be satisfied 
by this network also, and the angle 5 can be made zero 
at two values of a>/u0 by proper choice of the respective 
wo’s. 

For systems having rather broad tolerance on side¬ 
band suppression (hence 5) and relatively small ratio 
of maximum to minimum modulation frequency, a pair 
of a and ß networks of the design indicated in Fig. 4 
might be satisfactory. Such a choice would, in most 
cases, represent a “minimum” system. 

I he symmetry and shape of the phase-shift curve of 
Fig. 5 suggest that he output signal, E/d>. of one phase¬ 
shifting stage be used as a source for another stage of 

similar structure but of different w0 in order to extend 
the frequency ratio over which the phase curve (as 
plotted on semi-logarithmic coordinates) has a more 
nearly constant slope. Then, in turn, the output of the 
second stage can be used for a third stage, and so on as 
the need arises. The phase shift produced is then cumu¬ 
lative, and the amplitude response is still mathe¬ 
matically flat, if stray effects are not considered. If such 
a concatenation of n stages (or phase-shift elements) be 
taken as a ß network, a similar group of n stages offset 
on the œ/œo axis from the first group would provide a 
phase-shift curve having the same shape as that of the 
first group, and the phase difference as a function of 
u/uo will be the difference between the ordinates of the 
two phase curves. An obvious condition for a constant 
phase difference is for each curve of phase vs w/wo to be a 
straight line and for the slopes of the two to be identical. 
This, however, is not the only condition for a constant 
phase difference, since for any single-valued function of 
co there exists another displaced vertically from the first 
by any chosen constant value. This displacement can 
be 90° so that 5 would be zero over as great a range as 
desired with the result that such a set of networks could 
be considered as an ideal phase-shifting arrangement. 

Can such a family be realized in practice? Probably 
not, if no restriction is placed on the frequency range 
over which 5 is to be exactly zero. The fact is that net¬ 
works can be designed to have a specified maximum 
value of 5 over any specified frequency ratio if no re¬ 
striction is placed on the number of elements used in 
meeting the specifications, and if no restriction is placed 
on the tolerance of the individual components. This 
condition is basically the parallel of that which governs 
the design of bandpass filters. 

Many factors enter into the practical answer to the 
question stated above. 

Practical Phase-Shift Network Design4

There is almost a limitless number of combinations of 
network design and choice of 5 which can yield satis¬ 
factory system performance as defined broadly in (18). 
In some cases better system performance might be ob¬ 
tained for a choice of 5 not zero but, say 45° or 60°. Such 
a choice almost automatically rules out the dual-chan¬ 
nel arrangement of Fig. 3 or else complicates other sys¬ 
tem features such as easy choice of sideband by reversal 
of one of the modulating signals. The design procedures, 
in any case, are similar. 

The characteristics of certain phase-shift network 
structures are derived in Appendixes I and II where 
these fundamental building blocks useful in the design 
of phase-shift networks are described in considerable de-

* The reader is referred to R. B. Dome, “Wide-band phase shift 
networks, -’ Electronics, vol. 19, pp. 112-115; December, 1946. 

D. G. C. Luck, “Properties of some wide-band phase-splitting net¬ 
works,” Proc. IRE, vol. 37, pp. 147-151 ; February, 1949. 

S. Darlington, “Realization of a constant phase difference,” Bell 
Sys. Tech. J., vol. 24, pp. 94-104; January, 1950. 

H. J. Orchard, “Synthesis of wide-band two-phase networks,” 
Wireless Engr., vol. 27, pp. 72-81; March, 1950. 



1724 PROCEEDINGS OE THE IRE December 

tail. Such individual phase-shifting arrangements do 
not, in themselves, comprise suitable a and ß combina¬ 
tions for use in the phase-shift method of generating 
single-sideband signals. As indicated previously, varia¬ 
tions in the quantity 3 exert a controlling influence on 
the sideband suppression obtainable with this method. 

In general, suitable a and ß networks which satisfy a 
specified tolerance on 3 over a required frequency range 
will be two phase-shift networks which have the same 
number of identical structures and differ only in design¬ 
center frequencies. The number and type of elements, 
or stages, necessary will depend upon the tolerance 
placed on 3 and the range of w/wo over which this toler¬ 
ance must be maintained. The phase difference, ß—a, 
will be symmetrical about a frequency which is the 
geometric mean of the design-center frequencies of the a 
and ß networks when these networks comprise an equal 
number of identical structures. The practical result of 
this fact is that it is necessary to compute ß — a (or 3) for 
only half of the total range of w/wo of interest. 

The enterprising designer will develop his own pro¬ 
cedures of network pair design, so no effort will be made 
here to outline any particular method. The following 
general guides may prove to be helpful to the designer. 

1) The shape of the individual a (or the ß) vs w/uo 
characteristic is, in itself, of secondary importance. 
The primary objective is the phase difference char¬ 
acteristic, ß — a vsw/wo, or its counterpart, 3 vsu/u«. 

2) In accordance with (18) it will be noted that the 
sideband suppression ratio is independent of the 
algebraic sign of A+3, hence, with optimum value 
of A, dependent only on the absolute magnitude 
of 3. 

3) An a, ß phase-shift network pair is of optimum de¬ 
sign when the peak excursions of 8 as a function of 
u/u<¡ are equal in magnitude and oscillate in 
algebraic sign. Optimum design networks in¬ 
variably consist of an equal number of identical 
network structures in the a and ß branches. Note 
that optimum design networks do not necessarily 
provide for 3 = 0 at all points of the 8 vs w/wo char¬ 
acteristic between the limits of wm¡n/wo and 
Wmax/w«, where wm¡n and wmax correspond to the 
limits of the band of modulation frequencies for 
which the design is made.5 In an optimum design 
network pair, the number of points where 8=0 
will be twice the number of equivalent phase-shift 
elements of the basic class shown in Figs. 4, 10, 
and 11 used in the a or the ß branch.6

5 'the shape of the ¿ vs œ/œo curve resembles the amplitude re¬ 
sponse curve of a multiple-tuned rf transformer. The designations 
wmin and Um,,, as used here correspond in a general way to the band 
limits typical of such a transformer. 

6 An optimum design network pair may not necessarily be the 
best design for a specific system. It is conceivable, for example, that 
a certain portion of the modulating signal range carries a predomi¬ 
nance of t he signal power in some application. Best system performance 
might be obtained by departure from optimum design so that S 
is small throughout the region of dominant signals even at the ex¬ 
pense of greater values of ä in other portions of the operating band of 
frequencies. 

4) 1'he band-center is the geometric mean of the 
band-centers of the a and ß networks, regardless of 
their individual complexity, provided the a and ß 
networks have the same number of stages or 
equivalent elements. 

5) The impedance levels of the phase-shifting ele¬ 
ments must be established independently after 
determining the time constants necessary for a 
given design. Too high an impedance invites de¬ 
parture from theoretical performance due to stray 
capacitance and leakage resistance; too low an 
impedance can, in some cases, disturb the ratio, 
A/B, with a resulting degradation in sideband 
suppression. 

6) Since the a and ß networks operate as a team, it is 
best to consider provision of as nearly identical 
environment for each as possible. 

7) In the application of optimum design phase-shift 
network pairs, the theoretical average attainable 
sideband suppression is, of course, greater than 
that occurring at the peak excursions of 3, but is 
not infinite (unless 3 = 0) because the algebraic 
sign of 3 plays no part in determining the amount 
of resultant sideband attenuation given by (18). 
The average sideband attenuation experienced 
with a “White Noise” modulating signal confined 
to the frequency limits «max/^min would be ap¬ 
proximately six decibels better than for specific 
modulation frequencies applied at points where 8 
has its maximum values within the stated fre¬ 
quency limits. Many signals useful in communica¬ 
tions (voice, multichannel teletype, and, to a cer¬ 
tain extent, music) approximate this condition. 

Phase-Shift Network Arrays 
In order to meet a required tolerance on 3 over a cer¬ 

tain frequency range, one or more of several special net¬ 
work combinations might be employed to advantage. 
One such combination is illustrated in Fig. 6, which is 
called a phase-shift network array. 

Fig. 6—A “shunt” phase-shift network array. 

In the array of Fig. 6 the four phase-shifting net¬ 
works, ai, «2, ßi, and ßz, are all driven from the same 
signal source, and, therefore, must be of such structure 
that a single value of K (see Appendixes I and II) can 
be applied to each. The principle of this array can be 
explained as follows: 
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The spacing between and and the value of M 
(if applicable) is so chosen that ft may have excursions 
considerably greater than the final tolerance on 5, but 
over a greater frequency range than is required for the 
system. Considered as an a, ß pair the ai, ßi networks 
should be of the optimum design class. The spacing be¬ 
tween o)oa2 and a>o4 should be such that 

(19) 

wog, wog, 

with the residt that the «2, ft pair will also be of the opti¬ 
mum design class. 

By suitably positioning the a2, ft network pair on the 
w/wo axis relative to the at, ßi pair, an overlapping re¬ 
gion where the algebraic signs of ft (for the ai, ft pair) 
and ft (for the other pair) are opposite can be obtained. 
The vector sum of the ai and ft voltages constitutes the 
composite a output signal, while the same operation 
with the 3i and ß2 voltages results in the composite ß 
output signal. These two composite output signals will 
exhibit greatly reduced excursions in composite 5 and 
will also be characterized by amplitude variations when 
the operation is carried out properly. The sideband sup¬ 
pression characteristics for any configuration can be de¬ 
termined by appropriate substitution in (18). 
The phase-shift array of Fig. 6 might be termed a 

“shunt” array, if a rigorous interpretation of the term is 
avoided. 

A series array may be constructed in which the spac¬ 
ing of the «L and ßi characteristics on the w/w« axis is 
such as to provide an average value of ft = 45°. The 
spacing and positioning of the a2 and ß2 characteristics 
are similar in principle to that described for the shunt 
array, except that the average ft = 45°. If, then, the «1 
output be used as a signal source for the a2 network and 
the method repeated for the ß networks, the cumulative 
phase difference of this array can be made to average 
90° with small excursion of 0 and no amplitude variation 
as a function of frequency. 

I he series array can be shown to be the equivalent of 
a 2w-stage concatenation of basic phase-shift networks 
of the class shown in Fig. 4 (or the equivalent, per Ap¬ 
pendix I), where n is the number of equivalent (or 
actual) stages of this same class incorporated in the a 
and ß networks which comprise the series array. In the 
series array different values of K may be used for each 
stage, thus providing one more degree of freedom than 
offered by the shunt array. On the other hand, the shunt 
array method offers the possibility of certain economy in 
driving source facilities. 

Still another phase-shift array is the method proposed 
by Villard,7 one form of which is shown in Fig. 7. Vil-
lard’s array is an example of combined series and shunt 
methods. In this array, the minimum number of sepa¬ 
rate phase-shift networks required is 5; three identical a 

1 O. G. Villard, Jr., “Cascade connection of 90-degree phase shift 
networks.” PROC. IRE, vol. 40, pp. 334-337; March, 1952. 

Fig. 7—A form of Villard’s phase-shift network array. 

networks and two identical ß networks, or the converse. 
The result of the cascading and matrixing operations 

indicated is to provide two output signals of exactly 90° 
phase difference (independent of S for the generic pair 
of a, ß networks) but of relative magnitudes dependent 
on ô in such a manner that the attainable sideband sup¬ 
pression is the square of that achievable by use of a 
single set of the a and ß networks comprising the array. 

Villard’s array can be applied to: 

1) provide greater system sideband suppression over 
a given wmax/amin range (as stated above), 

2) relax the tolerances required of the elements of the 
phase-shift networks, or 

3) extend the frequency range over which a given 
tolerance on sideband suppression can be attained. 

Further extension of Villard’s array is possible by pyr¬ 
amiding the system to any extent in order to enhance 
both or either the effective frequency range and/or at¬ 
tainable sideband suppression. 

A “false” array will now be described. If the output 
signals of an a, ß pair are added vectorially in one matrix 
to provide one composite output signal, while one of the 
same two signals is vectorially subtracted from the 
other in a second matrix8 to provide another composite 
output signal, the first composite output signal will be 
exactly 90° displaced from the second9 independent of 
the value of ô for the a, ß pair, except in the trivial cases 
where 5= +90°. While this may, at first consideration, 
appear to be an attractive solution to the problem of ob¬ 
taining ideal system performance, the fact is that the 
magnitudes of the composite signals so obtained vary 
with ô in such a manner as to yield exactly the same 
system performance obtainable without use of the “ar¬ 
ray” just outlined. Such a matrix method cannot logi¬ 
cally be termed an array since no increase in the number 
of phase shifting elements (or stages) is involved. 

The inescapable consequence of employing network 
arrays to improve performance is that the number of 
basic elements equivalent to that of Fig. 4 increases. 

Many other phase-shift arrays are, of course, possible. 
In applying network arrays, consideration should be 

s Each matrix is assumed to be free from phase and amplitude 
effects as a function of frequency. 

• The absolute magnitudes of the initial vector quantities must 
be equal in order to obtain this result. 
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given to such factors as inter-element coupling methods 
(for instance, such as indicated in Fig. 12 and implied in 
Figs. 6 and 7) and the additional phase and amplitude 
tolerances so introduced by these methods when com¬ 
parison is made between straightforward network de¬ 
signs and arrays of any variety. Although transmitting¬ 
system sideband attenuation can never be better than 
that afforded by the signal generating section of the ap¬ 
paratus, distortion of the signal in passing through other 
elements of the system sets practical limits on the signal 
quality necessary at the signal generation point. It must 
be pointed out that (18) was derived with classic disre¬ 
gard of the possibility of distortion anywhere in the sys¬ 
tem. Therefore, effort expended in improving sideband 
suppression capability without limit at the signal gen¬ 
erator should be regarded as strictly academic exercise. 

Combination Systems 

1 hroughout the foregoing treatment of phase-shift 
networks the bandwidth considered has been stated in 
terms of frequency ratio instead of in terms of 
(æmax/27r) — (œ„,in/27r) as is common in band-pass filter 
practice. I his basic fact suggests the use of the phase¬ 
shift method in combination with band-pass filters 
where improved or extended sideband suppression is re¬ 
quired. This requirement may manifest itself in one or 
more of several forms. For example, a combination sys¬ 
tem may be indicated for: 

1) better sideband suppression over a limited modu¬ 
lation frequency range than might be practical 
with either the phase-shift method or the filter 
method alone, or 

2) lower minimum modulation frequency than that 
for which economical filter design can provide ade¬ 
quate sideband suppression, or 

3) extended range systems, or 
4) dual channel systems, or 
5) combinations of 1,2, 3, and 4, above. 

The filtering burden is made lighter by application of 
a signal which already has much of the sideband energy 
removed from the stop-band of the filter. The sideband 
attenuation of a system where a phase-shift-generated 
single-sideband signal is passed through an appropriate 
sideband attenuating filter will be the product of the 
individual attenuations obtained. Expressed in loga¬ 
rithmic units (decibels), the over-all attenuation will be 
the sum of the individual attenuations. In view of the 
practical limits in performance dictated by possible 
amplifier distortion, the sideband suppression capabili¬ 
ties of either system (when both are used in tandem) 
can, in many cases, be relaxed without degradation of 
over-all performance, or the characteristics of the two 
methods can be used judiciously to supplement each 
other in one or more of the forms indicated in the above 
listing. 

In the phase-shift method no inherent restriction is 
placed on the absolute value of œ so that with given 
limitations on sideband attenuation and wmax/wmin 
(hence on phase-shift network complexity) a minimum 
modulation frequency as low as desired (but not includ¬ 
ing zero) can be accommodated as easily as any other. 
In combination systems where the phase-shift method is 
used to augment the useful modulation frequency range, 
the band-pass characteristics of the filter must be taken 
into account in determining over-all system response. 
In addition, a loss of sideband signal occurs at modula¬ 
tion frequencies where 5 is large in the phase-shift por¬ 
tion of such a system. It is seen from (14) that the coef¬ 
ficient of the desired sideband at the output of the 
combining circuit is proportional to the quantity 

VA 2 + B2 + 2/1B cos (A - Ô). 

If A =B and A = 0, the desired sideband has a magnitude 
dependent upon 5 in accordance with the following ex¬ 
pression : 

Desired Sideband = .lx/2(l + cos 5). (20) 

Thus, where ô is small, the strength of the desired side¬ 
band is very closely proportional to 2A. The curve 
shown in Fig. 8 indicates the loss in sideband magnitude 
as a function of 8. The quantity 8 will be restricted to a 
range of values from +90° to —90° in most practical 
cases, so that the desired sideband output may be con¬ 
sidered to have a maximum tolerance of +1.5 decibels 
over any range of modulation frequencies even in the 
absence of compensation for the effect indicated in 
Fig- 8. 

Fig. 8— Loss of desired output encountered when phase-shift 
error is great. 

Stability 

The performance of the phase-shift method of single¬ 
sideband signal generation is closely linked with both 
phase and amplitude of certain electrical quantities in¬ 
herent in the process. Aside from the necessity of pro¬ 
viding signals of a required precision initially the ques¬ 
tion of stability or of maintaining performance within 
specified tolerances under a variety of operating condi¬ 
tions is an important design consideration. Several 
categories of stability are of importance. 
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Carrier frequency stability is a direct function of the 
frequency control method used, and methods of obtain¬ 
ing any required stability are not basically different from 
accepted methods of frequency control in other appara¬ 
tus. In general, carrier-frequency stability required in 
single-sideband sj'stems is better than for amplitude 
modulation or frequency-modulation systems. The ac¬ 
tual stability required depends upon the type of service 
to be rendered as well as the quality necessary. Carrier¬ 
frequency stability requirements that exist for a given 
service are in general dictated more by over-all system 
performance than by frequency stability of a certain 
order in the signal generation process, whatever method 
is used. In its own right, however, the phase-shift 
method can be classed as being quite tolerant with re¬ 
gard to carrier-frequency stability since no sharp-cutoff 
band-pass filters are inherently necessary. 

Sideband-suppression stability relates to the degree 
of unwanted sideband suppression as a function of time 
under conditions of operational environment such as 
temperature, humidity, mechanical shock or vibration, 
and others. 

In the phase-shift type of single-sideband signal gen¬ 
erator the stability of sideband suppression is deter¬ 
mined by the stability of the quantity (A+S) as well as 
the apparent ratio A/B as seen at the output of the 
combining circuit. [See (18) through (18f).] This then 
involves the stability of the two modulators as well as 
that of the a and ß phase-shifting networks and any 
coupling devices. At first thought, this might be con¬ 
sidered a substantial barrier to realization of stable or 
dependable performance of the phase-shift method until 
it is recalled that the modulators can be identical units 
of high intrinsic stability and that the phase-shift net¬ 
works are of identical structure. Thus, the stability of 
A/B and the stability of the quantity 5 can be made 
quite high. 10 The stability of the remaining quantity, A, 
can be assured by a number of methods. For example, 
one such method is the principle of the “false” phase¬ 
shift network array in combination with modulators in¬ 
herently insensitive to carrier level. 

In many systems stability of amplitude of the output 
signal (more properly, signal conversion stability) is of 
importance. Since sideband-suppression stability ob¬ 
tained in the phase-shift method depends on amplitude 
stability in two branch circuits, over-all signal conver¬ 
sion stability is usually an intrinsic part of phase-shift 
signal generator system design. Many standard tech¬ 
niques for amplitude stabilization are applicable to the 
phase-shift method. 

10 A shift of woa caused by temperature effects on the reactance 
and resistance elements comprising an a network will be accompanied 
by a similar shift of if each portion of an a, ß pair is subjected 
to the same motivating influence. The net effect on the magnitude 
of 5 will be nil; only the frequency band will shift in proportion to the 
shift of woa or ui>ß, a rather light casualty. It is assumed that the cir¬ 
cuit elements used in the construction of the two networks have iden¬ 
tical temperature coefficients and good “retrace” properties. 

Distortion 

Distortion of one type or another is the ever-present 
bugaboo of the electronic arts. One type of distortion 
which affects single-sideband systems adversely is inter¬ 
modulation distortion. This form of distortion is a close 
relative of harmonic distortion, and both result from 
passage of signal through devices which have nonlinear 
output vs input characteristics. 11 We shall be concerned 
with the effects of distortion encountered in the process 
of generation of the desired single-sideband signal rather 
than in “post generation” distortion mentioned earlier. 

In the phase-shift method, distortion products con¬ 
tributed by any element of the system shown in the 
block diagram of Fig. 2 can affect the purity of the out¬ 
put signal. 12 The distortion products of importance are 
those having frequencies in the same band as the de¬ 
sired signal as well as those very near it. 

It is essential to provide modulator devices which 
have very little distortion within the signal level range 
of normal operation, since in the case of complex signals 
(more than one Fourier component) applied to the a 
and ß networks, the waveforms presented to the modu¬ 
lators will be different not only from the original wave¬ 
form but also different from one another due to unequal 
time delays in passing through the two phase-shifting 
networks. This implies, also, that any interstage cou¬ 
pling means (such as the vacuum tubes indicated in 
Fig. 12) be quite free from distortion within the normal 
signal level range. Distortion products originating 
within these portions of the system will not, in general, 
be suppressed in the manner indicated by the analysis 
of sideband suppression in conjunction with the arrange¬ 
ment of Fig. 2. In addition, the presence of distortion in 
these elements generally is accompanied by a change in 
magnitude of the original signal components so that the 
ratio, A/B, can be signal level dependent. The result of 
this is deterioration of the sideband-suppression ratio 
accompanied by intermodulation products which are 
produced. 

Intermodulation-distortion products produced within 
the system of Fig. 2 can lie both within the desired signal 
range and adjacent to it, frequency-wise. Therefore, re¬ 
gardless of system distortion that can be tolerated, 
adjacent channel interference requirements frequently 
set an upper limit to the amount of intermodulation dis¬ 
tortion allowable in the output of the signal-generating 
portion of a single-sideband system based on the phase¬ 
shift method. In practice, intermodulation distortion in 
amplifiers following the signal generating section of a 

11 Mere passage of signals through a device that is fundamentally 
nonlinear will not necessarily produce intermodulation distortion. 
Thus, for example, certain modulating devices need not introduce 
intermodulation distortion to signals although a modidating device 
is inherently nonlinear. Moreover, the term intermodulation distor¬ 
tion has no meaning if less than two signals of different frequency are 
involved simultaneously. 

12 An exception can be made in the cases of the carrier source 
and the rf phase-shifting device of Fig. 2, in general. 
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single-sideband system can (and generally does) intro¬ 
duce distortion products which affect signal purity in 
much the same manner as distortion products present 
in the output of the signal generator. Because of the 
desirability of high efficiency modes of amplifier opera¬ 
tion at high power levels the amount of system distor¬ 
tion is governed almost entirely by post generation dis¬ 
tortion in later stages of practical equipment regardless 
of the method of signal generation. While it is true that 
distortion products appearing in the output of the signal 
generator must be at or below the allowable system 
limit, this requirement is usually more easily satisfied 
than control of distortion products introduced by suc¬ 
ceeding portions of a transmitting system. 

Low distortion may be achieved in the modulators by 
operating each modulating element at a low percentage 
modulation. In the usual case, the modulators are bal¬ 
anced modulators, so this approach is limited mainly by 
considerations of noise level in the output signal and 
carrier balance stability. 

Phase distortion (nonuniform time delay over the 
band of modulation frequencies) is usually severe in 
single-sideband systems. Although phase distortion does 
not introduce additional signal components to the out¬ 
put signal (in contrast to the effects of amplitude or 
intermodulation distortion) the waveform of a signal 
recovered in a properly designed receiver tuned to a 
single-sideband signal usually bears little resemblance 
to the waveform of the original modulating signal at the 
transmitter if other than single-tone modulation is used. 
Stated differently, the transient response of single-side¬ 
band systems is usually quite poor. 

It will be noted that any information-bearing com¬ 
ponent of a modulating signal such as given by the ex¬ 
pression Em sin pl appears at the output of the system 
of Fig. 2 as a sideband represented by the expression 

/.4 2 + B- + 2AB cos (A - Ô) 

•sin 
A + B cos (A — S) 

wct — pl — a — tan-1 --
, B sin (A — 5) 

The above expression reduces to 

— EcEm sin (uct — pt — a + 90°) (22) 

if A =B = 1, and A =5 = 0. (Ideal conditions.) 
Disregarding the fixed 90° phase-shift, it is seen that a 

phase-shift having a numerical value of a is encountered 
in the sideband component corresponding to the input 
signal component, Em sin pl. If a were zero no phase dis¬ 
tortion would be present, or, if a increased linearly with 
modulation frequency, a fixed time delay would result 
and no phase distortion would exist. It can be seen from 
Fig. 14 that a will be approximately proportional to the 
logarithm of the modulating frequency. This type of 

characteristic indicates that phase distortion is inherent 
in the process. 

Conceivably, phase predistortion can be introduced 
to the modulating signal in the common path ahead of 
the phase-shifting networks to compensate for the effect 
just discussed when low signal generator phase distor¬ 
tion is important. The design of such compensation is 
beyond the scope of this paper. 

It is well to remember that a signal-generating system 
is only part of a complete communication system, and 
that over-all phase distortion comprises that distortion 
attributable to the generating equipment, the transmis¬ 
sion medium, and the receiving apparatus. In many 
cases the transmission medium exerts a controlling in¬ 
fluence on system phase and amplitude response, and 
frequently this influence is neither predictable nor sub¬ 
ject to control. 

Conclusion 
Certain characteristics of the phase-shift method offer 

unique possibilities in performance, utility, and system 
maintenance. The facility of generating either a lower-
sideband or an upper-sideband signal by choice of a 
modulating-signal polarity has already been mentioned. 
The phase-shift method is unique for this purpose in 
that absolutely no disturbance in the carrier frequency 
of single-channel apparatus accompanies a “switch” of 
sideband. In addition, the simplicity of the means for 
providing dual-channel performance by use of the phase¬ 
shift method with very little additional equipment over 
a single-channel system constitutes an attractive feature 
of utility in comprehensive communication systems. 

The inherent lack of restriction on channel low fre¬ 
quency cutoff and the several avenues of approach open 
to the designer in providing virtually unrestricted chan¬ 
nel bandwidth with the phase-shift method provide a 
favorable climate for application of single-sideband 
transmission to a variety of uses. The several alterna¬ 
tives available to the designer in systems which combine 
the features of the filter method with the phase-shift 
method to enhance system performance are worthy of 
consideration. 

Generation of a single-sideband signal directly at the 
final frequency of transmission by means of the phase¬ 
shift method offers the possibility of economy in space, 
complexity, cost, and weight and of improved reliability 
for fixed-frequency services. The insensitivity of the 
phase-shift method to carrier frequency offers additional 
features in heterodyne type of transmission systems. 

A phase-shift type of single-sideband signal generator 
used as a source of test signals for transmission systems 
becomes a valuable tool for test and maintenance. It 
will be noted that the signal output of one of the bal¬ 
anced modulators of Fig. 2 inherently consists of two 
sidebands of exactly equal magnitude spaced from one 
another by twice the modulation frequency. Thus, if the 
modulation signal path to one of the balanced modula-
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tors is blocked, a sine-wave modulating signal applied 
to the system generates a two-tone test signal having a 
combined peak magnitude numerically equal to the peak 
value of a single-sideband signal that would result in 
normal operation. The use of such a test signal 13 is be¬ 
yond the scope of this paper, but the advantage of a 
“built-in” source of test signal of this type at substan¬ 
tially no cost should not be overlooked. 

Use of the basic phase-shift type of signal generator 
for test purposes is still further exploited with the ar¬ 
rangement of Fig. 9. As indicated, a signal presented to 
one of the modulators is used as horizontal deflection of 
an oscilloscope while the vertical deflection for the oscil¬ 
loscope is a resulting high frequency signal obtained 
from any following portion of the transmitting system. 

Fig. 9 System linearity test method utilizing a modification of the 
phase-shift method as a double-sideband signal source. 

1 he remaining modulator is maintained in an active 
condition but its modulating signal path is blocked, rhe 
display on the face of the oscilloscope is a “bow-tie” 
display which allows immediate inspection of the over¬ 
all transfer characteristic of the portion of the apparatus 
between the two monitoring points. The important fea¬ 
ture of this method is that modulating signals of any 
waveform or frequency within the limits imposed by 
coupling circuits and bandwidth of the portion of the 
apparatus under test 14 will yield the same type of dis¬ 
play. For example, the test signal source can be obtained 
from unfiltered commercial power mains, or, of course, 
any other available signal including voice, music, or 
teletype normally transmitted by the system is satis¬ 
factory for the purpose. Alternatively, the same test 
method can be made to include the second modulator 
by disabling the first modulator instead of the second 
and obtaining the horizontal deflection signal from the 
input of the active modulator. 

13 R. \V. Ehrlich, “How to test and align a linear amplifier,” 
QST, vol. 36, pp. 39-43; May, 1952. 

S. G. Reque, “Linear rf amplifiers, ” QST, vol. 33, pp. 15-20; May, 

14 These limits, in general, will be much broader than those set by 
the operating range of the phase-shift networks within which S is 
made approximately zero. Amplitude linearity tests of the nature 
described by S. I. Kramer, “A sensitive method for the measurement 
of amplitude linearity,” Proc. IRE, vol. 44, pp. 1059-1060; August, 
1956, are feasible if the sawtooth test waveform is applied directly 
to the appropriate modulator. 

Unfortunately these test methods are not directly ap¬ 
plicable to combination systems because of the attenua¬ 
tion and phase-shift characteristics associated with 
sharp cutoff filters. 

Throughout the foregoing an effort has been made to 
delineate the major building blocks of the phase-shift 
method of single-sideband signal generation with suf¬ 
ficient detail and objectivity to serve as a useful guide 
to the equipment designer as well as the analyst. Al¬ 
though the treatment has been piecemeal in some re¬ 
spects, too much emphasis cannot be placed upon the 
fact that the phase-shift method is an aggregation of a 
few relatively simple processes with very clearly defined 
interrelation. Thus, instead of being a haphazard combi¬ 
nation, the phase-shift method should be considered as 
a single unit which, nevertheless, allows a wide choice of 
design parameters. Comment has been confined to the 
phase-shift method alone, except insofar as certain 
broad analogies serve to aid in the presentation or dis¬ 
cussion of factors directly involved in the specific sub¬ 
ject matter of this paper. 

Appendix I 

Analysis of the Basic Phase-Shift Element 

The numerical value of the phase-shift obtained with 
the arrangement of Fig. 4 may be derived as follows: 

A current 7 flows from the terminal —E to the termi¬ 
nal E through the circuit components of the network. 
Thus. 

(23) 

where j = \f— 1. The open circuit output voltage of the 
network is 

(24) 

Substituting for I, 

2ER _ (E + jXc) 
R - jXc ~ ' R- jX~ 

(25) 

(26) 

Eo = E / 2 tan 1--
/_R 

Xc = 1/«C, so 

l'o 
/ 1 

E / 2 tan-1 —— 
/_uCR 

(27) 

(28) 

(29) 
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Also, AA0 may be defined 

Xeo = -- = A’, (30) 
oi oC 

or 

— = «„ (31) 
RC 

Subslit tiling in (29), 

/ CCn / 
2 tan-1 — = E / 2 cot-1 —. (32) 

O> / <*?o 

A resistance shunting the reactive arm of the network 
may be accommodated by adjustment of the driving 
signal conditions. The network then is altered to the 
form shown in Fig. 10. As before, a current I flows 

I 

Fig. 10—A modified “basic” phase-shift network. 

through the resistor R of the network. This current then 
divides in its flow through the shunt combination of Xc 

and bR and returns to the other terminal of the driving 
source. 

-(£+ KE) — E(K + l)(bR - jXc) 
jbRXc bR-- jRXC(1 + b) 
R-

bR - jXc

The output voltage may be written 

Eo = — KE — IR. 

Substituting the value for I, 

E^K + WbR - jXc) 
Eq = — KE T-

bR — jXc(l + b) 

After manipulation, (35) becomes 

rbR + jXc(bK - I)-
'° " ' L bR - ¿Ají + b) 

(33) 

(34) 

(35) 

(36) 

The absolute magnitude of Eo is independent of Xc if 

or if 

bK - 1 = 1 + b, (37) 

(38) 

Thus, 

-bR + jX¿i + b)-
J)R - jXĉ + b)_ ’ 

Eq. (39) may be written 

As before, 

The phase-shift curve is identical in shape to that of 
Fig. 5, but is shifted horizontally from it by an amount 
b/d+b). 

A shunt combination of resistance and reactance 
across the output terminals of the network of Fig. 4 may 
also be accommodated. The network then becomes that 
of Fig. 11. The current E flowing from the input termi-

Fig. 11—Another modification of the “basic” phase-shift network. 

nal —KE divides into two paths; one of these is to the 
other input terminal of the network, while the other 
path is through the impedance shunting the output 
terminals. In effect this last current flows back into a 
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tap on the exciting source. The three currents may be 
written 

and 

— (KE + Ea) 
R 

Eo - E 
~jXc

(43) 

(44) 

Eü(bR — ’cXc) 
Iz = ~ 

—jbcRXc

According to Kirchhoff’s laws, 

(45) 

11 — + 1 (46) 

Substituting, 

(KE + Eq) Eq — E ! E0(bR — jcXc) 
R -jXc + -jbcRx7 

Solving (47) for Fo, 

bcE(R + 
E°=-;-T-: —' <48> / be + c \ 

(be + b) I R — j-Xc ) 
\ be + b / 

which may be written 

Eo
cE[R+jKXc\ 

(1+0 
c(b + 1) 

R - j --- X 
b(c + 1) 

(49) 

The output magnitude is independent of Xe if 

c(b T 1) 
6(c + 1) 

(50) 

so that 

c 
,c(b + 1) 
1 -A b(c T 1 ) 
c(ó T 1) 

R - j --- a; 
b(c + 1) 

(51) 

Eq. (51) may be written 

c / /b(c + l)a> 
E / 2 cot -1 I — 

(c T 1) / \c(ò + l)wo 
(52) 

The shape of the phase-shift curve is identical to that 
of Fig. 5, but displaced horizontally from it if 

b(c + 1) 
—-- 1 
c(b T 1) 

A fixed attenuation c/(c-f-l) occurs in this case. 
If b—r x, the essential impedance shunting the output 

of the network is the reactance cXc, and 

where 

C / / c -f- 1 \ 0? 
E / 2 cot 1 ( ) 

(c + D /_ X C / a>o 

C + 1 

(53) 

(54) 

If c—> X, the essential impedance shunting the output 
of the network is the resistance bR, and 

where 

Eo = (55) 

(56) 

If b — c, the time constant of the shunting impedance 
is the same as that of the primary elements, and 

E„ = —— E / 2 cot“1 —, (57) 
(i + 1) /_ûjp 

where 

K = 1. (58) 

If b = c = », the shunting impedance is absent and the 
output voltage is in accordance with (32), in which 
K = 1 is implicit. 

The effect of the current E on the voltages E and 
— KE due to internal impedance of the source must be 
taken into account in the design of the source. 

The arrangement of Fig. 11 is useful when resistive 
loading of the phase-shift network is unavoidable, such 
as in the case where a transistor is driven by the signal 
output of the network, or where the equivalent input 
impedance of a load such as a modulator can be repre¬ 
sented by a shunt R, C combination at modulation 
frequencies. 

Appendix II 

Composite Phase-Shift Network Design 

An important concept in the design of phase-shifting 
systems is the cumulative phase-shift obtained from 
several stages of phase-shifting elements. It has been 
shown that circuit arrangements such as Figs. 4, 10, and 
11 have phase-shift curves of identical shape, differing 
only in position along the w/wo axis. Where the driving 
signal for a phase-shifting stage is obtained from the 
output of a previous phase-shifting stage the total 
phase shift is the algebraic sum of the individual phase¬ 
shifts. Thus if 

</>i = 2 cot 1-> (59) 

where fa is the phase-shift produced in the first stage, 
u is 2tt times frequency, and wo, is 2?r times the frequency 
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at which the phase-shift 0i is 90°, and if 

co 
</>2 = 2 cot-1 -> 

Wo2
(60) 

where </>2 is the phase-shift produced in the second stage, 
w is 2tt times frequency, and w0, is 2tt times the fre¬ 
quency at which the phase-shift </>2 is 90°, then 

/ co w \ 
<^a = </>i -I- </>2 = 2 I cot 1 T cot 1 ■ 1, (61) 

\ w0, wo2 / 

where is the total phase-shift produced in the two 

may be expressed 

cop"1<ba = 2 
_co/coo, T" co/coqj. 

If 

(63) 

1 hen 

P(w0,)2
(64) cot 1<ba = 2 

P^Oi J w0. 

reduces to Eq. (64) 

co 

(65) </>. 

If 

(66) 

then (65) becomes 

Ote Pw0, 

</>„ = 2 cot 1

(68) P = Q2, 

then (67) becomes 

Wo. 
0 03 

(69) 0. = 2 cot 1

If 
(70) M = Q + 1/Q, 

P — WOj/Wo,, 

WOa — (?W0p 

stages. 
Eq. (61) 

1 -
Wo,Wq2

Wo, 
p —-

Qu W 0o

then (69) becomes 

WOa W 

2 cot-1
CO Woa 

M 

It follows from (63), (66), and (68) that 

Wo. — y/WO,Wo2, (72) 

or that Wo, is the geometric mean of w 0o and Wo2. I here 
fore, 

w0. = Qw0, = — ’ (73) 

The total phase shift realized from such a pair of 
phase-shift stages is symmetrical about the frequency 
Wo0/2tt, at which frequency the phase shift is 180°. 

The total phase-shift realized at any frequency, w/2ir, 
from two stages of the type illustrated in Figs. 4, 10, 
and/or 11 may be determined from (71). Care must be 
taken to compute the correct values of the center fre¬ 
quencies, uo1/2tt, and o)o2/2tt, in cases where the network 
design equation indicates a multiplying tactor other 
than unity before the term w/w0 of the phase-shift angle. 
For example, if a phase-shifting stage of the structure of 
Fig. 11 is used, the phase angle 

, b(c + D d>i = 2 cot-1 -
c(6+l) 

(74) 

in accordance with (52). Thus, from (59) 

03 b(c + 1) / w \ 
<t>i = 2 cot-1 - = 2 cot 1 --— I — ), (/•■>) 

con, c(b + 1) \ooz 

from which 

03 b(c + 1) / 03 \ 
.—- =-1 — j, (76) 
Wo, c(b + 1) \o3o/ 

with the result that 

oo, =-wo- GO 
b^c + 1) 

Any number of phase-shift stages may be combined 
by the method just outlined. Since the phase-shift and 
voltage transfer characteristic of any one stage depend 
upon the load impedance into which the stage works, 
care should be taken in the choice of coupling means 
employed between individual stages. A convenient 
method of providing such coupling is in the use of 
vacuum tubes as unilateral coupling devices in the 
manner illustrated in Fig. 12. 

In Fig. 12 advantage is taken of the fact that the 
capacitor element of each stage is an open circuit at zero 
frequency, so that the effective bias supply for any 
given vacuum tube stage (except the first) is equal to 
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the cathode voltage of the preceding stage. The final 
stage illustrated in Fig. 12 can serve as a source for 
additional stages or as a source for either polarity of 
phase-shifted signal output. The amplitude vs fre¬ 
quency characterist ic of a properly designed concatena¬ 
tion of phase-shifting stages can be made uniform from 
zero to almost any desired upper frequency limit. The 
values of Ka, Kb, etc. in Fig. 12 are unity in the practical 
case where the shunt impedance at points such as A, B, 
etc. can be considered to have negligible effect on the 
amplitude response and phase-shift characteristics. In 
cases where the effects of shunt impedances are not 
negligible, suitable values of K can be chosen in accord¬ 
ance with (50) of Appendix I. 

1st STAGE 
BIAS 

Fig. 12—Concatenation of phase-shift network elements. Vacuum 
tubes are used as unilateral coupling devices between ele¬ 
ments. 

The loading effects of the individual RC circuits on 
the voltage source should be considered for any design 
such as shown in big. 12. The effective internal imped¬ 
ance of the first stage of Fig. 12 at low frequencies is the 
sum of the parallel combination of the plate resistance 
of the first vacuum tube and plate load resistor Ra and 
the cathode resistor KaRa- Thus, 

Ra(Ka + 1)R„ 
Z,t = - - -, (78) 

Ra(K a + 1) + Rp 

where Za¡ is the total effective source impedance of the 
first stage, and Rp is the plate resistance of the first tube 
under its operating conditions. Similar relations hold for 
succeeding stages. Current flow through the phase-shift 
elements Ri, Ci causes voltage drop (which is a function 
of frequency) due to the internal impedance of the 
source with a resulting departure from completely uni¬ 
form amplitude vs frequency response. Such departures 
from “flat” response which are not matched by identical 
departures in the other network of an a, ß pair will cause 
degradation of the sideband attenuation due to unequal 
variation in the quantities A and B of (18). A properly 
matched o, ß pair will have identical amplitude re¬ 
sponse in each network for optimum system per¬ 
formance. 

Another network structure which is of considerable 
importance as a phase-shifting circuit is shown in Fig. 
13. The analysis of this network is similar to that of the 
network of Fig. 11, although somewhat more involved. 
The three currents shown in Fig. 13 may be written as 
follows: 

_ — (Eo + KE) 

a(R — jXc) 

(E-E^R-jXJ 
G — -

jRXc 

and 
_ -E0(R-jXe) 

13 — -—- * 
jbRXc

(79) 

(80) 

(81) 

Fig. 13—The “M- Derived” phase-shift network. 

As before, 

(46a) 

Substituting for A, A, anti A, 

jRX, 

Eq. (82) may be solved for Eo, the output signal. Thus 

[a(R--Xĉ +jRXAK-2a)] 
(83) 

aifG-X^-jRX 

The magnitude of Eo is independent of Xc wl 

(84) 

Therefore, with K chosen as in (84), 

RX. 
(85) 

Eo = —-E 
(¿+1) 

b / 
Eo = - -E / 2 tan"1

K = -
b+ 1 

-. (82) 
jbRXc

— (Eo F AE) 

a(R - jXc) 

~ bf-2af-2ab~ 

_ a(i+i) Jr 
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which may be written 

1 

ÕTI/ò) 

E J 2 cor1
a(l + 1/6) / R Xc 

_(1 H- la/b 4“ 2a)\Xc R 
(86) 

In accordance with (27) through (31) 

Nc w0„ 
- = --; 
R o> 

(87) 

where UoM is 2tt times the design-center frequency of the 
network. Substituting in (86), 

1 

(1 4- 1/6) 

a(l 4- 1/6) / oi 

-1 4~ 2a 6 4~ 2 a 
(88) 

Fhe parallel between this expression and that of (71) 
is immediately apparent if (88) is written 

Eo
1 

(1 4- 1/6) 

a ( 1 4~ 1'6 ) /a'o,. oi \ 
-(_¥-) (88a) 

.1 4- 2a/b 4- 2a \ o> oinMI _ 

and the phase-shift, 

— 2 cot-1
a(l 4~ 1/6) /cioM 

1 4~ 2a/b + 2a \ a; 
(86) 

compared with <jia as given by (71). In this comparison, 
substitution of 

a nd 

a>0,w — ü>Oa 

1 4- 2a/6 I- 2a 

a(l + 1. 6) 
(91) 

completes the picture. 
Thus, the single structure of the form illustrated in 

Fig. 13 duplicates the phase-shift obtainable from a 
tivo-stage phase-shifting arrangement of the form illus¬ 
trated in Fig. 12 except for a polarity reversal which 
cannot be interpreted as a phase-shift in the strict 
meaning of the term. 

Substitution of 

aM = 
1 4- 2a/6 4- 2a 

“fi 
(92) 

K = a(M 4-2), (93) 

from which 

K - 2a 
M -- (94) 

a 

It follows, also, that 

K 1 
a = - (95) 

M 4- 2 (Af - 2)(1 4* 1/6) 

An important variation of the structure of Fig. 13 is 
obtained when the constant 6—>». In this case the 
branch “6” is missing, and, of course, 13 = 0, in accord¬ 
ance with (81). Then 

OloM 
En = 

It follows from (84) when 1/6 = 0 that 

(97) K = 1 4- 4a, 

and from (93) that 

(98) 

It follows, also, that 

(99) 
M 4 

and that 

4 
(100) 

A' - 1 

01 010M 

m-™±" 
K - 1 

M = -
a 

K - 1 
a = 

Frequently in the application of the structure of 
Fig. 13 it is desired to make K = 1 so that a balanced 
source may be used. In this case, 

a(M 4- 2) = 1, (101) 

from which 

a =--
M 4- 2 

(102) 

Substitution of K = 1 and a = l/(M-j-2) in (84) yields 
the value 

6 = 
M - 2 

4 
(103) 

necessary to satisfy (88a). Eq. (88a) becomes 

in (84) yields when K — 1. 
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As with the network structures of Figs. 4, 10, and 11, 
due account must be taken of the load impedance into 
which the network of Fig. 13 works, and the effect of I3 
on the voltages E and —KE must also be considered. 

It will be noted that the time constant is the same in 
each branch of the network of Fig. 13. It is not necessary 
to maintain this relationship in order to realize a useful 
phase-shifting network. The effect of using different 
time constants is to shift the phase angle along the 
w/wo axis without changing the shape of the phase-shift 
curve for any given value of M. 

The phase-shifting structure of Fig. 13 might well be 
called an “M-Derived” phase-shifting network. 

It is possible to construct a composite (multistage) 
network of the sort indicated in Fig. 12, where the indi¬ 
vidual stages are of the “M- Derived” type, or to use a 
combination of any of the types of network structure 
described in Appendixes I and II. Because of the 
equivalence of one Tf-Derived network to two of the 
types indicated in Figs. 4, 10, and 11, certain economy 
of apparatus can be realized by the use of the Tf-De-
rived structure in as many of the stages of a composite 
network as possible. The number of combinations possi¬ 
ble is very large, which situation provides a favorable 
atmosphere for ingenuity. 

Fig. 14 illustrates several phase vs w/w0 characteristics 
obtainable with the single Af-Derived network of Fig. 
13. The family of phase-shift curves is obtained by 
variation of the parameter M over the range indicated. 

Fig. 14—Normalized phase-shift characteristics obtainable with 
“if-Derived” phase-shift networks. 
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The Phase-Shift Method of Single-Sideband 
Signal Reception 

DONALD E. NORGAARDf, senior member, ire 

Summary—The phase-shift method of single-sideband signal 
reception exhibits characteristics determined by four principal de¬ 
sign parameters. The expression developed for the ratio of sideband 
rejection to sideband acceptance is similar to that which expresses the 
sideband suppression ratio obtainable with the phase-shift method 
single-sideband signal generation. 

Zero frequency output signals derived by demodulators from a 
transmitted pilot carrier may be used for gain control and frequency 
control in a receiver designed for this mode of operation. Dual chan¬ 
nel operation is obtained with a minimum of equipment added to 
that necessary for single channel use. Use of the phase-shift method 
in combination with band-pass filters to enhance performance is 
discussed. 

* Original manuscript received by the IRE, October 8, 1956. 
t General Electric Res. Labs., Schenectady, N. Y. 

Introduction 
COMPLETE communication system involves 
the processing of an input stimulus to a form 
suitable for transmission by means of a selected 

medium to one or more receiving locations where the 
received energy is converted back into the form of the 
original stimulus or to an acceptable analog. Utilization 
of the signal available at a receiving point calls for re¬ 
ceiving apparatus particularly suited for the character¬ 
istics of the signaling (transmission) mode. This, of 
course, broadly defines a single-sideband receiver when 
the signaling mode is that known as single sideband. 

The problem of reception of single-sideband signals 
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can be reduced to one of providing sufficient bandwidth 
and uniformity of response over this bandwidth to 
be consistent with system requirements, and to 
restrict response of the receiving system to signals 
necessary for compliance with these requirements. In 
addition, the receiving method should introduce mini¬ 
mum amounts of noise and distortion to the signals it 
is called upon to convey. 

The phase-shift method of single-sideband reception 
is a logical and compatible extension of the phase-shift 
method of generating single-sideband signals.1 As such 
it shares many of the characteristics of this signal gen¬ 
erating method. It is the purpose of this paper to analyze 
the phase-shift method of signal reception and to relate 
performance to the parameters of its composite ele¬ 
ments. 

Action of Exalted Carrier Demodulators 

The phase-shift method of signal reception is made 
possible by certain properties of exalted carrier demodu¬ 
lators. An exalted carrier demodulator is one in which 
two signals are combined nonlinearly to produce an out¬ 
put signal at a frequency (or frequencies) different from 
those of the two input signals.2 Specifically, low-fre¬ 
quency beats or heterodynes are the output signals of 
interest in this discussion. An understanding of the ac¬ 
tion of such demodulators is an almost necessary prelude 
to comprehension of the phase-shift receiving method. 

If an input signal is applied simultaneously to two 
identical demodulators together with separate carrier 
signals in the manner indicated in Fig. 1, the separate 

SIGNALLING ' 
SYSTEM * 

ï— —r 

6 o 
CHANNEL CHANNEL 

"P” "q" 

Fig. 1 Use of two exalted carrier demodulators supplied with refer¬ 
ence carrier signals at a fixed phase difference to provide signals 
suitable for resolution by the phase-shift method of signal recep¬ 
tion. 

output signals of the two demodulators exhibit char¬ 
acteristics dependent upon the phase relationship be¬ 
tween the two applied carrier signals. By way of expla¬ 
nation, let it be assumed that the signaling system in 

1 I). E. Xorgaard, “The phase-shift method of single-sideband 
signal generation,” this issue, p. 1718. 

2 The distinction between a demodulator and a modulator is 
mainly one of relative numerical values applied to the input and out¬ 
put frequencies. The term demodulator is generally applied to a de¬ 
vice which produces low-frequency output signals from high-fre¬ 
quency input signals, essentially the reverse of the action of a modu¬ 
lator. 

the left-hand portion of Fig. 1 is a dual-channel single¬ 
sideband signal generator in which two channels, P and 
Q, are converted to upper and lower sideband signals, 
respectively, about a carrier frequency wc/2tt. Let it be 
assumed, further, that the carrier source in the right¬ 
hand portion of Fig. 1 operates at the same carrier fre¬ 
quency as that of the signaling system.3

The input signal (from the signaling system) to the 
two demodulators may be expressed 

Input Signal = P sin (wc/ + pl) + Q sin (mJ — ql), (1) 

where P and Q are, respectively, the peak magnitudes 
of the two sideband signals, is 2tt times the frequency 
of the signalling system carrier, p and q are, respectively, 
2tt times the modulating frequencies of the two chan¬ 
nels, and I is time. 

It will be appreciated that (1) is an expression of the 
character of the signal when a single tone comprises the 
signal supplied to each of the separate channel inputs 
and is limited in this manner for purposes of clarity. 
Complex waveforms may be transmitted, of course, but 
a complete specification of the signal would consist of a 
summation of all the Fourier components of each com¬ 
plex waveform. Since p and q can represent any of a 
series of single tones actually applied, no loss of general¬ 
ity results from this method of notation. 

The carrier signal supplied to Demodulator No. 1 may 
be expressed 

Carrier No. 1 = Ec(sin mJ + y), (2) 

where Ec is the peak magnitude of the carrier signal, y 
is an arbitrary phase angle, and the other symbols are 
as defined previously. 

Similarly, the carrier signal supplied to Demodulator 
No. 2 may be expressed 

Carrier No. 2 = Ec sin (wcf + y + 90° + A), (3) 

where A is the angular error in maintaining quadrature 
relationship between Carrier No. 1 and Carrier No. 2. 1 he 
other symbols are as defined previously. 

Eq. (3) may be written 

Carrier No. 2 = Ec cos (mJ + y + A). (4) 

If each modulator acts to perform a normalized multi¬ 
plication of its two input signals, the output signals of 
the two demodulators may be expressed 

Ei = 2 [sin (mJ + y)][P sin (mJ + pl) 
+ Q sin (mJ — ql) ] (5) 

for the output of Demodulator No. 1. and 

E2 = 2 [cos (mJ + y + A) ] [P sin (mJ + pl) 
+ Q sin (mJ — ql) ] (6) 

for the output of Demodulator No. 2. 

3 This statement, if accepted at face value, precludes frequency 
conversion at any point in the system. It will be understood that this 
is a simplification intended to aid the process of explanation. 
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Eq. (5) expands4 to 

JP[cos (pl — y) — cos (2<jcl + pt + y)] 

1+ Q[cos ( — qt — y) — cos (2o)J — ql + y)] 

while (6) expands to 

J/-’[sin (pt — y — A)+sin (2a>c/+/>/+y+A) ] 

1+Q[sin ( — qt — y — A) + sin (2ucZ — ç/+y+A)] 

After filtering,6 the demodulator outputs may be ex¬ 
pressed 

Ei = P cos (pt — y) -|- Q cos (ql + y) (9) 

for the output of Demodulator No. 1, and 

Et = P sin (pl — y — A) — Q sin (ql + y + A) 

= 7’sin (pl — y — A) + Q sin (qt + y + A -J- 180°) (10) 

for the output of Demodulator No. 2. 
Eq. (9) may be written 

Fa = Psin (pt - y + 90°) + Q sin (ql + y + 90°). (11) 

Terms appearing in (10) and (11) may now be com¬ 
pared. It will be noted that the “P” channel appears in 
both demodulator outputs at the same magnitude and 
with a phase difference of (90°+A), while the “Q” 
channel appears in both outputs with the same magni¬ 
tude but with a phase difference of — (90°+A). Note, 
also, that the arbitrary angle y does not affect these 
phase differences. 

Analysis of the Phase-Shift Method of Reception 

The phase differences inherent in the signal outputs 
of the two demodulators are indicative of whether a 
given component of the input signal has a frequency 
higher or lower than the carrier signal supplied to the 
demodulators. This information may be utilized to 
separate lower sideband signals from upper sideband 
signals, thus accomplishing a result which is the equiv¬ 
alent of use of two sharp cutoff filters. Fig. 2 illustrates 
a method for resolving upper and lower sideband regions 
into separate channels. 

Let it be assumed that the signaling system, the de¬ 
modulators, the carrier source, and the carrier phase¬ 
shift network of Fig. 2 are the same as illustrated in Fig. 
1. The output signals6 of the two demodulators are sup¬ 
plied separately to phase-shift networks which have the 
property of producing a relatively constant differential 
phase-shift in signals passing through them. The two 
phase-shifted signal outputs are then simultaneously 

4 The trigonometric identities involved in this and the following 
manipulations are taken from or derived from the tabulations appear¬ 
ing in R. G. Hudson, “The Engineer’s Manual," John Wiley and 
Sons, Inc., Xew York, X. Y., 2nd ed.; 1947. 

6 The filtering indicated is to remove signals having frequencies of 
the order of a>c/2r and greater from the output of each demodulator. 
It is assumed that the filter introduces no phase or amplitude effects 
at the frequencies p/lv and g/2jr. 

6 1'he filtering action to remove high-frequency products from the 
outputs of the demodulators is assumed to be an inherent function of 
each demodulator. 

added and subtracted in the combining circuit to pro¬ 
vide separate output signals in response to input signals 
in the two respective sideband regions. The phase-shift 
networks are identified by the symbols a and ß. These 
will be referred to hereinafter as a and ß networks, and 
the phase shifts produced by each as a and ß, respec¬ 
tively. 

■p" "o' 

Fig. 2—Elements of the phase-shift method of single-sideband signal 
reception. Channels “P" and “Q" are transmitted on opposite 
sidebands and are resolved into separate output channels without 
use of band-pass filters. 

The relationship between a and ß may be expressed 

ß - a = 90° + 5, (12) 

where ß and « are, respectively, the phase shift of the 
ß and a networks, and 3 is the angular deviation from 
90° in the phase-shift difference. It follows that 

0 = a + 90° + Ô. (13) 

In accordance with Fig. 2, the output of Demodulator 
No. 1 serves as a signal source for the a network. The 
output signal of the a network is then 

a network output = A Ei Z a (14) 

where A is a real constant of proportionality, Et is the 
output of Demodulator No. Land the symbol Za indi¬ 
cates a phase-shift of a. 

In accordance with (11) and (14) 

i P sin (pl — y+90°+a) | 
a Network Output =X \ > • (15) 

I +Q sin (ç/Ty+90 +a) J 

Similarly, the output of the ß network may be ex¬ 
pressed 

ß Network Output = BEt/ji (16) 

where B is a real constant of proportionality, Et is the 
output of Demodulator No. 2, and the Zß indicates a 
phase shift of ß. 

In accordance with (10) and (13), (16) becomes 

d network output 

( P sin (pt — y — A + «T 90° T 3) | 
= B • > (17) 

I + Q sin (qt + y + A + a — 90° + 3) J 
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The vector sum of the a and /3 network output volt¬ 
ages apears at the ( + ) terminal of the combining cir¬ 
cuit. This sum may be expressed 

Sum Signal 

i P [T sin (pt + a — 7 + 90°) 

+ B sin (pl + a - 7 + 90° + 3 - A) ] | 

+ y[T sin (qt + a + y + 90°) 

+ B sin (ql + a + y — 90° + 3 + A) ] ) 

(18) 

Difference Signal 

Pj.l sin (pl + a — 7 + 90°) ] 

— B sin (pl + a — y — 90° + 3 — A) ] । 

I + y [T sin (ql + a + y + 90°) 

- B sin (ql + a + y - 90° + 3 + A) j j 

Eq. (27) may be expressed 

Difference Signal = ■ 

I 

__ / A — B cos (A — 3)\ i 
P^A2 + B2 - 2.AB cos (A - 5) sin { pl + a - y - tan“1 -

\ B sin (A — 3) / I 
= . (28) 

_ / T + B cos (A + 3)\ 
yV-1 2 + B2 + 2TB cos (A + 3) sin I ql + a R 7 - tan“1- - ) 

\ B sin (A -f- Ô) / , 

Eq. (18) may be written 

Sum Signal 

Í P[T cgs (/>/+a—7) + Bcos (/>/+«—7+Ô—A) h 

i+y [-4 cos (ql+a+y) — B cos (g/-|-a-|-74-3+A) ]î 
• UT» 

Equation (19) may be expressed 

The voltage recovered from the upper sideband signal, 
P sin (uctA-pt), is 

PVA 2+ B2 - 2TB cos (A - Ò). (29) 

This voltage vanishes when both 

T = B (30 
) 

Sum Signal = 

Í _/ T + B cos (A — ó )\ 
I - Py/A 2 + B2 + 2TB cos (A - 3) sin I pt + a - y + tan 1- ) 

\ B sin (A — ò) / 

__ / T - B cos (A + ô)\ I ' 
I + Qy/A 2 + B2 - 2TB cos (A + 5) sin I qt + a + 7 + Un 1

\ B sin (A + 3) / 

The voltage recovered from the lower sideband sig¬ 
nal, y sin (wj —<zC, is 

y x/T 2 + B2 - 2TB cos (A + 3). (21) 

This voltage vanishes when both 

T = B (22) 

and 

A + ó = 0. (23) 

The voltage recovered from the upper sideband sig¬ 
nal, P sin (w,l—pt), is 

- 7’x/U2 + B2 + 2TB cos (A - 3). (24) 

This coefficient becomes — 2AP when both 

T = B (25) 

and 

A — 5 = 0. (26) 

Similarly, the vector difference of the a and ß output 
voltages appears at the ( —) terminal of the combining 
circuit. This difference may be expressed 

and 

A — 3 = 0. (31) 

The voltage recovered from the lower sideband signal, 
y sin (wct — qt) is 

- y x/J 2 + B2 + 2TB cos (A + 3). (32) 

This coefficient becomes — 2AQ when both 

T = B (33) 

and 

A + 3 = 0. (34) 

Interest is centered about the ratio of the rejected 
sideband response to the accepted sideband response. 
At the sum signal output of the combining circuit of Eig. 
2 the ratio may be expressed 

Rejected Sideband Response 

Accepted Sideband Response 

/. 1 2 + B2 - 2.ÏB cos (A + 8) 
= 4/-- (35) 
V T2 + B2 + 2T B cos (A - 5) 
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At the difference signal output, the ratio may be 
expressed 

Rejected Sideband Response 

Accepted Sideband Response 

/A2 + B2 - 2AB cos (A - Ô) 
= A/ - Í36) 

F A2 + B2 + 2AB cos (A + 5) 

Neither of the above ratios can become zero except 
when A =B, since both A and B are real numbers. The 
sideband rejection ratio obtained for the sum signal out¬ 
put becomes zero when A = B and (A+5) =0, while the 
sideband rejection ratio obtained for the difference sig¬ 
nal output becomes zero when A=B and (A—5)=0. 
Thus, if ideal channel separation is to be achieved simul¬ 
taneously in each output, it follows in addition to 
A =B, that 

A = 0 (37) 

and 

ô = 0. (38) 

When A =B and A=0, (35) and (36) reduce to 

Rejected Sideband Response / 3 \ 
—-;- = tan ( — ). (39) 
Accepted Sideband Response \ 2 / 

Eq. (39) may be taken as defining the signal rejection 
characteristic of the phase-shift method of single¬ 
sideband signal reception since the error angle 5 is not 
independent of signal frequency in the general case, 
while the quantities A, B, and A can be controlled suf¬ 
ficiently well so that a major portion of the degradation 
of the sideband rejection ratio [as expressed by (35) and 
(36) ] is almost entirely due to departures of 3 from zero. 

Eqs. (35) and (36) are the fundamental expressions for 
sideband rejection obtainable with the phase-shift 
method of single-sideband signal reception. These equa¬ 
tions are similar to the equation developed for sideband 
suppression obtainable with the phase-shift method of 
single-sideband signal generation.1

The foregoing analysis delineates the phase-shift 
method of single-sideband signal reception. The treat¬ 
ment has been sufficiently general to serve as an outline 
which permits rather broad choice of means for satisfy¬ 
ing the particular functions indicated as essential to the 
method. In the practical case the angle A is made zero 
in the interest of providing equivalent sideband rejec¬ 
tion in both channels as well as optimum performance 
in the case of single-channel equipment. It can be ap¬ 
preciated that when A = 0 the performance is determined 
by the three remaining parameters, A, B, and ô, which 
are dependent upon the characteristics of the a and ß 
networks required for implementation of the method. 
These phase-shift networks may be designed to provide 
any desired tolerance on A, B, and 5 over any desired 
modulation frequency range excluding zero cycles per 

second. Many such networks and network arrays are 
described elsewhere. 117-11

Since channel separation (selectivity) is obtained at 
modulation frequencies by use of the phase-shift 
method, no restriction of carrier frequency is inherent 
in the method. Thus, operation can be successful at the 
same frequency as that of the transmitting system, as 
indicated in Fig. 2, if the angle A is suitably chosen and 
maintained. The usual application of the phase-shift 
method, however, is in conjunction with superhetero¬ 
dyne types of equipment where incoming signals are 
converted to a fixed intermediate frequency at which 
the demodulators are designed to operate. Design of 
receiving equipment with a sufficiently high value of 
intermediate frequency to permit adequate image selec¬ 
tivity to be obtained with a single frequency conversion 
does not require sacrifice of channel selectivity when the 
phase-shift method is used. 

The application of the phase-shift method to gen¬ 
eralized reception is shown in Fig. 3. In this case the 

Fig. 3 typical application of the phase-shift method in a super¬ 
heterodyne type of receiver. The low-pass filters in output chan¬ 
nels define effective bandwidth of each channel. 

carrier signal required by the demodulators is at the 
center frequency of the intermediate frequency (IF) 
amplifier so that the phase error angle A may be main¬ 
tained at zero by simple means. The apparatus of Fig. 
3 may be of conventional superheterodyne design up to 
the output of the intermediate frequency amplifier. The 
remainder of the apparatus is identical to that shown in 
Fig. 2 except for the addition of a low-pass filter in each 
channel output. The band-pass characteristics of the 
signal path as far as the output of the IF amplifier must 
be such that adequate system response is maintained in 
each channel. In general, the bandwidth of this portion 
of the receiver is made sufficiently great to provide sub-

7 R. B. Dome, “Wide-band phase shift networks,” Electronics, vol-
19, pp. 112 115; December, 1946. 

8 David G. C. Luck, “Properties of some wide-band phase-split¬ 
ting networks,” Proc. IRE, vol. 37, pp. 147-151; February, 1949. 

9 S. Darlington, “Realization of a constant phase difference,” Bell 
Sys. Tech. J. vol. 24, pp. 94-104; January, 1950. 

10 II. J. Orchard, “Synthesis of wideband two-phase networks,” 
Wireless Engr., vol. 27, pp. 72-81; March, 1950. 

11 O. G. Villard. Jr., “Cascade connection of 90-degree phase shift 
networks,” Proc. IRE, vol. 40, pp. 334-337; March, 1952. 
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stantially no limitation to recovered signal bandwidth. 
I he low-pass filter in each channel output can provide 
necessary attenuation outside the high frequency re¬ 
sponse limits necessary for the channel. 

Fig. 4 illustrates the effective band-pass character¬ 
istic obtainable with the phase shift method in combina¬ 
tion with a 3 kc low-pass filter in one channel. It will be 
noted that the IF bandwidth (assumed to be 8 kc) does 
not affect the over-all characteristic at recovered signal 
frequencies below 4 kc and plays no part in determining 
channel separation between upper and lower sideband. 
For purposes of clarity the response characteristic of 
only one channel is shown in Fig. 4, the response char¬ 
acteristic of the other channel being a mirror image 
(about zero recovered frequency) of the one shown. The 
minimum attenuation of 60 db in the rejected sideband 
region requires a maximum value of approximately 
1/10° for 3. The approach to idealized band-pass re¬ 
sponse indicated by Fig. 4 is phenomenal when it is 
realized that this type of performance is obtainable at 
any center frequency where the demodulators are capa¬ 
ble of operating and where A can be maintained at a 
value of approximately zero. 

Fig. 1 Equivalent selectivity of system of the type shown in Fig. 3. 
A “mirror image’’ characteristic for the “Q” channel is also ob¬ 
tained simultaneously. Dashed lines indicate an assumed selec¬ 
tivity characteristic of circuits preceding the demodulators. Slope 
of the attenuation characteristic near zero frequency is governed 
by phase-shift network design, while slope of the characteristic 
above 3 kilocycles is governed by cutoff characteristic of low-pass 
filter. 

It will be noted that the channel “P” attenuation is 
3 db greater than minimum at a recovered frequency of 
zero cps. The attenuation increases as the character¬ 
istic is extended into the channel “Q” band. The re¬ 
sponse to channel “Q” signals drops very rapidly to the 
design rejection value of 60 db. This indicates a value of 
3 = ±90° at zero frequency and a value of 3 = 0 at about 
200 cps in this example. The error angle 3 then oscillates 12

12 This behavior is typical of optimum design a and ß network 
pairs described in footnote 1. 

about zero degrees average value as the recovered signal 
frequency increases until it crosses through zero for the 
last time at about 3 kc, the nominal band limit. The 
channel “P” low-pass filter is effective in reducing re¬ 
sponse to signals in the channel “Q” region beyond its 
cutoff frequency. Separation between two channels such 
as P and Q of the system under discussion within the 
band-pass of the channel low-pass filters is governed 
solely by the characteristics of the phase-shift method 
alone since no channel selectivity precedes the phase¬ 
shift portion of the system. 

Combination Systems 

The phase-shift reception method lends itself to 
operation in systems which provide selectivity ahead of 
the demodulators. Such a combination system may be 
used to increase attenuation of unwanted signals be¬ 
yond the amount that may be provided economically 
by either the phase-shift method or the filter method 
alone. Combination methods may be used also to exploit 
the band-pass and band rejection properties typical of 
each method. A combination system is especially ad¬ 
vantageous in single-channel systems. The over-all un¬ 
wanted signal attenuation in combination systems is the 
product of the attenuations of each method where these 
attenuations are expressed in arithmetic (linear) ratios. 

Operation with Pilot Carrier 

Transmission Systems 

In order to reduce the rather stringent requirements 
placed on carrier frequency stability of both transmitter 
and receiver where a given quality of service would in¬ 
dicate almost impossibly small tolerance, a pilot carrier 
is transmitted along with the intelligence-bearing side¬ 
bands such as channels P and Q indicated previously. 
In single-sideband communication systems the pilot 
carrier usually is transmitted at a level considerably 
below that of the sidebands and serves as a reference 
for both frequency and gain control in receivers. 

T he two demodulators necessary for implementation 
of the phase-shift receiving method can serve as con¬ 
venient devices for extracting information conveyed by 
the pilot carrier and making this information available 
for both frequency control and gain control purposes in 
the receiver. It will be understood that the average fre¬ 
quency of the carrier as seen at the receiving point will 
be that of the transmitter and that the average magni¬ 
tude of the carrier at the receiver input will be indicative 
of the amount of amplification required at the receiver 
to maintain recovered signal output (s) at a level propor¬ 
tional to the modulating signal input(s) at the trans¬ 
mitter. 

The phase-shift receiving method calls for two de¬ 
modulators supplied with locally generated carrier sig¬ 
nals maintained in quadrature phase relationship. If a 
pilot carrier is transmitted at carrier frequency (wc/2tt) 
and applied to the two demodulators at a finite signal 
level along with the P and Q channel signals, then (1) 
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can be modified to specify the complete signal. Thus, 

Input Signal = E, sin + P sin (w,/ + p)t 
+ Q sin (wc + q)t (40) 

where E, is the peak magnitude of the pilot carrier. 
Other terms are as defined previously. 

The locally generated carrier signals applied to the 
demodulators are described by (2) and (4). The output 
of Demodulator No. 1 may now be expressed 

Ei = 2 sin (wj + 7) [Es sin T P sin (wc + p)l 

T y sin (ue — q)t\ (41 ) 

which expands to 

f Es cos 7 — E„ cos (2uct + 7) 
Ei = \ + /’[cos (pl — 7) — cos (2wct + pt + 7) ] 

( + ()[cos (ql + 7) — cos (2ucl — ql + 7) ] 
(42) 

After high-frequency filtering, Demodulator No. 1 
output may be written 

Ei = E, cos 7 + P cos (pt — 7) + Q cos (ql + 7). (43) 

It will be noted that the recovered signals, P and Q, 
are unaffected by transmission of carrier, but that a new 
term, E, cos 7, appears when (43) is compared with (9). 
If 7 is assumed to be constant, this new term represents 
a unipotential output signal recovered by Demodulator 
No. 1. This direct current component is proportional to 
the carrier signal applied at the received signal input of 
this demodulator. 

Similarly, the signal recovered from Demodulator No. 
2 may be shown to contain a unipotential term, 

E* sin ( — 7 — A) = — E, sin (7 + A), (44) 

which is also proportional to the carrier signal applied. 
In the case of interest, A = 0, so the unipotential output 
of Demodulator No. 2 is 

DC component of = — Es sin 7 (45) 

when A = 0. 
Since the angle 7 was initially of arbitrary value in 

may be allowed to have any value convenient for the 
purpose at hand. Suppose 7 is allowed to have a nominal 
value of 180°. Eq. (43) may then be written 

Ei = E, cos 7 = — E, (43a) 

for extremely low frequencies (below those of channels 
P and Q). 

Similarly, (45) may be written 

E2 = — E„ sin 7 (45a) 

for low frequencies only. 
The direct current component of Ei may be used as 

a signal-controlled source of bias or gain control voltage 
for one or more of the stages comprising the signal path 

preceding the demodulators if 7 is approximately 180°. 1:1 

The appearance of this direct current component re¬ 
lated to the pilot carrier is limited to the case of syn¬ 
chronous operation of the local carrier source Ec with the 
input signal carrier E,. Its magnitude is independent of 
sidebands P and Q. 

When 7 is 180° the direct current component de¬ 
livered by Demodulator No. 2 responds in magnitude and 
polarity to variations in 7 as indicated in (45a). This 
output signal may serve as a source of voltage for use 
in controlling the frequency of one of the local oscilla¬ 
tors which comprise a portion of a typical receiver such 
as shown in Fig. 3. The magnitude of the control source 
is dependent upon the magnitude of the carrier com¬ 
ponent E, as well as upon the value of 7. Thus, for a 
fixed value of E„ a frequency control voltage propor¬ 
tional to sin 7 is available for actuation of a frequence 
control device in response to the relative phase angle. 
Various types of servomechanisms responsive to the 
control voltage may be used for the purpose. 

In combination, the two unipotential signals appear¬ 
ing in the outputs of the respective demodulators may be 
used to regulate both the average value of Es by auto¬ 
matic gain control means and the average value of 7 by 
reactance variation of a frequency determining element 
of an oscillator within the receiver. The detailed design 
of such servomechanisms is beyond the scope of this 
paper. It should be emphasized, however, that these 
servomechanisms will seek to reduce the variation of the 
magnitudes of both Es and 7 when designed for stable 
operation. The following nitty serve as helpful guides in 
the design of suitable gain and frequency regulation 
systems: 

1) Selective fading action can, in effect, modulate 
both the magnitude of E, and its tipparent phase. 
Under these conditions the average magnitude of 
E, is a measure of the average strength of the in¬ 
telligence channels P and Q. Similarly, the average 
phase angle 7 is a measure of synchronism. At any 
instant the strength of the carrier may not be ¡1 
measure of circuit attenuation, so considerable 
averaging (or integration) of the “direct current” 
output of Demodulator No. 1 is required in process¬ 
ing this control signal for automatic gain control 
purposes. For example, time constants in excess 
of 10 seconds are not uncommon in age systems for 
this service. Similarly, the “direct current” output 
of I »emodulator No. 2 is not necessarily instantane¬ 
ously a measure of synchronism. Consequently, 
integration of this frequency control component 
is necessary in order to obtain an averaging effect. 
In either case, the result of the integration process 
is to reduce the response speed of the servo¬ 
mechanism. 

13 Since the cosine function has an absolute magnitude of approxi¬ 
mately unity near zero degrees anti 180°, the magnitude of the voltage 
component will not depend critically upon 7. 
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2) Both the maximum excursion of carrier frequency 
and the rate of change of frequency must be con¬ 
sistent with the servomechanism design for satis¬ 
factory operation. This includes the frequency 
control means employed at the transmitter as well 
as that of the receiver. Under conditions of severe 
selective fading the maximum apparent rate of 
change of frequency may exceed the ability of the 
servomechanism to “follow” the signal although 
the average rate of change of frequency may be 
well within the limits of the system. 

3) Initial tuning operations are generally accom 
plished manually. Provision should be made for 
either completely or partially disabling the auto¬ 
matic features and resetting to midrange during 
the manual tuning operation. This is especially 
desirable in the frequency control circuits. Auto¬ 
matic operation may be restored after initial 
tuning is completed. 

4) Completely manual frequency control is desirable 
for use with systems which transmit no pilot 
carrier or where intermittent transmissions are 
commonplace. Fast-acting, slow-recovery auto¬ 
matic gain control arrangements can be em¬ 
ployed to prevent more than momentary over¬ 
loads with intermittent transmissions having wide 
variations in signal strength. Such gain control 
action is based on the strength of the intelligence 
bearing sideband(s) and seeks to regulate the 
recovered channel output amplitude independent 
of the input strength at the transmitter. 

5) Operation with signals which utilize “offset” pilot 
carrier does not affect the general method of gain 
control or frequency control already described. 
Additional signal processing is generally necessary 
in systems of this nature. 

6) The effective bandwidth of the frequency control 
signal after integration is generally very small, 
sometimes as little as 1/10 cps or less. The re¬ 
sulting noise bandwidth of such a “filter” is cor¬ 
respondingly small, so that adequate frequency 
control can be maintained with very little coher¬ 
ent signal (pilot carrier) energy at signal levels 
where the degradation of the channels P and Q 
due to noise generally establishes practical thres¬ 
hold conditions before disturbance of the fre¬ 
quency control system due to noise occurs. In the 
limit, however, random (white) noise will affect 
the frequency control system unless the fre¬ 
quency control function is disabled at a threshold 
point where the noise disturbs the tuning system. 
The nature of the control signal developed by 

Demodulator No. 2 is such that disappearance of 
coherent signal at the input of the demodulator 
disables the control system automatically. 

Demodulators 

The foregoing analysis of the phase-shift method of 
reception has assumed that the demodulators required 
by the method operate as perfect signal multiplying 
devices in order to provide output signals suitable for 
subsequent processing by the remainder of the system. 
Many demodulator configurations which approximate 
the theoretical performance postulated may be devised. 
Certain departures from this unqualified ideal are al¬ 
lowable, if these departures are of identical nature in 
each of the two demodulators. In particular, departures 
from absolutely uniform frequency response throughout 
the range of recovered signal bandwidth will not de¬ 
grade the signal rejection properties of the method if 
these departures are the same in each demodulator. On 
the other hand, distortion which appears in the output 
of either (or both) demodulator(s) will degrade per¬ 
formance. 

Demodulators suited for use in the phase-shift meth¬ 
od of reception must be capable of providing zero fre¬ 
quency output signals if frequency control and gain 
control functions are to be derived from a pilot carrier 
in the manner explained previously. In general, some 
form of balanced demodulator is desirable in order to 
prevent unwanted mutual coupling between the two 
demodulators and to reduce distortion in the recovered 
signal output. 

One form of demodulator particularly well suited for 
use in the phase-shift method is shown in Fig. 5. This is 

Fig. 5—Example of exalted carrier demodulator suitable for use in 
the phase-shift method. The two signal sources may be inter¬ 
changed provided suitable voltage ratios are maintained. 

a balanced demodulator of the peak conduction type. 
Operating conditions are established by maintaining 
a large ratio of carrier signal to received signal with the 
result that the effective percentage modulation ap¬ 
parent at each diode of the demodulator is small. Ratios 
in excess of 100 are not unreasonable provided the local¬ 
ly applied carrier signal level is at least several volts. 
Semiconductor diodes are not suited for operation in the 
circuit of Fig. 5 since excessive noise is developed by 
reverse current flow through such devices. Thermionic 
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diodes such as the type 6AL5 operate quite satisfactorily 
with a peak value of approximately 200 volts applied 
by the source Ee. Signal input and carrier input points 
may be interchanged, if desired, provided suitable signal 
level ratios are maintained. 

Distortion 

In receiving apparatus as well as transmitting ap¬ 
paratus, distortion occurring in various sections of the 
equipment can degrade performance from the idealized 
values predicted on the basis of distortionless amplify¬ 
ing and converting processes. Intermodulation distor¬ 
tion can add spurious signals to each of the recovered 
channel output signals represented by P and Q of Fig. 3. 
Signal components of each intelligence channel engage 
in a “mixing” process which generates intermodulation 
products that affect each channel adversely when dis¬ 
tortion occurs anywhere in the signal path ahead of the 
demodulators. This process is identical to that which 
exists in transmitting equipment. 

An additional problem exists in receiving equipment 
where signals totally unrelated to the desired signals 
may be applied to the system. These undesired signals 
may be of much greater magnitude than the desired 
signals and may lie entirely outside the frequency band 
of the desired signals. To the author’s knowledge, no 
completely adequate method has ever been devised for 
prevention of intermodulation effects arising from this 
condition. Operation of receiving circuits well below 
overload levels on the desired signals affords some pro¬ 
tection against such intermodulation from strong 
adjacent signals. The degree to which this may be done 
is limited by noise considerations as well as by effective 
band-pass configurations applicable to receiving ap¬ 
paratus in the signal path ahead of active circuit ele¬ 
ments such as vacuum tubes, transistors, etc. Conven¬ 
tional receiver design combines the selectivity function 
with the amplification function so that as the input 
signal is built up in level in its progress through the 
receiver the relative response to signals outside the 
necessary pass band is reduced. This represents a 
reasonable compromise between perfection and reality, 
and, of course, has its limitations. 

The requirement for low distortion particularly ap¬ 
plicable to the phase-shift method extends through the 
demodulators, the phase-shift networks, and the com¬ 
bining circuit. Distortion products produced in portions 
of the receiving circuits preceding the demodulators 
will be acted upon by the equivalent selectivity char¬ 
acteristics of the type indicated in Fig. 4. Distortion 
products generated in the demodulators, however, will 
not be subject to this “filtering” action. Similarly, 
distortion products produced in the phase-shift net¬ 
works and the combining circuit will, in general, ap¬ 
pear in the channel outputs. Thus, control of intermod¬ 

ulation distortion should be such that the amplifying 
and signal processing circuits preceding the demodula¬ 
tors generate almost all of the system intermodulation 
distortion products observable in the complete ap¬ 
paratus. 14

Conclusion 

The phase-shift method of single-sideband signal 
reception permits design of receiving apparatus without 
recourse to band-pass filter techniques. In effect, the 
band-pass and band rejection characteristics are the 
result of operations performed at demodulated signal 
frequencies. The selectivity properties inherent to the 
method can be applied to provide broad uniform re¬ 
sponse in an “acceptance” band with sharp transition 
to a “rejection” band. The attenuation obtainable in the 
rejection band as well as its width are determined by 
the characteristics of phase-shift networks of the “all-
pass” variety. 

The adjacent bands of acceptance and rejection may 
be interchanged readily, and separate channel outputs 
may be obtained simultaneously from signals appearing 
in each of these frequency bands. Used in conjunction 
with band-pass filters, certain characteristics of the 
filter method can be combined in a number of ways with 
the characteristics of the phase-shift method for im¬ 
provement or extension of receiving system performance. 
When used as a portion of communication systems which 
employ a pilot carrier, “zero” frequency output signals 
available from the two signal demodulators required 
by the method may be used for frequency and gain 
control purposes in the receiving apparatus. 

As with most electronic equipment, performance is 
affected by distortion occurring within certain non¬ 
linear amplifying and coupling devices. Such distortion 
serves to degrade performance characteristics other¬ 
wise attainable. 

The phase-shift method may be applied readily to 
receiving equipment not initially designed for single¬ 
sideband service. Channel separation characteristics 
are quite independent of the carrier frequency about 
which demodulation takes place. 

Many of the performance characteristics of the phase¬ 
shift method of single-sideband signal reception are 
governed by the same parameters which determine 
equivalent characteristics of transmission systems based 
on the phase-shift method. The parallel of phase-shift 
methods applied to transmission and reception is so 
close that a single expression delineating performance of 
transmitting equipment can be used substantially inter¬ 
changeably for delineation of receiver performance. 

14 It is assumed that intermodulation distortion will occur under 
certain signal conditions regardless of design. Any receiving system 
free from such possibilities would be an extremely desirable one if it 
duplicated the desirable features of conventional equipment. 
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Electromechanical Filters for Single-Sideband 
Applications* 

DON L. LUNDGRENf, associate member, ire 

Summary—In discussing some of the basic properties of electro¬ 
mechanical filters, both longitudinal and torsional modes of vibration 
are considered. The torsional mode has advantages which make it 
superior to the longitudinal mode in most applications. The limits of 
the frequency range, at the present state of the art, are from approxi¬ 
mately 50 to 600 kc. From a production standpoint, however, the pre¬ 
ferred frequencies are from 200 to 250 kc. 

The high Q and inherent thermal stability of electromechanical 
filters make them ideally suited for filter type single-sideband equip¬ 
ments. In view of their size, weight, rugged construction, and reduced 
spurious responses, torsional mode filters designed to operate at a 
carrier frequency of 250 kc are an excellent choice for this applica¬ 
tion. 

A typical 250 kc 9-resonant section torsional sideband filter pro¬ 
vides 300 cycles of audio cutoff, carrier rejection of 27 db, and a 60 
to 6 db shape factor of 1.56. A 7-resonant section filter of the same 
type provides 20 db of carrier rejection and a shape factor of 1.85. 

Carrier filters of 250 kc have been built having a bandwidth of 200 
cycles and a shape factor of 3. 

Introduction 

FILTER systems used in single-sideband equip¬ 
ments must exhibit a high degree of selectivity, 
in order that the carrier and undesired sideband 

frequencies be sufficiently attenuated. Furthermore, 
they must be designed such that the characteristics are 
relatively constant with variations in time and tempera¬ 
ture. In the past, filters used in sideband filter systems 
have usually been of the LC or quartz-crystal type. 
However, with improvements in the newer electrome¬ 
chanical filters, such as lower cost and smaller size, com¬ 
bined with a high degree of stability, equipment design¬ 
ers are rapidly adopting this new type of filter. 

It is rather difficult to compare the LC, quartz-crys¬ 
tal, and electromechanical filters without discussing spe¬ 
cific applications. Each has its own advantages and dis¬ 
advantages depending upon the operating frequency, 
bandwidth, etc. For example, LC filters have been used 
in single-sideband equipments at an IF of 25 kc. These 
have provided excellent selectivity near the carrier fre¬ 
quency. On the other hand, at 25 kc, an extra stage of 
frequency conversion is required, frequency-tempera¬ 
ture stability of the filter is relatively poor; and the 
insertion loss, high. Also, the large physical size and 
weight of this unit is definitely not desirable with the 
ever increasing trend toward miniaturization. 

Quartz-crystal filters have been used in single-side¬ 
band equipments at an IF of 100 kc. Selectivity and 
stability are excellent. However, these filters are very 
large physically and will not withstand appreciable 

* Original manuscript received by the IRE, September 27, 1956. 
f Radio Corp, of America, Camden, N. J. 

shock or vibration. Furthermore, the cost is quite high. 
Electromechanical filters at 250 kc are very small and 

light-weight. Rejection characteristics are excellent al¬ 
though not necessarily superior to the quartz-crystal 
filter. The voltage insertion loss is less than 1 db in the 
torsional mode of vibration, and frequency stability is 
better than 2 PPM/°C. in a properly designed filter. 
Production quantities of 200 kc torsional mode filters 
have been built to withstand shock and vibration tests 
under MIL-T-17113. These filters lend themsel ves to 
shock mounting techniques where many other modes of 
vibration do not. 

Although the commercial use of electromechanical 
filters is relatively new, the basic principles have been 
fairly well established and a reasonable amount of in¬ 
formation is available in the literature. 1-8

Filter Types 

Present electromechanical filters are of the band-pass 
type that cover the frequency range of 50 to 600 kc with 
bandwidths up to approximately 10 per cent. These 
figures are by no means theoretical bounds but repre¬ 
sent the region of present interest and experience. A 
multitude of mechanical configurations and modes of 
vibration are possible which would provide filters having 
certain band-pass characteristics. However, not all con¬ 
figurations are economically feasible. Furthermore, 
when such characteristics as spurious responses, inser¬ 
tion loss, and ability to withstand shock and vibration 
are taken into account, the desirable modes of vibration 
and mechanical configurations are narrowed down 
considerably. 

The results of theoretical and practical investigations 
have produced two filter types which are not only simple 
in design but lend themselves to quantity production. 
These are referred to as the slug-coupled longitudinal 
filter and the neck-coupled torsional filter. 

1 H. H. Hall, “A magnetostriction filter,” Proc. IRE, vol. 21, pp 
1328-1338; September, 1933. 

2 R. Adler, “Compact electromechanical filter,” Electronics, vol. 
20, pp. 100-105; April, 1947. 

3 W. van B. Roberts and L. L. Burns, “Mechanical filters for 
radio frequencies,” RCA Rev., vol. 10, pp. 348-365; September, 1949. 

4 L. L. Burns, “A band-pass mechanical filter for 100 kc,” RCA 
Rev., vol. 13, pp. 34-46; March, 1952. 

6 M. L. Doelz and J. C. Hathaway, “How to use mechanical 
filters,” Electronics, vol. 26, pp. 138-142; March, 1953. 

6 W. van B. Roberts, “Some applications of permanently magne¬ 
tized ferrite magnetostrictive resonators,” RCA Rev., vol. 14, pp. 
3-16; March, 1953. 

7 S. P. Lapin, “Electromechanical filters,” Proc. NEC, vol. 9, 
pp. 353-362; February, 1954. 

8 R. W. George, “Electromechanical filters for 100 kc carrier and 
sideband selection,” Proc. IRE, vol. 44, pp. 14-18; January, 1956. 
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Mechanical Configurations and Modes 
of Vibration 

The slug-coupled filter consists of small diameter 
resonators and large diameter couplers as shown in Fig. 
1(a). It is designed to operate in the longitudinal mode. 
The thin resonators are equivalent to tuned circuits 
whereas the heavier slugs are equivalent to mutual in¬ 
ductances. Thus, the entire filter acts as a chain of 
mutually coupled resonant circuits in cascade. 

Fig. 1(b) shows a neck-coupled filter. In this case, 
large diameter resonators and small diameter couplers 
are used. This configuration is designed to operate in the 
torsional mode. The large resonators or tuned circuits 
are coupled by thin necks or springs. The necks can be 
thought of as capacitors. We then have a filter which 
acts as a chain of capacitively coupled resonant circuits 
in cascade. 

varies as the fourth root.8
The most significant improvement in the filter types 

described lies in the method of fabrication. Not only has 
the cost been reduced, but many of the response char¬ 
acteristics have been vastly improved. In the past, these 
filters were constructed by means of a jig which spaced 
the larger diameter components along a thin rod or tube, 
after which they were soft-soldered in place. Many 
serious problems arose from this type of construction, 
such as uncertain uniformity of the soldered joints and 
detuning effects due to varying amounts of solder. This 
resulted in poor frequency-temperature characteristics 
and aging of the filter which often caused a change in 
center frequency, peak-to-valley response and insertion 
loss. Present methods of construction are quite simple 
by comparison. The entire filter is centerless ground 
from one piece of stock after which the resonators are 
tuned to frequency. Filters thus constructed are free of 
aging effects, spurious responses are reduced, and fre-
quency-temperaturecharacteristics are vastly improved. 
Furthermore, the rejects in quantity production are re¬ 
duced to almost zero. 

( C) 

Fig. 1—(a) Slug-coupled filter, normally operated in the longitudinal 
mode of vibration, (b) Neck-coupled filter, normally operated in 
the torsional mode of vibration, (c) Neck-coupled filter with 
multiple couplers, normally used for narrow-band torsional mode 
filters. 

It should be understood that both of these configura¬ 
tions could be designed to operate in either the longi¬ 
tudinal or torsional mode of vibration. But for practical 
reasons, they are designed to operate as indicated. The 
resonators of either configuration are usually X/2 in 
length, whereas the couplers are usually X 4 long, where 
X is the wavelength. 

In the case of narrow-band filters, where very low 
coupling coefficients are required, the multiple coupler 
is often used. This filter, as shown in Fig. 1(c) has three 
resonators and two multiple couplers. The large diame¬ 
ter X/4 elements inserted between two X/4 necks act as 
the decoupling elements. In some cases, multiple 
couplers can also be used to suppress spurious responses 
by breaking up the regular periodic structure of a filter. 

The coupling coefficient between resonant sections, 
which determines the bandwidth, depends upon the 
ratio of coupler to resonator diameters. In the longi¬ 
tudinal mode, this ratio varies as the square root of the 
kinetic energy ratios while in the torsional mode it 

Principles of Operation 

Regardless of the mode of vibration, all electro¬ 
mechanical filters operate basically in the same manner. 
To utilize them at radio frequencies requires a double 
conversion of energy . First, electrical energy is supplied 
to the input circuit. It is then converted to mechanical 
energy by means of a transducer, passed through the 
mechanical filter elements, and reconverted back to 
electrical energy by means of an output transducer. In 
the process of traversing the length of the filter, the 
energy takes on the response characteristics dictated by 
the geometry of the mechanical elements. 

The input and output circuits consist of coils which 
are tuned to resonance at the center frequency of the 
pass band. Located within these coils and attached to 
the ends of the mechanical filter are the magneto¬ 
strictive electromechanical transducers. A magnetic 
field is required to provide bias for the transducers and 
is usually accomplished by means of small, permanent 
magnets. To properly terminate a filter, mechanical 
damping must be supplied to the end resonators. This 
is obtained from the attached transducers, which in turn 
receive their damping from the electrical tuned circuits. 
Unless the tuned circuits are designed to act as the end 
resonators, they should have relatively low Q’s to pro¬ 
vide the required broad-band electrical termination. 
Since filters are normally used as a coupling means be¬ 
tween two amplifier stages, the impedances of the stages 
must be high compared to the filter impedances in order 
that further damping of the electrical end circuits does 
not occur. 

These principles are embodied in the schematic dia¬ 
gram of a neck-coupled filter having nine mechanical 
resonators as shown in Fig. 2. Balanced electromechani-
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cal transducers8 are used as a means of exciting the filter 
in the torsional mode of vibration. The transducers are 
X/2 long and operate in the longitudinal mode. The 
magnetic field required for the transducers is supplied 
by the permanent magnets as shown. Quarter-wave sec¬ 
tions are included on the ends of the filter rod for 
mounting purposes. 

Fig. 2—Schematic diagram of a neck-coupled torsional mode 
electromechanical filter having 9 resonators. 

Design of Electromechanical Filters 

The performance characteristics of a filter can be 
specified in terms of the coupling coefficients between 
adjacent resonators and the damping of these resona¬ 
tors. In a mechanical filter, the coupler diameters de¬ 
pend upon the coupling coefficients that are chosen. 
Therefore, in order that the mechanical configuration 
remains simple to construct, it is desirable to have all 
coupling coefficients, and consequently the coupler 
diameters, alike. 

The Tchebycheff design 910 gives n peaks of equal am¬ 
plitude and (n — 1) valleys of equal depth. This filter 
gives the best possible attenuation outside the pass band 
for a given peak-to-valley ratio of any filter composed of 
a given number of simple coupled circuits. It is strik¬ 
ingly superior in selectivity to the Butterworth (max¬ 
flat) design9 even when the allowed ripple is too small 
to be easily measured. As a mechanical filter, it is com-
posedof identical resonators but with couplers of unequal 
diameters. Although this design would be desirable from 
the standpoint of selectivity, it is not economically feasi¬ 
ble in production due to the very tight tolerances re¬ 
quired on physical dimensions. 

The Campbell design3 is a compromise filter having all 
coupling coefficients alike_except for the end sections 
which are increased by -\/2. A comparison of actual re¬ 
sponse curves shows that the selectivity of the Tcheby¬ 
cheff filter is only slightly better than the Campbell. 
Thus, in designing the filter to give a Campbell response, 
we obtain excellent selectivity plus simplicity of fabrica¬ 
tion. Simplified design equations for the Campbell re¬ 
sponse are available in the literature3 8 and are used to 
design both the longitudinal and torsional mode filters 
herein described. 

• M. Dishal, “Design of dissipative band-pass filters producing 
desired exact amplitude-frequency characteristics,” Proc. IRE, vol. 
37, pp. 1050-1069; September, 1949. 

10 P. E. Richards, “Universal optimum response curves for arbi¬ 
trarily coupled resonators,” Proc. IRE, vol. 34, pp. 624-629, Sen-
tember, 1956. 

Longitudinal vs Torsional Modes 

Several factors must be given consideration when 
choosing the best mode for a particular application. The 
most important of these are listed below. 

Thermal Stability 
The resonators of a torsional filter are tuned to fre¬ 

quency by removing a small amount of material from 
either the ends or the center, depending upon the direc¬ 
tion of frequency change. This has no effect on the 
frequency-temperature characteristics of the resonator 
material. In the longitudinal mode, a small bead of soft 
solder is placed over the center of the thin resonators. 
Part of this solder is then carefully removed until the 
resonator approaches the proper frequency. Although 
the amount of solder that remains on each resonator is 
small, it does effect the over-all frequency-temperature 
characteristics. Consequently, the thermal stability of 
the longitudinal filter is inferior to the torsional. There 
are means of overcoming this difficulty, however. For 
example, the filter could be fabricated with a small in¬ 
crease in diameter at its center. The filter rod would 
then be tuned by grinding away some of the excess 
material until it reached resonance. Of course, this 
would require great care unless it were done by auto¬ 
mation. If too much material were removed, it could not 
be replaced as is the case with solder. Another solution 
to the problem is to heat treat the filter rod material 
such that it has a positive temperature coefficient. This 
would tend to cancel the effects of the solder which is 
negative. The method is rather difficult to control in 
production, however, due to the varying amounts of 
solder from section to section. 

Shock and Vibration 

For most commercial applications, either the longi¬ 
tudinal or torsional mode filter is satisfactory. But for 
military applications, where shock and vibration must 
be considered, the heavier construction of the torsional 
mode makes it more suitable. Furthermore, it lends it¬ 
self to shock mounting techniques far better than the 
longitudinal mode. 

Spurious Responses 
Spurious responses arise in filters as a result of the 

presence of some natural frequency of the resonators oc¬ 
curring near the desired frequency. This undesired fre¬ 
quency can then be excited quite easily, and the excita¬ 
tion is usually produced by some microscopic mechani¬ 
cal defect in the filter. By way of example, a bending 
vibration might be induced in a thin rod undergoing 
longitudinal vibration by virtue of a bend in the rod, a 
slight dissymmetry in the cross section at some point, 
or an inhomogeneity in the material. Spurious responses 
also arise from certain methods used in mounting the 
filter rod. 

The two filter types under consideration have rela¬ 
tively few spurious responses and can be controlled so 
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that they are reasonably low in amplitude and well out¬ 
side the pass band. The only spurious responses above 
60 db that arise in the slug-coupled longitudinal mode 
are nearly always due to a large fillet at the point where 
the resonator joins the coupler. By keeping the fillet to 
a radius of less than 0.010 inches, all spurious responses 
due to this cause are usually eliminated. In the torsional 
mode, spurious responses often arise due to other modes 
of vibration, but normally they are of low amplitude and 
several kc away from the pass band. 1 heir amplitude 
and location depend somewhat on the resonator length 
to diameter ratio and are best determined by experi¬ 
mental means. Bending modes, which are easily excited 
in a torsional filter, are reduced by using a pair of trans¬ 
ducers in a balanced arrangement.8

Input-Output Coupling 
The effects of stray input-output coupling is to cause 

a flaring of the skirts with a subsequent loss in selec¬ 
tivity. External coupling is eliminated by proper shield¬ 
ing of the input and output terminals. Internal coupling 
is more difficult to overcome, especially in a higher fre¬ 
quency filter where the length is short. Although the 
coils in a longitudinal filter are farther apart, coupling 
can take place through the filter rod, unless adequate 
shielding of the coils is provided. In the torsional filter, 
a pair of coils is used at each end. Each pair is connected 
to produce opposing fields. 1 he stray fields are then so 
small that no special shielding is required. 

Physical Size 
The velocity of sound in the torsional mode is ap¬ 

proximately 35 per cent less than it is in the longitudinal 
mode. Since the length of the filter varies directly as the 
velocity, a torsional filter with equivalent selectivity is 
shorter. However, it is slightly larger in height and 
width due to the larger coil assemblies and twin trans¬ 
ducers. The relative dimensions depend to some extent 
on the operating frequency also. For example, at 300 kc 
a 7-resonant section longitudinal filter or a 9-resonant 
section torsional filter can be assembled in a package 
|XiX3f inches long. Thus, greater selectivity is ob¬ 
tained in the same space from a torsional filter. 

Fabrication 
The neck-coupled filter as compared to the slug-

coupled filter is more desirable from a production view¬ 
point for several reasons: 

1) Less grinding is required to fabricate the rod. 
2) Dimensional tolerances are easier to maintain. 
3) Larger fillets are not objectionable. A small fillet 

requires frequent redressing of the grinding wheel. 
4) The heavier construction allows greater ease of 

handling. 
5) Tuning of the resonators is simplified. 
6) Greater accuracy of tuning can be maintained. 

From the foregoing, it can be seen that the neck-
coupled torsional filter is the preferred type. This is 

especially true of sideband filters since placement fre¬ 
quency and bandwidth must be maintained to fairly 
close tolerances. Selection of the operating frequency is 
determined largely by the dimensional tolerances that 
are physically realizable. As the frequency increases, 
the tolerances become more difficult to maintain. At the 
lower frequencies, the filter becomes rather large. For 
example, a nine resonant section torsional filter at 100 
kc is approximately 9 inches long. As a compromise, the 
frequency range from 200 to 250 kc is preferred. 

Torsional Filters at 250 kc 

A production unit of a 250 kc torsional filter, having 
seven resonant sections, is shown in Fig. 3. The case is 
designed to accept any one of three filters, namely: an 
upper sideband, lower sideband, or carrier. Quarter¬ 
wave end sections, securely clamped in place, are used 
as a means for mounting the filter rod. '1 hese are at¬ 
tached to the end resonators via quarter-wave necks. 

Fig. 3—Typical production unit of a 250 kc torsional filter 
having 7 resonators. 

Encircling the center section is a “snubber” bracket 
that prevents the rod from exceeding its elastic limit 
while undergoing shock. Steel is used for the case ma¬ 
terial in order to isolate the unit from external magnetic 
fields. The housing is filled with a dry inert gas and 
hermetically sealed. 

Fig. 4 shows the response curve of a 250 kc carrier 
filter with a 6 db bandwidth of 200 cycles. The 7-
resonant sections provide a shape factor of 2.8 to 1. A 
coupling coefficient of 0.04 per cent was used, based on 
the design equations8 for a Campbell response. 1 he 
filter rod was made from Ni-Span Cn which had been 
heat treated to give a temperature coefficient of less than 
2 PPM/°C. Each resonator is tuned to +5 cycles of 
center frequency. Ferrite transducers attached to j-inch 
long Ni-Span C wires are spot welded to the inboard 

11 Ni-Span C, registered trade-mark of the International Nickel 
Co., can be obtained from the H. A. Wilson Co., Union, N. J. 
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Fig. 4- Response of a 250 kc carrier filter with 200-cycle 
bandwidth. 

side of the end resonators. The transducers operate in 
the longitudinal inode and are supplied with a de flux 
from small adjustable alnico magnets. Coils having an 
inductance of 500 microhenries and a Q of 35 are used 
for the input and output circuits. Dimensions of the 
filter rod are given in Table I. It will be noted that the 
dimensions were held to very close tolerances. This is 
necessary in order to maintain the desired bandwidth 
and also to minimize the tuning of each resonator. 

TABLE I 

Length of Resonators, \/2 
Length of Couplers, X/4 
Diameter of Resonators 
Diameter of Interior Couplers 
Diameter of End Couplers 

0.2270 inch ±0.0005 inch 
0.1135 inch ±0.0005 inch 
0.2500 inch ±0.0002 inch 
0.0420 inch ±0.0002 inch 
0.0460 inch ±0.0002 inch 

pedance over the temperature range. This is achieved 
through the use of broad band electrical circuits and 
ferrite transducers whose coupling coefficients remain 
constant with tempera!tire. Measured values indicate 
that the ripple in the pass band changes by less than 1 
db and the output voltage varies by approximately ± 1 
db at the temperature extremes. 

TABLE II 

Characteristics 

Carrier Frequency 
Peak-to-Valley Ratio 
— 3 db Audio Cutoff 
Carrier Rejection 
Adjacent Sideband Rejection 

(400 cycles) 
-6 db B\V 
-60 db BW 
Shape Factor 
Insertion Loss* 
"in = ^out 

Temperature Coefficient 
( —40°C. to +85°C.) 

Lower 
Sideband 

Upper 
Sideband 

250 kc 
1 db 
350 cycles 
22 db 
38 db 

3.4 kc 
6.3 kc 
1.85 
< 1 db 
30 k ohms 
<2 PPM/°C. 

250 kc 
1 db 
330 cycles 
21 db 
37 db 

3.4 kc 
6.3 kc 
1.85 
<1 db 
30 k ohms 
<2 PPM/°C. 

* Insertion loss in db=20 log bout 

The low value of insertion loss is possible through the 
use of high efficiency ferrite transducers. 12 Electro¬ 
mechanical coupling coefficients on the order of 10 to 
20 per cent are necessary for sideband filters. To obtain 
this requires a transducer with low mechanical and eddy 
current losses and high magnetostrictive properties. 

1 he selectivity of a filter increases as the number of 
resonators. However, beyond seven, it increases at a 
very slow rate and the improvement is obtained at the 
expense of increased filter length. This is borne out by 
Table III which gives the shape factor for Campbell 
type filters having various numbers of resonators. These 
figures are valid for bandwidths of 1 per cent or more 
and assume a material Q of infinity. Measured values 
indicate the error on shape factor to be about 5 per cent 
when using Ni-Span C which has a Q on the order of 
15,000. Included in Table III are the various lengths of 
250 kc neck-coupled torsional rods corresponding to the 
number of resonators used. 

The performance characteristics of some typical 250 
kc sideband filters having seven resonators are given in 
I able II. It will be noted that the temperature co¬ 
efficient is less than 2 PI>M/°C. over the temperature 
range of — 40°( . to +85°C. This amounts to a maxi¬ 
mum shift in the response curve of approximately ±25 
cycles measured from room temperature to the tem¬ 
perature extremes. Needless to say, this small shift 
causes very little change in the rejection of the carrier 
and adjacent sidebands. 

An item of interest, not shown in Table II, is the ter¬ 
mination stability vs temperature. Good termination 
stability is obtained by maintaining a constant im-

TABLE III 

Resonators Shape Factor Total Length of 250 
kc Rod in Inches 

2 
3 
4 
5 
6 
7 
8 
9 
10 
11 

72.90 
34.00 
3.62 
2.81 
2.18 
1.84 
1.60 
1.48 
1.37 
1.29 

1.02 
1 .36 
1.70 
2.00 
2.38 
2.71 
3.05 
3.39 
3.73 
4.07 

12 R. L. Harvey, “Ferrites and their properties at radio frequen¬ 
cies,” Proc. NEC, vol. 9, pp. 287-298; February, 1954. 
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I'he response curves of both upper and lower sideband 
filters, having nine resonators each and operating at 250 
kc are shown in Fig. 5. They are assembled in the same 
manner as those shown in Fig. 3 except that the case is 
approximately 0.75 inch longer. 1 he characteristics arc 
the same as those given in Table II with the following 
exceptions: 

1) The -3 db audio cutoff is 300 cycles. 
2) Carrier rejection is 27 db. 
3) Adjacent sideband rejection (400 cycles) is 50 db. 
4) 'I'he —6 db bandwidth is 3.2 kc. 
5) The shape factor is 1.56. 

pi„ 5—Response curves of 250 kc upper- and lower-sideband 
filters having 9 mechanical resonators. 

200 kc Slug-Coupled Longitudinal Filter 

As an illustration of the slug-coupled longitudinal 
mode, the characteristics of a 200 kc band-pass filter are 
presented in Fig. 6 and Table IV. This unit has six 
mechanical resonators as shown by the schematic dia¬ 
gram. The filter rod was centerless ground from Ni-Span 
C and contains four resonators and five couplers X/2 
and X/4 long, respectively. The end resonators are 
quarter-wave long ferrites and also serve as the electro¬ 
mechanical transducers. Coupling coefficients were 

Fig. 6—200-kc Slug-coupled longitudinal band-pass filter. 

TABLE IV 

Center Frequency 
Peak-to-Valiev Ratio 
—6 db BW 
Shape Factor 
Insertion Loss 

Temperature Coefficient (—40°C. tod-85 C.) 

200 kc 
<1 db 
3 kc 
2.2 
-1.5 db 
24 k ohms 
-2 PPM/°C. 

chosen to give a Campbell response. The phase-angle 
curve included in Fig. 6 merely indicates the total num¬ 
ber of degrees of phase shift over the pass band region 
and was obtained by comparing the unmodulated rf in¬ 
put and output signals. 
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Factors Influencing Single Sideband 
Receiver Design* 
LUTHER W. COUILLARDf 

Summary—This paper presents a brief discussion of some of the 
problems which confront the designer of single sideband receiving 
equipment. Among the items considered are frequency stability, 
cross modulation, gain distribution and diversity combining. Some of 
the presently used techniques for single sideband receivers are also 
presented. 

1HE RECEN I emphasis on the use of single side¬ 
band for high frequency communications has been 
brought about by several things—-the most im¬ 

portant among these being the better use of the radio 
frequency spectrum. It has also been brought about by 
the better propagation characteristics of single sideband 
since the serious effects of selective fading are elimi¬ 
nated. 1 here have also been several new design tech¬ 
niques recently which have provided practical solutions 
to some of the more difficult problems associated with 
single sideband. It is these new design techniques and 
their influence on single-sideband receiver design which 
will be briefly discussed in this paper. 

To achieve the maximum reduction in bandwidth re-
quired for single sideband transmission, only one side¬ 
band should be transmitted, and both the carrier and 
opposite sideband must be suppressed as much as is 
practical (usually 40 to 60 db). The most difficult prob¬ 
lem when receiving such a signal is the reinsertion of a 
carrier sufficiently close to the correct frequency to yield 
propet demodulation. In most applications the accuracy 
needed for voice communication is 50 cycles or better. 
It is true that strong signals can still be understood with 
frequency errors as high as 100 to 200 cycles but with 
weak signals and noisy circuits, frequency error as small 
as 20 cycles will have a slight affect on the intelligibility. 
There are a number of modulation schemes which send 
this carrier frequency information along with the single 
sideband transmission in the form of partially sup¬ 
pressed carriers (-20 db) or pilot tones. There is also a 
fluctuating carrier system which allows the carrier to 
come up during pauses in the regular messages often 
enough for afc systems to “hang on” with sufficient 
accuracy. 

I hese afc systems use more of the rf spectrum and re¬ 
quire additional time for the locking on or correction 
periods. The basic reason for using these systems has 
been to allow more error in the receivers and transmit¬ 
ters, but it should also be remembered that a system 
which relies on some form of carrier or pilot tone for afc 

* Or>K> nal manuscript received by the IRE. September 10, 1956 
T Collins Radio Company, Cedar Rapids, Iowa. 

is especially susceptible to interference from strong sig¬ 
nals or noise. In some cases the desired signal might not 
only be lost but the receiver may lock on the wrong 
signal. 

For fixed station use both receivers and transmitters 
can be stabilized sufficiently with crystals for single 
sideband voice circuits without afc systems; however, 
oven control and periodic frequency adjustments are 
usually necessary. Multichannel teletype and high den¬ 
sity signal systems are more critical and may be limited 
by inadequate crystal frequency stability unless afc is 
used. 1 here are methods using high grade crystals and 
elaborate oven control circuits which give high quality 
single sideband circuits without the use of afc. When 
several frequencies are required with rapid switching of 
frequencies, then these systems become impractical. 

In recent years there has been considerable work done 
on the idea of producing a number of frequencies which 
are referenced to or derived from a single standard 
oscillator. Such a system can justify a lot of cost and 
design effort in developing a high-grade single frequency 
standard since only one is required. This standard is 
then used in systems which multiply, divide, add, and 
subtract from the basic frequency. Such systems are not 
continuously tunable unless an additional variable oscil¬ 
lator, or variations in the standard are used which in¬ 
variably introduce frequency error and lower the over¬ 
all accuracy and stability. I his leads to the logical use 
of a channelized system which has only discreet fre¬ 
quencies of high stability and accuracy. These channels 
might be based on voice bandwidths which would be 
about every four kilocycles, or even closer, but more 
difficult steps of one kilocycle each. 

Because of the importance of the frequency accuracy 
and stability in single sideband equipment, it may be 
pertinent to describe briefly the technique to be used in 
a new mobile (airborne) single sideband transceiver. 
Stabilization of the oscillator is secured in a stabilized 
master oscillator (SMO) circuit. In the stabilized master 
oscillator a moderately stable permeability tuned oscil¬ 
lator is controlled by a selected signal from a radio fre¬ 
quency spectrum. The rf spectrum is derived through 
regenerative dividers from a frequency standard of high 
accuracy. Because of recent developments a mobile fre¬ 
quency standard can be made with sufficiently accurate 
control of oven temperature, circuit voltages, and con¬ 
stants to hold within approximately one part in 100 
million per day. Each spectrum point is then very stable 
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and in automatic frequency control arrangement serves 
to slave the master oscillator to the selected spectrum 
point, with the result that each selected frequency chan¬ 
nel possesses the same stability as that of the frequency 
standard. The selection of the desired spectrum point is 
accomplished by using a triple conversion heterodyne 
circuit in which spectra of signals spaced from 100 kc 
down to 1 kc are used as injection signals. 1 his circuit 
translates the master oscillator signal to a fixed inter¬ 
mediate frequency at which a phase discriminator pro¬ 
vides the correcting signal. Channels spaced 1 kc apart, 
as accurate and stable as the frequency standard itself, 
are provided throughout the range 2 to 30 me. Such a 
stabilized master oscillator is being developed for air¬ 
borne use and is also adaptable for fixed station use. 
Similar stabilized master oscillator circuits have been 
used in the vhf range with ten kilocycle channel spacing. 

Sometime ago the use of double conversion super¬ 
heterodyne circuits became popular for continuously 
tunable receivers. The main advantage of such receivers 
is the extra image rejection obtained, however, it is also 
possible to get a decided improvement in frequency 
stability. This can be achieved by using crystals in the 
high frequency conversion and injecting the tunable 
oscillator at a lower frequency conversion where its 
error has less effect. Such receivers are more compli¬ 
cated, having more crystals and switches than conven¬ 
tional types, but resulting in a decided improvement in 
frequency stability, dial presentation, and ease of tun¬ 
ing. In such a receiver it is also advisable to use a tuna¬ 
ble oscillator of rather high accuracy and stability in this 
second conversion since its error will still be the limiting 
stability factor. Several designs presently use hermetic 
sealing, permeability tuning, and oven control on these 
oscillators to achieve maximum stability. I his type re¬ 
ceiver has had wide acceptance for attended operation 
in single sideband amateur use, and several of the latest 
hf military receivers use this same principle. 1 hey have 
also been used for experimental mobile single sideband 
communication, both on the ground and in the air with 
good results. The double superheterodyne circuit is also 
useful in that it makes possible a constant tuning rate 
for all frequency bands. This is especially important on 
single sideband signals where a low tuning rate is essen¬ 
tial for easy operation. Tuning rates as low as 25 kc per 
turn of the tuning knob have proven quite success¬ 
ful providing some method of spinning the knob rapidly 
is also available. This problem of frequency control is 
covered rather carefully by other authors.1

Another factor to be considered rather carefully in 
single-sideband receiver design is the use of automatic 
gain control. Conventional AM systems are usually not 
usable since they operate on the level of the carrier 
which is suppressed in single sideband. Automatic gain 

i R. L. Craiglow and E. L. Martin, “Frequency control techniques 
for SSB,” this issue, p. 1697. 

control systems must be used which obtain their in¬ 
formation directly from the modulation envelope. This 
can be done with conventional diode rectifiers that usu¬ 
ally require some type of amplification. This may be a 
de amplifier or an ac amplifier using the IF frequency. 
Special care must be taken to isolate the age system 
from the reinserted carrier since it will probably be a 
rather large signal of the same frequency as the IF sig¬ 
nals. Developing the age voltage from the audio signal 
will help solve this problem and also give extra gain. In 
either case, the time constant of the system is very im¬ 
portant. The control must be rapid enough to prevent 
strong signals from coming through too loud at first and 
yet be slow enough not to follow the syllabic variation 
of normal speech. One solution to this time constant 
problem is to use a fast change, slow discharge type of 
circuit. Circuits having a charge time of 50 milliseconds 
and discharge time of 5 seconds have proven successful. 
Consideration should also be given to dual time con¬ 
stant circuits having a ratio of about 100 to 1. Such a 
circuit allows the rapid signal changes to develop a con¬ 
trol voltage across one rc network and the slow signal 
variation to develop a control voltage across another rc 
circuit. These two voltages can then be applied in series 
or to different stages to give the desired control charac¬ 
teristics. Such a dual time constant circuit is similar to a 
rapid age system used in conjunction with a manual gain 

control. 
If multiple channel signals are being received such 

that they have separate output channels, then there 
must be additional consideration given as to how the 
separate age voltages should be combined to conti ol the 
common rf stages. One system is to use bias gates on the 
individual channel age voltages and allow only the 
strongest channel to control the rf stages while each 
individual channel controls its own IF amplifiers. This 
may cause some loss in the weakest signal channel but 
will give protection to the rf stages against overloading. 
Such a system would also be necessary if the upper and 
lower sidebands were used as independent channels. 

The problems of cross modulation and adjacent chan¬ 
nel interference have long been ones which have 
plagued receiver designers. These problems have grown 
more serious with the increasing power and number of 
stations, until they have become the limiting factor in 
many instances such as on board ships and in vehicles 
where separation of transmitting and receiving antennas 
is not possible. Since single sideband is looked upon as a 
way to still further increase the number of available fre¬ 
quencies, an extra burden is placed on the single side¬ 
band receiver designer to provide receivers which are 
capable of satisfactory operation with still closer chan¬ 

nel spacings. . 
Since most cross modulation troubles occur in the 

front end of a receiver, special consideration should be 
given the rf tube, the mixer tubes, and the amount of rf 
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^<1111. I his is the section of the receiver where a com¬ 
promise must be made between strong signal or weak 
signal operation. Since many applications do not require 
the maximum in sensitivity from hl receivers due to 
good antennas and atmospheric noise, it is usually suffi¬ 
cient to limit the noise figures to between 6 and 10 db. 
I his will then help determine the tube types and rf gain 
required. In choosing a mixer tube, consideration should 
be given to getting a large ratio between the tube noise 
level and its cross modulating point. 1'his means that a 
mixer with low noise and a low cross modulation point 
would not be as good as one with higher noise and pro¬ 
portionally higher cross modulation point. The extra 
gain required lor the latter tube can be easily made up 
in the rf stages. 

The choice of rf tubes is not quite so flexible since the 
amount of signal voltage ahead of the first stage is 
limited. However, tubes with reasonably good noise 
figures and strong signal handling capabilities are avail¬ 
able. The recently developed 6BZ6 and 6DC6 tubes 
should be considered since they have good noise figures 
and large signal handling capabilities. 

I he amount of gain designed into each rf stage should 
be just enough to insure that the desired signal-to-noise 
ratio is maintained. Extra gain will cause quicker over¬ 
load and poor cross modulation characteristics. The gain 
can be adjusted by tapping down on the rf coils and by 
adjusting their tuned impedance. The selectivity of the 
rf stages should be maintained as high as practical to 
give as much rejection to “off-resonant” signals as possi¬ 
ble. Again, a compromise with sensitivity must be made 
since additional coils ahead of the first rf tube will cause 
some loss of even the desired signal so that the signal-to-
noise ratio at the first tube will be lowered. In many 
applications an extra coil ahead of the first tube is 
worth the loss in sensitivity to obtain the extra rejection 
to undesired signals. Some consideration might also be 
given to providing switching facilities so extra coils 
could be added if needed or switched out for maximum 
sensitivity. 

I he problem of distortion and intermodulation in the 
rf stages of a single sideband receiver also deserves spe¬ 
cial consideration since there are resulting frequency 
products which can easily fall within the desired band¬ 
width being received. This is especially troublesome on 
multichannel signals where distortion or intermodula¬ 
tion of one or more channels would cause errors in other 
channels. This trouble occurs when signal levels are high 
and is not as much of a problem in receivers as in single 
sideband exciters. However, careful design of the re¬ 
ceivers age system and proper distribution of the control 
voltages is necessary to prevent overload trouble. The 
use of tubes which can handle large signals and control 
biases is also necessary. 

I he choice of a demodulator is also very important 
since this can also be a source of intermodulation. Ordi¬ 

nary diode detectors are satisfactory for voice, providing 
they are operated with several volts of reinserted carrier 
and about one-tenth volt of signal. This will give third-
order products about 20 db down. Better performance 
can be obtained from multigrid detectors which are 
operated like conventional mixers. Double and triple 
triode circuits are also used and have certain advantages, 
as do more complicated balanced and ring demodulators 
using diodes. 

rhe consideration of what bandwidth to use for the 
single sideband receiver is another problem and involves 
several things, l or single sideband voice signals about a 
3-kc bandwidth should be used. The pass band should 
be reasonably Hat and the skirts as steep as possible. 
Crystal lattice and mechanical filters are often used to 
get these optimum results. If the receiver is also to be 
used for conventional AM, the 3-kc bandwidth may be 
used to select one sideband and the carrier with good 
results. Some extra precaution must be taken when re¬ 
ceiving AM signals since AM stations do not have the 
rigid frequency stability requirements that single side¬ 
band transmitters do and, consequently, may require a 
wider receiver bandwidth. This is especially true in 
“channelized” or “step-tuned” single sideband receivers 
which cannot be tuned exactly to received frequencies. 

In single sideband receiver design the problem of 
which sideband to use and how to select sidebands must 
also be considered. It seems likely that for commercial 
communication a standard will be set up using only up¬ 
per sidebands. In the meantime and for the military re¬ 
ceivers, provisions should be provided for the selection 
of either upper or lower sidebands. In a receiver the 
problem is to reinsert the carrier on the proper side of 
the signal. In stabilized step-tuned systems, it is usually 
easier to move the signal to the proper side of the carrier 
by switching the IF selectivity. This is especially easy if 
the IF filter is simple and compact like a mechanical 
filter. However, if the carrier is tunable as with a simple 
beat frequency oscillator (bfo), then it would be easier 
and more economical to move the carrier to the opposite 
side of the IF filter. A rather unique method of selecting 
sidebands used in a new amateur receiver is referred to 
as “pass band” tuning. In this system the bfo may be 
mechanically coupled to a trimmer on the main tuning 
oscillator so they track together, moving cvcle for cycle 
This means that a cw beat note will not change as the 
bfo is tuned but will move around in the pass band of 
the receiver. This allows the bfo to be set on the carrier 
frequency of a station and either sideband to be received 
by simply rotating the bfo from one side of the pass 
band to the other. This is also useful for single sideband 
and cw for orienting the signal to a position in the pass 
band with minimum interference. 

It is quite a common practice to use two AM receivers 
with widely spaced antennas for diversity reception. By 
adding or combining the received signals, protection 



1956 Couillard: Factors Influencing Single Sideband Receiver Design 1753 

against selective fading is achieved. Selective fading 
does not cause severe distortion of single sideband sig¬ 
nals like it does with AM since there is no carrier to be 
lost. However, there can be a variation or loss in signal 
due to multipath cancellation which will also be helped 
by space diversity systems. The use of polarization di¬ 
versity and frequency diversity might also be con¬ 
sidered. In each of these single sideband systems the 
combining of received signals becomes a problem since 
phase differences will not allow simple addition. I hese 
phase differences are due to variation in signal levels and 
path lengths and have been observed to be often greater 
than 360 degrees. In order to add such signals, certain 
variable phase correcting methods can be used. One 
system is to feed a phase discriminator with the two re¬ 
ceived signals and use the output to drive a phase cor¬ 
recting circuit to hold the phase of one signal so it could 
be added with the other. Another method of phase cor¬ 
rection would be to correct the phase of the reinserted 

carrier in one of the receivers. Another way to obtain 
some of the advantages of single sideband diversity 
would be to use a switch which is actuated by the 
strongest signal. Some problem with switching tran¬ 
sients may result, but such a system may be made quite 
simple. 

In conclusion it should be noted that much of the ma¬ 
terial presented in this paper is not new to the receiver 
designer actively engaged in single sideband work. 
However, it is believed that the rapid move toward more 
single sideband communication will necessarily bring 
additional engineers into this field who may benefit by 
such a review of single sideband receiver techniques. 
It also points out that the single sideband receiver de¬ 
signer must do a bet ter job in reducing the usual receiver 
problems, especially those dealing with adjacent channel 
interference. It also indicates some of the presently used 
techniques which are being used in recent single side¬ 
band receiver designs. 

Correction 

The following correction to “ 1 he Optimum 1 apered 
Transmission Line Matching Section,” by Robert E. 
Collin, which appeared on pages 539-548 of the April, 
1956 issue of Proceedings has been brought to the at¬ 
tention of the author by Dr. E. Folke Bolinder. 

On page 545 in the second column, directly under the 
subtitle “Gaussian Taper” the following sentence ap¬ 
pears: “The Gaussian taper is obtained when the num¬ 
ber of sections in the binomial transformer is increased 
without limit while the total length of the transformer 

is kept constant.” ... 
The terminology “Gaussian” is used in this paper to 

refer to a taper having a characteristic impedance vary¬ 
ing as a Gaussian function [see (38)]. 1 his taper is not 
obtained as a limiting case of the binomial transformer 
but rather as a limiting case of a transformer having a 
triangular distribution of reflections. 

> E F Bolinder, “Fourier transforms in the theory of inhomogene¬ 
ous transmission lines," Trans. Roy. Inst. Tech., Stockholm, Sweden, 
no. 48, p. 34; 1951. 

2 Ibid.t p. 43. . 
’ G. C. Southworth, “Principles and Applications of Waveguide 

Transmission,” D. Van Nostrand Co., Inc., New York, N. Y., sec. 
9.1,1950. „ . 

1 R. E. Collin, “Rebuttal,” Proc. IRE, vol. 44, p. 1056; August, 
1956. . . . 

s S Seelv and E. C. Pollard, notes on microwaves based upon a 
series of lectures by W. W. Hansen, PB 6851 and 68o2; 1941. 

The limiting case of the binomial transformer results 
in a taper which has a Gaussian distribution of reflec¬ 
tions and is called a “Gaussian” taper by Bolinder.2 This 
is the taper referred to by Southworth3 and does not 
correspond to the taper having a Gaussian characteristic 
impedance variation as stated in a later correspondence4 

by the author. The derivation of the results for the limit¬ 
ing case of the binomial transformer may be found in 
lecture notes by W. W. Hansen.6

1'he confusion in this case has arisen because of the 
different terminology used by various authors. 



1754 PROCEEDINGS OF THE IRE December 

I'ig. 1 1 ypical tube transfer characteristic. 

Summary—The principal requirements of linear power amplifiers 
for single-sideband and frequency multiplexing service are low dis¬ 
tortion and reliability. The nature of distortion generation is discussed 
and a theoretical tube characteristic for zero distortion in class AB 
operation is presented. Simple expressions for quickly estimating 
tube operating conditions and a more detailed presentation of the 
Chaffee 11-point analysis for accurate computation is made. High 
gam stages minimize the number of stages required and enhance 
reliability. An illustration shows the circuit of a high gain, high per¬ 
formance three-stage amplifier suitable for linear amplifier service 
and automatic tuning. 

characteristic curves for the tube. Plotting the values of 
plate current on this line against grid voltage gives a 
curve as shown in Fig. 1. 

iear 1 ower Amplifier Design* 
WARREN B. BRUENE, senior member, ire| 

The shape of this curve and the choice of zero signal 
operating point determines the distortion which will be 
produced. A power series expressing this curve (written 
around the zero signal operating point) contains the 
coefficients of each order of curvature. 

G = kü + kie0 + ¿2e„2 4- ¿qe/ _|_ 

where ip represents instantaneous plate current, klt k2, 
etc., the coefficients of their respective terms, and é, is 
the input grid voltage signal. An input signal consisting 
of two equal amplitude frequencies with a small per¬ 
centage frequency separation can be applied to this ex¬ 
pression to obtain the distortion products that are of 
concern in linear amplifiers. 

Fig. 2 shows the spectrum distribution of the stronger 
products. It will be observed that tuned circuits can 
filter out all products except those which lie adjacent 
to the input frequencies. I he products generated by the 
even-order components are all far removed from the 
desired output frequency so that adequate selectivity 
of the output tank circuits and filters will attenuate 
them to nearly any desired level. For example, a tube 
with a pure square law curve can be operated in a class A 
rf amplifier with undistorted output. 

I he odd order components each produce products 
which fall close to the original frequencies and cannot 
be removed in practice by selective circuits in the usual 
application. See Fig. 3 for a two-frequency signal. 

I he inside pair of distortion products are third-order 
products. The next are fifth, seventh, etc. All other odd 
order products, such as third harmonics, etc., are re¬ 
moved by the selective tank circuits. 

ITH THE acceptance of single sideband by the 
communications industry and the increasing 
use of multiplexing and data transmission, at¬ 

tention has turned to the development of linear power 
amplifiers for communication transmitters. One princi¬ 
pal requirement is low intermodulation distortion, for 
reasons outlined in a companion paper.1 A second 
important requirement is reliability because of the de¬ 
pendence placed on reliable communication and the 
increased amount of traffic passing through a given 
transmitter. A basic means of achieving reliability is 
through simplicity and the circuits described will follow 
this pattern. 

Efficiency of power conversion in linear transmitters 
is a consideration which has engendered numerous 
attempts to develop linear amplifiers for single sideband 
that have higher efficiency. To the writer’s knowledge, 
all of these schemes have higher distortion than that 
obtainable from simple class AB linear amplifiers and, 
in general, are more complex. Actually, plate efficiency 
is not as important in single sideband service as it is 
with amplitude modulation. Zero signal plate dissipa¬ 
tion is more important, however, and this can best be 
reduced by improved tube characteristics and by proper 
choice of tube operating conditions. For these reasons 
this paper will limit its area to that of linear amplifiers 
operating class AB. 

Nature of Linear RF Amplifier Distortion 

Since the main sources of distortion are the nonlinear 
characteristics of the rf power amplifier tubes, the na¬ 
ture of single-sideband distortion and tube operating 
characteristics will be discussed. 

1- irst consider the plate characteristics of a tube as an 
rf amplifier with tuned input and output circuits so the 
rf voltages can be considered sine wave for the duration 
of each cycle. A load line can be established which will 
then be a straight line on a set of constant current plate 

* Orignal manuscript received by the IRE, September 10, 1956. 
T Collins Radio Co., Cedar Rapids, Iowa. 
1 WB. Bruene, “Distortion reducing means for single-sideband 

transmitters,” this issue, p. 1760. 
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Fig. 2—Spectrum distribution of products generated. 

horizontally between A and B. It is also located directly 
above the point of “projected cutoff,” point P, where 
an extention of CB crosses the zero plate current line. 

Small signals whose peak-to-peak amplitude is less 
than the horizontal distance between A and B operate 
on a pure second-order curve, resulting in no single¬ 
sideband distortion. When the input signal becomes 
greater than AB it enters a linear region on both peaks 
at the same time and since the slope of BC is correct 
there is no change in gain of the fundamental com¬ 
ponents and no single-sideband distortion will result at 
large signals either. 

The plate current at point Q determines the static 
plate current IBS of the tube and, when multiplied by 
the de plate voltage, determines the static plate dissipa¬ 
tion. A very sharp cutoff characteristic will give lowest 
static plate dissipation but it does cause greater genera¬ 
tion of higher-order harmonics which need careful atten¬ 
uation. An ideal tube plate characteristic then is that 
shown in Fig. 4 with the peak plate current at C in the 
region of 10 to 20 times the static plate current at 
point Q. 

Fig. 3- Single-sideband distortion products. 

The first and most important means of reducing dis¬ 
tortion in a single-sideband linear power amplifier is to 
choose a tube with a good plate characteristic and 
choose the operating condition for low odd order 
curvatures. 

Ideal Tube Plate Characteristic 

Fig. 4 shows a plate characteristic and the operating 
point that will allow class AB operation with no odd 
order distortion products. 

From point A to B the curvature is second order, or 
a simple (1, = ^?) curve. From point B the curve con¬ 
tinues at the same slope in a straight line to point C. 
The zero signal operating point, Q, is located midway 

Choice of Operating Point 

It is emphasized that even with this ideal character¬ 
istic there is only one zero signal point, Q, that will yield 
zero distortion. A power series for this curve based on 
any other point will contain odd order components, in 
addition to the even order ones. Fig. 5 shows the dis¬ 
tortion that will be obtained by operating at other bias 
points. 

Fig. 6 shows distortion vs bias point for a theoretical 
curve similar to Fig. 4 except that a three-halves power 
curve is used from A to B. It is noted that minimum 
distortion occurs approximately at the point of pro¬ 
jected cutoff, also. 

Most tubes have a characteristic similar to Fig. 4, al¬ 
though AB is not pure square law and the region from 
B to C is rather limited and seldom straight. The static 
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Fig. 5 Distortion vs signal level for other bias points. 

Fig. 6—Distortion using 3/2 power curve. 

plate current for minimum distortion is usually so high 
that plate dissipation is near or beyond the maximum 
rating of the tube when using desired de plate voltage, 
h or example, one of the better medium power triodes 
for linear amplifier service is the 3X2500A3 which re¬ 
quires approximately 0.5-ampere plate current for mini¬ 
mum distortion. A desirable plate voltage is 5000 volts, 
which results in a static plate dissipation of 2500 watts 
which is the maximum plate dissipation rating of the 
tube. Transmitting type tetrodes and pentodes have 
similar characteristics, except that the optimum plate 
current is a function of screen voltage. I he high screen 
voltages required for class AB, operation usually re¬ 
quire an excessive amount of plate current for minimum 
distortion. As a consequence, the designer has the 
choice of accepting the higher distortion by operating 
at a lower than optimum static plate current or using 
a lower screen voltage and driving the tube into the 
positive grid region, which is the second principal cause 
of distortion in linear power amplifiers. 

l ig. 7 shows typical grid current characteristics along 
a tube load line. This grid current loads the input cir¬ 
cuit in a nonlinear manner and the only way to mini¬ 
mize distortion from this cause is to use a driver stage 
with very good regulation. A brute force method of ac-
( omplishing this is to simply load the grid circuit heavily 
with fixed resistance. This has a practical limitation but 
it is usually possible to realize better over-all distortion 
in the larger tetrode power tubes by using a lower 
screen voltage to gain a better plate current character¬ 
istic and accepting some distortion caused by operating 
in the grid current region. Actually, a fair compromise 
can be reached and signal-to-distortion ratios of 30 to 
35 db can be achieved with existing tubes, including 
triode, tetrode, and pentode types. 

Estimating I ube Operating Conditions 

As a first approximation, the tube plate dissipation 
rating required is about one-half the useful peak en¬ 
velope power output desired from the stage. The operat¬ 
ing conditions of a tube operating in a linear rf amplifier 
operating class AB can be estimated quickly using the 
simple equations for a theoretical class B tube shown 
in I ig. 8. brom the end point of the load line which es¬ 
tablishes the instantaneous peak plate current, i„, and 
the peak plate voltageswing, the principal platecharac¬ 
teristics can be estimated using the following relation¬ 
ship for a single-frequency signal. 

iP
Ib = — de plate current, 

7T 

¡pEb 
1 in-watts plate input, 

TV 

_ ipcP 
1 °-~ watts rf power output, 4 

kff —plate efficiency. 
4/i/i 

For a standard two-frequency test signal the relation¬ 
ships become 
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Fig. 8 Theoretical class B tube characteristic. 

A plot of plate dissipation and plate efficiency for both 
signals vs signal level is shown in Fig. 9. This theoreti¬ 
cal tube is linear to cutoff so there is zero static plate 
dissipation. An actual tube with a moderate static plate 
dissipation requirement for low distortion as previously 
discussed would have characteristics more like that 
shown in Fig. 10. It is noted that the plate dissipation 
and efficiency at maximum signal level are not affected 
much by even rather high values of static plate dissipa¬ 
tion. In practice, the peak plate swing is limited to some¬ 
thing less than the de plate voltage in order to avoid 
excessive grid drive, excessive screen current or opera¬ 
tion in the nonlinear plate current region. Most tubes 
operate with an efficiency in the region of 65 to 70 per 
cent, at peak signal level. 

Calculation of Tube Operating Conditions 
(Single Tone) 

The operating conditions for a power amplifier can be 
calculated quite accurately by selecting a load line and 
using the 11-point analysis originated by Chaffee. 2 

Sarbacher devised a mechanical aid for the Chaffee 
method and published an article on its use.3 More re¬ 
cently, Eitel-McCullough, Inc., made available another 
aid and a well-written procedure of its use.4 Both of the 

2 E. I.. Chaffee, “A simplified harmonic analysis,” Rev. Sei. Instr. 
vol. 17, pp. 384-389; October, 1936. 

3 R. I. Sarbacher, “Graphical determination of pa performance,” 
Electronics, vol. 17, pp. 52-58; December. 1942. 

4 “Tube Performance Computer,” Application Bulletin, Eitel-
McCullough, Inc., no. 5. 

Fig. 9—I’d vs signal level of theoretical class B tube. 

RATIO OF PEAK ENVELOPE PLATE SWING 
TO DC. PLATE VOLTAGE 

Fig. 10—Pd and Eff for class AB operation. 

latter references were written for class C amplifiers, but 
a slight extension allows their use on class AB operation, 
also. 

Basically, this method assumes sine wave voltages 
which are 180° out of phase on the grid and plate. 
Points along the load line each 15° over the cycle are 
found with the aid of the mechanical devices which 
simply have lines spaced according to the sine function. 
The currents read at these points along the load line are 
put into the equations given to determine the de com¬ 
ponent of current and the fundamental ac component. 
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Knowing these values of plate, grid, and screen cur¬ 
rents, all values of input, output, and dissipation are 
readily computed. 

This method of calculation will now be given in more 
detail. Calculations are made on a selected load line and, 
if it turns out that the desired operating conditions are 
not realized, it is necessary to try other load lines until 
either the desired or optimum conditions are found. 
Plotting a curve similar to that shown in Fig. 4 using 
points obtained along the selected load line will indicate 
the static plate current required for minimum distortion 
and should be compromised as necessary with screen 
voltage, driving power, and static plate dissipation con¬ 
siderations. 

Fig. 11 shows a load line drawn on a set of constant 
current curves. Below is a sine wave representing the rf 
plate voltage. Projecting upward from the 15° ¡joints on 
the sine wave establishes points A, B, C, etc. on the 
load line. Each of these points except point A is used to 
represent the average plate current over a 15° interval 
extending 7|° each side of the point. Since only half of 
the cycle is analyzed, ¡joint A represents only half a 15° 
interval, or 7|°. The average de plate current is found by 
simply averaging these readings. This is done by using: 

1 /A 
/av = — ( — + B + C + ZZ+E + Z^ + Q + Z*-' + E' 

4'\ 
+ D' + C + B' + — k 

I he 1/12 term comes from using only one-half the cycle 
since it is symmetrical and there are twelve 15° intervals 
over one-half a cycle. This equation includes all the 
terms for class A operation but normally for class AB 
operation, those beyond F' or E' are zero. The references 
cited3’4 are only concerned with class C operation and 
they have dropped the Q and all following terms since 
they are always zero in class C operation. 

The fundamental ac component of current is obtained 
by using: 

1 . 
7* = j , [(A — A ) + 1.93(B - B') + E73(C - C') 

+ 1.41(P - D') + {E - E') + O.52(F - F')J. 

It is noted that the coefficients of the various terms are 
twice the cosine of the angle except the (A—A') term 
where the coefficient is one-half twice the cosine of 0° or 
unity. 

If the second, third, or fourth harmonic components 
of current are required, the following are used: 

1 r
72 = - [(A + A' + C + C - E - E') 

+ 1.93(B + B' - F - F') - Q], 

Z3 = [(A - A') + 1.41(73 + D' + F' — B' — D — F) 

- KE- E')]> 

1 , 
E = - ~ [(A + B + F + F' + B' + A'— C — E — E'— C') 

+ KQ-D- D')]. 

These equations for harmonie current are only approxi¬ 
mate and apply only to tetrode and pentode tubes. 

This method of computing the de and ac components 
applies to grid and screen current, also. All values of de 
and fundamental ac components of the plate, grid, and 
screen, if any, should be calculated except the ac com¬ 
ponent of screen current is only of interest in cathode 
driven tetrode amplifiers. The ac components calculated 
using the above equations are peak values and not rms 
values. 

The following equations are used to calculate the vari¬ 
ous operating conditions: 

Ir(nv) = de plate current, 

Pin = EbIp(hv) watts input, 

J p^p 
P.O. = — watts output, 

Po
Eff =-

Pin 
100 per cent plate efficiency, 

Ppd = Pin — Po = plate dissipation, 

I„(av) = de grid current, 

J 1/^ 0 ... Pdr = —— = watts grid driving power, 

Pe = Z„(av)Ec = drive consumed by bias supply, 

Pud = Pdr — Pc = watts grid dissipation, 

Z,(av) = de screen current. 
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P.d — Is(xv)E, = screen dissipation, and 

P . 
Ri, = — = rf plate load resistance. 

ip 

The above calculations are for conventional grid driven 
circuits. When using triodes, the screen current is ab¬ 
sent, of course, but all other calculations are the same 
for triodes and tetrodes. 

Very often it is desirable to operate tetrodes with 
screen voltages other than those for which the curves 
are available. Since the currents vary approximately as 
the three-halves power of the screen voltage, it is not 
too difficult to assign new values to the grid and plate 
voltage coordinates and to the constant current lines. 
For example, if it is desired to operate with a screen 
voltage of 500 v and the curves are for 300 v, all voltage 
values on the curves must be multiplied by the voltage 
factor of 500/300 or 1.67. The current values are all 
multiplied by the three-halves power of the voltage 
factor, e.g., ( 1.67) 3/2 = 2.15, which is the current factor. 
Using these new values on the curves, the operating 
conditions can be calculated as in the previous section. 

Amplifier Design Considerations 

There are many advantages in separating the power 
amplifier from the exciter in order to provide a flexible 
and more universal type of transmitter installation. It 
has been found that about 0.1 w is a practical value of 
exciter output as this allows use of receiving type tubes 
in the exciter stage with a signal-to-distortion ratio ex¬ 
ceeding 50 db. 

By using modern high gain tetrodes it is practical to 
raise the 0.1 w power level to as high as 40 kw in just 
three stages. In fact, over 10 db of gain is left over for 
rf feedback. Three stages with a gain of over 1,000,000 
in a compact layout require very clean design and 
excellent shielding. Enclosing each stage in a separate 
compartment and using feedthrough type capacitors for 
lead filtering will provide on the order of 80-db isolation 
between the power amplifier and input. The use of 50-
ohm coaxial line input and output is an important aid 
in realizing very high isolation. Confining all rf power 
within the transmitter building to shielded enclosures 
and coaxial transmission lines is very effective in keep¬ 
ing stray rf out of control circuits and the audio and 
radio telegraph terminal equipment and it also aids in 
minimizing stray harmonic radiation. Actually, the 
Radio Amateurs have adopted this concept of station 
design more quickly than commercial users, although 
it is expected that commercial use will increase rapidly 
when antenna feeds systems for matching 50-ohm trans¬ 
mitter output become more widely known. 

In addition to good shielding, each stage should be 
accurately neutralized to obtain better tuning charac¬ 
teristics and more uniform stage gain across the fre¬ 
quency range with a moderate amount of interstage 
circuit swamping. In order to eliminate all screen by¬ 

passing problems in the high power tetrode stage the 
writer has successfully used the simple expedient of 
operating the screen at ground potential. Making con¬ 
tact between the chassis deck and the entire periphery 
of the ring screen terminal on tubes such as the 6166 and 
4X5000A provides the best possible grid to plate isola¬ 
tion. The filament is operated below ground potential 
by the amount of the screen voltage which complicates 
the power supply a little but this is a modest price to 
pay for the excellent circuit stability and freedom from 
vhf parasites which has been experienced. 

Fig. 12 shows the basic circuit of a three-stage 
amplifier incorporating these features. By giving care¬ 
ful attention to design details, a high performance linear 
power amplifier with low distortion has resulted. 

It is noted that there are only 4 tuning controls, one 
for each of the 3 tuned circuits and 1 for the power 
amplifier loading adjustment. Automatic tuning has 
been successfully adapted to this circuit and it is rela¬ 
tively economical because of the small number of servo¬ 
mechanisms required. 

The small number of stages, tuned circuits, and com¬ 
ponents inherently has an advantage with regard to re¬ 
liability and ease of maintenance. 

Fig. 12—High performance three-stage linear power amplifier. 

Conclusion 

The transfer characteristic of a tube and the choice 
of its operating condition determines the intermodula¬ 
tion distortion of a linear rf amplifier. The theoretical 
tube transfer characteristic presented may serve as a 
guide for tube manufacturers in the development of 
tubes with lower distortion. The optimum zero signal 
point of operation for low intermodulation can be 
estimated from published tube characteristic curves and 
Chaffee’s method of analysis provides a useful and quite 
accurate method of computing the operating conditions 
of a class AB rf power amplifier. 

The increasing use of single sideband and multiplex¬ 
ing to realize increased traffic density per transmitter 
channel requires the use of linear power amplifiers. 
Future requirements will call for ever increasing per¬ 
formance with regard to low distortion, low spurious 
output, and reliability. It is hoped that this paper will 
provide an incentive for further contributions to the 
state of the art. 
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Distortion Reducing Means for Single¬ 
Sideband Transmitters* 

WARREN B. BRUENEf, senior member, ire 

Summary—The need for reduced levels of intermodulation dis¬ 
tortion products from linear rf power amplifiers is increasing as the 
state of the art advances. Two basic means of reducing distortion to 
levels better than is obtainable from available tubes are shown. One 
is direct rf feedback and the other is envelope distortion cancelling 
modulation. Some of the problems and limitations as well as advan¬ 
tages and performance characteristics ire presented to aid the reader 
in evaluating these methods. RF feedback is a superior method, al¬ 
though useful amounts of distortion reduction can be achieved using 
envelope distortion cancelling modulation. A circuit of an amplifier 
combining both methods is shown which produces better performance 
than using either alone. 

1HE RAPID development of single-sideband tech¬ 
niques during the past few years has advanced the 
art to the point where it is accepted by the hf 

communication industry. In fact, it makes possible 
a better communication circuit at lower cost for the 
same standards of equipment performance. Single¬ 
sideband techniques also offer a great increase in chan¬ 
nel capacity; first, because a channel requires half the 
previous bandwidth, and secondly, because several 
channels can be multiplexed which minimizes the guard 
band required between channels. To obtain the maxi¬ 
mum use of the frequency spectrum we must use the 
minimum bandwidth practical per channel, minimize or 
eliminate guard bands for frequency drift and limited 
receiver selectivity, and confine all transmitter radiation 
to the assigned channel. This means that all spurious 
output due to harmonics and cross modulation distor¬ 
tion products must be kept as low as advances in the 
state of the art make possible. 

It is these new higher standards and circuits for 
making more channels available that makes single¬ 
sideband so valuable, although seemingly more complex. 
Some of the early single-sideband transmitters 1 

realized the advantages of single-sideband transmission, 
but the power amplifier distortion was so great (25-db 
signal-to-distortion ratio) that voice channels were 
spaced a full channel apart to avoid excessive inter¬ 
ference from noise due to distortion products. A more 
recent equipment2 has low enough distortion (35 db) so 
that the quality of adjacent voice channels was accept¬ 
able. Still lower distortion is desirable, however, to 
yield higher quality voice circuits. Perhaps even more 
important are the distortion products that fall outside 

* Original manuscript received by the IRE, September 10, 1956. 
f Collins Radio Co., Cedar Rapids, Iowa. 
1 A. A. Oswald, “A short-wave single sideband radio telephone 

system,” Proc. IRE, vol. 26, pp. 1431-1454; December, 1938. 
2 L. M. Klenk, A. J. Munn, and J. Nedelka, “A multichannel 

single sideband transmitter,” Proc. IRE, vol. 40, pp. 783-790; July, 
1952. 

the assigned channels which may interfere with another 
service receiving a weak signal on an adjacent channel. 

The main source of distortion, of course, are the non¬ 
linear characteristics of rf power amplifier tubes. The 
best means of achieving low distortion is proper choice 
of the power amplifier tubes and their operating con¬ 
ditions. A companion paper3 outlines desirable tube 
characteristics and operating conditions for low dis¬ 
tortion. 

Another very desirable characteristic of a linear ampli¬ 
fier stage is high gain. Each stage generates distortion 
and the distortion products add approximately vec-
torially, so, for a given distortion per stage, fewer stages 
will yield lower over-all distortion. 

The design objectives for transmitters in current de¬ 
velopment are minimum signal-to-distortion ratios of 
35 to 40 db, using a two-frequency test signal. This 
represents an advancement in the state of the art but it 
takes no stretch of the imagination to realize that a 
signal-to-distortion ratio of 50 db would increase the 
utility of single sideband in the communications in¬ 
dustry still more. 

If the distortion of available tubes operated at prac¬ 
tical operating conditions does not yield as low a dis¬ 
tortion figure as desired, then some means of distortion 
cancelling must be used. There are two general types of 
distortion cancelling means used. One is direct rf feed¬ 
back4 and the other is envelope modulation which may 
be accomplished in any of several ways. 

RF Feedback 

RF feedback is a very effective means of reducing 
distortion. Ten db of rf feedback will produce nearly 10 
db of distortion reduction and this is realized at all sig¬ 
nal levels. A modest amount of feedback can be ob¬ 
tained very simply in a two or three-stage amplifier. 
Fig. 1 shows a typical two-stage amplifier and Fig. 2 
shows an amplifier with feedback around three stages. 

The amount of feedback that can be safely used de¬ 
pends upon the phase-gain characteristics around the 
feedback loop just as in any other type of feedback 
circuit. The principal contributions to the phase-gain 
characteristic are those of the tuned circuits which are 
within the feedback loop. In Fig. 1 these are the inter¬ 
stage tank circuit and the input characteristic of the 
output tank circuit. In Fig. 2 the two interstage tuned 
circuits plus the input characteristic of the output net-

3 Bruene, “Linear power amplifier design,” this issue, p. 1754. 
4 W. B. Bruene, “Linear power amplifiers for SSB transmitters,” 

Electronics, vol. 28, pp. 124-125; August, 1955. 
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Fig. 1 Two-stage rf power amplifier with feedback. 

Fig. 2 RI' feedback around three stages. 

work appear within the feedback loop. It must also be 
recognized that the Q’s of the circuits may vary widely 
and that any degree of mistuning must be considered. 

Ihe phase-gain characteristic of the interstage cir¬ 
cuits is very nearly that of the infinite Q characteristic 
if the Q is high or if the resistance in the circuit is in 
parallel with it and not in one leg only. The finite source 
resistance of the preceding tube’s plate characteristic 
will not change the phase-gain curve but it does have 
the effect of lowering the apparent Q of the circuit. 

If each of the three tuned circuits of a three-stage rf 
feedback amplifier can be assumed to have the charac¬ 
teristics of Fig. 3, the maximum amount of feedback 
that will allow a 30° phase margin can be found. This 
is represented by the minimum loss when the total 
phase shift is 180° —30° or 150°. A few experimental 
checks showed that this minimum loss occurs when the 
phase shift in each circuit was the same, i.e., 50° in each. 
The loss is then 3.8+3.8+3.8 = 11.4 db. (Note that 
11.4 db gain around the feedback loop corresponds to 
13.4 db of feedback from a distortion reduction stand¬ 
point or relative amplifier gain with and without feed¬ 
back. 11.4 db = 3.4 voltage gain around loop. 3.4+1 
= total feedback = 4.4 or 13.4 db.) It is also noted that 
the loss is 18 db total for 180° phase shift which gives a 
corresponding gain margin or 18 — 11.4 = 6.6 db. 

The above observation also applies to the case where 
the Q’s of the tuned circuits are not equal. The minimum 
loss still occurs where the circuits are tuned so that at 
some frequency the phase shift in each is 50°. Fig. 4 
shows the superimposed resonance curves of three 
circuits of unequal Q for this condition. Any other tun¬ 
ing condition will have greater loss at 150° total phase 
shift and, hence, a greater margin of stability. If this 
worst possible tuning condition is not allowed to exist, 
the amount of feedback can be increased. This can be 
accomplished by using circuit Q’s that are widely dif¬ 
ferent and tuning each exactly to resonance. Use of one 
Q twice the other two allows 15.4 db of feedback and if 
the one Q if 10 times the other two up to 20.8 db of feed¬ 
back can be used. 

Fig. 3—Phase-gain of infinite Q-tuned circuits. 

Fig. 4 Relative tuning position for minimum loss at 30° 
phase margin. 

In the above example the phase-gain characteristic 
of all three tuned circuits was assumed to be that shown 
in Fig. 3. The input characteristic of a Pi-L output net¬ 
work with a Q of 10 {i.e., input A'c = 0.1 Rf) is not sym¬ 
metrical and is shown in Fig. 5. 

Fig. 5—Phase-gain plot of input of a Pi-L network. 

Consider an example using this Pi-L network in a 
three-stage feedback amplifier. Any degree of mistuning 
allows only 10.8 db of feedback for the minimum phase 
margin of 30°. For comparison a two-stage feedback 
amplifier with the same Pi-L network can use up to 18.7 
db of feedback for the same phase margin. Use of a 
higher Q Pi-L output network and some means of avoid-
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ing the worst possible mistuning condition allows very 
useful amounts of rf feedback to be used. In practice, 
10 db of feedback in a three-stage feedback amplifier 
has been used with good results, and, although 18 db 
can be used in a two-stage amplifier, it has been found 
more practical for other reasons to use only 12 to 15 db, 
which gives a very wide stability margin. 

Envelope Distortion Cancelling Modulation 

The second general type of single-sideband distortion 
reduction uses some form of amplitude modulation to 
restore the shape of a distorted single-sideband en¬ 
velope. When a two-frequency signal passes through a 
nonlinear amplifier the distortion products cause the 
shape of the rf output envelope to be different from the 
input signal and using amplitude modulation to restore 
the envelope shape can produce a useful amount of dis¬ 
tortion cancelling. 

One method uses envelope feedback which is a carry¬ 
over from AM practice.8 Fig. 6 shows a block diagram 

Fig. 6—Envelope feedback circuit for AM. 

of this circuit. This circuit has been successful in reduc¬ 
ing distortion in linear amplifiers in AM broadcast 
transmitters because a carrier of constant amplitude 
was always present which could be modulated, and it is 
the envelope which is detected in an AM system. Single¬ 
sideband is different in that there may be no carrier 
present and in single sideband it is the frequencies 
which make up the envelope rather than the envelope 
itself which are detected by the demodulator in the 
receiver. A study of the mathematics of the circuit of 
Fig. 6 shows that the gain of the audio amplifier should 
vary in an inverse manner to the instantaneous ampli¬ 
tude of the input signal envelope. To the writer’s 
knowledge, this function has not been incorporated in 
existing single-sideband amplifier envelope feedback 
circuits and undoubtedly accounts for the fact that dis¬ 
tortion reduction decreases with decreasing signal ampli¬ 
tude in these equipments. Fig. 7 shows typical per¬ 
formance of conventional envelope feedback circuits 
and the dotted line shows what would be expected if the 
gain of the audio amplifier were varied inversely with 
the amplitude of the input signal envelope. A circuit for 

6 F. E. Terman and R. R. Buss, “Some notes on linear and grid-
modulated radio frequency amplifiers,” Proc. IRE, vol. 29, pp. 104— 
107; March, 1941. 

accomplishing this is shown in Fig. 8. It is impractical 
for the audio amplifier gain to become infinite at zero 
amplitude so the finite gain limit causes the dotted 
curve of Fig. 7 to coincide with the no feedback curve 
at zero signal amplitude. 

Fig. 8 Envelope feedback circuit for single sideband. 

Envelope feedback circuits present some rather dif¬ 
ficult design requirements. If these are not met ade¬ 
quately this circuit will cause distortion to be generated 
in an otherwise low distortion amplifier. The most 
important and most difficult problem is overcoming the 
apparent envelope time lead inherent in rf tank circuits. 
This causes the envelope of continuous tones at the out¬ 
put envelope detector to be leading in time from that at 
the input envelope detector as shown in Fig. 9. For 
example, a signal of two frequencies 10 kc apart passing 
through four tuned circuits each with a Q of 20 at an 
operating frequency of 4 me will have an apparent en¬ 
velope lead of approximately | microsecond. Another 
way of stating this is that the higher frequency is leading 
by 20° the relative phase of the lower frequency as 
shown by this example in Fig. 9. In order to get a proper 
balance in the differential amplifier a delay network 
must be inserted in the rf amplifier or in the output 
envelope detector circuit. There is a fallacy in this 
reasoning which assumes a continuous wave signal with 
the envelope repeating in a cyclic manner, however. 
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phase of a 
resonant 
CIRCUIT 

Fig. 9—Envelope lead due to tank circuits. 

Actually, the intended purpose of the envelope modu¬ 
lator is to keep the output envelope shape the same as 
that of the input envelope. The only way this can be 
accomplished perfectly is on an instantaneous basis. 
There is some delay inherent in the envelope detectors 
which usually can be kept relatively small, but it is ap¬ 
parent that any time delay around the feedback loop 
will cause the distortion cancelling modulation to come 
late. How late relative to the rate at which the envelope 
is changing places a limit on the effectiveness of this 
circuit. Excessive time delay can cause a very serious 
amount of uncancelled distortion to be generated which 
would destroy that circuit’s usefulness. This discussion 
also serves to show that the standard two-frequency 
test signal may give optimistic readings for performance 
of equipment using envelope feedback. 

Another limitation of envelope feedback is that the 
bandwidth of the feedback circuit should be theo¬ 
retically infinite because frequency components of the 
amplitude-detected envelope are not the same as the 
components which produce the envelope, and are not 
limited to the same frequency range. For example, the 
envelope of two equal amplitude rf frequencies is the 
same as that of a full wave rectified sine wave which 
theoretically contains an infinite number of components. 
It can be shown, however, that by considering the 
probable frequencies and their amplitudes of random 
signals an envelope feedback frequency response of 
three times the rf channel width will realize a large per¬ 
centage of the possible usefulness of envelope feedback. 

Another envelope feedback circuit requirement is that 
the phase-gain characteristic around the feedback loop 
must be carefully controlled to maintain stability of the 
circuit and this must be compatible with the previously 
discussed time-delay and frequency response require¬ 
ments. 

A proper amplitude balance must be maintained from 
the envelope detectors at the differential amplifier in 
order that only the distortion components of the output 
envelope are used to modulate the input envelope. 1 f the 
gain of the power amplifier stages changes when tuning 
to a new frequency, the level from the output envelope 

detector must be changed a corresponding amount to 
maintain the proper balance at the differential amplifier. 
An unbalance will cause generation of distortion in Fig. 
8, unless de circuits are maintained from the envelope 
detector through to the modulated amplifier. In Fig. 6 
an unbalance will always generate distortion whether or 
not the audio circuits pass de. In some cases this 
generated distortion can be useful if it happens to cancel 
distortion produced in the rf amplifiers. 
There have been numerous attempts to obtain a 

modulating audio signal for distortion cancellation in 
different ways. Nonlinear circuit loading has also been 
used as a distortion cancelling means. In general, the 
capabilities of most of these schemes are quite limited 
but in some cases a useful amount of distortion cancel¬ 
lation can be achieved. 

Combined Envelope Modulation Distortion 
Cancelling and RF Feedback 

The writer has successfully combined one type of 
envelope modulation with rf feedback and Fig. 10 shows 

MODULATING 
SIGNAL 

SYNTHESIZER 

Fig. 10—Combined envelope modulation and rf feedback. 

a simplified schematic of this circuit. Three high gain 
stages with 10 db of rf feedback around all three stages 
are used. A modulating signal is synthesized from the 
input envelope and used to grid modulate the first stage. 
The envelope distortion cancelling modulation is effec¬ 
tively within the rf feedback loop so when the rf feed¬ 
back reduces the residual distortion by 10 db a total 
distortion reduction on the order of 20 db can be 
readily achieved. This circuit adapted to a 20-kw trans¬ 
mitter in the laboratory demonstrated a signal-to-
distortion ratio of better than 50 db for all distortion 
products at any signal level up to 20-kw peak envelope 
power using a two-frequency test signal. 

The modulating signal synthesizing circuit was very 
simple and only did a crude job of generating a signal 
approximating the ideal. It was capable of substantial 
distortion reduction for rf signals greater than one¬ 
tenth of rated peak power output, however. Fig. 11 
shows the improvement of the 20-kw transmitter dis¬ 
tortion by addition of the envelope distortion-cancelling 
modulator. RF feedback was not used during these 
measurements but when it was added the 50-db signal-
to-distribution ratio was achieved using a standard 
two-frequency test signal. 
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Fig. 11-—Envelope distortion cancellation in 20-kw transmitter. 

Performance Measurements 
There was reason to doubt the value of this envelope 

modulation with other types of signals because of the 
unpredictableness of nonlinear element characteristics. 
Tests were made using three frequencies and four fre¬ 
quencies for the test signal and the improvement was 
still almost as good. A 3-kc band of white noise was then 
used for the test signal and the spectrum was again 
analyzed using an analyzer with a 150-cps bandwidth 
and sweeping at a rate of 200 cps. Many charts were 
made using a pen recorder on the output of the spectrum 
analyzer for various signal levels with and without 
envelope modulation, with and without rf feedback and 
with both rf feedback and envelope modulation. 

The envelope modulation yielded the most distortion 
reduction when the rms power level was 7 db below 
20-kw peak envelope power. At higher levels the dis¬ 
tortion from limiting on noise peaks increased rapidly 
and at a lower noise signal level much of the signal was 
in the low level region where this particular circuit was 
less effective as indicated by Fig. 11. The improvement 
of the envelope modulator is shown in Fig. 12 for this 
signal level. It is noted that the greatest reduction lies 
near the passband where the third-order products arc 
predominant. Beyond 6 kc from the band edge there is 
no improvement as only seventh and higher-order 
products lie in this region and this envelope modulator 
did not reduce them as previously determined from two-
frequency test measurements. 

RF feedback, on the other hand, is effective on the 
higher-order products, also, and Fig. 13 shows the im¬ 
provement by rf feedback at the same noise signal level. 
The additional improvement of using both envelope 
modulation and rf feedback is also shown in the same 
figure. The value of using the envelope modulation 
rapidly diminished at lower signal levels and vanished 
at a noise signal level about 6 db below the — 7 db level. 

Fig. 12— Distortion components with and without 
envelope modulation. 

Fig. 13—Improvement using both envelope modulation 
and rf feedback. 

Conclusion 

These tests indicate that rf feedback is a superior 
method of reducing distortion. It is fully effective on 
any type of signal at any signal level up to the peak 
power limit of the amplifier. It is effective on all orders 
of distortion components with the only limit being the 
bandwidth of the interstage tank circuits which arc 
ordinarily many times wider than the communication 
channel. 

Envelope modulation can be used to achieve a useful 
amount of distortion reduction but it is basically an 
indirect method and difficult to apply to full advantage. 
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It is expected that an improvement over the perform¬ 
ance shown here can be achieved by obtaining a better 
envelope modulating signal. The frequency response of 
the envelope modulation circuits must be several times 
the bandwidth of the transmitter channel width. It ap¬ 
pears that inherent practical limitations make it a less 
useful means of distortion reduction, particularly for the 
higher order products that lie beyond the immediately 
adjacent channels. 

A simple method has been shown using both rf feed¬ 
back and envelope modulation that yielded a 50-db 

signal to distortion ratio with a two-frequency test sig¬ 
nal. The addition of envelope modulation distortion 
cancellation to an rf feedback amplifier appears to be 
useful, although not as much as might be expected. 

The complexity and limitations of linear amplifier de¬ 
signs requiring these distortion reducing means show 
the need for the development of rf power amplifier tubes 
with lower distortion. Future requirements will restrict 
adjacent channel undesired output more than at present 
and better tubes will allow this to be achieved with less 
complexity and more reliability. 

Correction 

The Audio Techniques Committee has requested that 
the following correction be made to “IRE Standards on 
Audio Systems and Components, Methods of Measure¬ 
ment of Gain, Amplification, Loss, Attenuation, and 
Amplitude-Frequency-Response,” which appeared in 
the May, 1956 issue of Proceedings. The second para¬ 
graph of Section 1.2, on page 674 should read as follows: 

In audio practice, the term “amplification” is em¬ 
ployed for, and should be limited to, the expression 
of a current or voltage ratio between any two 
points in a transmission system. When expressing 
a power ratio it is recommended that the term 
“gain” be used instead of amplification. Conversely 
the use of the term gain (or the inverse term “loss”) 
to express a current or voltage ratio is deprecated. 
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Automatic I uning Techniques for 
Single-Sideband Equipment* 

VINCENI R. DeLONG|, member, iri 

Summary— Methods of automatically positioning tuned circuits 
for rapid frequency changes are discussed. Equipment ranging from 
low level single-sideband exciter-receivers to high power linear rf 
amplifiers are considered with attention given to the correlation of 
positioning accuracy, tuning change time, and ultimate cost of equip¬ 
ment. The merits and limitations of mechanical positioning, follow-up 
potentiometer servo systems, and phase servo systems, are noted. 

Special emphasis is placed upon the adjustment of tank circuits in 
linear power amplifiers. The problem of obtaining phase information 
for the servo systems is presented and several improved circuits for 
tuning and loading detection are explained. 

The paper is concluded with a general discussion of gain control, 
sequencing of control circuits, and protection of tubes during tuning 
cycles. 

Introduction 

WITH the growing impetus for practical methods 
of utilizing the advantages of single sideband 
for hf communication, developments are rap¬ 

idly progressing to design equipment whose operation 
is as simple or even more simple than operation of pres¬ 
ent double-sideband systems. A technique which prom¬ 
ises to aid in this endeavor is automatic tuning. Auto¬ 
matic tuning is a term which has been overworked in 
describing nearly every invention that caused a circuit 
to resonate without outside aid. For purposes of this 
discussion, automatic tuning will refer to the technique 
of adjusting radio communications equipment in such a 
manner that its operation may be virtually unattended. 

Automatic tuning of a single-sideband transmitter 
presents a problem which requires a study of the system 
as a whole from the operator to the antenna. The auto¬ 
matic consideration breaks down into five distinct 
fields: tuning the single-sideband exciter, tuning the 
linear amplifiers, loading the final amplifier and the an¬ 
tenna, adjusting the circuit gains, and operating the 
control circuits. When each one of these functions is 
properly performed without the aid of a human being, 
it may be said that the system is truly automatically 
tuned. 

Tuning the Exciter 

Automatic tuning of transmitting equipment infers 
the ability to be able to switch to new operating fre¬ 
quencies in rather rapid succession. This requires 
switching capabilities in the basic frequency generating 
device. In view of the great frequency stability neces¬ 
sary for single-sideband communication, two methods 
of frequency control are in general use. These are the 
crystal oscillator and the stabilized master oscillator 

* Original manuscript received by the IRE, September 10, 1956 
T Collins Radio Company, Cedar Rapids, la. 

(SMO). Of these two choices, the SMO is by far the most 
versatile, the most stable, and unfortunately the most 
costly. In systems where slightly reduced stability can 
be tolerated, and where only a few predetermined chan¬ 
nels are necessary to maintain communications, the 
crystal oscillator offers the most economical solution for 
generating the basic frequency. 

With crystal controlled oscillators, frequency selec¬ 
tion is a fairly simple matter. Various channels may be 
chosen by merely switching the proper crystals into the 
circuit or by selecting the proper crystal oscillator. If 
remote control of the transmitting equipment is neces¬ 
sary for system operation, it is an easy matter to obtain 
mechanical assemblies that will position the channel 
switch from remote electrical information. The only 
shortcomings of this arrangement are limited channel 
selections and only medium-frequency stability. 

Use of a stabilized master oscillator frequency-gener¬ 
ating scheme allows the generation of an almost super 
stable signal whose stability may be only limited by the 
excellence with which a frequency standard may be 
built as a reference unit. Depending upon the applica¬ 
tion, two degrees of stability may be obtained with a 
SMO circuit. If the communications system can tolerate 
discreet channels with spacings up to as close as 1 kc, 
thousands of channels may be made available with each 
frequency in its turn being phase locked to the frequency 
standard. On the other hand, if complete frequency 
coverage is needed in the application, frequencies be¬ 
tween the phase locked channels may be supplied with a 
not too distressing reduction in SMO stability. 

I requency selection wit h a stabilized master oscillator 
may be done in a variety of ways. With local operation, 
a calibrated dial may manually be used to select the fre¬ 
quency. Remotely this same dial may be channeled to a 
number of “pre-set” frequencies by mechanical memory 
schemes. A recently employed arrangement uses a 
follow-up potentiometer servo system to select thou¬ 
sands of channels either locally or remotely by merely 
selecting the proper precision resistance. By employing a 
special switch design to select the resistances, a direct 
reading frequency indication dial may be provided. It 
appears that the technique in this field is continually 
changing and improving, with present developments 
allowing nearly infinite frequency channel control with 
local operation, but limiting channels to a finite number 
with remote selection. 

Once the basic frequency has been selected, it must be 
operated on by additional equipment to generate the 
final single-sideband signal. To encompass an entire sys-
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tern of automatic tuning, consideration must be given 
to the method by which the sideband is to be obtained. 
Of the several ways of generating a single-sideband sig¬ 
nal, by far the most popular is the low level method em¬ 
ploying filters. In practical frequency schemes this infers 
operation of a balanced modulator in the 100-kc to 
500-kc region, filtering at the balanced modulator fre¬ 
quency to remove the unwanted sideband, and either 
single or multiple conversion to the operating frequency. 
Early designs by the Bell Telephone Laboratories used 
balanced modulators at 100 kc mostly because this was 
a favorable region for the construction of a crystal lat¬ 
tice filter.1 The Collins Radio Company has been em¬ 
ploying 300 kc partly because this 300 kc works well in 
the frequency conversion scheme used to reach the final 
operating frequency, and partly because a good mechan¬ 
ical filter can be constructed in this region. The local 
oscillator chosen to go with the 300-kc intermediate fre¬ 
quency is in the range of 2 to 4 me. Reasons for the 
choice of this range are many and complex, but in gen¬ 
eral this frequency ratio and range are practical values 
for the construction of an extremely stable permeability-
tuned oscillator with linearized tuning. Utilizing this 
intermediate frequency together with the 2 to 4 me 
oscillator, it is possible to obtain sideband output on any 
frequency in the hf range with a minimum of spurious 
outputs. It is thus apparent that the crystal oscillator or 
the stabilized master oscillator whose use as basic fre¬ 
quency devices has already been discussed should have 
their outputs some place between 2 and 4 me, depending 
upon the output frequency desired if this frequency con¬ 
version plan is used. 

Inasmuch as the only circuits of great interest from 
the automatic operation standpoint are those which 
need readjustment with frequency, the carrier generator 
which generates the intermediate frequency, the bal¬ 
anced modulators, and sideband filters, may be dis¬ 
pensed with as they are of fixed frequency for a given 
installation. Speculation has already been given to ways 
and means of controlling the tuning of the oscillator. 
The next tuned circuits to need attention are the mixer 
tank circuits and the tank circuits of the following low 
level amplifiers, necessary either for amplification or for 
selectivity to reject mixer spurious responses. If more 
than a single conversion is necessary there are also 
multiplier tank circuits to be positioned which are used 
to step up the local oscillator frequency for subsequent 
injections. Starting at the 300-kc generation point and 
using a basic frequency between 2 and 4 me, more than 
ten tuned circuits may be necessary before a power 
level of 0.1 watt on the operating frequency is attained. 
About 0.1-watt level is chosen as the power level at 
which receiver type techniques are reaching their limita¬ 
tion giving way to the more elaborate tank circuits 
necessary to handle appreciable power. 1 his is also the 

1 A. E. Kerwien, “Design of modulation equipment for modern 
single-sideband transmitters,” Proc. IRE, vol. 40, pp. 797-803; 
July, 1952. 

arbitrary dividing line between a single-sideband 
“exciter” and a single-sideband power amplifier unit. 

With as many as ten circuits in use on one frequency 
and the possibility of thirty circuits necessary to cover 
only the high-frequency spectrum in a band-switched ex¬ 
citer, it is obviously impossible to consider individual posi¬ 
tioning of each tank circuit for every frequency change. 
For the design of a crystal-controlled excited with a very 
limited number of channels, it might be quite practical 
to have pretuned sets of coils that could be switched 
into the various circuits or, for that matter, complete 
pre-tuned individual mixer-multiplier stages could be 
switched. For the design of a versatile automatically-
tuned transmitter such an arrangement would be quite 
limited. One practical solution is to employ permeabil¬ 
ity-tuned coils for each circuit whose inductance varia¬ 
tion has been tapered such that the tuning shaft travel 
has been linearized with respect to frequency. These 
then may all be ganged together to provide one tuning 
control for all the mixer-multiplier circuits. 

Once the mixer-multiplier tank circuits are tracked, it 
is necessary to worry about the positioning of only one 
control instead of a possible thirty. Because the coils in 
the mixer-multiplier circuits have drives linearized with 
respect to frequency, it is entirely possible to mechani¬ 
cally connect their positioning shaft to a SMO whose 
mechanical operation is also linearized in the same 
manner. By means of quite complex mechanical link¬ 
ages, high stability exciters have been built with all the 
tuned circuits ganged to a master control. The same 
problem may be solved with electrical coupling, by sup¬ 
plying the mixer-multiplier with a very accurate follow¬ 
up potentiometer servo system which has the master 
potentiometer located on the SMO. Such a scheme, al¬ 
though possibly slightly higher in initial cost, is ex¬ 
tremely flexible in its application and has numerous ad¬ 
vantages that become more evident when the concept is 
studied in relation to entire systems. Fig. 1 (next page) 
shows the two approaches for comparison. A common 
design of the servo controlled mixer-multiplier assembly 
may be used with many different oscillators. For exam¬ 
ple, a multiple channel exciter with a switched crystal 
oscillator may employ the servo mixer-multiplier by 
merely switching in the proper master resistance for 
each channel. By the addition of a few tubes, the same 
tank circuits of the mixer-multiplier may be employed 
as a receiver. Thus a whole family of exciters, receivers, 
and transceivers may be enerated using the same master 
building block, the servo controlled mixer-multiplier unit. 

Exactly which plan is chosen to select the exciter fre¬ 
quency depends mostly upon analysis of the communi¬ 
cation problem to determine what frequencies must be 
made available and by what manner they must be se¬ 
lected. Solutions have been offered not only for tuning 
exciters but also for automatically tuning receivers. 
Whatever is determined as the proper choice of exciter 
for the application, it is bound to influence the planning 
of the tuning techniques of the amplifiers to follow. 
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Fig. 1 (a) Aircraft SSB exciter with servo coupled mixer-multi¬ 
plier. All units are plug-in module construction, (b) SSB ground 
station exciter drawer. All mixer-multipliers and oscillators are 
mechanically ganged to front gear plate. 

Tuning the Linear Amplifier 
In a single-sideband transmitter a series of linear 

amplifiers all on the operating frequency are employed 
to boost the exciter power level to the desired power 
output. Because of the relatively high power level in 
these amplifiers, it becomes difficult to track more than 
a minor number of tank circuits. As each tank circuit or 
set of tracked tank circuits will require one servomotor 
to tune the circuit to resonance, it behooves the designer 
to consider carefully the use of an unnecessary stage of 
amplification. A design most conservative of tuned cir¬ 
cuits employs the modern high gain tetrode or pentode. 
Using these modern tubes with 0.1-watt exciter output, 
power levels to 1 kw may be obtained with two stages of 
amplification, to 50 kw with three stages, and to 300 kw 
in four stages. In order to get satisfactory linearity with 
these types of tubes rf feedback may be employed. With 
feedback, additional restrictions and precautions must 
be placed upon the design of the automatic tuning sys¬ 
tem. The exact number of stages of amplification and 
the resulting servo tuning units to be employed depend 
entirely upon the tube types available and the discretion 
of the designer. In any event, the final product must be 
a compromise that will satisfy both the gain and linear¬ 
ity requirements and yet employ no more than a grace¬ 
ful complement of motor tuned circuits. Experience has 
shown that the best designs are realized when the rf cir¬ 
cuits, and the automatic tuning arrangements are con¬ 
ceived simultaneously with easy interchange of com¬ 

promise between the two considerations. 
Of fundamental importance in the design of an auto¬ 

matic tuning system is the choice of the tune-up time. It 
is clear that no objection could arise to a nearly in¬ 
stantaneous response; however, it is apparent that the 
shorter the time allowed for tuning, the greater must be 
the power of the servo motors used to move a given 
friction load and the more exact will be the precision of 
the system. In the past, equipment users have been 
satisfied with a frequency change time of a few seconds 
to about 60 seconds. In general, it is found that the 
shorter the tuning time required, the higher powered the 
output stage desired, and the greater the frequency spec¬ 
trum to be serviced, the greater will be the cost of the 
servo equipment. In the struggle for improvement every 
effort should be made to arrive at a design that will hold 
the tuning time to a minimum for any group of com¬ 
ponents of a given cost. 

Two varieties of servo systems are available to po¬ 
sition transmitter components, the nonlinear relay 
operated servo and the full proportional control servo. 
Each of these may employ either a de motor or an ac 
motor for the driving mechanism. Although many suc¬ 
cessful designs have employed de motors, they are not 
to be preferred because of the commutator problem. The 
nonlinear relay system is very economical but is rather 
crude for the present state of the art. The amount of 
tuning accuracy that may be obtained is limited and its 
use is not satisfactory except where a low grade servo 
system can be tolerated. On the other hand the propor¬ 
tional control system will give excellent performance 
and in the past few years has seen rapid advances both 
in the availability of excellent components and in the 
gain of engineering know-how in the application of 
servo mechanism theory. There are currently on the 
market many high performance two phase ac servo 
motors with low inertia and extremely compact design. 
In the 400-cycle frequency range the units are capable 
of amazing performance and the variety is almost un¬ 
limited. Motors may be obtained with attached rate 
generators of excellent quality for servo system stabili¬ 
zation or with integral mechanical damping devices. 
The servo pre-amplifiers may now be transistorized to 
give increased reliability, and great strides in the mag¬ 
netic amplifier field offer a valuable tool for the control 
of power to the servo motor. Whole organizations of 
engineers specializing only in the design of servo mecha¬ 
nisms are available throughout the country, and the 
application of their efforts can add almost unlimited 
improvement to the quality of an automatically-tuned 
transmitter. 

Choice of the servo system depends not only upon the 
tuning time but also upon the components to be po¬ 
sitioned and the degree of accuracy required. The com¬ 
ponents and the position accuracy are a function of the 
rf circuit design. There are two broad design choices, 
that is, either band-switched or continuous coverage 
tank circuits for the amplifiers. Band-switching has the 
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advantage of using a cheaper motor driven switch for 
large frequency changes and hence may possibly cause a 
reduction in the size of the more costly tuning motor re¬ 
quired, since the tuning motor then operates as a vernier 
device to tune in between the larger frequency jumps. 
This arrangement might roughly be classed as a two-
speed servo system. If band-switching is employed, care 
must be taken to maintain some sort of compatibility 
between the amplifier switching points and the frequen¬ 
cies at which the exciter switches; otherwise, it will be 
difficult to obtain information to position properly the 
amplifier band switches. Band-switching may also be 
done with lost motion devices connected to the tuning 
servo motor. These arrangements are true two-speed 
servo systems and are entirely practical, but great finesse 
must be used to avoid more complication than might be 
caused by doing the job by more conventional methods. 
Continuously-tuned amplifiers employing a ganged L 
and C combination for the tank circuit enjoy the advan¬ 
tage of y ield inga more theoretically perfect rf circuit over 
a range of frequency. It is usually easier to keep the oper¬ 
ating conditions more nearly optimum at all frequen¬ 
cies and to keep the design freer from clutter and com¬ 
plication. There is, of course, no need for the extra motor 
driven band-switch gear. For the usual case more pre¬ 
cise servo-control equipment is required for a continuous 
tuning arrangement than for the band-switched design 
for a given tune up time. 

Whether the choice be band-switched or continuous 
tuning, suitable components must be procured for the 
tank circuits. Obviously there can be only two kinds of 
variable elements, the capacitor and the inductor. 
Either one or both of these elements may be varied to 
effect resonance in the tank circuits. While in manually-
tuned transmitters the prime consideration is whether or 
not the component will handle the voltage and current 
in the circuit, in automatically-tuned transmitters the 
I vpe of mechanical load that the element will present to 
the servomotor becomes almost as important a facet. 
The ideal component will present little friction, practi¬ 
cally no “wind-up” or “spring-back,” low break-free 
torque or “sticktion,” and very low inertia to the servo 
motor. Among the best available tuning elements for 
servo-control are small variable air capacitors with good 
bearings. While they require considerably larger servos 
for the same tuning accuracy, the next best mechanical 
load is the variable vacuum capacitor. There are virtu¬ 
ally no commercial inductors on the market which will 
fill the circuit requirements of a given design and still 
have reasonable mechanical aptitudes. Nearly always 
the most difficult single task of building a high power 
automatically-tuned amplifier is the design of a variable 
inductor that will have long trouble free life and yet 
meet all the requirements of a good servo driven ele¬ 
ment. Unquestionably, any time expended to improve 
the mechanical design of the element is better spent than 
time trying to beef up the servo system to handle the 
unfavorable mechanical load. 

The mechanical linkage from the motor to the active 
elements ideally consists of a well-designed spur gear 
train. Proper caution must be exercised to keep the 
backlash to a low value, the amount of which may be 
tolerated depending upon the precision of the position¬ 
ing required. The first stages of reduction from the 
motor require special attention to avoid adding too 
much inertia to the system. Certain gearing steps and 
gear thickness will yield better results. These may be de¬ 
termined by procedures already in the literalure.2 Other 
acceptable gearing include well-planned chain or belt 
linkages and line shafts. Worm gears or screws are not 
to be preferred because of their inherent low efficiency 
and resulting requirement for needless servo power. I he 
gear train should also be fitted with some sort of stop 
mechanism to avoid damage to the tuning element in 
the event of over-travel. If possible, the driven element 
should be built into a unified electromechanical assem¬ 
bly. This arrangement is much preferred because of the 
greater ease of disassembly for servicing and the de¬ 
creased possibility of the various electrical elements, the 
over-travel stops, and the motor getting out of syn¬ 
chronism. An example of each method of assembly is 
shown in Fig. 2 (next page). In small transmitters uni¬ 
fied construction can usually be attained while in high 
power equipment it is often necessary to divorce the 
motor and gearing assembly from the driven elements. 

Before selection of the correct servo system can be 
completed an estimate of the required servo positioning 
accuracy must be prepared. After the mechanical travel 
of the components is known, together with the circuit 
in which they are used, it is possible to estimate the 
needed precision of positioning. A plot of inductance 
and capacity variation vs turns of their operating shaft 
is prepared for each element. The operating frequency 
at which the smallest variation in mechanical setting 
would cause the greatest degree of departure from 
resonance is estimated. In the normal design this occurs 
at the highest output frequency where the highest 
loaded Ç in the tank circuits usually exists. Next, the 
number of degrees of electrical phase shift from reso¬ 
nance that can be tolerated is estimated. I his value is 
used and worked back through the tuning curves to be 
expressed in terms of mechanical displacement that will 
cause that error. This mechanical displacement is then 
doubled to take care of the fact that this displacement 
may occur in either direction from resonance, and ex¬ 
pressed as a ratio of the total travel required. Practical 
accuracies range from one part in 500 to one part in 
10,000. As an example, a servo with accuracy require¬ 
ment of one part in 1000 would be the case where if the 
total tuning travel were divided into 1000 equal parts, 
the servo system must be capable of stopping the ele¬ 
ments within the limits of any one of these 1000 slots as 
desired. This statement of accuracy together with the 

’ D. P. Petersen, “Predicting minimum-inertia power gear trains,” 
Machine Design, vol. 26, pp. 161 167; June, 1954. 
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Fig- 2—(a) Roller coil showing example of unitized gear drive 
and component design, (b) Independent type gear drive unit. 

mechanical load description and the tuning time fully 
describe what grade of servo system must be provided. 

To complete the servo system a source of positioning 
error signal has to be found. Information may be ob¬ 
tained as to the degree of electrical mist uning by a phase 
discriminator or as to the degree of mechanical mis¬ 
placement by a follow-up potentiometer geared to the 
tuning elements. The follow-up potentiometer servo has 
long been used to reposition tank circuits in transmitters 
to previously selected resonances. Banks of master po¬ 
tentiometers are adjusted for various frequencies and 
then switched to instigate a frequency change. For a 
ground station transmitter having available an antenna 
system with a fairly constant input impedance and an 
operating procedure which can tolerate the limited 
number of channels and other shortcomings, the follow¬ 
up system may be a satisfactory solution. On the other 
hand, in mobile transmitter equipments where varia¬ 
tions in antenna impedance are the rule and where the 
availability of many channels is a necessity, a phase 
operated servo system is a must. Furthermore, the trend 
toward the use of high gain tetrodes and rf feedback in 
the linear amplifiers points toward the far superior ad¬ 
justment provided by the constant phase surveillance 

for all types of automatic transmitters. Shown in Fig. 3 
is the phase discriminator which has often been em¬ 
ployed to determine any deviation of the plate tank-
circuit from resonance. A balanced voltage Eb+Ec is ob¬ 
tained from either the plate or grid circuits by a link-
coupled coil that is shielded to prevent incidental ca¬ 
pacity coupling. From the remaining tank circuit a ref¬ 
erence voltage is obtained through a 90° phase-shifting 
network to yield voltage E„. Any deviation from reso¬ 
nance causes Ea and Eb-\-Ec to be at some relationship 
other than 90°. Net result of such a phase shift is un¬ 
balancing of the de voltage outputs from the two diode 
rectifiers. An error signal is consequently delivered from 

Fig. 3—(a) Circuit diagram of phase discriminator, with shield link 
pictured above, (b) Circuit diagram of phase descriminator, with 
photograph of current transformer construction above. 

the circuit which may be used to motivate the servo 
system and return the balance to normal with proper 
resonating of the tank circuit involved. For most satis¬ 
factory operation all three vectors Ea, Eb, and Ec should 
all be nearly equal. It is apparent that Ea will vary with 
frequency due to the type of phase-shift network em¬ 
ployed. 1 his leads to wide variations in the output level 
of the discriminator and also to possible errors if the 
voltage unbalance becomes too great. Hence, for any 
sort of frequency spectrum coverage, the components of 
the phase shift network must either be switched or con-
tinuously varied. To avoid this difficulty the second dis¬ 
criminator of Fig. 3 has been developed. This circuit 
uses a shielded toroidal current transformer that pro-
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vides an inherent 90° phase shift because the voltage 
output is in phase with the 90° phase shifted current of 
the tank circuit coil. The reference voltage may be ob¬ 
tained by either a resistance, capacitance, or inductance 
divider as long as no phase shift is allowed. 1 he resulting 
circuit perforins exactly like the first described except 
that the gain variations are minimized due to the elimi¬ 
nation of the frequency sensitive phase shift circuit, 
(íain variations are kept especially small if the loaded 
<2 of the tank circuit in which the current transformer is 
inserted is held fairly constant. The phase discriminator 
is usually applied individually to each stage that is in 
need of tuning information. However, it may be used 
just as conveniently around two or more stages. Such an 
arrangement may be used in a circuit with rf feedback 
to maintain zero phase shift inside the rf feedback loop. 
This will give added assurance that the feedback is 
working most effectively to correct the nonlinearities of 
the amplifier stages. 

rhe phase discriminator is a well-behaved circuit in 
the vicinity of resonance. Unfortunately the discrimina¬ 
tor responds to harmonic tuning points and signals of 
undeterminate nature lie between the harmonic re¬ 
sponses. To insure that the amplifier will pull into the 
correct frequency, some sort of coarse tuning informa¬ 
tion must be provided. If each motor driven circuit is 
equipped with a potentiometer, coarse follow-up po¬ 
tentiometer information may be obtained from the 
exciter stages. Il is necessary to provide some type of 
sequencing control that will initiate the coarse signal 
when a frequency change is made and turn off the coarse 
when the amplifier is nearing resonance. Except for the 
difficulties of getting the coarse information from the 
master potentiometer in the exciter to track adequately 
with the tuning curves of the amplifier tank circuits and 
the problems of making the sequencing function happen 
in proper order, such a coarse scheme will effectively 
supply pre-information. Pretuning information may 
also be derived from the exciter output signal.3 The 
circuit shown in Fig. 4 samples the amplifier input signal 
and puts out various ratios of positive to negative volt¬ 
age depending upon the frequency. The two-output 
leads are connected across a follow-up potentiometer on 
the tank circuit gear train to be positioned. A null is 
arrived at by the servo system which roughly positions 
the tuning elements. The tuning curve of the tank cir¬ 
cuit is tracked by proper choice of the frequency sensi¬ 
tive elements in the coarse comparitor. Location of the 
phase discriminator response can also be reached by 
searching. The tank circuits are all returned to the low 
frequency end with each frequency selection, and then 
allowed to progress in the increase frequency direction 
until the first response is reached. '1 his method is not 
considered too good because of the increased tuning 
time and the additional wear on the components. A final 

3 V. R. DeLong, “Automatic tuning for high-power transmitter,” 
Electronics, vol. 29, pp. 134—137; July, 1956. 

Fig. 4—Frequency comparitor block diagram. 

method is to break the tuning of the tank circuits into 
band-switched frequency segments that are so small 
that the circuit can never be tuned outside the signal 
skirts of the phase discriminator. Any of those varieties 
of coarse positioning schemes may be used, with the 
right choice being that which best fits the over-all sys¬ 
tem planning. 

Final analysis of the servo tuning system is made by 
testing for a comfortable margin of stability. At all fre¬ 
quencies and under all operating conditions the servo 
should be free of hunting and jitter. If instability occurs 
it may indicate an error in the original estimation of the 
grade of servo required. The accuracy of a system al¬ 
ready constructed may be improved by the addition of 
electrical stabilizing networks such as the lead and inte¬ 
grating networks, or by adding a rate generator or 
inertia drag cup damper to the motor providing, of 
course, that these aids are not already used. If the prob¬ 
lem is persistent, complete or partial redesign of either 
or both the electrical and mechanical system may be re¬ 
quired. A marginal system will most surely lead to diffi¬ 
culties in subsequent models of the same equipment. 

Loading the Final Amplifier 

In order for a linear power amplifier to function prop¬ 
erly its plate impedance must be closely controlled. This 
implies that rf coupling networks must be designed to 
transform the antenna impedance to a value that is 
compatible with the output stage. Design of these net¬ 
works must be such that good efficiency and harmonic 
reduction is obtained in addition to being capable of 
automatic control. There must be a minimum number 
of variable elements in the network, the positioning of 
the elements must not be ambiguous, and the elements 
must be so arranged that it is possible to obtain electri¬ 
cal information for their phasing. 

The most important single design consideration is the 
antenna which is to be matched. 1 here are two general 
divisions in this respect. First, there are the carefully 
designed fixed antenna systems which normally are fed 
with a transmission line with a relatively low voltage 
standing wave ratio. Secondly, there are the short 
usually inadequate antennas with extremely unwieldy 
input impedances which are often encountered in mobile 
installations. Typical methods of attacking each of these 
types are shown in Fig. 5. A convenient solution to the 
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ground station equipment is some sort of a pi-L network 
as shown. I he network, which is either band-switched 
or continuously tuned, is ganged in some manner such 
that only two control shafts are necessary. One of these 
controls must have a more marked effect upon the 
phasing of the network while the other should have more 
control over the impedance looking into the network. 

Fig. 5—(a) Pi-Z, output network, (b) Pi network with external 
antenna coupler. 

The values of the circuit are chosen such that manipula¬ 
tion of the two controls will resonate and match the final 
amplifier into the transmission line at all frequencies and 
line vswr expected in the application. Exactly which 
elements are mechanically connected to which shafts 
depends upon the design and may vary with the applica¬ 
tion. The network shown in Fig. 5 for the second type 
of antenna systems may reasonably be separated into 
two parts, the plate tank circuit and the antenna cou¬ 
pler. The coupler may be an integral unit of the trans¬ 
mitter, but in the most frequent application it is located 
at the base of the antenna in a separate enclosure to pro¬ 
vide minimum losses in connecting the antenna and the 
transmitter. In its simplest case, the coupler will have 
two control shafts. One control has the most effect over 
phasing, the other most effect over input impedance. 
Once again the components are chosen such that over 
the specified frequency range the two controls have ade¬ 
quate travel to tune the antenna to resonance and cause 
the input impedance to be some chosen value. This 
impedance is selected to be a coaxial line value, and thus 
after coupler tuning, the transmitter is presented with a 
flat line. With proper design of the pi network in the 
final amplifier, a uniform impedance step up may be 
maintained at all frequencies, and an additional control 
is not necessary to realize the proper plate load imped¬ 
ance. 

Loading signals for the loading control of the pi-Z, net¬ 
work system must be generated. As it is known that the 
gain of a tetrode or pentode is dependent upon the load 
resistance, a loading comparitor circuit such as indi¬ 
cated in Fig. 6 may be constructed. Basically, if the 

loading control is adjusted by the servo system until a 
given ratio of positively rectified grid signal voltage and 
negatively rectified plate signal voltage yield a null, the 
loading impedance will then be a predetermined value. 
However, it the class B stage is inadvertently driven 
into the class C region either by signal peaks or during 
the tuning cycle, the grid voltage will continue to rise 
while the plate signal voltage will remain about con¬ 
stant. Net result oi such a condition will be a change 
in the positioning signal delivered to the loading servo. 
To prevent this a clamping diode D is added. This diode 
circuit is adjusted to clamp the grid signal at the thresh¬ 
old of grid cut off to a plate current sample obtained 
across a cathode resistor. Hence, the loading is deter¬ 
mined by the ratio of the plate current to plate voltage 
swing in the class C operation region. Proper com¬ 
promise of the magnitude of the plate, grid, and clamp¬ 
ing signal voltages result in a loading comparitor that 
yields proper loading information regardless of the 
operating conditions, provided that the plate circuit is 
held at resonance. 

Fig. 6—SSB final amplifier loading comparitor. 

The antenna coupler method employs a phase dis¬ 
criminator not too unlike the shielded toroidal current 
transformer plate discriminator already described.4 The 
center conductor of the coaxial line to the final amplifier 
is fed through the current transformer and the resultant 
sample of current is compared with the coaxial voltage 
to ground for proper phase relationship. This phase 
sensitive signal is used to operate the phasing control 
and hold the line input to pure resistance. Comparison 
of the current and voltage samples for proper magnit tide 
yields impedance information from simple ohms law 
consideration. I he resultant information operates the 
impedance adjusting control to provide a proper value 
for coaxial line termination. These circuits together with 
some one of the coarse positioning schemes earlier de¬ 
scribed, manage to present automatically a flat line to 
the final amplifier. 

4 I-.. W. Schwittek, “Servocoupler matches aircraft antennas " 
Electronics, vol. 27, pp. 188-192; October, 1954. 
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Gain Adjusting 

For distortion-free operation of a single-sideband 
transmitter, proper gain adjustment must be main¬ 
tained in many circuits. Fig. 7 shows six circuit points 
that must have correct signal level for the most satis¬ 
factory operation of a typical SSB system. \\ ith a 
manually-controlled transmitter the operator can make 
it his concern to see that the levels at each one of these 
points are optimumly adjusted. When a system is auto¬ 
matically tuned, many of these gains will change from 
channel-to-channel due to tracking errors, changes in 
circuit load impedance caused by varying QX product, 
and amplifier gain variations caused by tube aging and 
voltage fluctuation. The gain variations allowable for 
each point must be investigated, and a method of keep¬ 
ing the gain within these limits must be found for auto¬ 
matic operation. 

AUDIO 
INPUT 

Fig. 7 SSB system gain block diagram. 

It is found that if the audio level at point A is not kept 
within certain limits of the oscillator injection voltage 
the balanced modulator may deliver the sidebands with 
the carrier not reduced by the desired amount, may 
produce high noise levels, or may cause excessive dis¬ 
tortion. At points B and C the gain must be controlled 
such that the signal to injection voltage ratio is of the 
value to produce linear mixer operation, lowest spurious 
signal output, and low noise level. At point D, levels 
must be arranged so that each linear amplifier is operat¬ 
ing in its linear range to avoid undue intermodulation 
distortion. Injection voltages at F and G must be of 
proper level. Although these injection levels are ob¬ 
tained through tuned stages, they are nonlinear stages 
and fairly constant injection voltages may be obtained 
at all frequencies of operation by operating the ampli¬ 
fiers into saturation. Hence, the control of levels Fand 
G is not too great a concern and will not be given further 
attention. 

Any of the gains to be considered may be adjusted 
dynamically, statically, or by a combination of both. 
Static adjustment is defined as a relatively fixed adjust¬ 
ment that is done either directly with a potentiometer or 
similar device, or indirectly by varying the bias on a 
variable gain amplifier stage with a potentiometer. Dy¬ 
namic adjustment is a gain adjustment made on the 

basis of the signal level present, and the amplifier gain is 
caused to vary accordingly. Examples of such a method 
are the compressor and limiter amplifiers used in audio 
control. 

Control of the audio line gain at point A may or may 
not be a problem depending upon the application. If the 
input happens to be a multichannel telegraph signal, it 
may be possible to design the amplifiers for a single 
initial installation adjustment. If the input signal is a 
voice channel or is arriving from various telephone lines, 
some gain adjusting may be needed at A for optimum 
performance. Use of a compression amplifier or a low 
distortion limiter may be used for correction of some of 
the variation. With the audio gain properly handled the 
gain at point B can most often be fixed in the initial 
exciter design with no further concern needed. The 
amplifiers of points C and D invariably show gain varia¬ 
tion with changes in frequency as they employ tuned 
circuits requiring repositioning with frequency. With 
every precaution in the design to equalize the gain, there 
still max exist a 20 to 30-db variation. Known gain devi¬ 
ations following tuning patterns may be statically cor¬ 
rected bv potentiometers ganged to the tank circuits 
and wound with resistance tapers that will place proper 
corrective voltage variations on the grids of the variable 
gain amplifiers located at points C and D. Although 
much improvement can be gained by such arrange¬ 
ments, tracking errors and gain changes due to voltage 
fluctuation cannot be corrected by these means. Further 
improvement can be attained by using a motor driven 
potentiometer to supply gain control voltage to points 
C and D. By sampling the balanced modulator output 
and the power amplifier output and employing a servo 
system to maintain the ratio of the two values constant 
through the motor operated potentiometer, an almost 
constant static gain adjustment can be attained under 
all conditions. 

Even after almost perfect static gain control is at¬ 
tained, gain problems still exist. If the input signal is 
adjusted so that the average levels are driving the final 
amplifier stage near its maximum power rating, trouble 
may be experienced with peak signals driving the ampli¬ 
fier into distortion and, hence, causing interference on 
adjacent channels. This problem is especially bad with 
voice traffic. If gain is reduced to prevent overloading of 
the final amplifier, then the power rating of the trans¬ 
mitter is poorly utilized. An improvement can be ob¬ 
tained by a circuit described in the literature as auto¬ 
matic load control.5 A delay biased diode detector 
samples the rf output from the final and is adjusted to 
conduct when output peaks reach rated power. The de 
voltage generated by rectification is fed back to reduce 
the gain dynamically at point B. It is evident that the 
control could also be accomplished at points A, C, or D 
with slightly different results possible. In reality the 

s N. Lund, C. F. P. Rose, and L. G. Young, “Amplifiers for multi¬ 
channel single-sideband radio transmitters,” Proc. IRE, vol. 40, pp. 
790-796; July, 1952. 
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ale circuit is merely a limiter type circuit with a fast 
attack, slow release time, and a compression ratio of 
about 10 to 1. The merit of having the limiting thresh¬ 
old circuit on the output stage is apparent. This allows 
very precise location of the threshold right at rated 
power output. Were the limiter installed on earlier 
stages, some margin would have to be allowed for gain 
variations between the limiter stage and the final 
amplifier. 

Besides the combination static and dynamic control 
system just explained, full dynamic control can be 
achieved with a dual time constant method. The control 
voltage returning on the ale bus from the power ampli¬ 
fier may be fed through very long time constant circuits 
to points C and D and through the usual time constant 
circuit to point B. The long release time on the control 
fed to the variable gain amplifiers at points C and D can 
be made to perform roughly the same function as static 
control done with motor driven potentiometers. Dy¬ 
namic control is very simple and economical but must 
be used with caution. In multichannel service the dy¬ 
namic gain control may cause one channel to modulate 
another through the gain adjusting circuit. Then too, 
with large degrees of control, no signal conditions for 
any period of time may cause the gain of the amplifiers 
to rise so high that random noise will drive the trans¬ 
mitter to full power. An aid in this matter may be a 
signal-operated transmitting relay that will disable the 
transmitter when no signal is present. Characteristics 
of the relay circuit must be such that its release time is 
shorter than the release time of the gain adjusting cir¬ 
cuit. It is interesting to note that the gain problems en¬ 
countered in automatic transmitters are very similar to 
those solved by the vogad in telephone-radio circuits, 
a device well described in the literature.6 The net effect 
of properly applied gain control to a single-sideband 
transmitter is to radiate a stronger signal with less inter¬ 
ference for a transmitter of a given power. 

Control Circuits 

Final phase of the technique of automatically tuning 
a single-sideband transmitter is the operation of the con¬ 
trol circuits. To give an idea of the intermeshing of func¬ 
tions between all units, a typical transmitter control 
block diagram is given in Fig. 8. Following the diagram, 
a recycle is started by a frequency change initiated by 

6 S. B. Wright, S. Doha, and A. C. Dickieson, “A vogad for radio¬ 
telephone circuits,” Proc. IRE, vol. 27, pp. 254-257; April, 1939. 
R. A. Heising, “Radio extension links to telephone system,” Beil 
Sys. Tech. J., vol. 19, pp. 611-646; October, 1940. 

the operator. In turn, the exciter signals the power am¬ 
plifier unit of the change and switches the antenna. The 
power amplifier, hearing of the recycle, signals the oper¬ 
ator to hold up traffic, the power supply to reduce 
voltage for timing protection, and the exciter to supply 
coarse tuning information. Coarse information is used 
by the power amplifiers as needed and then disabled. 
I he exciter is signaled to reinsert a carrier for fine 
tuning purposes and finally the power supply is asked 
to deliver full power. All functions completed, the car¬ 
rier is turned off and the operator receives a signal to 
resume full traffic. 

The generation of control information to perform 
these functions may be obtained either from a pure 
time-sequence arrangement employing time delay re¬ 
lays or from indicating devices that monitor the circuit 
gains, rf output, servo error signal levels, or other such 
circuit qualities. Ordinarily, both timing-sequence and 
circuit monitoring are employed to give the desired 
results. 

ANTENNA CHANGE SIGNAL 

Fig. 8—Automatic tuning control block diagram. 

Conclusion 

Using the techniques described, successful modern 
automatically-tuned sideband equipment has been de¬ 
signed. Although the initial equipment cost is greater 
due to the automatic features, it is felt that the in¬ 
creased ease of operation together with the greater 
probability that the transmitter will be adjusted for 
minimum interference with other communications chan¬ 
nels easily justifies the larger investment. Quick fre¬ 
quency change, facilitated by automatic tuning, coupled 
with the spectrum conservation effected by single¬ 
sideband operation, should aid greatly in expanding the 
utility of the crowded high frequency region. 
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Linearity Testing Techniques for Sideband Equipment* 
P. J. ICENBICE, jR.f, SENIOR MEMBER, IRE, AND H. E. FELLHAUERf, ASSOCIATE MEMBER, IRE 

Summary—The linear rf amplifier is a vital segment of all side¬ 
band equipments and measurement of its degree of nonlinearity is 
therefore of paramount importance. The basis for using the two-
tone method of measurement is described by showing the types of 
nonlinear distortion products generated by the different orders of 
transfer characteristic curvature. Measurements by noise loading 
are described and it is shown that the results are essentially independ¬ 
ent of the delay distortion characteristics of an amplifier. Descrip¬ 
tions of two basic types of distortion-measuring equipments, one us¬ 
ing noise and the other using two tones, are given. Brief descriptions, 
photographs, and block diagrams are shown for audio-video and high-
frequency spectrum measuring instruments. 

Objectives 

r HE OBJECTIVES of this paper are to examine the state of the art in the field of sideband equip¬ 
ment linearity testing, to discuss some recent ap¬ 

plications of specialized techniques, to present a founda¬ 
tion of basic mathematics, and to justify the choice of 
multiple tone and noise loading in conjunction with 
spectrum analysis of the output signals. 

Introduction 

The purpose of a communication system is to deliver 
a signal which is a replica of the input information. 1 he 
accuracy of reproduction (system linearity) is there¬ 
fore of prime importance. Communication systems often 
can tolerate 25 per cent or more total harmonic distor¬ 
tion and remain usable on a specific channel. However, 
the generation of new frequencies results in interference 
with other channels and lowers the maximum informa¬ 
tion rate or intelligibility. Since an important advantage 
of single sideband is that of spectrum conservation, con¬ 
siderable attention must be given to the production or 
generation of frequencies falling outside as well as inside 
the desired channel limits. The evaluation of system 
linearity can be conducted by measuring the relative 
amplitudes of the unwanted frequencies in the output 
of the loaded system. 

The input test signal used to simulate a loaded con¬ 
dition can be a single-frequency tone, two or more 
simultaneous tones, or random noise. If a single¬ 
frequency tone is used to load the system under test, the 
percentage of rms total harmonic voltage is normally 
measured. This type of measurement is of some value 
for audio amplifiers but is entirely inadequate for sup¬ 
pressed carrier and linear rf amplifiers with band-pass 
circuits, since a single audio tone is converted to a single 
rf frequency with the harmonic output depending to a 
greater degree upon the band-pass circuits of the ampli-

* Original manuscript received by the IRE, September 10, 1956. 
f Collins Radio Co.. Cedar Rapids, Iowa. 

fiers than upon the degree of nonlinearity that exists in 
the band-pass of the system. The band-pass distortion 
is all that will be detected by a receiver tuned to a signal 
frequency. Since this is true a useful distortion test must 
utilize at least two tones so that distortion products fall 
within and near the band-pass of the system. 

In all instances over-all system linearity is of para¬ 
mount importance, however, the basic element of any 
system is considered to be an amplifier. I he following 
discussion of linearity testing is in terms of measure¬ 
ments of this basic element although it may in actuality 
take the form of a mixer or of a complex network. 

Amplifier with Second-Order Curvature 

An amplifier, Fig. 1(a) may be considered a device 
in which the output current is some function of the input 
voltage, or i=f(e). If the amplifier is linear, i = ke, 
where k is a constant, at least over some definite range 
of e. In general, an amplifier is not linear, and the trans¬ 
fer function represented by the curve in Fig. 1(b) can 
be written 

i = k0+ k,e+ k2e2 + k,e3+ • • • , (1) 

where kn, kït etc., are constants. If the transfer function 
curve passes through the origin, as shown; i.e., the am¬ 
plifier output is zero when the input signal is zero, ko 
will disappear. If all terms above the second order can 
be neglected, then 

i = kit + k2e-. (2) 

If the input signal is a sine wave (e = E sin wt), then 

i = kiE sin wh+ + k2(E sin wt)2, 

and using the trigonometric identity 

sin2 a = 1/2 (1 — cos 2a) : 

hE2 k2E2
i = kiE sin Wi+--cos (¿wl). (3) 

Eq. (3) shows in a simple way the well-known pres¬ 
ence of a second-harmonic frequency in the output of 
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an amplifier whose transfer function contains second-
order curvature. 

Let (2) hold, and consider the application of several 
simultaneous sine wave signals, of different frequencies, 
to the input. Then 

e = £i sin wd + £2 sin wd + £3 sin wd T ••• + £„ sin wd 

and 
Fig. 2 

f — ^i(£i sin Wit + E¡ sin wd + sin wd 

+ ■ • • + En sin wd) 

+ [¿s(£i sin Wit + £2 sin wd + £3 sin wd 

+ •••+£„ sin w„02]. (4) 

Expansion of the squared term above yields the ex¬ 
pression 

[^(£i2 sin 2 W\t + £22 sin2 wd 4- Ej2 sin2 wd • • • 

+ E„- sin- wd + 2EiEt sin wd sin wd 

+ 2EiEs sin wit sin wd + • ■ • + 2£,£B sin wd sin wd 

+ • • • + 2£„ iEn sin w„ J sin wd) J. 

It is seen that this expression contains terms of the form 
sin2 a and sin a sin b only. Each of the sin 2 terms yields 
a second harmonic. Noting the trigonometric identity, 

sin a sin b = 1/2 [cos (a - b) - cos (a 4- ft) J 

it is evident that each of the terms ot the form sin a sin 
b yield frequencies equal to the sum and difference of 
the a and b frequencies. 

Io summarize, if a number of different frequencies 
are simultaneously applied to the input of an amplifier 
which exhibits only second-order curvature in its trans-
ier characteristic, output frequencies will be of four 
kinds: 1) Zero frequency (direct current); 2) frequencies 
equal to those impressed; 3) second harmonics of those 
impressed, and 4) sum and difference frequencies of all 
combinations of signals, taken two at a time. 

If the group of simultaneous frequencies occupies a 
band which is narrow in comparison to the mid-band 
frequency, and if the amplifier is frequency selective 
(the usual condition in an amplifier handling single 
sideband), the first, third, and fourth kinds of frequen¬ 
cies described above will be negligibly small at the 
amplifier output. Eig. 2 graphically illustrates this 
condition. 

Furthermore, as can be seen by inspection of (4), all 
output currents having frequencies of the second kind; 
i.e., having the same frequencies as those impressed, 
will have amplitudes proportional to the input signal 
voltages, the proportionality constant being kx. Thus, 
a selective amplifier under the above conditions will exhibit 
the properties of a linear amplifier even though its transfer 
characteristic shows second order curvature. It then fol¬ 
lows that measurement of the magnitudes of second-

harmonic currents or sum and difference frequency cur¬ 
rents has little or no bearing on the determinai ion of 
linearity of such an amplifier. 

Amplifier with Third-Order Curvature 

It is usually found that at least the third-order term 
in (1) must be included to represent adequately the 
transfer characteristic ot an amplifier. .Again, if a num¬ 
ber ot voltages of different frequencies are simultane¬ 
ously applied to the input of such an amplifier, the out¬ 
put current will be 

i = ¿i(£i sin wd + Ei sin wd T E¡ sin wd 

+ • • • + E„ sin wd) 

T ki{Ei sin Wit T Ei sin wd T E^ sin wd 

+ ■ • ■ + E„ sin wd)2

T ^a(£i sin wd T £2 sin wd 4- E3 sin wd 

+ • • • + £„ sin wd)3. (5) 

We are now interested in only the third-order term 
in this equation, and we obtain, by expanding and col¬ 
lecting, the expression 

£i3 sin3 wd + E23 sin3 wd 4- £33 sin3 wd 

+ • • • + £„3 sin3 wd 

+ 3ErEi sin- wd sin wd + 3£i2£j sin2 Wi sin wd 

+ ■ ■ ■ + 3Ei2En sin2 wd sin wd 

+ 3EiEi~ sin wd sin- wd T hE-dE-t sin2 wd sin wd 

+ • • • + 3EdEn sin2 wd sin wd 

T 3£i£3-sin wffsin- wd 4- 3£o£32sin a^sin2 wd 

+ • • • + 3£32£„ sin2 wd sin wd 

+ • • • + 3£n-i£a2 sin w„_d sin2 wd 

+ 6£i£2£3 sin wd sin wd sin wd 

+ • • • + 6EiEiEn sin wd sin wd sin wd 

+ • ■ • + 6£i£3£„ sin wd sin wd sin wd 

+ • • ■ + 6£1£„_1£„ sin wd sin wn_ d sin wd 

+ • • • + 6£n_2£„_i£„ sin wn_d sin wn d sin wd. (6) 

This expansion shows that the third-order term of (5) 
contains terms of only three types: 1) Terms of the type 
sin3 a, sin3 b, etc.; 2) terms of the type (sin2 a sin b). 
(sin2 b sin a), etc., and 3) terms of the type (sin a sin b 
sin c), (sin a sin b sin d), etc. By trigonometric identities 
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3 sin a — sin 3a 
sin3 a = -> 

4 

sin b sin (2a + b) sin (2a — b) 
sin2 a sin b --1-;-» ar|d 

2 4 4 

sin (a + b — c) + sin (a — b + c) — sin (a + b + c) — sin (a b c) 
sin a sin b sin c --, 

If these identities are introduced in (6) it is seen that 
output currents of the following frequencies will be 
present, in addition to those caused by the first and 
second-order terms of (5). 

1) Having the same frequencies as the input signal, 
but with amplitudes proportional to the cube of 
the input voltage of the corresponding frequency. 

2) Having the same frequencies as the input signal, 
but with amplitudes proportional to the product 
of the first power of the corresponding frequency 
ami the square of another frequency, taken in all 
combinations. 

3) Having frequencies equal to three times those of 
the input signal. 

4) Having frequencies oi the type 2wmtf-w,d, taken in 
all combinations. 

5) Having frequencies of the type 2wmt — wnt, taken 
in all combinations. 

6) Having frequencies of the type wd ±wj ± wj, 
taken in all combinations. 

Again, if the band-pass of the amplifier is narrow with 
respect to the band-pass center frequency, harmonics of 
the input signal and signals of the types 2wmt+wnt and 
wd+wmt+w„t will not appear at the output. However, 
signals of the types 2wmt—w„t and wd+wmt—w„t have 
frequencies nearly the same as those of the input signals 
themselves and may appear in the output. 

Let a number of signals whose frequencies lie in a 
narrow channel be applied to the amplifier, ami let the 
band-pass of the amplifier be several times wider than 
the signal channel. Let/0 be the lowest and/» the highest 
frequency of the group of signals. Then the highest pos¬ 
sible frequency of the type 2wmt — w,d will be 2fb — fa- It 
fb=fa+Sf, then 

2fb — fa — -J b ~ fb + S t 
2fb — fa = fb + SJ. (7) 

Similarly, the lowest possible frequency of this type is 

Va - fb = fa - Sf. (8) 
It is apparent that frequencies of the type 

wd +wnt — wnt can never be greater than fbf-Sf nor less 
than fa— Sf, for the highest possible frequency of this 
type exists when wd and wmt become equal to fb and 
w„t equals/,. Also the lowest possible frequency of this 
type exists when wd and wmt become equal tofa and wnt 
equals/». 

Therefore, third-order curvature of the transfer charac¬ 
teristic will cause the appearance of new frequencies which 

will, in general, extend over a frequency range exactly 
three times the width of the frequency range of the input 
signals, and whose center frequency is the same as the 
center frequency of the input signals. 

Furthermore, it is seen that the total output current 
at the frequency of an input voltage is not proportional 
to the input voltage, due to the presence of components 
described in (1) and (2) above. 

Amplifier with Curvature above the Third Order 
It can be shown that all even-order terms of (1), when 

expanded, result only in signals of zero frequency, even 
harmonics the highest of which is the same as the order 
of the term, and sum and difference frequencies whose 
combinations lie near zero or near even harmonics. 

Also, all odd-order terms result in output signals 
whose frequencies are the same as the input signals, but 
not proportional in amplitude; are odd harmonics ot the 
input signals, the highest harmonic corresponding to 
the order of the term; are sum combinations centered 
at the odd harmonics, and are difference combinations 
centered at the input signal frequencies and covering a 
bandwidth n times the bandwidth of the input signals, 
where n is equal to the order ol the term. 

Integrated Test Set for Spectrum Analysis 
The preceding study indicates that a frequency spec¬ 

trum analysis is an ide;d approach to the measurement 
of frequencies generated by signals passing through an 
amplifier or system with an unknown amplitude transfer 
characteristic. Fig. 3 is a photograph of such a complete 
test ensemble and Fig. 4 is the block diagram. 

The basic circuit of this equipment is that of a wave 
analyzer. Additional features permit accurate and 
simultaneous measurements of hum, distortion, noise, 
and other spurious products, in the form of a direct plot 
of db level vs frequency. I wo variable frequency audio 
oscillators produce test signals lor single-sideband inter¬ 
modulation distortion measurements. Intermodulation 
distortion between the two audio oscillators is prevented 
by the use of low-pass filters and the maximum practical 
degree of isolation in the network which combines the 
two audio signals. 1 he mixer circuits have been care¬ 
fully designed to permit measurement of intermodula¬ 
tion distortion products 70 db down on one scale plus 
or minus 1 db. Appropriate mixer injection level con¬ 
trols and continuous metering circuits are provided on 
the front panel to insure linearity through a 70-db dy¬ 
namic range under all conditions. 
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Fig. 3—Spectrum analyzer. 

Fig. 4—Block diagram of spectrum analyzer. 

I his test set is designed to accept a frequency spec¬ 
trum with a center frequency from 1.7 me to 64.3 me, 
and from 240 kc to 310 kc without additional coils or 
test equipment. A cathode-ray tube with a long per¬ 
sistence 17-inch screen is used to display the output 
signals. 1 he signal to be analyzed is fed into the pre¬ 
cision attenuator panel and adjusted to the proper level. 
The internal vtvm can be connected to monitor the input 
signal. I he signal is then applied to mixer number one 
and converted to the first IF of 300+15 kc. The output 
of mixer number one is applied to mixer number two 
where the signal is heterodyned to 20 kc. The second 

mixer can accept any frequency between 240 kc and 310 
kc, permitting measurements to be made within this 
common IF range. A variable speed motor drives the 
sweep oscillator to provide the injection signal for the 
second mixer. Sweep widths of 4 kc, 8 kc, and 16 kc are 
available. 

The output of the second mixer is applied to a pre¬ 
cision attenuator with one-tenth db steps and amplified 
in a variable selectivity 20-kc IF strip. The signal is then 
fed into an amplifier having an output which is a 
logarithmic function of the input over a 70-db dynamic 
range. The final tube in the selective amplifier rectifies 
the 20-kc signal producing a direct current which drives 
the vertical deflection circuit of the oscilloscope or ex¬ 
ternal recorder. A precision wire-wound potentiometer, 
driven by the sweep oscillator motor, provides a syn¬ 
chronized horizontal sweep voltage. 

The capabilities and limitations of the test equipment 
for any measurement must be fully understood. There¬ 
fore it seems desirable to first analyze the simple case of 
a single-frequency carrier without modulation. This 
ideal carrier then appears as one exact plot of the 
selectivity of the measuring equipment. If the band¬ 
width of the selective amplifier is changed, the displayed 
shape of the same carrier under test must change to the 
new selectivity of the test equipment. Since all signals 
are composed of discrete frequencies, each with its own 
amplitude, each individual response is basically the 
shape of the test equipment selectivity curve. However, 
when discrete frequencies are spaced less than a few cps 
apart, their corresponding deflections tend to merge 
into each other. The ability to separate discrete fre¬ 
quencies is known as the resolving powers of the equip¬ 
ment. Maximum resolving powers result when minimum 
sweep width, minimum sweep speed, and maximum 
selectivity are used. 

Single-Sideband Patterns 

Single-sideband signals are normally transmitted 
with a reduced or suppressed carrier. This vestigial car¬ 
rier is usually measured with reference to one of two 
audio tones used to measure the intermodulation dis¬ 
tortion products. Any reference may be selected in a 
partietdar equipment specification; however, it is 
usually desirable to measure with respect to one of the 
two test tones for simplicity. The signal-to-distortion 
ratio can be converted, if required, to another reference. 
Definite bench marks must be defined or considerable 
confusion may result. Peak envelope power (PEP) is 
the average power of the highest amplitude signal 
measured over one rf cycle. Therefore, when two equal 
tones not synchronized in phase are applied to a system 
the PEP will be 6 db greater than when either tone is 
applied alone. When a test signal composed of two tones 
with equal amplitude is used, the average power dissi¬ 
pated by the load is one-half the PEP. This neglects 
the vestigial carrier power which is very small. (Twenty 
db of suppression represents only 1 per cent of the 
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average power in one tone.) ’Die standard two-tone 
signal, therefore, produces a pattern which has two dis¬ 
crete frequencies (fmi and fmf) of zero db reference. 
Thus, a perfect composite pattern consists of three dis¬ 
crete frequencies,/mi and/m2 of equal amplitude and fc, 
the carrier, which should be suppressed to the required 
level. Practical circuits always have some degree of 
intermodulation distortion, which appears in the form 
of new discrete frequencies above and below the two 
test tones. The frequency of these new distortion prod¬ 
ucts can be predicted using the preceding analysis. The 
order of a distortion product is the sum of the coefficients 
in the frequency expression. An example of a fifth-order 
product is (3)/c+(2)/mi. The odd-order products are the 
most undesirable because they are in or near the desired 
transmission band as shown above. A signal-to-
distortion ratio (s/d) of 40 db is usually acceptable for 
a high-frequency communications system when the 
equipment is tested on a two-tone basis. 

Coincidental Frequency and 
Amplitude Modulation 

Any of the oscillators in the SSB system, or in the 
test equipment, may have incidental frequency and 
amplitude modulation caused by such deficiencies as 
power supply ripple or alternating currents in tube 
heaters. This causes new sidebands which can be seen 
on the visual display spectrum analyzer as responses 
symmetrically located on either side of each original 
tone and distortion product responses. Because of the 
simultaneous angle and amplitude modulation, these 
sidebands will be unequal in amplitude. An analysis of 
this phenomenon has been made and the results are 
summarized below. 1

Sx - S2 
sin 0 = -

Ec

Ec 
Si = - (Af + AO sin <t>) 

Ec
S- = —— (M — AO sin 0), 

2 

where A/ = AM modulation factor. 
The following is a summary of the mathematical anal¬ 

ysis illustrated in Fig. 5: 

1) The angle 0 measures the phase lead of the PM 
signal with respect to the AM signal. 

2) The PM produces an extra pair of sidebands, 
fc + 2fm and amplitudes ECMAO/^. 

3) The phase of the carrier is modified by the addi¬ 
tion of a quadrature component of amplitude 
EJfAO cos 0/2. 

4) The phases of the dominant sidebands (fc±fm) are 
modified by quadrature components of amplitudes 
EcAO cos 0/2. 

1 V. W. Bolie, “Analysis of P.M. Distortion of A.M. Sidebands,” 
Collins Tech. Rep., Collins Radio Co., Cedar Rapids, Iowa. 

Fig. 5 

5) The PM distorts the symmetry of the two domi¬ 
nant sidebands by subtracting E,cA0 sin 0/2 from 
the amplitude of the upper dominant sideband and 
adding it to the amplitude of the lower dominant 
sideband. 

Noise-Loaded Intermodulation Distortion 

Test Sets 

The two-tone test set is an extremely versatile instru¬ 
ment when the two frequencies can be varied over a 
wide range. However, much data must be collected if it 
is desirable to measure distortion using a considerable 
number of tone combinations. The transfer function of 
a system normally varies with the absolute frequencies 
of the test tones as well as their frequency difference 
and may be multiple valued when the effects of power 
supply characteristics are considered. Under certain 
conditions, then, it may be more desirable to use a test 
signal which more nearly represents the typical complex 
signal actually transmitted. 

In many respects white Gaussian noise is an ideal 
test signal. It can be easily reproduced and measured 
and, in addition, it is ideally complex. If band-limited 
noise is introduced into the system under test, the 
linearity can be described in terms of the noise outside 
the original band limits. 

Fig. 6 shows a block diagram and Fig. 7 a photo¬ 
graph of a typical fixed frequency noise-loaded linearity 
test set. Although this particular equipment was de¬ 
signed to measure characteristics of uhf systems having 
a base band from 12 to 112 kc, the method is directly 
applicable to SSB in the hf and vhf spectrums by proper 
selection of filters. 

The output of a random noise generator is fed into a 
band-pass filter which equally passes all noise frequen¬ 
cies in the base band to be tested, except for the low 
and high channel. The noise, therefore, can equally load 
all but a few kilocycles of the transmission band to any 
degree of modulation or deviation desired. Three band¬ 
pass filters, with equal bandwidth and insertion loss, 
are used at the receiving end of the system. One band¬ 
pass filter is chosen near the center of the transmitted 
noise pass band for the reference signal and a true rms 
noise voltage across a load resistor is measured. Once 
the reference voltage is established, the other two filters 
are switched separately into a true rms voltmeter-load 
circuit and their levels in db below the reference meas-
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F1Ç. 8 Variable frequency noise-loaded intermodulation 
distortion test set; block diagram and selective curves. 

big. 7 Fixed frequency noise-loaded intermodulation 
distortion test set. 

tired. Therefore, the two levels in db below the reference 
represent the low-frequency and high-frequency inter¬ 
modulation distortion generated in the loaded system. 
It is possible to test one-way or unilateral systems with 
this type of test equipment. 

Base-Band (Audio-Video) Spectrum Analyzer 

A more universal test set employing noise or discrete 
frequencies is shown in Figs. 8, 9, and 10. 

SWEEP 
WIDTH 
CONTROL 

Fig. Base-band (audio-video) spectrum analyzer 
block diagram. 

Fig. 10 Base-band (audio-video) spectrum analyzer and 
rectilinear recorder. 

I his test set is designed to permit simultaneous ob¬ 
servance of a range of audio and video signals from 3 ke¬ 
to 2000 kc. A means of measuring “Y” axis amplitude 
directly in decibels and “X” axis frequency directly in 
kilocycles of any signal or signals from 3 kc to 2000 kc 
is provided. 
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This analyzer is basically a double-frequency con¬ 
version superheterodyne receiver with the first selective 
IF circuits centered at 8000 kc. The second IF circuits 
contain a 500-cycle bandwidth mechanical filter (j band¬ 
width equals 1 kc at 70 db down), which is centered at 
455 kc; this selectivity essentially determines the re¬ 
solving powers of the equipment. Other mechanical 
filters may be easily inserted for increased or decreased 
selectivity. 

The 455-kc IF output is coupled to a logarithmic 
amplifier with an accurate 70-db dynamic range. The 
de output of the logarithmic amplifier drives the vertical 
deflection amplifiers ot the oscilloscope or rectilinear 
recorder. A frequency marker generator is coupled into 
the first mixer to provide accurate 50-kc calibration 
markers on the “X” axis sweep. 

Horizontal sweep synchronization is accomplished by 
utilizing the horizontal saw tooth output of the oscillo¬ 
scope to drive the reactance modulator. An internal fre¬ 
quency modulated oscillator provides a signal which 
sweeps a nominal range of 50 kc. '1 he sweep width is ad¬ 
justable from 0 kc to 70 kc by a panel control. 

A special electronic reactance modulator circuit var¬ 
ies the permeability-tuned oscillator frequency over a 
constant excursion regardless of the main tuning dial 
frequency. The frequency-modulated injection signal 
and unknown input signal are mixed in the first balanced 
mixer. The mixer plate circuit consists of a selective 
double quartz crystal bridge band-pass filter that pro-
videsa path for the 8000-kc signals to the 8000-kc ampli¬ 
fier and into the second mixer. A crystal controlled sig¬ 
nal at 8455 kc is mixed in the second mixer with the 
incoming 8000-kc signals to provide a second IF fre¬ 
quency of 455 kc for increased selectivity and gain. 

The main dial controls the variable frequency oscilla¬ 
tor from 6000 kc to 8000 kc, which corresponds to a dial 
or input signal frequency of 2000 kc to 0 kc. 1 he main 
tuning dial mechanism is equipped with a detent mecha¬ 
nism to position the dial at 50-kc intervals so that the 
complete frequency range can be examined accurately 
and rapidlv in 50-kc increments. Each 180° of knob rota¬ 
tion represents 50 kc; each dial division equals 4 kc. 

I he equipment is particularly suited lor portable and 
field use if used with a portable rectilinear recorder. 

Effect of Delay Distortion on 
Linearity Measurements 

A network which has delay distortion, but negligible 
nonlinear distortion, will not cause the production of 
new output frequencies. 1 his is shown for a noise signal, 
in the following, and can easily be shown for other sig¬ 
nals in a similar manner. 

A noise signal may be approximated by considering 
it to be a current varying in a random manner, but re¬ 
peating itself at equal and long intervals of time. For 
example, noise can be recorded on a tape, the tape made 
endless, and then played back. A Fourier analysis of this 
noise-like signal can then be made, taking the funda¬ 

mental tone as the one corresponding to the repetition 
rate of the endless tape. This signal can be written 

ix = /0 + Ix sin (wd + </>i) + Jï sin (w2/ + 02) 
+ • • • + G sin (wnt + 0„) (9) 

where /o is the de component and <pn is an angle repre¬ 
senting the phase of each harmonic current. This ap¬ 
proximate equation for a noise signal can be made to 
approach white Gaussian noise to any degree desired by 
increasing the period of the lowest frequency. 

If the signal of (9) is introduced into a network which 
has delay distortion, but no nonlinear distortion, the 
output will be 

i2 = 70' -|- If sin (wd + <pf) + It sin (w-d + fa') 

+ • • • + Jn sin (wnt + 0/). (10) 

The new coefficients for the sine terms allow for possible 
frequency distortion in the network, and the new phase 
angle terms are the result of the delay distortion. 1 he 
only limitation placed on the values of 0,/ is that they 
be invariant with time. 

sin (w„t + 0„') can be written as 
sin wnt cos 0,/ + cos wj sin 0n'. 

0»' is a constant for any one harmonic, therefore, cos 0„' 
and sin 0„' are constants. Then sin (wn/+0,/) can be re¬ 
written as 

an sin w„t + bn cos w„/, (11) 

where a„ and b„ are constants. This expression does not 
contain new frequencies. 

It is also apparent from (11) that the amplitudes of 
the output components are not affected by delay dis¬ 
tortion. Therefore, the existence of delay distortion 
within a network will not influence the results of meas¬ 
uring nonlinear distortion by the noise or other multi-
signal loading methods if the delay distortion does not 
vary with time. 

Measurement of Delay Distortion 
Current and future requirements for measuring time 

of transmission and delay distortion are important when 
transmitting information at a rate approaching the theo¬ 
retical maximum. Even our present-day complex signals 
undergo considerable degradation when passed through 
as many as 20 repeaters if special design techniques are 
not employed to compensate or equalize variations in 
the velocity of propagation across the band-pass of the 
system. It should be noted that phase always varies 
with frequency in a reactive network but phase distor¬ 
tion is not necessarily produced. Ihe direct measure¬ 
ment of phase is possible at audio frequencies by means 
of several commercially available instruments. 11 a 
graph of the phase measurements is plotted against fre¬ 
quency, the resulting curve may then be differentiated 
with respect to frequency. This derivative is known as 
envelope delay dß/dw. Phase delay is defined as ß/„ 
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and approaches the value of the envelope delay expres¬ 
sion dß/dw, when the phase-frequency plot approaches 
a straight line. The perfect system is never available in 
practice, so the phase delay is never exactly equal to the 
envelope delay. 

Delay distortion measurements are usually conducted 
by passing a modulated signal through a network and 
measuring the resultant modulation envelope phase 
shift caused by the network under test. Time delay is 
then computed by using Td = 0/36Ofm where Td is the 
delay in seconds, 0 is the phase shift of the modulation 
envelope in degrees, and/m the frequency of modulation 
in cps. Error sources in this type of measurement are 
well documented. 2-4

, 2 W. D. Cannon, “An Envelope Delay Measuring Instrument in 
the Audio-Frequency Range,” AIEE Fall Meeting, October 5, 1955. 

3 L. E. Hunt and W. J. Albersheim, “A scanner for rapid measure¬ 
ment of envelope delay distortion,” Proc. IRE, vol. 40 no 454-
459; April, 1952. 

4 A- van Weel, “Error Sources in Group-Delay Measurements on 
Electric Network,” Philips Res. Reps.; April, 1956. 

Conclusion 

It has been shown that odd-order distortion in a se¬ 
lective amplifier causes the appearance of currents 
having new frequencies, many of which fall in and near 
the pass band of the device. System linearity is de¬ 
graded and interference results. In contrast, even order 
distortion results only in new frequencies which fall 
outside the band pass region. 

Measuring equipment generating either two tones or 
noise as the input signal may be used to evaluate the 
linearity of an amplifier or system, the former being 
more versatile and the latter having the advantage that 
the test signal more nearly simulates certain actual sig¬ 
nals. In either case, delay distortion does not affect the 
measurements. 
Systems in which delay distortion can seriously 

change or completely destroy the useful characteristics 
of the signal must be tested using equipment designed 
for this particular purpose, a common method being the 
measurement of envelope phase shift. 

Single-Sideband Operation for International 
Telegraph* 

EUGENE D. BECKENf, member, ire 

Summary—The increased demands for multiple and direct inter¬ 
national radiotelegraph channels between the nations of the world 
and the shortage of usable high-frequency spectrum has greatly in¬ 
creased the importance of the single-sideband radio system for this 
purpose. The world’s requirements for high frequencies, 4 me to 
30 me, are so large that they are assigned over and over again to 
various services on the basis of geographical and time sharing. 
Single-sideband operation with multiple subcarriers and automatic¬ 
frequency control permit a high order of frequency utilization ef¬ 
ficiency. 

Single-sideband operation offers a high degree of flexibility in 
meeting the various requirements of international communications. 
The number of its subcarriers can be changed to meet varying load 
conditions; they can be shifted to avoid temporary interference; and 
they can be used to operate with more than one point in the same 
geographical area. Codes with various numbers of signal elements 
either equal or unequal in length, and different types of modulation, 
and speeds can be carried on any or all subcarriers. 

Introduction 

SINGLE-SIDEBAND operation is assuming con¬ 
siderably greater importance in commercial inter¬ 
national telegraph service. The reasons for this are 

that it provides for improved utilization of the radio 
communication spectrum and it permits desirable oper¬ 
ating flexibility, thus assisting appreciably in meeting 
the demands for this service. In order to secure an un-

1 manuscr'Pt received by the IRE, September 18, 1956. 
T RCA Communications, Inc., New York 4, N. Y. 

derstanding of the significance of the role of single¬ 
sideband operations, it is necessary on the one hand to 
recognize the growth and changes in the service require¬ 
ments and, on the other hand, to examine the technical 
problems inherent in this growth and the ability of 
single-sideband operation to meet these problems. 

Technical Operations 

Growth of International Communication 
I he world s requirements for international communi¬ 

cation services are changing and growing with increased 
vigor. Economic and political advancement, with ever 
increasing industrialization, sets the pace, demanding im¬ 
provements in both quality and quantity of interna¬ 
tional communications. The world of business and trade 
is poised on the age of jet transportation with its great 
demands for fast and extensive communication chan¬ 
nels. Direct communication between each country re¬ 
gardless of boundaries and distances is actively sought. 

High Frequency Spectrum 

M hat does this mean then in a technical sense for in¬ 
ternational telegraph communications? It will be neces¬ 
sary to examine the world-wide frequency story. Almost 
all long distance transoceanic radio communications 
require utilization of the 4-mc to 30-mc frequency spec¬ 
trum. 
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If this 4-mc to 30-mc frequency spectrum were di¬ 
vided into 3-kc channels, it would result in the apparent 
availability of 8,666 channels. Further, if by the use of 
tone telegraph channeling equipment each of these 
were divided into twelve telegraph channels, it would 
seem that 103,992 telegraph channels were available. 
There are, however, several factors which materially 
reduce the number of usable channels and there are 
others which add to the world’s potential storehouse of 
telegraph channels. 
The optimum frequency requirements for a long 

distance radio circuit are subject to day and night, 
seasonal, and eleven-year sunspot cycle variations. At 
any given time there may be only a comparatively small 
range of frequencies that could support reliable com¬ 
munications. In the north Atlantic area under present 
normal conditions, this usable frequency spread 
amounts to about 4 me of frequency space in the day¬ 
time and 2 me at night. Middle Atlantic transoceanic 
circuits have a somewhat higher normal-frequency 
spread now being about 6 me in the daytime and 4 me 
at night while circuits between the United States and 
South America experience a normal-frequency spread 
of around 8 me in the daytime and 4 me at nighttime. 
Very long radio circuits such as those across the Pacific 
Ocean have even a narrower normal-frequency spread 
being about 3 me in the daytime and 1 me to 2 me at 
night. 

The usable frequency spread tends to narrow undet 
disturbed radio propagation conditions lor all circuits 
along with a decrease in the usable frequency. The 
spread may then often be only 1 me or 2 me wide.1 As 
a general rule, the usable frequency spread decreases 
with the lower frequencies which are optimum for night¬ 
time and low sunspot cycle conditions. Circuits operated 
across sunrise or sunset conditions are more critical and 
the nighttime conditions at one end of the circuit with 
its requirement for a lower optimum working frequency 
are controlling. The earth is nearest the sun during 
winter conditions in the northern hemisphere and con¬ 
sequently the optimum working frequencies at this 
time during daylight hours are higher for both the 
northern and southern hemispheres. When the earth is 
furthest from the sun, which occurs during the summer 
season in the northern hemisphere, the daytime opti¬ 
mum working frequencies are lower. 

These frequency characteristics also change with the 
seasons, the latitudes, and to some degree with the 
longitudes on the earth’s surface. Atmospheric noise 
which varies over the globe has a relative influence on 
the usable frequency spread since a high-noise area does 
not provide much leeway on signal strength. Another 
point to be recognized is that insofar as daily frequency 
requirement fluctuations are concerned, one part of the 
world is under daylight or high frequency conditions 
while the other part is subject to nighttime or lower 
frequency conditions. 

1 J. H. Nelson, “Observed diurnal variations in frequencies and 
signal qualities between New York and Central Europe, RCA Rev., 
vol. XV, pp. 602-606; December, 1954. 

While these variations in usable frequencies reduce 
the number of potential world-wide communication 
channels substantially, they have a value on the positive 
side as well. Part of the world can be operating on day 
frequencies while the rest of the world is on night fre¬ 
quencies. This geographical and time sharing enhances 
the world’s frequency pool even though the same factors 
making this enhancement possible also reduce the total 
useful frequencies for any and all circuits because of the 
limited spread of usable frequencies at any one time. 
The extent of time and geographical sharing is deter¬ 
mined by the cyclical variations of the ionosphere, 
atmospheric absorption, atmospheric and man-made 
noises, antenna gain and directivity, radio receiver and 
transmitter performance characteristics, the type of 
service involved, and by the bandwidth required. Much 
more will be said about bandwidth. 

The high-frequency radio spectrum from about 3 me 
to 30 me is allocated to several different services which 
includes the fixed point-to-point, mobile, and broad¬ 
casting services. In addition, the allocation pattern 
varies with the three regions of the world as established 
by the International Telecommunication and Radio 
Conferences held in Atlantic City in 1947. The effect oi 
these regulatory limitations for the 3-mc to 27.5-mc 
band for locations under the jurisdiction of the United 
States Government’s Federal Communications Com¬ 
mission is that 12,780 kc rather than 24,500 kc of spec¬ 
trum space is available to international fixed point-to-
point communication carriers for radio telegraphy, 
radiotelephony, radiophoto, and program service. This 
is equivalent to 4,260 channels of 3-kc bandwidth. Since 
the present state of developments indicate that from 8 
to 12 telegraph channels —each operated at 60 wpm— 
might be carried in each 3-kc bandwidth, there seems 
to be a maximum of 51,120 telegraph channels that 
might become available for telegraph service if other 
factors did not enter and the spectrum was not also re¬ 
quired for other services. However, the limited¬ 
frequency spread of the ionosphere discussed above and 
transmitter and receiver bandwidth characteristics de¬ 
creases the channel availability while geographical and 
time sharing increases it. 

If all of the frequency performance factors outlined 
above were completely consistent in wholly foreseeable 
cyclical variation, much more usable frequency time 
could be secured. Instead, the ionosphere is an emotional 
creature subject to influences and bombardment from 
outer space which cause behavior patterns varying sub¬ 
stantially from the norm. The usable frequency pattern 
is often altered during radio disturbances which causes 
a change in the world’s interference potential and can 
result in a temporary decrease in over-all frequency 
utilization efficiency. 

Each country throughout the world has listed fre¬ 
quencies of various bandwidths in the fixed high-
frequency band for radiotelegraphy, radiotelephony, 
program, and radiophoto with the International Fre¬ 
quency Registration Board in Switzerland. Each new 
circuit requirement has to be considered for harmful 
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interference potential to existing circuits. Each fre¬ 
quency has had to be assigned over and over again 
throughout the world on the basis of geographical and 
time sharing. Extensive frequency usage in many areas, 
and particularly in the lower portions of the frequency 
spectrum, has made it very difficult to add new circuits 
without causing harmful interference to existing 
services. 

All of this emphasizes two things; first, the importance 
of conservation of bandwidth and second, the need for 
flexibility oi operations. I he need tor improved tech¬ 
niques designed to increase the amount of communica¬ 
tions per kilocycle of space is urgent. 

Frequency Utilization 

Single-sideband techniques lend themselves admira¬ 
bly well to meet these needs of frequency conservation 
and operational flexibility. Frequency spectrum con¬ 
servation with single-sideband operation has been ex¬ 
tensively used in the telephone field but has not had 
equal application in the telegraph services. 2 3 When one 
and up to lour 60 wpm telegraph channels are required 
between two points, frequency shift keying using 
standard transmitters and receivers, has met the re¬ 
quirements. It has not been until more than four chan¬ 
nels have been required between two points that single¬ 
sideband systems have been generally used for inter¬ 
national telegraph communications. A typical arrange¬ 
ment of three single-sideband subcarriers, each carrying 
four Time Division Multiplex channels of 60 wpm tele¬ 
printer signals, is shown in Tig. I.4 A similar arrange¬ 
ment showing several subcarriers, each capable of 
carrying two-channel lime Division Multiplex keying 
is shown in Fig. 2. Normally this latter arrangement 
would be limited to four subcarriers or a total of eight 
60 wpm teleprinter signals. 1 hese audio frequencies were 
chosen because they gave a good ratio between total 
frequency shift and keying speed and because standard 
audio filters were available for them. Since these filters 
do not go below 425 cycles the lowest subcarrier has 
been limited to the 425/595 cycle filter combination. 

I he two-channel I ime Division system shown in Fig. 
2 will be used under conditions of severe multipath on 
the radio path with delays of 3 to 4 milliseconds or more. 
The 11.7 millisecond signal element length of two-
channel keying is free of multipath degradation while 
the 5.86 millisecond signal element length of four-
channel 'l ime Division Multiplex keying is effected if 
subjected to multipath elongation in the order of about 
2 or 3 milliseconds. 

For the purposes of determining the bandwidth of 
emission, the solo channel speed oi 60 wpm is considered 
equivalent to 22| cycle keying while two-channel and 
four-channel Time Division Multiplex is considered 

2 F. A. Polkinghorn and N. F. Schlaack, “A single-sideband short¬ 
wave system for transatlantic telephone,” Proc. IRE, vol 23 pp 
701-718; July, 1935. ’ 1

2 A. A. Oswald, A short-wave single-sideband radiotelephone 
system,’ Proc. IRE, vol. 26, pp. 1431-1454; December, 1938. 
■ Kecent advances in international radio communi¬ 

cations,’ IRE Trans., vol. CS-2, pp. 86-92; November, 1954. 

4 CHANNEL 4 CHANNEL 4 CHANNEL 
MULTIPLEX MULTIPLEX MULTIPLEX 

Fig. 1 Single-sideband subcarrier system with four-channel 
time division multiplex on each. 

Fig- 2—Single-sideband subcarrier system with two-channel 
time division multiplex. 

equivalent to about 42¿ and 85 cycles keying speed re¬ 
spectively. Emission bandwidth distribution is then de¬ 
termined theoretically from the index of modulation 
^F/f (where NF equals one-half total shift and / is the 
keying frequency) and the corresponding Bessel func¬ 
tions. 1 he ratio NF/f for both two-channel and four-
channel keying with subcarrier shifts, as shown in Figs. 
1 and 2, gives a modulation index of 2. If all discrete 
frequencies having a voltage value of two percent or 
greater of the value of the unmodulated subcarrier are 
considered included in the emission bandwidth this 
gives a theoretical bandwidth of 340 cycles for each 
subcarrier shifted a total of 170 cycles and carrying 
two-channel Time Division Multiplex and a theoretical 
bandwidth of 680 cycles for each subcarrier shifted a 
total of 340 cycles and carrying four-channel Time 
Division Multiplex. 

Obviously, this bandwidth must be restricted to in¬ 
sure proper operation of the subcarrier. Accordingly, 
transmission bandwidth for the subcarriers is restricted 
to include only the fundamental of the keying frequency, 
h or keying speed of 171? bauds, corresponding to 
tour-channel Time Division Multiplex operation, only 
the two approximately 85 cps side frequencies lying out¬ 
side the mark and space frequencies are passed and 
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higher side frequencies are very largely eliminated. One 
method is to use audio shift keyers with the single¬ 
sideband subcarriers which have internal circuits for 
generating either the marking frequencies or the spacing 
frequencies and which are arranged so that they shift 
suddenly from one of these frequencies to the other. At 
the instant this shift is made there is no change in the 
phase of the frequency generated. This can be accom¬ 
plished by employing a frequency determining element 
which is manipulated with the key to provide either a 
marking frequency or a spacing frequency as demanded 
by the controlling signal. A band-pass filter is required in 
the output of this unit. This band-pass filter, when the 
keyer is used for four-channel Time Division signals 
(171$ bauds) with the frequency shift of plus and 
minus 170 cycles per second, has characteristics as 
shown in Table 1 below. 

TABLE I 

Frequency, cps, either side of 
center frequency 

Attenuation above that of 
center frequency 
attenuation db. 

170 
340 
510 
680 

above 680 

1.5-f-or —0.5 
6.0+or —0.5 
13.5+or -1.0 
24.0+2.0—4 
maximum practicable 

For single-channel speed or two-channel speed 
(42$ bauds or 85$ bauds) with a total shift of 170 cps, 
the filters required are just half as wide as the ones 
listed above. It will be noted, for example, that the 
fifth harmonic of the signals, when transmitting re¬ 
versals of minimum length elements, will be attenuated 
about 9 db by these filters while higher harmonics are 
attenuated to a greater degree. The strength of these 
harmonics is fundamentally quite low. When they are 
further attenuated by the filters, their strength is so low 
that they do not cause objectionable intermodulation 
in adjacent channels. The specifications require that the 
second harmonic of the shifted subcarrier be reduced 
down to at least 20 db below the fundamental and that 
the higher harmonics are reduced at least as much when 
they fall into the band of one of the neighboring sub¬ 
carriers. 

Single-sideband telegraph transmission operates with 
the carrier reduced to a level 20 db below a standard 
reference. This standard reference level is that level of 
one of two equal sinewave monotones which will produce 
the rated peak effective power in the transmitter output. 

A method of determining bandwidth necessarily oc¬ 
cupied is given in The International Radio Consultative 
Committee's Recommendation No. 87 which, although 
pertaining to frequency shift carrier operation, is also 
applicable in principle to single-sideband subcarrier 
operation.5 Thus according to these recommendations 
the necessary bandwidth is given by 

2.50 + 0.50 for 2.5 < m 8, 

where 
O=deviation or one-half frequency shift, 
B = keying speed in bauds, and 
m = modulation index. 
Although not completely applicable in this case since 

the modulation index is 2, it is interesting to note the 
results. This formula gives a bandwidth of 234 cycles for 
each subcarrier with 2-channel Time Division Multiplex 
and 467| cycles bandwidth for each subcarrier with 
four-channel Time Division Multiplex. On this basis 
twelve 60 wpm channel operation, as shown in Fig. 1, 
occupies a necessary bandwidth of 2465 cycles plus the 
keying sideband of the extreme end of the top sub¬ 
carrier or plus 64 cycles and, if the same value of 64 
cycles is assumed for guard-band clearance on the low 
side of the reduced carrier, it gives a total of 2593 cycles 
as the necessarily-occupied bandwidth. 

The necessary bandwidth of transmissions is only 
part of the story however since interference occurs at 
the receiving location and is determined partly by the 
bandwidths of reception. The utilization of automatic¬ 
frequency control in single-sideband systems makes it 
possible to reduce the bandwidths in the receiver which 
reduces the possibility of harmful interference and con¬ 
sequently increases the opportunities for more efficient 
frequency utilization. The receiver filters used to sepa¬ 
rate the lowest subcarrier frequency channel from other 
channels have the characteristics shown in Table II. 

TABLE II 

Attenuation 
in db relative 
to midband 

Frequency—cps 

For 170 cps shift For 340 cps shift 

40 
30 
20 
10 
5 
2.5 
0 

1560 2030 
1580 2020 
1600 1995 
1720 1960 
1640 1930 
1670 1905 
1735 1835 

1710 2610 
1850 2580 
1800 2510 
1840 2470 
1870 2430 
1910 2390 
2030 2220 

The automatic-frequency control employed on single¬ 
sideband receivers makes these closely-spaced sub¬ 
carriers possible. The future may see further reduction 
in the amount of shift on the subcarriers with even a 
higher-frequency utilization efficiency. 

Operating Flexibility 
The second basic advantage of single-sideband opera¬ 

tion is its flexibility. Single-sideband equipment such as 
the new RCA SSB-3 system, as described in another 
paper in this issue,6 is capable of operation with the tele¬ 
graph subcarriers either all above, below or on both 
sides of the reduced carrier. In addition, the keying of 
any one subcarrier can easily be shifted to any other 
subcarrier. This flexibility can be of considerable ad¬ 
vantage when interference which is localized in only 
part of the received spectrum suddenly arises. In addi-

‘ CCIR International Radio Consultative Committee, Docu- « H. E. Goldstine, G. E. Hansell, and R. E. Schock, “SSB receiving 
ments of the VHth Plenary Assembly, London, 1953, vol. I, PP- 75- and transmitting equipment for point-to-point service on hf radio 
81; International Telecommunication Union, Geneva, 1953. circuits,’ this issue, p. 1789. 
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tion, interference to any one subcarrier will affect that 
keying only. Systems employing four frequency or sig¬ 
naling positions to secure two channels will be subject 
to interference to both channels even though the actual 
interference is limited to only one of the frequencies. 

As has been indicated above, interference occurs at 
the receiving station and under certain conditions it is 
possible that quadrupling of the power will just make 
the difference between a workable and unworkable sig¬ 
nal. If eight 60 wpm teleprinter channels are being car¬ 
ried on two single-sideband subcarriers, then a reduction 
to one subcarrier will permit a quadrupling in the power 
of the remaining subcarrier which could provide the 
required signal-to-interference ratio or signal-to-noise 
ratio at the receiving station to maintain a working 
circuit. 

The international telegraph industry has seen a re¬ 
markable growth in direct customer to customer serv¬ 
ices in recent years and the greatest volume is secured 
during coincident business hours at each end of the 
circuit. This calls for a maximum number of channels 
during daylight conditions when the optimum working 
frequencies are highest and less subject to atmospheric 
noise. At night when the communication load is lighter 
and fewer channels are needed, the optimum working 
frequencies are lower and more subjected to atmospheric 
noise, and the single-sideband system permits an easy 
reduction in the number of subcarriers with a conse¬ 
quent increase in power for the remaining. This charac¬ 
teristic of single-sideband operation affords an oppor¬ 
tunity for maximizing daytime and nighttime per¬ 
formance with a given capital investment. 

Another advantage of single-sideband flexibility is the 
ability to “fork” circuits. Suppose it is necessary to work-
two countries located in the same geographical area, but 
neither one has sufficient traffic to warrant eight or 
twelve channels. With single-sideband reception in both 
countries, each can make use of the subcarrier carrying 
its traffic only. Thus one transmission facility can be 
used simultaneously to work two or more neighboring 
countries in what is referred to as “forked” operation. 

The last few years have seen an enormous growth in 
data processing with computers and business machines 
expanding into many new fields and applications. Many 
of these new installations are generally very expensive 
and will be limited in number with the associated re¬ 
quirement that the “data” must be communicated long 
distances to the machines. This communication may be 
by means of the standard 5-unit stop-start code system 
as used in almost all of the telegraph systems. As such 
the communications can be handled on a single-sideband 
subcarrier with Time Division Multiplex in the same 
manner that message traffic is processed. However, this 
method of communications may not be satisfactory for 
data transmission. It may not be fast enough or it may 
require the use of special codes. Six-unit and eight-unit 
codes, both start-stop and synchronous, are in use. The 
frequency division system of single sideband lends itself 
admirably well to these various requirements. 

It can be used, for example, with an IBM transceiver 

which employs an eight-unit start-stop code, 10.5 ele¬ 
ments, for reading and transmitting information over 
long distances from punched card to a receiving machine 
which punches a new card.' I he IBM data transmission 
machine referred to is capable of operating at various 
speeds. 1 he frequency division system of single sideband 
can easily provide the desired channel bandwidth by the 
simple expedient of supplying the necessary channel 
filters. 

Another example of special communication would be 
the transmission of I eletypesetter signals at high 
speeds.8 While tests have been made at 600 wpm on 
landline systems, using a start-stop six-unit code, it 
should be possible to send about half that speed on a 
single-sideband radio system. The limiting factor would 
not be the single-sideband system but the multipath 
that might occur on the radio path. The single-sideband 
system is easily capable of handling unequal length code 
such as the Morse code. It can handle different codes 
and different speeds on the various subcarriers simul¬ 
taneously. One aggregate can carry a four-channel 
lime Division Multiplex/ARQ system employing the 
ARQ seven-unit Moore code, a second subcarrier can 
carry a solo eight-unit start-stop code, and a third sub¬ 
carrier a 100 wpm Morse signal. 

1 his versatility gives the single-sideband system a 
decided advantage over the frequency shift diplex 
system where four alternate frequencies are transmitted 
to give two channels. I his latter system must be oper¬ 
ated on a synchronized basis if its bandwidth utilization 
is to be efficient and deterioration under multipath con¬ 
ditions is to be avoided. Such synchronous operation 
prohibits the use of unequal length codes, codes with 
stop elements of greater duration than the signal ele¬ 
ments, and different kinds of codes on the two channels. 
In addition, the necessity of transmission synchroniza¬ 
tion means that the keying devices should be either near 
each other or, if they are not, it requires an auxiliary 
system for synchronization control. 

No one can foresee for certain what the data trans¬ 
mission requirements of tomorrow will be but the 
single-sideband system will undoubtedly be in a pre¬ 
ferred position to meet all developments. 

1 here are other services which require maintenance 
of center hole count, i.e., for each character or function 
entering a communication system the same number of 
characters or functions must be received. Other services 
require a circuit in which there is no character storage. 
Single-sideband systems lend themselves to these special 
applications, as well as being able to handle telephone, 
broadcast, and radiophoto signals. 

Power 

1 he peak envelope power of the single-sideband 
transmitter divided by the square of the number of sub-

, Doty and L. A. Tate, “A data transmission machine,” 
AIEE Transaction Paper, no. 56-985, p. 3; August 7, 1956. 

8 H. A. Rhodes, “ fests of intercity transmission of teletypesetter 
signals at 600 words per minute,”” ÄIEE Conference Paper, no 56-
397, pp. 1-9; January, 1956. 
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Fig. 3—Receptior GLK, 8005 kc, London transmission at 
Riverhead, N. Y., for the month of November, 1951. 

carriers gives the minimum power per subcarrier. Limit¬ 
ing increases the possible power per subcarrier although 
the exact amount of the increase must be determined in 
each individual case. With a peak envelope power of 20 
kw and four subcarriers, it is anticipated that the sub¬ 
carrier power will be 2 kw. 

The amount of power required per subcarrier and the 
total peak envelope power of a single-sideband trans¬ 
mitting system varies considerably between circuits and 
over cylical propagation changes. It is believed that 
once medium power has been obtained, say 20 or 25-
kw PEP, further power gains must be at least in the 
order of 3-db or more to be significant. Anything less 
than about a 3-db step would hardly be warranted. It 
is usually more practical to double the effectiveness of 
the antenna systems by employing end-fire or two-bay 
rhombic antennas. End-fire rhombic antenna construc¬ 
tion consists of placing a second rhombic a proper 
distance ahead and below the first rhombic such that 
they physically overlap in the direction of transmission. 
The relative phase of the feed lines to the two rhombics 
is also important. 

The reason for considering power steps of at least 3-db 
is that received signals vary a great deal more than this 
and anything less would have inconsequential effect on 
improving circuit continuity. Examples of this large 
variability in signal intensity are given in Figs. 3 and 
4 which show the hourly median values of signals lev¬ 
el received from GLK 8005 kc, London, at Riverhead, 
N. Y. On these plots each dot represents the median 

level recorded during that hour of one day. The induced 
microvolts shown are about 6 db greater than the mi¬ 
crovolts which would appear across a 200-ohm receiver 
input impedance. These graphs are typical of the wide 
range of received signal intensity and lend support to 
the contention that db gains of less than about 3-db 
will probably not be noticed. 

It is to be noted here that systems with four signaling 
or frequency positions for chaneling have the advantage 
that maximum peak power is available at all times on 
each channel. However, since the received bandwidth 
has to be sufficient to cover the entire spectrum the total 
received noise and consequently the signal-to-noise 
ratio for each channel is probably no better than for the 
single-sideband system. 

The availability of ARQ, automatic error correction, 
on transoceanic circuits has also made it possible to 
operate with considerably less power than would other¬ 
wise be required. Usually when the ionosphere fails to 
support a frequency the addition of power would be 
completely unproductive and a frequency change is in 
order. It is believed that single-sideband transmitter 
powers in the order of 50 to 60 kw will be required for 
only a few of the most difficult of the world’s interna¬ 
tional telegraph communication circuits. 

Operating Standardization 
Fig. 5 shows the preferred method of channel desig¬ 

nation for Time Division Multiplex on subcarriers of a 
single-sideband system. The marking and spacing fre-
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Fig- 5—Standard designations for time-division multiplex with 
subdivision of one channel all on a single-sideband system. 

quencies are also indicated. It is to be noted that the 
spacing frequency is the lowest in the spectrum regard¬ 
less of whether the subcarrier is above or below the 
reduced carrier. This means that in shifting a sub¬ 
carrier from the upper sideband to the lower sideband 
the keying will have to be reversed in order to maintain 
this standardization. Insofar as the telegraph terminal 
equipment is concerned, marking corresponds to rest 
condition on the five-unit start-stop system while 
marking corresponds to key down or active condition 
on Morse keying. These system standardizations have 
not yet had world-wide acceptance and are being con¬ 
sidered further by the CCIR, International Radio Con¬ 
sultative Committee, of the International Telecom¬ 
munications Union. 

These matters of standardization of single-sideband 
technical operations require coordination with foreign 
administrations. Considerable progress has been made 
in arriving at the standards of channeling and designa¬ 
tion, as outlined above. 

Transmitter and Receiver 

Finally, mention must be made of the two basic 
methods of providing single-sideband transmissions. 
One of these is referred to as the linear single-sideband 
system of which the RCA new SSB-3 system is an 
example. Photographs of the transmitter and receiver 
appear in another paper in this issue.6

The second method involves utilization of a standard 
broadcast-type transmitter equipped with a high level 
audio modulator and an adaptor which splits the keying 
into a phase modulation component and an amplitude 
component.9 The phase modulation component is am¬ 
plified by means of the Class-C amplifier and the 
amplitude envelope is restored at the final amplifier 
through the high level audio modulator. Fig. 6 shows a 
photograph of this Kahn single-sideband adaptor. 

9 L. R. Kahn, “Single-sideband transmission by envelope elimina¬ 
tion and restoration,” Proc. IRE, vol. 40, pp. 803-806; July, 1952. 

Fig. 6—Kahn single-sideband adaptor for use with standard 
telephone-type transmitters. 

Conclusion 

All of the technical factors outlined above must be 
considered carefully along with cost factors in choosing 
between the different communication systems. When 
more than four channels are needed between two points 
requiring long distance radio communications, the 
single-sideband system is preferred because of its fre¬ 
quency spectrum utilization efficiency and because of its 
flexibility for so many kinds and types of communica¬ 
tion services. 
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SSB Receiving and Transmitting Equipment for 
Point-to-Point Service on FIE Radio Circuits* 

H. E. GOLDSTINEf, member, ire, G. E. HANSELLJ, member, ire, and R. E. SCHOCKJ, member, ire 

Summary—The single-sideband receiving equipment, described 
in this paper, operates in the frequency range from 2.8 to 28 mega¬ 
cycles. The receiver provides for dual space-diversity reception of 
single sideband, independent sideband, double sideband, amplitude 
modulation, or phase modulation signals. The first heterodyne oscil¬ 
lator and the second heterodyne oscillator are common to both re¬ 
ceiver circuits. The first heterodyne oscillator is a highly stabilized 
oscillator of the “captive" type. Diversified carrier from the two re¬ 
ceivers is used in a comparator-type afc system. A noise-operated 
squelch disables the afc during poor-signal intervals. The age voltage 
may be supplied from a choice of the signal carrier, the aggregate 
energy of either sideband, or (in the case of phone reception) from 
a combination of carrier and sideband energy. A diversity combiner 
is provided for the reception of phone signals. The telegraph diversity 
combiner uses a relatively simple limiter-combiner system. The re¬ 
ceiver has a noise figure of 6 db and a minimum image ratio of 100 db. 

The companion transmitter is comprised of single-sideband 
modulating equipment, heterodyne frequency converters, and a 
linear amplifier system having a peak power output of 20 kw. The 
amplifier features continuous tuning throughout the operating range 
of 4 to 30 me. The entire transmitter is designed to meet modern 
requirements of low distortion and low spurious radiation. It is in¬ 
tended to meet telephone, multichannel telegraph, and facsimile 
service requirements. Provision is made for operation with two inde¬ 
pendent sidebands, either or both of which may be transmitted, and 
with various amounts of carrier reduction. Double sideband AM may 
also be transmitted. This transmitter is believed to provide an opti¬ 
mum compromise between power level and equipment cost. 

Introduction 
ERTAIN rather special qualifications are desira¬ 
ble in today’s receiving and transmitting equip¬ 
ment used for point-to-point commercial radio 

service. The advantages of single sideband and the ad¬ 
vantages of diversity reception are well established. 1'hc 
crowded frequency spectrum requires of the receiver a 
maximum of selectivity and high image ratio. If the re¬ 
ceiver is used as one of many in a particular receiving 
location, such things as low-back radiation of the first 
oscillator become of prime importance. A receiver with 
continuous tuning is desirable in many cases, and this 
without sacrificing greatly in stability and resetability. 
Available choice of bandwidth, to accommodate the 
spectrum of the particular service being used, is a de¬ 
sirable feature in the receiver. As with the receiver, con¬ 
tinuous tuning of the transmitter is often desirable. 
W here single-sideband transmitters run with a number 
of intelligence channels on either or both sidebands, a 
high transmitter power output is essential to a satis¬ 
factory power level of each intelligence channel. To 
achieve this, while maintaining linearity, compactness, 
and ease of operation, is the transmitter-design goal. 
Mechanical design and arrangement which make for 
easy testing and maintenance are of prime importance 

* Original manuscript received by the IRE, September 17, 1956. 
t RCA Labs., Div. Transmission Lab., Rocky Pt., \. Y. 
; RCA Labs., Div. Radio Reception Lab., Riverhead, X. Y. 

for both receivers and transmitters. It is the purpose of 
this paper to describe the RCA dual diversity single¬ 
sideband receiver, SSB-R3, and the companion trans¬ 
mitter, SSB-T3, in which the above requirements are 
attained to a considerable degree. 

The Receiver 
Dual Diversity 

The receiver is designed for two-receiver space¬ 
diversity reception. However the two signals pass from 
the two spaced-antenna inputs to the two audio outputs 
without combination of the intelligence signals. The re¬ 
ceiver from input to output, is essentially two indi¬ 
vidual receivers but with common heterodyne oscilla¬ 
tors, common age, common afc, common packaging, 
and common rf tuning controls. All diversity combining 
of the intelligence signals is done in adaptors fed from 
the receiver audio outputs and especially designed for 
combining the particular type of intelligence signal 
being received. A simplified block diagram, which will 
be referred to in describing the receiver, is shown in Fig. 
1 (next page). It does not indicate the manner of pack¬ 
aging the receiver units. 

The RF A mplifiers 

The rf tuning range from 2.8 to 28 me is covered in 
four bands. Band-switching is accomplished by switch¬ 
ing the tube heaters. The rf amplifier for each receiver 
has four permeability tuned circuits for each band. The 
two receiver tunings are ganged together, requiring only 
one tuning for both receivers. Input impedance of the 
amplifiers is normally 200 ohms balanced, but this may 
be converted to 50 ohms unbalanced by connecting one 
of the input leads, on each output, to the center tap of 
its respective input coil. The use of four tuned circuits 
in each amplifier chain results in a first-heterodyne-
oscilla'or back radiation at the rf inputs of less than 1 
juv under till tuning conditions. 

The HF Oscillator 

The hf oscillator is of the captive type and is common 
to both receivers. It has four bands, calibrated in signal 
frequency, covering the same ranges in each band as the 
rf amplifiers. The oscillator may best be described by 
referring to its block diagram. Fig. 2. In operation, a 
selected harmonic of the crystal oscillator is mixed with 
the output of the slave oscillator to produce a frequency 
in the 2 to 3 me range. This is fed through selectivity 
to a phase comparator. Signal from a highly stabilized, 
permeability tuned, 2 to 3 me oscillator is also fed to 
the phase comparator. The output of the phase com¬ 
parator operates, through a reactance tube, upon the 
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Antenna Antenna 
Reel Rec. 2 

LSB USB From Phone 
Combiner 

Fig. 1—Simplified block diagram of dual-diversity SSB-R3 
receiver. 

VARIABLE OSC. 
Permeability Tuned 

2*3mc 
_ ï_ 

PHASE 
COMPARATOR 

- ,r~-
2-3mc 

BAND-PASS FILTER <-

REACTANCE 
TUBE 

LOCK 
INDICATOR 

Output 
3.8-29mc 

Fig. 2—Block diagram of the hf oscillator. 

slave oscillator to hold the output of the mixer in phase 
with the output of the 2 to 3 me variable oscillator. This 
in effect locks the slave oscillator in phase. The tuning 
calibration accuracy is +750 cycles. The over-all sta¬ 
bility is approximately 50 cycles for a 12 hour period 
after the initial warmup. In operation the oscillator 
output is fed to the first converter at a frequency 1 me 
higher than the incoming signal frequency, thus convert¬ 
ing it to a 1 me IF frequency. The image ratio resulting 
is approximately 100 db at 28 me. 

The IF Amplifiers 

The IF amplifier chains consist of four double-tuned 
transformers and two pentodes in tuned transformer 
stages. The 1 me intermediate frequency is converted 
to 100 kc in the converters following the IF chains. The 
four double-tuned transformers in each IF amplifier 
chain, plus a double-tuned transformer in the output of 
each converter, results in an over-all bandwidth at this 
point of 18 kc. 

The IF Oscillator 

This oscillator, for converting from 1 me to 100 kc, 
is highly stable with respect to changes in supply voltage 
or changes in tube gain. Provision is made for switching 
the frequency from 900 kc to 1100 kc or vice versa, for 
the purpose of interchanging sidebands at the sideband 
filter inputs. The afc operates on this oscillator as will 
be described later. 

The Carrier Conditioner 

As indicated in Fig. 1, the outputs of the second con¬ 
verters feed to the “sideband filters” and also to the 
“carrier conditioner.” Several operations take place in 
the carrier conditioner and these are shown in Fig. 3. 
Here the receiver no. 1 and receiver no. 2 signals, from 
their respective second converters, feed into their re¬ 
spective carrier filters. The carrier filters are 35 cycles 
wide centered on 100 kc. Their outputs feed to the 
“carrier combiner,” and also to the “carrier rectifiers.” 
These carrier rectifiers have a common load, and the de 
voltage developed across this load is used for age. The 
combiner serves to select the stronger of the two carrier 
signals fed to it. The output of the carrier combiner is 
fed to a limiter having a limiting range of 45 db . The 
limiter output feeds to a noise rectifier circuit. In the 
noise rectifier circuit any noise which appears on the 
carrier is amplified and rectified to obtain a voltage 
which disables the action of the afc during noisy-signal 
intervals. The filtered, amplified, and limited carrier at 
the output of the limiter is designated as a “conditioned” 
carrier. Beside feeding to the noise rectifier circuit, it is 
used in the afc circuit, and is made available to the final 
demodulators for demodulation of the signal. 

The Sideband Filters 

The fidelity of the receiver up to the output of the 
second converters is essentially flat for 6 kc either side 
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100 kc 100 kc 

To Final 
Demodulators 

To Comparator-Type 
AFC Unit 

Fig. 3 Block diagram of the carrier conditioner. 

of the carrier. By using upper and lower sideband filters 
with 6 kc tulelity, a full 6 kc fidelity output can be had 
at each side band demodulator output. Packaging of the 
sideband I Iters in this receiver is such th.it if the re¬ 
ceiver is not to be used for a service requiring full 6 kc 
fidelity, filters may be obtained with the receiver which 
are less expensive, and which will select that portion of 
the sideband spectrum used by this particular service. 
Furthermore if the receiver is always to be used on sig¬ 
nals using one sideband only (either upper or lower), the 
receiver may be obtained with filters for one sideband 
only. As has been pointed out, the IF oscillator may be 
operated at either 900 kc or at 1100 kc for the purpose of 
interchanging the sidebands at the sideband filter inputs 
when desired, so that either sideband may be placed in 
the particular sideband filters used. 

The 100 KC Reference Oscillator 
The 100 kc reference oscillator indicated in Fig. 1 is 

a stabilized crystal oscillator. It provides a reference to 
which the conditioned carrier may be compared for afc 
purposes. It is also supplied to the demodulators as one 
demodulating-carrier choice. 

The Demodulators 
Signals from the sideband filters pass to the demodu¬ 

lators for conversion to audio. Packaging of the receiver 
is such that one demodulator-unit package provides 

demodulation for one sideband output (lower or upper) 
for one receiver and the same sideband output for the 
other receiver. Thus if the receiver is to be used en¬ 
tirely on signals with one sideband only working, then 
only one demodulator unit need be provided with that 
receiver. If the receiver is to be used on signals with two 
sidebands working independently, then one demodu¬ 
lator unit must be provided for the lower sideband and 
a second demodulator unit for the upper sideband. 

The demodulator circuit used is of the product¬ 
detector type. Levels are purposely held to a relatively 
low' level throughout the receiver, down to the final de¬ 
tector, in order to avoid intermodulation products. 
Intermodulation products at the demodulator output 
are down 50 db or more. 

Each demodulator unit provides a choice of carriers 
for insertion at the detector. The conditioned carrier is 
provided as one choice, and the 100 kc reference oscil¬ 
lator signal as another. When the receiver is to be fol¬ 
lowed by a telegraph combiner, for the reception of tele¬ 
graph signals, a third carrier choice is provided. In this 
case the carrier choice provided for each detector is off¬ 
set from 100 kc, and by a different amount for each de¬ 
tector, for reasons to be discussed under the heading of 
“The Telegraph Combiner.” 

The Automatic Frequency Control 
The automatic frequency control operates through a 

synchronous inductor motor connected to a variable 
capacitor in the IF oscillator tuned circuit. This afc is 
of the comparator type, which compares the frequencies 
of the conditioned carrier and the reference oscillator 
and operates the motor in a sense to make correction 
when these frequencies are not in agreement. The afc 
normally holds the carrier to within one cycle of the 100 
kc reference oscillator frequency. 

The Automatic Gain Control 
Automatic gain control is applied to all the rf and IF 

amplifier tubes. Several age voltage sources are pro¬ 
vided, and provision is made for selecting the source 
desired. This is indicated in Fig. 1 w'here the various 
age voltage sources are shown feeding into an age switch¬ 
ing unit. It has been customary practice to use rectified 
carrier as the age voltage source. However, in telegraph 
signal reception, better results have been obtained when 
the aggregate telegraph sideband energy is rectified to 
supply the age voltage source. This is referred to in Fig. 
1 as “aggregate age.” 

In the phone combiner, used with this receiver for 
phone reception, there is provided an audio rectifier 
which may be connected across the same load used by 
the carrier rectifiers. The voltage resulting across this 
common load is used for age. It is designated in Fig. 
1 as “sideband age.” Choice of age supply voltage is 
made at the block in Fig. 1 designated as “age switching.” 

Here also, switching is provided for an age time con¬ 
stant choice of 0.72, 7.2, and 57 seconds. 
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Fig. 4 Photograph of the SSB-R3 receiver. 

Mechanical and Power Features 

A photograph of the receiver is shown in Fig. 4. The 
dual diversity receiver itself occupies one full rack and 
about J to I the space in a second rack, depending on 
the type of service for which the receiver is to be used. 
The lower section of the right-hand rack, in the photo¬ 
graph, contains a phone combiner unit and also tele¬ 
graph combining equipment for three tone channels. 

The various units of the receiver and combining 
equipment are roll-out mounted to provide ready access 
for test and service. All power and signal cabling remains 
connected when the roll-out is used. 

Each rack has its own regulated de power supply and 
its own power control unit. The power supply frequency 
range is from 47| to 63 cycles. Provision is made for 
operating in a power voltage range from 100 to 130 
volts ac or in a range from 200 to 260 volts ac as desired. 

Diversity Combining Equipment 
The Phone Combiner 

As was previously stated, signals pass through the 
dual diversity receiver from the two spaced-antenna in¬ 

puts to the demodulator outputs without diversity 
combination, and that such combination is accom¬ 
plished in combining equipment following the demodu¬ 
lators. When the receiver is to be used for phone signal 
reception, a “phone combiner” unit is provided. This 
combiner uses a diversity gating circuit with a charac¬ 
teristic such that two signals entering the combiner 
with a 1 db amplitude differential will have a 25 db 
differential at the combined output. 

The Telegraph Combiner 

The telegraph combining equipment provides dual¬ 
diversity single sideband reception of telegraph radio 
signal over the range of the receiver described above. 
The telegraph combining system can best be described 
by reference to Fig. 5. The telegraph sideband is demod-

Ext. Tones In 

Keyed Tones Out 

Fig. 5—Block diagram of the telegraph combining system. 

ulated using a dual oscillator unit with a separate offset 
crystal for each receiver such that the tone channels are 
reproduced at a higher audio frequency than the original 
transmitted tones. The tones from the two receivers are 
offset by different amounts making it possible to use a 
common limiter combining system. Following the de¬ 
modulator unit, the audio telegraph channels for each 
receiver are separated by filters and connected to a 
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combining unit for each tone telegraph channel being 
transmitted. The individual channel combiner units can 
best be described by reference to Fig. 6. The frequencies 
passed by the filter unit for receiver 1 and receiver 2 for 
a given channel are individually amplified and con¬ 
nected to a common limiting system. The limiting sys¬ 
tem is designed to accommodate a large fading range 
making it unnecessary to provide an individual age 
system for each tone telegraph channel. Following the 
limiting system the frequencies for the two receivers are 
separated by filters and passed to a discriminator for 
each receiver. The discriminators are followed by de¬ 
tectors having a common load. The detected output is 
then passed through a low-pass keying filter to a trigger 
keyer system. The output of the keyer is an on-off keyed 
tone. The tone source can be either internal to the unit 
or from an external tone source. 

INPUT INPUT 
REC. I REC. 2 

Fig. 6—Block diagram of the individual-channel telegraph 
combiner. 

The diversity action is made possible by virtue of the 
fact that the frequencies from the two receivers are off¬ 
set with respect to each other such that phase cancella¬ 
tion is not a problem. The total diversity action is due 
to the capture effect in the limiting system plus the effect 
of the common detector load. Measurements have 
shown that if t he two signals differ by 1.3 db or more the 
weaker signal will not contribute to the output. An 
advantage gained by this type of diversity system is the 
simplicity of the circuitry in the telegraph combiner 

unit. 1'liis is rather important since a combiner unit is 
required for each tone telegraph channel in use. 

I'wo systems for two different speeds have been 
worked out. The first system uses three tone channels 
with 340 cycles total frequency shift and 680 cycles 
channel separation. The present plan is to use each of 
these tone channels for four telegraph circuits operating 
in time division multiplex at 60 words per minute for 
each telegraph circuit or 240 words per minute for each 
tone channel. The over-all system is capable of 12 tele¬ 
graph circuits at 60 words per minute each, 'fable I 
shows the center of each transmitted tone channel and 
the center of each receiver tone channel at the input 
to the channel combiner unit. 

TABLE I 
Quadruplex Speed System—3 Channels 340 Cycles Shift— 

680 Cycles Separation 

Channel Transmitted Receiver 1 Receiver 2 

A 
B 
C 

935 
1615 
2295 

2125 
2805 
3485 

3485 
4165 
4845 

The second system uses eight tone channels with 170 
cycles total frequency shift and 340 cycles channel sepa¬ 
ration. The present plan is to use each of these tone 
channels for two telegraph circuits in diplex operation 
at 60 words per minute for each telegraph circuit. The 
over-all system is capable of 16 telegraph circuits 
operating at 60 words per minute each. Table II shows 
the center of each transmitted tone channel and the 
center of each receiver tone channel at the input to the 
channel combiner unit. 

TABLE II 
Dipi i x Speed System 8 Channels 170 Cycles Shift 

—340 Cycles Separation 

Channel Transmitted Receiver 1 Receiver 2 

A 
B 
C 
D 
E 
F 
G 
H 

510 
850 
1190 
1530 
1870 
2210 
2550 
2890 

1785 
2125 
2465 
2805 
3145 
3485 
3825 
4165 

2465 
2805 
3145 
3485 
3825 
4165 
4505 
4845 

Obviously the same general system could be adapted 
to other shifts, keying speed, or channel separations. In 
this connection it should be pointed out that all channel 
units are identical except for the filters and discrimi¬ 
nators. This particular equipment has been arranged to 
have all of the filters in a common unit for each system 
and uses a plug-in dual discriminator to fit the channel 
and system in use. 

The Transmitter 

The transmitter is designed to cover a frequency range 
of 4-30 me, with peak power output of 20 kw. The fre-
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quency range meets service requirements for long dis¬ 
tance, high frequency, ionospheric communication. 

Manual tuning is provided so that the transmitter 
can be easily tuned to the desired frequency in this band 
with self-contained tuning components. The trans¬ 
mitter is designed to provide commercial service for 
either multitone telegraphy or telephony. To simplify 
the adjustment and tuning of the transmitter, a number 
of rf stages are gang tuned and the tank coil and con¬ 
densers are ganged together to provide a nearly con¬ 
stant LC ratio over the required frequency band. 

Either or both of the independent sidebands can be 
used for transmission of intelligence. Audio band widths 
of 200 to 3500 cycles per second or 100 to 6000 cycles 
can be obtained, depending upon choice of the single¬ 
sideband generators. 

The transmitter uses air cooled type tubes and is self-
contained, with the exception of the high voltage recti¬ 
fier transformer, in a unit approximately 88 inches wide 
by 89 inches high by 48 inches deep. A photograph of 
the research model transmitter is shown in Fig. 7. 
Tetrode tubes are used for the high frequency linear 
amplifiers and the output stage uses a pair of high power 
tetrodes to produce the 20 kw peak output level. When 
greater power is desired, a power amplifier may be 
added. The peak power rating is believed to represent 
nearly optimum compromise between the desire for 
high signal power and the desire for moderate cost. Fig. 7—Photograph for the SSB-T3 transmitter. 

Conversion of Airborne HE Receiver-Transmitter 
from Double Sideband to Single Sideband* 

HARRIS A. ROBINSONf, senior member, ire 

Summary—In the past, the problem of frequency accuracy and 
stability has been the major deterrent in the effective utilization of 
single sideband, suppressed carrier techniques for hf air-ground 
communications. This paper describes briefly the AN/ARC-21 air¬ 
borne hf, double sideband, communication equipment, and the fre¬ 
quency-control system which permits the remote selection and ac¬ 
curate automatic timing to any selected frequency channel of the 
44,000 available at intervals of 0.5 kc in the 2 to 24 me spectrum. 
The improvement in the stability of this frequency-control system 
and the modifications of the several major subassemblies, essential 
to the conversion of this equipment to the single-sideband mode, are 
described. The provision for reception and transmission of an equiva¬ 
lent amplitude modulated signal during the transition period is dis¬ 
cussed. Block diagrams, performance characteristics, and photo¬ 
graphs are presented showing the original DSB equipment and the 
SSB conversion. 

* Original manuscript received by the IRE, September 24, 1956. 
t Airborne Systems Dept., RCA, Camden, N. J. 

Introduction 

IWO-WAY RADIO communication between air¬ 
craft and ground, over distances in excess of 200 
miles is dependent upon the effective utilization 

of the available frequencies. Frequency bands in the 
high-frequency portion of the spectrum from 2 to 24 
megacycles per second have been utilized in order to 
take full advantage of ionospheric propagation. Since 
the earliest days of airborne communication, radio 
telephone transmission and reception have been en¬ 
tirely by amplitude modulation of a nominally stable 
carrier frequency, with the resultant double sideband 
symmetrically displaced either side of the carrier fre¬ 
quency. The outstanding advantages of long-distance 
voice communication in the high-frequency spectrum 
obtainable by concentrating the available power in a 
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single sideband with suppressed carrier have long been 
recognized and will not be repeated here.1'2 Until rela¬ 
tively recently, the problem of frequency accuracy and 
stability in the system comprising a group of airborne 
transmitters and receivers has been the major obstacle 
in the path of effective utilization of SSBSC techniques 
for air-ground communications. This problem of fre¬ 
quency stability in hf airborne communication has been 
particularly challenging in view of the extremes of en¬ 
vironmental conditions encountered, i.e., temperature, 
humidity, condensation, vibration, shock, altitude, etc., 
and with complete recognition of the necessity of rapid, 
remote selection of any desired frequency channel from 
the hundreds of channels available in the hf spectrum. 
In the case of airborne military communication equip¬ 
ment, requiring the utmost flexibility and freedom in 
selecting and utilizing any frequency which may become 
available, the selectable frequency channels required 
number in tens of thousands. 

Present Equipment 

The AN/ARC-21 equipment designed and manufac* 
tured for the United States Air Force by the Radio Cor¬ 
poration of America represents the latest advance in 
military airborne hf communication equipment. Voice 
communication is provided by high level amplitude 
modulation. Other transmission modes include tele¬ 
graph keying of the unmodulated carrier (cw) and fre¬ 
quency shift keying (fsk). A total of 44,000 frequency 
channels are available at intervals of 0.5 kc covering the 
frequency spectrum 2 to 23.9995 me. Any frequency 
channel is selectable from a remotely located master 
control position reading directly in frequency. Further 
provision has been made for presetting any desired com¬ 
bination of twenty frequency channels, the latter being 
selectable at any one of a maximum of five remote sub¬ 
control positions. 

The selection of a frequency channel at any control 
position initiates an automatic cycle which tunes the 
receiver and transmitter exciter. The automatic tuning 
and loading of the power amplifier and the remote an¬ 
tenna coupler is initiated by closure of the microphone 
control or keying circuit preceding the first transmis¬ 
sion on any frequency channel. 
A brief summary of the AN/ARC-21 performance 

characteristics is listed in Table I. The transmitter is 
nominally rated at 100 watts of carrier power with a 
modulation capability of 90 to 100 per cent with clipped 
speech input. The pressurized case permits operation at 
fidl power at altitudes up to 70,000 feet, (50,000 feet 
with nonpressurized power supply). Before discussing 
the conversion of the AN/ARC-21 to the single-side¬ 
band mode it is desirable for the reader to become 

1 G. W. Barnes, “A single-sideband system for aircraft com¬ 
munication,” J. I.E.E., vol. 101, p. 121-130; May, 1954. 

8 J. F. Honey, “Performance of amplitude modulation and single¬ 
sideband communication,” Tele-Tech, vol. 12, pp. 64-66; Septem¬ 
ber 1953. 

TABLE I 
Summary of Performance Characteristics 

• 50,000 ft with nonpressurized power supply. 

Characteristic AN/ARC-21 SSB Conversion 

Frequency Range 
Available Freq. Channels 
Frequency Channel Spacing 
Modes of Transmission 

Voice 
Telegraphy 
Teletype 
Voice 

Altitude Range 
Temperature Range 
Automatic Tuning 

Power Output 
Carrier 
Voice Modulation 

Band Width (voice emis¬ 
sion) 

Frequency Stability 
at 10 me 
at 20 me 

Receiver Selectivity 

Receiver Sensitivity for 10 
db signal/noice 

2,000 to 23.9995 me 
Total 44,000 
500 cps 

AM-DSB 
CW 
FSK 

0 to 70,000 feet* 
-55 to +55° C. 
Receiver & Trans¬ 
mitter 

100 watts 
90 to 100 per cent 

8 kc 

+ 150 cps 
+ 300 cps 

8 kc 

3 to 5 microvolts 

Same 
Same 
Same 

SSBSC 
CW 
FSK 
AM Equiv. 

Same 
Same 
Same 

Suppressed 
250 watts peak 
envelope power 
4 kc 

+17 cps 
+ 22 cps 

4 kc 

1 to 1.5 micro¬ 
volts 

familiar with the basic design and construction of the 
receiver-transmitter unit. The photograph of Fig. 1 
shows the external appearance of the rt unit in its pres¬ 
surized heat exchanger case. This photograph also 
shows the master control and one of the subcontrol 
units, as well as the separate power unit. The receiver-

Fig. 1—External view showing receiver-transmitter in the pressurized 
case, master control; subcontrol and power unit. 

transmitter comprises nine major subassembly units 
designed for separable plug-in assembly, to permit the 
attainment of compactness while retaining ease of 
servicing and maintenance. The side view of the rt unit 
is shown in the photograph of Fig. 2 and a bottom view 
in the photograph of Fig. 3. 

The block diagram of Fig. 4 shows the basic inter¬ 
relation of the major portions of the receiver and trans¬ 
mitter. The receiver is basically a dual superheterodyne 
comprising an rf amplifier, mixer, first IF amplifier at 
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Fig. 2—Internal view from side showing plug-in subassemblies 
of the frequency-control units. 

Fig. 3—Internal view from beneath showing plug-in assemblies. The 
central unit is the rf tuner-exciter unit with the IF-AF unit im¬ 
mediately below. 

TO FREQUENCY CONTROL UNITS 

Fig. 4 Block diagram of the present AN/ARC-21 double-
sideband receiver-transmitter. 

1800 kc, second mixer, and the second IF amplifier at 
300 kc. For voice reception the latter is coupled to an 
envelope detector and automatic noise limiter followed 
by the audio-frequency amplifier. For cw reception a 

third mixer and third 1 F amplifier at 105 kc couples into 
a cw detector along with the beat-frequency oscillator. 

A controlled master oscillator (emo) feeds the re¬ 
quired injection frequency to the first mixer through a 
frequency doubler. Output from the emo is also 
furnished to a balanced modulator where it is combined 
with a 900-kc input (representing one half the first IF) 
to produce the transmitter drive at one-half the signal 
frequency. 

The transmitter exciter amplifies the signal level and 
terminates in a frequency doubler which provides the 
grid drive to the class “C” power amplifier. The modu¬ 
lating audio signal input is clipped to provide peak limit¬ 
ing, and after passage through a low-pass filter is 
amplified to drive the class “B” stage. The latter modu¬ 
lates the power amplifier for amplitude modulation. 

The tuning of the receiver rf amplifier, balanced 
modulator, and low-level exciter stages for the trans¬ 
mitter are ganged with the tuning of the controlled 
master oscillator (emo). This tuning assembly consists 
of a motor-driven platform positioning the permeability 
tuning cores of the ganged-tuned circuits. A portion of 
the output frequency (Fo) from the emo is supplied to 
the frequency-control units shown in the block diagram 
of Fig. 5. The frequency-control system comprises a 

Fig. 5- Block diagram of the frequency-control units. 

series of mixer stages each excited by a harmonic 
generator. The output of each mixer stage couples to 
the successive mixer through a selective filter network 
as shown. The heart of the frequency-control system is 
the reference crystal oscillator; the accuracy and sta¬ 
bility of all of the available 44,000 frequency channels 
is primarily determined by this crystal. This unit in¬ 
cludes a hermetically sealed, thermostatically con¬ 
trolled stabilized crystal and associated oscillator cir-



1956 Robinson: Conversion of Airborne HF Receiver-Transmitter 1797 

cuit elements. The reference crystill feeds the first 
harmonic generator at 500 kc. Through a series of 
frequency multipliers and dividers, output frequencies 
at 1500, 900, 300, 100, 50, and 5 kc are generated from 
the reference crystal. The frequency channel setting 
selected at the remote control position is reproduced at 
the rt unit by a series of four-bridge type, servoselector 
followers driving appropriate switches. 

I'he “thousands” or megacycle servoselector (A') has 
twenty-two positions each corresponding to a 1-mega¬ 
cycle segment of the 2 to 24 me frequency spectrum. 
This servo selects the required harmonic of the 500 kc 
harmonic generator, injected into mixer 4. Similarly the 
“hundreds” servoselector (//) having 10 positions, 
selects the required harmonic output of the 50-kc 
harmonic generator for mixer 5 as well as switching the 
resonant frequency of the selective filter 4. The “tens” 
servoselector (T) selects the harmonic output from the 
5 kc harmonic generator for mixer 6 and switches the 
resonant selective filter 5. The “units” servoselector 
(Í) has 20 positions to select the 0.5-kc-channel incre¬ 
ments and functions to select a combination of output 
frequencies from crystal oscillators 2 and 3. The former 
has 4 frequencies and the latter 5 frequencies. By utiliz¬ 
ing the combinations of these two oscillators the result¬ 
ant output of mixer 8 is a total of 20 frequencies spaced 
at increments of 250 cps from 265 to 269.75 kc. This 
output (Ft) feeds mixer 7 producing a nominal output 
frequency in the vicinity of 500 kc. 

During the automatic tuning cycle of the receiver, the 
master oscillator (emo) is tuned from the low-frequency 
or reference end of the tuning range or band. As it ap¬ 
proaches the tuning position corresponding to the se¬ 
lected frequency the output through the series of mixers 
and filters (4 to 7 inclusive) approximates 500 kc as the 
master oscillator approaches and passes through the cor¬ 
rect tuning point. A frequency discriminator is con¬ 
nected to filter 7 with cross over at 500 kc. This dis¬ 
criminator produces a de voltage which activates the 
tuning control. 

As the correct tuning point is passed, the tuning is 
shifted from a high speed to slow speed and the direc¬ 
tion reversed allowing the master oscillator to return to 
the correct frequency. As the resultant output from the 
master oscillator and the series of mixers again passes 
the 500-kc point, the output of filter 7 through the fre¬ 
quency divider 5, produces a 50-kc input to the phase 
discriminator. Here oscillator control voltage is de¬ 
veloped by a phase comparison with the 50-kc output 
derived from the reference crystal oscillator. The re¬ 
sultant de voltage provides the oscillator control neces¬ 
sary to maintain this phase synchronization. 

The related portions of the frequency selection and 
automatic tuning cycle are shown as a time sequence in 
the diagram of Fig. 6. The receiver tuning cycle of 7 
seconds starts with positioning of the servoselector units 
(A, H, T, and U). During this time the master oscillator 
tuning goes to the low frequency “Home” or reference 
position. After the band-switch setting, dependent upon 

the “thousands” or megacycles servoposition, is com¬ 
pleted, the master oscillator scans the band at high 
speed (approximately 1 inch per second movement of 
the permeability tuning cores). The control voltage de¬ 
veloped by the resultant frequency output of filter 7 
passing through the 500-kc frequency discriminator re¬ 
verses the tuning and reduces the speed to 0.01 inch per 
second during the final phase synchronization portion 
of the receiver tuning cycle. 

SCAN I 00 IN/1 2 MAX 

OVERSHOOT 

2 7 MA ■ 

uno or cycle) TUNER SIOW TUNER 
HOME 

SET 

FREQUENCY 
DISCRIMINATOR 
REVERSE 

SERVO 

SELECTORS 

PA 

HOME 

RECEIVER TUNING POWER AMP TUNE £ LOAD 

0 2 4 6 8 10 12 14 16 

TIME — SECONDS 

Fig. 6—Diagram of the automatic timing sequence. 

As shown in the tuning cycle diagram of Fig. 6, the 
total elapsed time from the remote selection of the de¬ 
sired frequency to the completion of the tuning of the 
receiver-exciter approximates 7 seconds. During the 
early portions of this cycle the power amplifier tuning 
and loading components “home” to their reference 
positions. The first closure of the microphone control 
circuit, following the new frequency selection, initiates 
the power amplifier automatic tuning and loading cycle 
which requires approximately ten seconds to complete. 

To further illustrate the relationship of the master 
oscillator frequency and the several mixer, filter, and 
harmonic generator outputs of the frequency-control 
units, the frequencies at t he various points in the system 
of Fig. 5 are listed in Table II for a typical frequency¬ 
channel selection. 

TABLE II 
Typical Frequency Inter-Relations in the Frequency Control 

Units for Channel Frequency of 2,999.5 KC. Reference 
Figs. 4 and 5 

F requency Kilocycles 

Selected Channel 
F» Controlled Master Osc. 
Ft Output 500 KC Har. Gen. 

Output Mixer & Filter 4 
Fs Output 50 KC Har. Gen 

Output Mixer & Filter 5 
F> Output 5 KC Har. Gen. 

Output Mixer & Filter 6 
F? Output Mixer 8 
F« Output Crystal Osc. 2 
F» Output Crystal Osc. 3 

Output Mixer & Filter 7 
Output Freq Div. 5 

2,999.5 
2,399.75 
3,000.00 

600.25 
450.00 
150.25 
80.00 

230.25 
269.75 
120.75 
149.00 
500.00 
50.00 
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Conversion to Single Sideband 

In view of the extensive usage of the AN/ARC-21 
equipment and in order to take full advantage of the 
operational training and maintenance “know-how” that 
has developed over a period of several years, it appeared 
desirable to consider an SSB conversion. The objective 
was the minimum modifications necessary to obtain the 
recognized improvements of SSB while still retaining, 
as far as possible, the basic advantages of the present 
equipment. 

The conversion of the AN/ARC-21 to the single¬ 
sideband mode has been facilitated by two major fac¬ 
tors: 

1) The mechanical design of the receiver-transmitter 
allowing modification or replacement of several of 
the major subassembly units. 

2) The frequency-control system with its inherently 
high order of frequency stability and potential for 
further increase in frequency stability within the 
system parameters. 

During the transition period from the present ampli¬ 
tude-modulated, double-sideband mode to the single 
sideband, suppressed carrier mode of voice communica¬ 
tion there exists the further requirements that the newer 
SSB equipment be capable of communicating with sta¬ 
tions equipped only for the present AM or double side¬ 
band mode. Provision has been made to transmit an 
equivalent AM signal by radiating the carrier at approx¬ 
imately half-amplitude together with the single side¬ 
band at half-amplitude. Such a signal can be received on 
a conventional AM receiver with the usual envelope de¬ 
tector. Reception of an AM signal is provided in the 
SSB equipment by switching to an auxiliary diode, en¬ 
velope detector. 

The block diagram of Fig. 7 shows the SSB conversion 
and the extent of the revisions are evident by compari¬ 
son with the previous diagram of Fig. 4. The basic dual 
superheterodyne receiver is unchanged through the 
second mixer. The band-pass of the 300-kc second IF 
was reduced approximately one-half by a new mechani¬ 
cal filter of 4-kc bandwidth. The selective third IF and 
detector for cw reception have been deleted for further 
simplification. The audio amplifier connects for SSB 
reception to a mixer-type demodulator supplied with 
300 kc from the frequency-control unit or to the auxil¬ 
iary diode detector and noise limiter for equivalent AM 
reception (ame). The controlled master oscillator (emo) 
and doubler supplies the required injection frequency 
to the first mixer as before ¡however, the doubler output is 
now applied to the balanced modulator (Bal. Mod. 1) 
for transmission. 

The input audio signal after passage through the 
clipper and low-pass filter modulates the 300-kc carrier 
in a second-balanced modulator (Bal. Mod. 2). An 

electromechanical filter3 selects the desired sideband and 
after amplification this sideband-signal modulates the 
1500-kc carrier from the frequency-control unit, produc¬ 
ing the desired sideband signal at 1800 kc for injection 
into the first-balanced modulator. The SSB output of 
this balanced modulator, is amplified by the tuned 
linear exciter stages to furnish drive for the two parallel 
4X150D tubes in the class AJI final power amplifier. 

— A F OUTPUT 

Fig. 7—Block diagram of the SSB conversion. 

As before, a phase discriminator coupled to the input 
and output of the power amplifier is utilized to furnish 
a control signal to the PA tuning servo for automatic 
tuning of the output tank circuit. To insure the proper 
drive level at the final amplifier, despite variation in the 
gain of the exciter stages over the frequency range and 
from band-to-band, the 300-kc carrier is resupplied at a 
predetermined level during the transmitter tuning cycle. 
Operating on this carrier a level-control servo adjusts 
the gain of the exciter stages to obtain the requisite final 
drive. When the equivalent AM mode is selected the 
300-kc carrier at half-amplitude is resupplied following 
the sideband filter, as shown in the diagram (Fig. 7). 
The frequency-control units outlined in the block dia¬ 
gram of Fig. 5 are basically unchanged except for the 
deletion of the doubler and mixer (shown dotted) which 
previously furnished the 900-kc carrier. In order to ob¬ 
tain the higher order of frequency accuracy and sta¬ 
bility required for a suppressed carrier, single-sideband 
system,an improved stabilized reference crystal has been 
utilized. Since a crystal having frequency stability of 
the order of 1 part in 107 was limited to one megacycle, 
a two-to-one frequency divider stage (Freq. Div. 1) was 
required in the SSB conversion together with the 
tripler for the 300-kc carrier supply. With this fre¬ 
quency-control system all the available frequency 
channels are directly derived from the reference crystal 
and reflect the improved stability and accuracy of the 
latter. There is further a slight frequency deviation 

• D. L. Lundgren, “Electromechanical filters for single-sideband 
applications,” this issue, p. 1744. 
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which may arise from the group of 9 low-frequency 
crystals selected by the “Units” selector ( U). This group 
of crystals is thermally controlled and contributes a 
maximum deviation of 10.8 cps at the output signal 
frequency. 

Since the basic frequency-control system is un¬ 
changed, the automatic receiver tuning cycle, initiated 
by a remote frequency selection remains unchanged 
(See Fig. 6). The transmitter tuning cycle requires an 
additional 1.5 seconds at the start to permit the level 
control servo to adjust the exciter gain. 

In the diagram of Fig. 8, the relative positions of the 
several carrier frequencies and the selected sidebands 
are shown for this arrangement of modulators as de¬ 
scribed. It should be noted that in order to transmit and 
receive the nominal upper sideband of the suppressed 
carrier frequency Fc, the lower sideband is selected in 
the receiver second IF and in the output of the 300-kc 
balanced modulator of the SSB generator. 

Fig. 8—Diagram showing relationship of carrier frequencies 
and sidebands. 

Fig. 9—Modulator unit before and after conversion showing replace¬ 
ment or class B modulator by SSB generator in lower view. 

Of outstanding importance in the accomplishment of 
this conversion of the AN/ARC-21 to SSB is the fact 
that all modifications are confined to the rt unit and 
its subassemblies. Thus there is no necessity for costly 
aircraft rewiring, revised power unit, and control boxes. 

Typical of the more extensive modifications of the 
several subassembly units is the modulator shown in the 
photographs of Fig. 9. Conversion includes the removal 
of the class B modulator and the addition of the second 
and third balanced modulators, sideband filter, and 
associated amplifier. The photographs of Fig. 10 like¬ 
wise shows the power amplifier unit before and after 
conversion. In Table I a summary of the performance 
characteristics of the SSB conversion are listed to permit 
ease of comparison with the original AN/ARC-21 data. 

An extensive program of laboratory and flight testing 
has verified in a striking manner the anticipated theo¬ 
retical improvements in communication. The voice sig¬ 
nals on SSB have the ability to get through particularly 
when propagation conditions make the conventional 
double-sideband transmission submarginal. 
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Fig. 10—Power amplifier unit before and after conversion. 
SSB linear amplifier in lower view. 
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Problems of Transition to Single-Sideband Operation 
NORMAN H. YOUNG, JR.,f senior member, ire 

Summary—Single-sideband operation, in its most advanced 
forms, is not compatible with transmitting and receiving equipment 
presently in use for voice circuits throughout the world. Changing to 
a new system of modulation presents problems during the transition 
period. These problems include questions of technical standards, 
frequency allocation, compromise modulation systems to permit com¬ 
patible communication with unconverted stations, and in changes in 
operating customs and procedures that may become desirable as a 
result of the other modifications. Some of these problems are out¬ 
lined and discussed in this paper. 

Introduction 

MIE TECHNICAL advantages of single-sideband 
operation for voice communications have been 
known for more than twenty years. In the past 

few years the rising pressure for channel allocations and 
the technical progress that permits more advanced 
equipment design have combined to make these ad¬ 
vantages more important, until it now appears that they 
may cease to be luxuries and are becoming necessities. 

Since it is not possible to choose a wholly new system 
for all high-frequency voice communication and effect a 
grand shift to this system on a designated day, means 
must be foreseen for the transition from the present 
equipment and practises to the newer systems that offer 
so much promise after the transition period has been 
completed. 

The changeover is more complicated since the signals 
emitted by the old and new systems are not inherently 
compatible. Special means for overcoming this problem 
will be discussed in the review of technical problems. 

Technical Problems 

For international telephone service, using fixed sta¬ 
tions (and to some degree for ship-to-shore radiotele¬ 
phone) the technical problems have been solved for 
many years. Equipment using pilot carrier techniques 
is readily available from many makers in many coun¬ 
tries. Such apparatus is capable of excellent performance 
and reliability. Ability to transmit two or three tele¬ 
phone conversations simultaneously through the same 
radio circuit is provided where the traffic density war¬ 
rants this complexity. Circuit quality sufficient for all 
purposes, including the use of privacy equipment, is 
normally provided. 

There are many applications for radio telephone 
service where the high cost and equipment complexity 
of the long-haul equipment cannot be justified. Single 
and party-line services to outlying posts in undeveloped 
country, or linking small islands having low traffic 

* Original manuscript received by the IRE, September 13, 1956. 
t Federal Telecommun. Labs., Belleville, N. J. 

density, might be examples of this requirement. The 
principal technical problem in providing equipment for 
this service lies in furnishing a carrier of sufficient ac¬ 
curacy for demodulation at the receiver. The elaborate 
filters and motor controlled oscillators used in the long-
haul equipment are too complex and costly, and cannot 
be switched from channel to channel without technical 
attention. Conventional crystal oscillators have not 
been able to provide sufficient frequency accuracy to 
insure effective communication. 

Recent refinements of design of crystal oscillators and 
studies of the effects of such inaccuracy on the resulting 
speech signal have led to the conclusion that effective 
service can be rendered by a simple equipment in which 
the carrier is fully suppressed at the transmitter and is 
restored at the receiver under the direct control of crys¬ 
tal oscillators of accuracy sufficient for the purpose. 

The speech quality provided in this manner is com¬ 
pletely understandable, but in the worst cases of ac¬ 
cumulated tolerances the resulting sounds may not be 
entirely natural. To permit the user to correct for this 
effect, at least one equipment provides a “speech clari¬ 
fier” consisting of a fine adjustment for the frequency 
of the receiver first oscillator. When the range of this 
adjustment is restricted to a few cycles, natural sound¬ 
ing speech can be provided by adjustment, yet even 
severe maladjustment will not prevent intelligibility as 
signals from other stations are received. 

Equipment of the type described is suitable for either 
the short-haul service mentioned, or for use in marine 
radiotelephone service, since the power requirements 
and simplicity of control required are comparable. With 
suitable flexible choice of primary power source con¬ 
verters, a common equipment design can serve both 
applications. Equipment of this type has been de¬ 
scribed and is available in small quantities, although 
applications to date have been largely outside the 
United States.1
One major application that cannot be served by 

equipment of the type described is air-to-ground com¬ 
munications for international aircraft operations. The 
requirements of this service include the provision of 
single-sideband transmission and reception on a large 
number of channels, selectable rapidly under control of 
an operator. This operator is unskilled in technical 
matters and not free to provide any extended attention 
to tuning procedures, so that complete automatic 
channel selection is essential. Natural speech without 
further adjustment is required, so that “clarifier” con-

1 E. A. LaPort and K. L. Neumann, “A new low-power single¬ 
sideband communication system,” RCA Rev., vol. 16, pp. 635-647; 
December, 1955. 
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trois are not permissible to simplify the design. In addi¬ 
tion to the limitations imposed on the design by the 
requirements for light weight and small size, it is im¬ 
practical to carry a second equipment for communica¬ 
tion with those ground stations that have not yet imide 
the transition to single-sideband operation; so the equip¬ 
ment must provide in itself a signal that can be received 
by conventional amplitude-modulation receivers with¬ 
out adjustment, and must be capable of receiving AM 
signals from the ground when required. Equipment hav¬ 
ing such properties has been called “bi-mode” equip¬ 
ment. 23

In connection with airborne applications of single¬ 
sideband modulation, it must be noted that restoration 
of the carrier at the receiver, purely on the basis of 
frequency accuracy, is not necessarily applicable as air¬ 
craft speeds increase. At an airspeed of 635 knots, Dop¬ 
pler effect is approximately one part per million. At the 
higher frequencies used for air-to-ground communica¬ 
tion this factor alone begins to be significant at the air¬ 
speeds that will be used in the near future for commer¬ 
cial operation. (For military purposes these speeds are 
already an operational accomplishment.) For this reason 
attention has been directed to systems using a pilot 
carrier. For power conservation and most effective utili¬ 
zation of transmitter tube capability, it has been sug¬ 
gested that this carrier might vary with the speech 
signal, being greatest when the speech is smallest. De¬ 
signs of equipment using such controlled carrier equip¬ 
ment have been completed and flight tested? Decision 
to use pilot carriers or to rely on frequency accuracy 
alone must be taken before standards can be set. 

It should also be noted that much of the impetus 
toward the wider use of single sideband has come from 
the successful application of this technique by radio 
amateurs. Successful communication is a daily occur¬ 
rence, not only between pairs of stations, but in nets of 
many stations on the same frequency, and the use of 
automatic voice control for switching between trans¬ 
mitting and receiving conditions gives these nets a close 
approximation to the operational freedom of a partv¬ 
line telephone circuit. 

Extrapolating this achievement to commercial stand¬ 
ards of performance, however, requires substantial 
equipment development. The circuits used by ama¬ 
teurs function as they do largely because the demodu¬ 
lated speech quality is useful at a substantially lower 
standard oi performance than is demanded of com¬ 
mercial equipment, and because the equipment adjust¬ 
ments (especially the receiver tuning) are made with 

2 “Report of Single Sideband Compatibility Meeting,” Int. Air 
'transport Assn., Montreal, Canada, p 7, sec. 2, November 14-18, 
1955. 

3 “Proposed ARINC Characteristic No. 533, Airborne HF 
SSB/AM System Draft No. 2,” Aeronautical Radio Inc., Wash¬ 
ington, I). C., June, 1956. 

’ G. W. Barnes, “A Controlled Carried Single-Sideband System 
for Aircraft Communication,” A.M.I.E.E. paper of Royal Aircraft 
Establishment, Farnborough, England. 

unusual care and repeated throughout the communica¬ 
tion period as necessary. 

One major technical problem facing equipment de¬ 
signers is the lack of equipment for testing the designs 
in process. Satisfactory apparatus for generating a low 
power signal is not available in sufficient quantity or 
quality for many development programs. Recent infor¬ 
mation indicates that certain laboratory instruments 
developed for specific programs may be made available 
commercially, but today’s instrument catalogs fail to 
indicate either signal generators or receivers of known 
performance suitable for use in the development of 
equipment to commercial standards of performance. 

Legal Problems 

1 he widespread application of single-sideband modu¬ 
lation will pose legal problems. While most regulatory 
agencies are receptive to proposals to solve these prob¬ 
lems, since the increased channel space provided is most 
attractive, this willingness to act must be translated 
into regulations and interpretations of existing regula¬ 
tions as the application of single sideband is extended. 

Examples of legal action that are required include the 
following: 

Permission to radiate a single-sideband signal must 
be extended. At first this may be on an experimental 
basis, then on a working basis, as each service applies 
the net method. 

A firm requirement must be established to change to 
single-sideband modulation by a particular future date. 
Implementation of such orders is essential if the ad¬ 
vantages of spectrum conservation are to be achieved. 
The desire of a small number of users to continue with 
amplitude modulation cannot be permitted to block 
progress to more effective utilization of our limited 
natural resource, the frequency spectrum. Regulations 
leading toward such a change distributed over a ten 
year period have been proposed by the Federal Com¬ 
munications Commission.5
Technical performance requirements for the new 

equipment must be established to insure that radiation 
lying outside the newly set limits is effectively con¬ 
trolled. A program for qualification testing and type 
approval of equipment must be undertaken. 

To apply sound allocation principles to the new 
equipment will require reconsideration of the entire 
high-frequency spectrum, presumably at an inter¬ 
national conference, before full advantages will be 
gained from the transition. As more channels are made 
available, questions will arise as to whether the nations 
or services using a given section of the spectrum, having 
cooperated to make more channels available in that 
band, should be allowed to increase their utilization of 
the band, or whether the band should be narrowed and 
the channels made available to other users. 

6 “Notice of Proposed Rule Making, Docket No. 11513,” Federal 
Communications Comm., Washington, D. C., October, 1955. 
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These and other legal problems will be the subject of 
debate throughout the transition period, as the applica¬ 
tion of single sideband is increased. 

Economic Problems 

The transition to single-sideband operation will be 
reasonably prompt and complete only if the economic 
questions are resolved in a manner to show the profita¬ 
ble nature of the change. In this field the fact that radio 
is more economical for some purposes than other forms 
of communication may be a sufficient incentive, since 
certain radio channels may be available on the basis of 
single-sideband operation only. 

Where this is not the case the increased circuit quality 
available from equipment of a given power may be a 
controlling factor. The freedom from selective fading 
may make for greater circuit utility. 

The natural obsolescence of equipment will also be a 
factor. It is probable that the new equipment, just by 
being of better speech quality or of better reliability 
than the old, would have replaced existing installations, 
regardless of the need for a change in the radiated 
signal. 

Since the economic situation will vary widely between 
users, the creation of “bi-mode” equipment capable of 
communicating with either type of equipment during 
the transition period will allow a free play of the above 
factors in determining the schedule for replacement of 
equipment. 

Procedural and Operational Problems 

The application of single-sideband equipment on a 
general basis may be expected to have important effects 
on the operational techniques used. The greater fre¬ 
quency accuracy and the precise channelling required to 
make single sideband intelligible will provide clear 
channels that can be seized and used by all parties with 
the assurance that any station within range is already 
accurately tuned to the signal. Extended calling, trans¬ 
mission of “Test” signals, and the like can be discon¬ 
tinued or greatly restricted, freeing a given channel for 
more useful communications. (In this connection sur¬ 
veys have shown that it is not unusual for more than 
half of all messages on a radio circuit to be concerned 
with the effectiveness of the circuit itself, rather than 
carrying usefid information supplied to the circuit for its 
intended communication function.) 

With the elimination of the carrier, the undesirable 
consequences of two transmissions appearing in one 
channel at the same time are reduced. In the case of two 
amplitude modulated signals the strong beat between 
their carriers drowns out the modulation, and neither 
transmission is intelligible. In the case of single-sideband 
signals there is no beat, and the stronger of the two sig¬ 
nals is almost always intelligible. In many cases where 
the amplitude difference is not too great either of the 
transmissions may be understood by an effort of atten¬ 

tion, just as conversations in a single room may be 
selected at will by an attentive listener. 

For this reason the application of voice control to the 
transmit-receive function is reasonable. When a number 
of stations so equipped are operating as a net on a 
common frequency the signals available to the listener 
are similar to those heard on a party-line telephone sys¬ 
tem. Each speaker is heard as he speaks, and when two 
or more speak at one time the loudest is heard. Exten¬ 
sive use of this system of operation by radio amateurs 
has provided experience indicating the flexibility and 
general usefulness of this method. It is particularly use¬ 
ful where the users are not technically or operationally 
trained, since the use of the equipment is natural and 
conforms with past experience of telephone users. 

Equipment of this type may naturally be used with 
remote handsets, and provision of suitable control cir¬ 
cuitry for operation from incoming telephone lines is 
relatively simple. 

As a slight disadvantage, it should be noted that early 
installations may produce some translation of the 
speech frequencies. This is a form of distortion to which 
most users are unaccustomed. Some experience in 
listening to voices under this form of transmission may 
be required to insure best possible understanding in 
cases of serious distortion. 

Selective calling and signalling devices are also af¬ 
fected by any translation of signal frequencies. Because 
previous types of transmission have not produced this 
effect, certain devices now in commercial service impose 
severe limitations on the single-sideband system. It is 
probable that this problem will be solved in time by 
increased frequency accuracy, but during the transition 
period it may be necessary to provide simple adapters 
for such signalling devices to permit them a greater 
flexibility, or to modify the means of transmission of 
the signals so that accurate tones (possibly produced by 
beating two frequencies, both of which are transmitted) 
are available to actuate existing selector mechanisms. 

Personnel Problems 

The need for specially trained operating personnel 
may well be reduced, as the service provided by radio 
systems approaches ever closer to that used by all 
classes of personnel as standard telephone procedure. 
The more effective use of channels, however, will require 
effective discipline to avoid unnecessary messages and 
other forms of interference. Experience in densely 
populated channels, as is a regular occurrence in taxi 
radio systems, has shown that a reasonable indoctrina¬ 
tion of the users results in general cooperation for com¬ 
mon advantage. 

In the field of maintenance personnel we find that the 
situation will be little changed from its present status. 
While training will be required to teach the present 
maintenance technicians the details of the new equip¬ 
ment, the present personnel will undoubtedly be able 
to maintain the apparatus after such training. In 
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general, the equipment will be less complex, and less 
filled with new devices and principles, than airborne 
radar and other devices now coming into use. 

The limited availability of satisfactory test equip¬ 
ment, already noted in this article, will make it neces¬ 
sary for the equipment manufacturers to give more than 
customary attention to the maintenance problem. 
Specialized test sets and checking devices will be re¬ 
quired to insure effective operation and prompt repair. 
Such equipment may be made available directly to 
larger users of equipment, while the establishment of 
repair centers at suitable field locations may provide the 
service required by smaller users. Systems of main¬ 

tenance and repair bases already established for other 
equipment can readily add the facilities required, as 
economic pressures make such investment justifiable. 

Conclusion 

The considerations outlined indicate the scope of 
problems arising in the transition of high-frequenc}' 
voice communications to single-sideband modulation. 
It is possible that the transition will never be complete, 
but to the extent that the problems are discussed, re¬ 
fined, and solved by the cooperation of all those con¬ 
cerned, the art of high-frequency communication will be 
advanced during the coming years. 

The Problems of Transition to Single-Sideband 
Techniques in Aeronautical Communications* 

JOHN F. HONEY J, senior member, ire 

Summary—The use of SSB techniques in air-ground communi¬ 
cations appears highly desirable because of the spectrum conserva¬ 
tion and because of the improved performance which can be achieved 
under the limitations on size and weight or peak antenna voltage. 
An orderly and economically sound procedure of transition from AM 
to SSB techniques requires that a degree of compatibility between the 
two systems be achieved. Early SSB equipments must be capable 
of operating in an AM system, and eventually AM equipments will 
have to be modified to perform in an SSB system. Various techniques 
for effecting both types of modifications are reviewed. It is suggested 
that new SSB equipment provide an AM detector and means for 
transmitting a full-carrier SSB signal which can be received on an 
AM receiver. 

SI INGLE sideband radio communication has been \ lurking on the horizon ever since 1915, when it was 
first conceived by a mathematician named Carson 

and—independently—by an engineer named Arnold. 
Someone once remarked that single sideband has been 
invented regularly every five years since that time. The 
truth of the matter probably lies in the fact that the 
techniques involved have been far enough ahead of the 
state of the art to restrict its use to a limited number of 
fixed station point-to-point applications. 

Inevitably, this situation is changing. Recent de¬ 
velopments in improved frequency stability, filter de¬ 
sign, and modern vacuum tubes head the list of key 
factors. There is every reason to believe that practical, 
easy to operate single-sideband (SSB) equipment suita¬ 
ble for airborne application will appear on the market 
at competitive prices within the next few years. 

SSB techniques offer several very important ad-

* Reprinted from IRE Trans., vol. ANE-3, pp. 10-16; March, 
1955. 

t Stanford Research Institute, Menlo Park, Calif. 

vantages to both civil and military users of long-distance 
radio communications. Perhaps the most important 
single advantage is spectrum economy. The transmis¬ 
sion of one sideband instead of two, plus the improved 
frequency stability required by the system in order to 
permit reduction or elimination of transmitted carrier, 
make it possible to assign at least twice as many chan¬ 
nels per band as present AM practice permits. In addi¬ 
tion, the SSB system offers a very substantial power 
advantage which results not only from the elimination 
of the high power carrier of AM but from reduced 
susceptibility to poor propagation conditions, noise, and 
interference. The actual amount of this power advantage 
which can be realized in a given application has been 
shown to depend largely on limiting factors such as size 
and weight, prime power requirements or peak allowable 
antenna voltage which may apply in that application 
[1], but it has been demonstrated that an SSB sys¬ 
tem using a transmitter rated at 100 watts peak power 1 

will perform about the same as an AM system using a 
400-watt transmitter under typical long-distance propa¬ 
gation conditions. 

Unfortunately, present-day AM systems are by and 
large not compatible with what we consider to be the 
ultimate SSB communication system. There are, how¬ 
ever, certain compromises that can be made in the de¬ 
sign of the SSB equipment and certain modifications 
that can be made in existing AM equipment which will 

1 Peak power of a radio transmitter: the mean power supplied to 
the antenna during one radio frequency cycle at the highest crest of 
the modulation envelope, taken under conditions of normal operation 
(ch. I, art. 1, par. 61, Radio Regulations [2]). The term “peak 
envelope power (pep)’’ has found common usage, and is identically 
defined. 
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provide a degree of compatibility. It is the purpose of 
this paper to discuss these changes and various other 
factors involved in the transition problem. 

The Transition Problem 

1'he basic problem confronting the user of an AM 
communication system who wishes to obtain the addi¬ 
tional benefits of the SSB system may be stated simply. 
How should the transition from AM to SSB best be 
implemented ? What should be the specifications of the 
new SSB equipment introduced into the system, and 
what modifications might be made to existing AM equip¬ 
ment to extend its useful life in the transition period? 

The user will have certain requirements which should 
be met by an acceptable transition procedure. Some 
typical requirements are listed in the following; how¬ 
ever, it should be pointed out that each individual ap¬ 
plication may not have all these requirements and some 
may have others not listed here. 

1) There should be no interruption to normally re¬ 
quired service during the period of transition arising 
from incompatibility between new SSB equipment, 
existing AM equipment as it may be modified, or un¬ 
modified AM equipment remaining in service. 

2) t here should be no concentrated expenditures re¬ 
quired in the mobile equipment. It should be possible 
therefore to effect the transition on a basis of normal 
equipment replacement, with minor modification to ex¬ 
isting equipment, over a period of time. 

3) Modification of existing AM equipment should be 
minimized. In cases involving large numbers of 
mobile or airborne AM installations which communicate 
with relatively few central station installations, little or 
no modification should be required. Some modification 
may be justifiable in central station AM equipment 
before it is replaced if improved performance is ob¬ 
tained with new airborne equipment, provided that the 
modified equipment remains compatible with existing 
AM airborne equipment. 
4) Maximum advantage of the spectrum and power 

economy of the SSB system should be obtained during 
each stage of the transition insofar as this is consistent 
with i he requirements listed above. 

There is one comment that should be made before 
proceeding with the details of AM and SSB compati¬ 
bility. There is no doubt whatsoever that AM communi¬ 
cation is with us to stay. AM technicpies are familiar and 
comparai ively simple, and they are very well suited for 
many applications. For this reason, transition for one 
user may merely involve replacing a portion of the total 
equipment in use. For another it may involve eventual 
replacement of all equipment. It follows that our “tran¬ 
sition period” for one user may be a relatively per¬ 
manent situation, while for others it may only be tem¬ 
porary. Compatibility factors will be discussed in suf¬ 
ficient detail so that those who are interested will be 
able to treat the case of partial transition as well as the 
case of complete transition. 

Review of AM and SSB Communication Systems 

In the AM system the level of a radio-frequency car¬ 
rier is varied about a mean value in accordance with an 
audio modulating voltage. This results in two sidebands 
arranged symmetrically around a high-power rf carrier 
signal. In AM receivers the signal is amplified to a mean 
level in the neighborhood of 10 volts before detection, in 
order to obtain linear detector action. The detector then 
rectifies the vector sum of the carrier and the two side¬ 
bands and recovers an audio voltage corresponding to 
the variations in the amplitude of the resultant rf 
signal. 

The SSB signal, as its name implies, consists of just 
one sideband which is identical to one of the two found 
in the AM signal.2 There may or may not be a significant 
amount of carrier power transmitted with the signal; 
this depends on the receiver frequency control problem, 
and several methods of treating the carrier will be dis¬ 
cussed shortly. The SSB receiver accepts that portion 
of the spectrum occupied by the SSB signal and provides 
the carrier signal necessary for detection. The detection 
process in most SSB receivers may be considered a last 
step of frequency conversion in which the SSB signal at 
the output of the last IF stage is simply heterodyned 
down to the correct position in the audio spectrum. It 
is not truly detection, but a linear reversible process of 
frequency translation such as that used in the frequency 
converter stages of any AM superheterodyne receiver, 
and it can be accomplished at any desired signal level. 
The carrier supplied by the receiver is the conversion 
signal for this last stage of frequency translation, and its 
frequency must be very close to the correct value in 
order that the output signal occupies the correct posi¬ 
tion in the audio spectrum. 

A demodulating carrier frequency error of 10 cycles 
per second is unnoticeable in speech communication. An 
error of 25 cycles per second causes just noticeable loss 
of naturalness or loss in the ability to recognize the 
voice of the speaker in conditions of high signal-to-noise 
ratio. It does not noticeably affect intelligibility except 
under conditions of low signal-to-noise ratio. A fre¬ 
quency error of 50 cycles per second causes considerable 
loss of naturalness and a slight reduction of intelligi¬ 
bility under high signal-to-noise ratio conditions. The 
loss of intelligibility under low signal-to-noise ratio 
conditions is greater. Higher frequency errors cause 
rapidly decreasing intelligibility under noise-free con¬ 
ditions and would not be considered acceptable in a 
communications system because of the severe loss of 
intelligibility under low signal-to-noise ratio conditions. 

This requirement for very precise frequency control in 
the receiver and transmitter of the SSB system has been 
and still is one of the primary technical obstacles in the 
achievement of a practical airborne equipment, and it is 

2 The IATA and RTCA conferences have recommended stand¬ 
ardization on lipper sideband operation for single-channel voice com¬ 
munication in aeromobile service [3 and 4]. 
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an important consideration in the selection of an ac¬ 
ceptable transition procedure. Frequency stabilities in 
SSB equipment should be on the order of from 0.5 to 
5 parts per million (ppm) for successful operation in the 
2 to 30 me range. AM stabilities required in this range 
at the present time run between 50 and 200 ppm [2], 
depending upon the type of equipment. 

We are really concerned only with the frequency error 
of the demodulating carrier in the SSB receiver rather 
than the absolute accuracy and stability of the system. 
We can transmit a carrier signal along with the single 
sideband and provide an AFC system in the receiver to 
reduce the error between the receiver and demodulating 
carriers to an acceptable degree. This approach is by no 
means a panacea for all the ills of accurate frequency 
control. The AFC circuits must operate correctly under 
signal-to-noise ratios so low as to render the voice signal 
marginally useful. They must complete the correction 
in a reasonably short interval of time, and the residual 
errors plus those due to the effects of noise on the circuit 
must be acceptably small. 

Several SSB systems differing in the treatment of 
carrier transmission and demodulating carrier-frequency 
control have been developed. These are briefly reviewed 
in the following: 

1) Suppressed-carrier SSB transmission. The carrier 
component of the transmitted signal is suppressed as far 
as practicable at the transmitter—perhaps 30 to 50 db 
below peak power output. The transmitter and receiver 
are independently controlled to an accuracy commen¬ 
surate with the requirements of the SSB system, and no 
receiver AFC circuits are used. 

2) Reduced-carrier SSB transmission. The carrier is 
transmitted at a power level from 10 to 20 db below the 
peak power of the transmitter. The receiver provides a 
slow-acting AFC system to reduce demodulating carrier 
frequency error. This system has seen many years of 
service on a number of transoceanic point-to-point links. 

3) Controlled-carrier SSB transmission. Carrier is 
transmitted for a short initial interval of each transmis¬ 
sion and during intersyllable and interword pauses in 
modulation. The carrier is transmitted at such power 
level as will maintain the average power output of the 
transmitter approximately constant with or without 
modulation, and may have a maximum value from 3 to 
6 db below the peak power rating of the transmitter. 
The receiver provides AFC circuits which are activated 
by the bursts of carrier and which may provide a mem¬ 
ory function to hold frequency during periods of modu¬ 
lation. See [5] for further discussion of this system. 

4) Full-carrier SSB transmission. In this system, suf¬ 
ficient carrier power is transmitted at all times to ef¬ 
fect demodulation of the single-sideband signal in a 
linear or square-law detector, and no demodulating car¬ 
rier source or AFC system is required at the receiver. A 
receiver AFC system may however be used to control 
the frequency of a locally generated demodulating car¬ 
rier if desired. The carrier is transmitted at a level from 

3.5 to 6 db below the peak power rating of the trans¬ 
mitter, and the remaining transmitter capacity is de¬ 
voted to the SSB signal. 

Before leaving the discussion of frequency control, we 
should mention the Doppler shift which will occur 
when an airborne station is moving toward or away 
from the ground station with which it is communicating. 
The amount of shift is equal to the rate at which the 
propagation path length is changing in wavelengths per 
second, and is proportional to the operating frequency 
and the velocity of the aircraft toward or away from the 
station. For an aircraft traveling at 670 mph toward the 
ground station, and transmitting on 20 me, the received 
signals will be shifted upward in frequency by 20 cps. 
Doppler shift may eventually become severe enough to 
require carrier transmission and receiver AFC for that 
reason alone, but for the immediate future at least we 
will use it only if we cannot provide sufficiently good 
frequency control for the SSB equipment. 

Let us consider for a moment the relative performance 
of the 100-watt SSB suppressed-carrier transmitter and 
a 200-watt AM transmitter. Both are assumed to be 
transmitting to appropriate AM and SSB receivers. For 
50 per cent average modulation index, the AM trans¬ 
mitter develops two sidebands of 12.5 watts each and 
the SSB transmitter delivers 25 watts in one sideband. 
I'he AM receiver will accept the noise occurring in both 
sidebands, and the two noise components add inco¬ 
herently in the output of the receiver. The signals in the 
two sidebands, however, add coherently, which results 
in the same signal-to-noise ratio in the output of the 
receiver as will be obtained in the case of the SSB re¬ 
ceiver. However, experience has shown that coherent 
addition of the two sidebands of the AM signal is not 
fully achieved under typical long-distance communica¬ 
tion paths because of multipath transmission or selec¬ 
tive fading effects. In addition, the carrier may fade or 
be shifted in phase from the correct value. Under good 
long distance conditions we will expect a 100-watt SSB 
transmitter to provide about the same performance that 
we achieve with a 400-watt AM transmitter. As propa¬ 
gation conditions become poorer, in the sense of more 
severe selective fading, we find that the signal at the 
output of the AM receiver suffers much more serious 
degradation, and we are then better advised to use an 
SSB receiver to receive only one of the two sidebands of 
the AM transmission. 

Equipment Modifications for 
Improved Compatibility 

We have reviewed the performance of all-AM and all-
SSB systems, and we can now proceed to the treatment 
of composite systems and the modifications required to 
permit their successful operation. The following two sec¬ 
tions of the discussion concern the modifications which 
might be made in SSB transmitters and receivers to 
permit them to function in an essentially unmodified 
AM system. The next two sections of the discussion are 
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concerned with the modifications which might be made 
in AM receivers and transmitters to permit operation of 
the equipment in an essentially unmodified SSB system. 

There are also a great number of composite systems 
which might involve some modification of both AM and 
SSB equipment. A discussion of all such possible cases 
would become undesirably lengthy and involved. The 
following discussion of the four cases listed above will 
attempt to cover the factors of importance in such inter¬ 
mediate systems. 

SSB Receiver Modifications for AM Signals 
An SSB receiver may readily be designed to include a 

conventional AM detector. Since AM detection is ordi¬ 
narily accomplished at a significantly higher signal level 
than SSB detection, this will probably require an extra 
stage of IF amplification. The bandwidth of the IF 
amplifiers prior to AM detection should be wide enough 
to pass either both sidebands or one sideband plus the 
carrier, with an extra allowance for the frequency sta¬ 
bility of the AM transmitters involved. 

An SSB receiver equipped with locally generated de¬ 
modulating carrier will receive one sideband of the 
double-sideband AM signal provided that is correctly 
tuned. The high-power carrier of the AM signal pro¬ 
vides an excellent control reference for the demodulating 
carrier generated in the receiver, and AFC circuits can 
be provided to correct frequency errors between the 
received carrier and the demodulating carrier up to ap¬ 
proximately + 300 cps. If the frequency errors due to 
the AM transmitter are substantially larger than this, 
it will be necessary to provide manual tuning adjust¬ 
ment of the SSB receiver in order to bring the received 
signal within the correction range of the AFC circuit. 

Many SSB receivers using a locally generated carrier 
and an AFC system have a carrier filter before the AFC 
circuit which is as broad as the frequency correction 
range desired. When the receiver is tuned to an AM 
signal the carrier-to-noise ratio at the output of such a 
filter is sufficiently good for demodulation of the weakest 
usable sideband signal, and the filtered AM carrier may 
be used directly, with the AFC system and the local 
carrier source disabled. This modification may offer a 
slight advantage in terms of easier tuning and a larger 
tolerance for error in AM transmitter frequency control. 

SSB Transmitter Modifications for AM Reception 
The principal requirement to be met by a modified 

SSB transmitter is that sufficient carrier power be 
radiated to effect detection in an unmodified AM re¬ 
ceiver. There are a number of ways in which this may 
be accomplished and they can be compared on the basis 
of relative efficiency and the complexity or cost of the 
modification. In the following, we will assume that we 
start with a 100-watt SSB transmitter which uses a 
linear-amplifier power stage, and we will compute the 
relative effectiveness achieved through several different 
types of modifications. 

Low Level AM Conversion of SSB Transmitter : Simple 
and inexpensive additions to the low level circuits of the 
SSB transmitter will provide for the generation of an 
AM signal instead of a SSB signal. The AM signal is 
then heterodyned to the final desired frequency and 
amplified to the desired power level in exactly the same 
manner as was the SSB signal, and no modifications of 
these circuits are required. The peak power rating of the 
transmitter is still 100 watts, which means that the 
transmitter modified for AM would be rated at 25 watts 
carrier power output. At 50 per cent average modulation 
index, each of the two sidebands will represent about 1.5 
watts as compared with 6.25 watts for a 100-watt AM 
transmitter and 25 watts total power for a 100-watt 
SSB transmitter. We will, of course, retain the improved 
frequency stability of the SSB equipment, but we will 
have sacrilied both the spectrum economy and effi¬ 
ciency of the SSB system. 

High Level AM Conversion: It is possible to modify 
the power stages of the SSB transmitter so that the 
equipment operates as a straightforward AM plate-
modulated transmitter. This is not a simple or inex¬ 
pensive modification; it almost amounts to building two 
transmitters in one box. The speech amplifier and the 
carrier generating circuits of the SSB equipment are 
retained, but we must completely change the operating 
conditions of the final stage, including bias and screen 
voltages and plate load impedance. We may need to 
change the L/C ratio of the output circuit in order to 
obtain better harmonic rejection for Class C operation, 
and this requires a wider range of the variable circuit 
elements used. We need a modulator, including modula¬ 
tion transformer, and we need a considerable amount 
of switching and control mechanism to effect the change 
from AM to SSB. 

If we assume that the total amount of high voltage 
power delivered to the power stage of the transmitter 
shall be held constant for either AM or SSB transmis¬ 
sion, simple calculations indicate the AM transmitter 
will be rated at approximately 50 watts carrier power 
output. At 50 per cent average modulation index each of 
two sidebands will represent about 3.1 watts of power. 

Full Carrier Conversion: It is not necessary that the 
transmitter radiate both sidebands in order that the 
signal be detectable on an AM receiver. It is only neces¬ 
sary that the transmitter radiate sufficient carrier power 
to effect demodulation of the single-sideband signal in 
the linear detector of an AM receiver. The SSB trans¬ 
mitter can be modified to transmit a relatively high 
power carrier and one sideband at reduced power by 
very simple provisions in the low level modulation 
circuitry. No other changes to the power stages or power 
supply are necessary. The size and weight of the equip¬ 
ment is not changed and the cost of the modification is 
very small. A 100-watt SSB transmitter so modified 
might transmit a 25-watt carrier signal. Fifty per cent 
average voice modulation of the remaining transmitter 
capacity would result in 6.2 watts in the transmitted 
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sideband. This transmitter would provide about the 
same signal-to-noise ratio at the output of an unmodified 
AM receiver as would be obtained from an AM trans¬ 
mitter rated at 50-watts carrier power output under 
typical long range communication conditions. 

When a carrier and one sideband are demodulated in 
a linear detector a certain amount of distortion takes 
place. For the operating conditions proposed above, the 
second harmonic content at the output of a linear de¬ 
tector would be 12 per cent at 50 per cent sine wave 
modulation and 20 at 100 per cent sine wave modula¬ 
tion. These distortion levels are regarded as acceptable 
for speech communications because of the masking 
effect. This type of distortion will not occur if the de¬ 
tector used has a square-law-characteristic. 

AM Receiver Modifications for SSB Signals 
The SSB suppressed-carrier signal does not provide 

sufficient carrier to effect demodulation in a conven¬ 
tional AM receiver, and it is therefore necessary that the 
AM receiver be modified to provide the demodulating 
carrier at the correct frequency. 

Most modern AM communications receivers having 
a beat frequency oscillator (BFO) can be used to detect 
an SSB suppressed-carrier signal. The receiver is set to 
accept the single sideband, and the receiver BFO is very 
carefully adjusted to the correct frequency so that it 
can act as the demodulating carrier in the linear de¬ 
tector. The tuning operation is exceedingly difficult and 
time-consuming and requires a highly skilled operator. 
This method of operation is mentioned for the sake of 
completeness, but it is not considered a practical ap¬ 
proach to the problem for military or commercial opera¬ 
tions because of the tuning difficulty. 

AM receivers can be fitted with SSB adapters that 
permit satisfactory reception of SSB signals. The 
adapter connects to the output of the receiver’s IF 
amplifier and provides the necessary SSB selectivity, 
the source of demodulating carrier with AFC, and the 
proper type of demodulator circuit. The adapter’s AFC 
circuits greatly reduce the difficulty of tuning, but if the 
receiver’s frequency stability is not sufficiently good it 
may still be necessary to use manual tuning to bring the 
signal within the range of control of the AFC circuit. 

If the SSB signal received contains sufficient carrier 
power for demodulation, as will be the case with the 
full-carrier SSB signal, the only modification desirable 
in an AM receiver is a reduction in IF bandwidth com¬ 
mensurate with the bandwidth of the SSB signal and 
the combined frequency stability of the transmitter and 
receiver. The AM receiver AGC and squelch circuits 
will function as normal for AM reception. No special 
carrier recovery circuits or detector circuits are required. 

We have pointed out that it will be desirable to 
minimize modification of existing AM facilities during 
the early stages of transition from AM to SSB communi¬ 
cations. While it may be permissible to use SSB re¬ 
ceiver adapters in central station facilities, it is quite 

doubtful that they could or should be used with each 
mobile or airborne AM receiver. Among other reasons, 
the adapters represent an investment which would be 
lost at the time the mobile equipment was replaced with 
SSB equipment. 

AM Transmitter Modifications for SSB Reception 
As has been pointed out in the first section, the AM 

signal can usually be received on SSB receivers with lit¬ 
tle difficulty. There are, however, several modifications 
which can be made in the AM transmitter to improve 
the performance of the system. These modifications, 
which will be discussed in detail, deal with improved fre¬ 
quency stability, the elimination of residual fm or pm, 
and the conversion of the AM transmitter to SSB full¬ 
carrier transmission. 

Frequency Stability: Earlier discussions have indicated 
the requirement for better frequency stability in the 
SSB system than is presently achieved in AM com¬ 
munications systems. In order to avoid the necessity for 
manual tuning of SSB equipment used to receive AM 
transmissions and to retain the benefits of automatic 
tuning or channel selection, it is desirable that the fre¬ 
quency tolerance of the AM transmitters be improved 
so that the carrier frequency will lie within the cor¬ 
rection range of AFC systems provided in the SSB re¬ 
ceiver. Practical AFC or carrier recovery systems will 
provide a correction range on the order of +300 cycles 
per second. If the SSB receiver frequency control toler¬ 
ance is 5 ppm, this implies AM transmitter tolerance of 
5 ppm at 30 me, 25 ppm at 10 me, or 100 ppm at 3 me 
and below. Present regulations require AM frequency 
tolerances of 200 ppm for mobile stations and from 50 
to 100 ppm—depending on power—for ground-based 
stations [2], 

While it may be impractical to improve significantly 
the stability of existing airborne AM equipment, it 
should be possible to improve the ground station equip¬ 
ment to the point where it will serve adequately with 
either airborne AM or SSB equipment. Better frequency 
control may be obtained at first by improved frequency 
measurement techniques and more careful maintenance. 
Later, more elaborate steps may be taken to improve the 
stability of the transmitting equipment. If a limited 
number of channels are needed it may be possible to 
achieve better stability through the substitution of 
modern temperature-controlled crystals and improved 
oscillator circuits. If a large number of channels are 
required, it may be desirable to replace the old exciter 
unit with a stabilized master oscillator or frequency 
synthesizer which will produce any desired frequency 
with the stability of a highly stable crystal oscillator. 
These frequency determining elements may be used 
later with ground SSB equipment which will replace the 
AM transmitters, so the investment need not be lost. 
Residual FM or PM: Some AM transmitters have 

been observed to have a considerable amount of carrier 
fm or pm at line or modulation frequencies. While this 
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may not cause trouble in AM reception, the carrier 
circuits of an SSB receiver may not be able to follow the 
rapid frequency variations. This results in frequency 
modulation of the entire audio output spectrum. In the 
author’s experience this effect is occasionally en¬ 
countered in AM transmitters using VFO frequency 
control; it has not yet been found in a crystal controlled 
transmitter. The same effects may of course be produced 
by residual FM of the conversion signal oscillators in a 
superheterodyne receiver. The peak frequency deviation 
permissible is 10 cycles per second from zero to 200 
cycles per second modulation frequency. At higher 
modulation frequencies the peak phase deviation should 
not exceed 10°. 

Conversion of AM Transmitters to SSB Full-Carrier 
Operation: Kahn has suggested a system by means of 
which it appears possible to convert an AM transmitter 
into an SSB transmitter by the use of a special adaptor 
[6], An SSB signal carrying the desired modulation 
is first generated at a low-power level by any suitable 
technique. The rf phase information contained in the 
SSB signal is then separated by limiting techniques, and 
the resulting constant-amplitude phase-modulated sig¬ 
nal is used as the excitation for a conventional AM 
transmitter. The amplitude variations of the low-level 
SSB signal are separated by a detection process, and the 
resulting rf envelope amplitude information is used to 
drive the modulator of the AM transmitter. The phase 
and amplitude components of the SSB signal are then 
recombined in the modulation of the high-power output 
stage of the transmitter. If this is done correctly, the 
resulting signal will be a high-power version of the 
original low-level SSB signal. 

The system poses several technical obstacles. The 
AM transmitter modulator is theoretically required to 
respond down to zero frequency in order to carry all 
possible difference frequencies in the modulation spec¬ 
trum, including the varying average level of modulation, 
and it is required to respond up to several times the 
highest modulation frequency because the envelope of 
the SSB signal is not an analytic function of time. Fur¬ 
thermore, the time delay of the rf channel should be the 
same as the time delay of the modulating signal channel, 
and the latter should have constant time delay over the 
extended response range. These problems are treated in 
somewhat more detail in [ó]. 

The author wishes to suggest a possible modification 
to the Kahn system which may minimize some of the 
difficulties mentioned above. The objective of the pro¬ 
posed system is the elimination of one sideband only, 
from the output of an AM transmitter, leaving the full 
carrier and the other sideband. Such a signal may be 
received on either AM or SSB receivers, and as such 
may be desirable during a transition period. Further¬ 
more, the system makes available the important spec¬ 
trum conservation advantage of full SSB operation. 

A low-level SSB signal is generated as before, with the 
exception that carrier is inserted at from 1.5 to 2 times 
the peak envelope voltage level of the SSB signal. The 

amplitude and phase characteristics of this signal are 
then separated as described above, and the resulting 
signals are used for the excitation and modulation of a 
conventional AM telephone transmitter. 

1 he advantages of this mode of operation arise from 
the facts that the average level of the signal remains 
very nearly constant with or without modulation and 
that the modulating signal is always an analytic func¬ 
tion with greatly reduced harmonic content. In other 
words, the spurious output signals near the desired side¬ 
band which may result from a normal AM transmitter 
modulation bandwidth instead of the extended response 
from de to several times the highest modulating fre¬ 
quency are very much less than would have been ob¬ 
tained for SSB suppressed-carrier operation. It still re¬ 
mains necessary to equalize the-time-delay character¬ 
istics of the rf and af channels. 

A 100-watt AM transmitter modified in this way may 
be received on either AM or SSB receivers. Performance 
obtained with an SSB receiver will duplicate that ob¬ 
tainable with a 25-watt SSB suppressed-carrier trans¬ 
mitter. Performance obtained with an AM receiver 
should be significantly better than that which would 
have been obtained with the same AM transmitter be¬ 
fore modification under severe fading conditions. 

It should be pointed out that this variation on the 
Kahn system has not, to the author's knowledge, been 
thoroughly investigated. Further work will be necessary 
before this system can be seriously considered as a step 
in the transition procedure. 

A Sample Transition Procedure 

We have discussed a number of different modifications 
to AM and SSB equipment that may be of value in a 
transition period. There is in general more than one way 
in which each aspect of the transition problem—such as 
SSB reception of signals from an AM transmitter—may 
be approached, and there are different types of com¬ 
munications systems. Clearly, the techniques to be used 
in effecting transition from AM to SSB will depend on 
the individual requirements of each case. 

In the following, an attempt has been made to illus¬ 
trate how suitable techniques might be coordinated. We 
will consider a problem similar to that of the commercial 
airlines, in which one or more central stations must com¬ 
municate with a larger number of airborne installations. 
We will assume that single-channel voice communica¬ 
tion is required. The objectives to be achieved in the 
transition procedure are essentially those discussed 
earlier: uninterrupted operation, minimized modifica¬ 
tion to mobile AM equipment, and transition costs dis¬ 
tributed over a period ot time in which SSB equipment 
is incorporated into the system on a routine equipment¬ 
replacement basis. 

A irborne Equipment 

Existing airborne AM transmitter/receiver equip¬ 
ment is not modified. When existing equipment is re¬ 
tired, both transmitter and receiver portions are re-
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placed by SSB transmitter/receiver equipment. The 
new SSB transmitters would be capable of full-carrier 
operation in addition to normal suppressed-carrier 
transmission, and would have the best frequency sta¬ 
bility it is possible to achieve. Frequency stabilities on 
the order of 0.5 ppm are desirable. The new single-side-
band receivers shall provide a separate channel for the 
demodulation of an AM signal. Both the transmitter 
and receiver modifications are relatively inexpensive 
and do not contribute appreciably to the cost or com¬ 
plexity of the equipment. They enable the new equip¬ 
ment to transmit to, and receive from, existing unmodi¬ 
fied ground AM equipment. If frequency stability no 
better than 5 ppm can be achieved, the receiver shall 
incorporate an AFC circuit capable of correcting fre¬ 
quency errors up to 300 cycles. 

Central Station Equipment 

Central station receiving and transmitting equipment 
is considered to be replaceable separately rather than as 
a combination R/T unit assumed in the mobile installa¬ 
tion. 

Ground stations are equipped with new SSB receivers 
having high frequency stability as soon as convenient. 
These receivers may be operated in parallel with existing 
AM receivers or they may incorporate the parallel AM 
detection channel. The frequency stability of ground-
based AM transmitters is improved at first by better 
maintenance and frequency-measurement techniques 
and later by the substitution of better exciters. If the 
SSB full-carrier adapter units for AM transmitters are 
found to be practical, these are incorporated as con¬ 
venient. Eventually, ground AM transmitting equip¬ 
ment will be replaced by SSB transmitters capable of 
suppressed-carrier or full-carrier operation and having 
frequency stability on the order of 0.5 ppm or better. 

System Characteristics 

The transition procedure discussed here provides for 
new ground equipment which will communicate with 
either new or old airborne equipment. Similarly, the new 
airborne equipment will communicate with either new 
or old ground installations. This transition period com¬ 

patibility is achieved through the use of full-carrier SSB 
transmission. In addition to providing SSB spectrum 
economy and being suitable for either AM or SSB re¬ 
ception, this type of signal is chosen for the simplicity 
and efficiency of the modifications required in new air¬ 
borne SSB equipment. SSB full-carrier transmission does 
not achieve the power advantage of the SSB suppressed-
carrier system. This is not a matter of prime importance 
at the ground installation. It appears to represent a rea¬ 
sonable compromise for the airborne stations. 

It will not be possible to assign narrower channels for 
the exclusive use of SSB equipment until the transition 
is completed in the entire system or in isolable portions 
thereof. During the early stages of transition most of the 
traffic will be handled by AM equipment, and the SSB 
equipment will operate in the established AM channels. 
The equipment will use the upper sideband only, with 
the carrier at the center or assigned frequency of the 
channel. As the transition on portions of the system 
approaches completion, the wider band AM channel 
assignments may be replaced by two SSB channel as¬ 
signments, and it would appear reasonable that the in-
tererence from an occasional AM transmission may be 
tolerated. Both SSB channels would use upper sideband 
only. The carrier of the upper SSB channel would be at 
or near the center or assigned frequency of the AM 
channel. The carrier of the lower channel would be near 
the lower edge of the assigned channel. Some geographi¬ 
cal separation between adjacent SSB channels would be 
desirable just as it is in present-day AM practice. 
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The Application of SSB to High-Frequency 
Military Tactical Vehicular Radio Sets* 

R. A. KULINYIf, member, IRE, R. H. LEVINEf, senior member, ire, and H. F. 
MEYERf, SENIOR MEMBER, IRE 

Summary—The application, characteristics, and limitations of hf 
radio sets for military vehicular communication are tabulated and 
discussed. By the use of SSB, transistorization, and electric timing 
it is shown that a s/n improvement of 16 db over the most modern 
existing DSB set of equal size and power drain is possible. A conser¬ 
vative s/n improvement of 7 db is shown theoretically and experi¬ 
mentally to provide up to twice the distance range and up to 170 per 
cent better word recognition than DSB. Additional advantages of 
interference reduction, spectrum utilization, quasi-duplex operation, 
heat reduction, equipment reliability, and reduction of maintenance 
problems are discussed. The problems of compatibility with DSB, 
frequency control, voltage breakdown, space, and reduction of me¬ 
chanical moving parts together with suggested solutions are pre¬ 
sented. 

HIS PAPER is concerned with the improvement 
of tactical, vehicular radio sets. New military 
concepts, such as dispersion in the face of atomic 

warfare and the attendant need for high mobility and 
flexibility in the employment of forces have badly 
strained all existing communications systems of the 
Army. 

One area in which this is especially true is that of 
tactical, vehicular radio sets. By a tactical radio set is 
meant a set which is to be employed under field con¬ 
ditions in a combat army. Such equipment is charac¬ 
terized by ruggedness, minimum complexity in opera¬ 
tion, and principal use by personnel who are primarily 
concerned with other duties, nontechnical in nature. 
Truck drivers, artillery spotters, tank commanders, and 
similar nontechnically trained personnel are the prin¬ 
cipal users. The equipment must be designed to fit their 
requirements and level of technical training. 

A vehicular set is one which is mounted, operated, and 
powered in a moving tactical vehicle, over poor or non¬ 
existent roads. Further, it must withstand the environ¬ 
mental conditions of being fully exposed to the weather 
24 hours a day. An additional requirement of not com¬ 
promising the tactical mission of the vehicle is normally 
included. A radio set mounted in a tank understandably 
cannot be allowed to interfere with the combat effec¬ 
tiveness of that tank. 

Several classes of vehicular sets find application in the 
military. Sets operating in the uhf spectrum have been 
used for air-ground communications in support of 
troops. VHF/FM sets have formed the backbone of 
vehicular communications. While vhf/fm sets are ob¬ 
viously well suited to vehicular communications, coun¬ 
terbalancing their advantages are the handicaps of 

* Original manuscript received by the IRE, September 4, 1956. 
t Signal Corp. Eng. Labs., Ft. Monmouth, N. J. 

limited distance range and wide variations in range 
caused by siting locations. To achieve greatest reliable 
vhf range often leads to the most exposed and dangerous 
site. Despite these disadvantages there has been and 
will continue to be a major application for these sets. 

The hf vehicular radio set has a long history and its 
ancestor was the cavalry set. For many years it was the 
only vehicular set until the advent of vhf/fm. 1 n modern 
times these sets have been used to cover the longer dis¬ 
tance requirements such as communication with other 
service arms using hf nets, the frequent necessity for 
point-to-point communications between such units as 
reconnaissance vehicles, and base stations over a wide 
range of distances. These requirements result in the 
operation of vehicular sets in nets and on a point-to-
point basis both mobile and fixed. 

Now modern warfare concepts have introduced ex¬ 
tensive geographical communications requirements 
down to low echelons. The basic “spreading out” of 
units imposes communication problems that can only be 
met by the extended ground wave and sky-wave trans¬ 
mission characteristics of hf radio. 

State of the Art for Vehicular HF Sets 

For many years, in the interest of aviation and radar 
agencies, electronic and mechanical development of 
receiver and transmitter circuitry was concentrated 
upon solving problems in higher frequency ranges to 
the apparent neglect of hf. Today, however, many of 
these developments have been applied with benefit 
in other than their original applications. 

Transmitter tubes of great compactness and high-
power gain provide the key to more rf power in less 
space. External anodes, comparatively low anode 
and screen voltages, beamed tetrode configurations and 
the consequent low signal drive power requirements are 
benefits at hf from solutions to vhf and uhf problems. 

Frequency control today is just assuming its right¬ 
ful place as a determinant of progress in communica¬ 
tions. With current refinements in both variable and 
crystal oscillator design as well as in their mechanical 
engineering, the former can be restricted to little more 
than an interpolator between the highly stable hetero¬ 
dyne frequencies of the latter. Calibration and stability 
of today’s hf radio equipment has provided the vehicular 
operator with an unfailing means to occupy his assigned 
channel and no other. 

From the stringent requirements of airborne radio 
has come the ability to make a transmitter tune itself. 
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This achievement is more difficult to apply to hf vehicu¬ 
lar radio because of inherently poorer radiating facilities. 
Tanks and jeeps are smaller than fighter planes and 
radiating structures must sustain contact with trees and 
bridges at normal vehicle speeds without being damaged 
or demounted for the occasion. The standard fifteen¬ 
foot whip antenna meets these mechanical requirements 
but at 1.5 me presents a complex impedance of about 
2—JIOOO ohms. Despite such drastic resonating prob¬ 
lems, present hf equipment is capable of resonating 
within seconds. 

Considering power consumed and radiated, current 
mechanical design for sets of this class makes very effi¬ 
cient use of available space. Product design has provided 
smaller and extremely rugged components such as trans¬ 
formers, vacuum-sealed control relays and multicon¬ 
tact connectors. “You can’t miniaturize heat!” is an 
undeniable truism but better internal heat distribution 
and forced ventilation have provided a conservatively 
rated 100-watt hf AM set in essentially the same space 
that its predecessor produced 20 watts. 

Major subassemblies have become separate mechani¬ 
cal entities, tied together by a main frame and front 
panel. Thus maintenance is expedited to the point of 
reactivating the faulty set in minimum time. A sub¬ 
assembly at fault, however, can be worked on at lower 
echelons, in most cases, and many components replaced 
by field service men. 

Electromechanical design is an important key to 
improved performance in today’s equipment. Servo¬ 
motors and de positioners are reliable substitutes for 
the transmitter operator’s fickle fingers. Gear trains and 
cams in the receiver become computers to provide oc¬ 
tave tuning at rf while operating all frequency depend¬ 
ent settings and driving a cyclometer-counter decade 
presentation. This mechanism shows frequency down to 
one kilocyle with an over-all accuracy of better than 
300 cps over an operating range of from 0.5 to 32 me 
when calibrated to the nearest 100 kc point, using an 
internal standard. This frequency setting is done with 
only two knobs. 

Power drain on vehicular electrical systems, like 
all electrical demand situations, has consistently climbed 
over recent years. An hf transmitter which requires up 
to 40 amp or more, regularly, and nearly 100 amps at 
peak load presented an impossible requirement for most 
24-volt equipped military vehicles a few years ago. One 
solution was found in civilian police radio practice where 
use was made of an alternator-rectifier-exciter-regula-
tor combination which could power this set at low engine 
speeds for long periods of time without fouling the spark 
plugs or draining the battery. Tactical military hf 
radio vehicles are specially equipped with such a gener¬ 
ating system floated across the battery. 

To sum up this account of where we stand today, Fig. 
1 shows a set which conforms to the preceding descrip¬ 
tion. Radio set AN/GRC-19 is a 100-w 1.5—20-mc 
vehicular receiver-transmitter combination, developed 

Fig. 1—Modern military 100-watt high-frequency double-sideband 
vehicular radio set AN/GRC-19 installed in “jeep.” Standard of 
comparison for proposed new SSB equipment. 

by Collins Radio Company to SCEL specifications and 
currently in successful field use. 

General 

The important characteristics required for an ht 
vehicular radio set are tabulated in Table I (next page) 
which is self-explanatory. Table I also shows in a quali¬ 
tative fashion how well the most modern hf vehicular 
radio set, AN/GRC-19, fulfills these requirements. For 
a new hf vehicular set to be worth its salt, it should 
effect major improvements over the AN/GRC-19. 
The features and techniques incorporated in the AN 
/GRC-19 which evolved over a number of earlier designs 
or were first placed in the AN/GRC-19 and which result 
in excellent standards of performance should be re¬ 
tained. The new design should emphasize these areas 
where current equipment is deficient. While all such 
areas are of great importance they may be listed in 
descending order of importance; circuit reliability, 
operating reliability, maintenance training, mainte¬ 
nance time, power input, speak-to-talk, radio-wire inte¬ 
gration, type-to-write, acoustic-noise generation. 

Consideration of available techniques indicates that 
large improvements in the needed areas can be best 
obtained by the adoption of SSB modulation and detec¬ 
tion; maximum use of semiconductors in lieu of vacuum 
tubes and rotating machinery; incorporation of electric 
tuning in lieu of mechanical gears, shafts, couplings, 
cams, etc.; installation of additional faultfinding fea¬ 
tures; extension of the removable subassembly princi¬ 
ple; and improvement in accessibility of subassemblies 
for rapid exchange. 

SSB promises a significant improvement in circuit 
reliability, particularly over the longer distances and 
for the increasingly difficult communication needs im¬ 
posed by modern warfare. SSB offers the most adaptable 
system for incorporation of speak-to-talk facilities which 
will greatly assist in furnishing the needed increase in 
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TABLE I 
Required Characteristics for Long-Range Vehicular Radio Sets 

Subject Requirement Remarks i Standing of AN/GRC-19 
Communication range 

Service 

Application 

System 

Installation 

Circuit reliability 

Operating reliability 

Operator Training and 
Attention 

Maintenance Training 

Maintenance Time 

Power Source 

Antenna 

Size 

Weight 

Acoustic Noise Generation 
Operating Environment 

Average Power Input 

Frequency Control 

Frequency Range 

50 miles 
100 miles 

1000 miles 

Single channel voice 
Radioteletype 
CW telegraph 

Mobile or stationary 
Local or remote control 
Net 
Point to Point 

Voice speak to talk (desirable) 
Voice push to talk (tolerable) 
Voice radio-wire integration 
Voice full duplex 
RTTY type to write (desirable) 
RTTY push to write (tolerable) 
RTTY full duplex 

Open Vehicle 
Mobile Shelter 
Closed Vehicle 
Building Indoors 

Maximize 
100% day or night regardless of terrain, interference, 

etc., desired 
Maximize 
100% freedom from failure desired 
Minimize for non-technical personnel 

Minimize 

Minimize for fault finding and repair 

Vehicular 
Engine Generator (de) 
Fixed ac 
Engine Generator (ac) 

15' Vehicular Whip 
Long Wire End Fed 
ï Wave Doublet 

14*X 12"X33" maximum due to vehicle space 

Minimize 

Minimize 
Climate World-Wide 
Temperature —40 to 65°C. 
Shock-Combat Vehicle 
Vibration-Combat Vehicle 

Minimize not to exceed 1 kw during transmission 

Rapid and accurate selection of any frequency within 
its range 

1.5-30 me Desirable 
1.5-20 me Tolerable 

Predominantly 
Frequently 
Occasionally 

Predominantly 
Frequently 
Emergency 

Predominantly 
Frequently 

Predominantly 
Occasionally 
Infrequently 
Predominantly 
Frequently 

Predominantly 
Frequently 
Frequently 
Occasionally 

Prime Requirement 

Prime Requirement 

Prime Requirement 

Prime Requirement 

Prime Requirement 

Predominantly 
Frequently 
Infrequently 
Occasionally 

Predominantly 
Improvisation 
Frequently 

Prime Requirement 

Secondary Requirement 

Primary Requirement 
Primary Requirement 

Primary Requirement 

Primary Requirement 

Primary Requirement 

Yes 
Yes 
Yes 

Yes 
With Applique 
Yes 

Yes 
Yes 
Yes 
Yes 

No 
Yes 
Fair 
Yes 
No 
With Applique 
With Applique 

Yes 
Yes 
Yes 
Yes 

Fair (See text) 

Good 

Excellent 

Poor 

Fair 

Yes 
Yes 
Requires Converter 
Requires Converter 

Yes 
Yes 
Yes 

Yes 

Fair 

Poor 
Excellent 

Meets Maximum 

Excellent for DSB 

Transmitter 1 .5-20 me 
Receiver 1.5-32 me 

traffic handling capacity for vehicular voice communica¬ 
tions. Semiconductors can result in space saving making 
it possible to incorporate the greater circuitry required 
for SSB in the available space. Operating reliability 
can be improved by the use of semiconductors not only 
from the standpoint of the inherent long life of such 
devices but by reducing the heat losses in the equipment. 
Input power conservation can be effected with semi¬ 
conductors due to lower power requirements and higher 

efficiencies when employed to replace dynamotors. The 
gain in input power conservation can be utilized to 
reduce standby drain and make available more talking 
power and hence greater circuit reliability. Replace¬ 
ment of rotating machinery with semiconductors will 
effect substantial reduction in acoustic noise generation 
which is often a serious problem in making the position 
of the radio set known to a closeby enemy. 

The automatic tuning features of the AN/GRC-19 
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as applied to the power handling stages of the trans¬ 
mitter have not only drastically reduced operator train¬ 
ing but have made possible the design of these portions 
of the set independent of restrictive layout required by 
mechanical linkages to the front panel. The reliability 
of these circuits has been excellent. Supplementing these 
features with electric tuning of low-power stages (re¬ 
ceiver as well as transmitter) will greatly increase the 
flexibility of possible layouts of the equipment thereby 
conserving much-needed space and facilitating sub¬ 
assembly arrangement for ease of maintenance. The re¬ 
maining recommended improvements are obviously 
pertinent to maintenance training and required main¬ 
tenance time. 

Over a period of nearly ten years, while developing 
and producing the current hf vehicular radio set, AN 
/GRC-19, an explicit and practical research program of 
studies and tests has been under way, at the Signal 
Corps Engineering Laboratories, which measured the 
performance of all methods of voice communications 
at hf except SSB. Conclusions drawn from this work, 
together with the classic studies of Bell Telephone 
Laboratories on their overseas radio telephone service 
in the mid-1930's, showed us nearly five years ago that 
only through use of SSB could any marked improve¬ 
ment in circuit reliability be achieved in tactical hf 
voice radio. At that time we lacked techniques to real¬ 
ize this objective in the military environment and de¬ 
mands of the Korean action precluded necessary de¬ 
velopment. In the last two years this program of inter¬ 
nal effort has been directed to achieve first, the detailed 
specification of practical performance and, second, 
construction of working equipment for user tests which 
conforms to these requirements. 

Expected Advantages From SSB 

In order to obtain substantial improvement in circuit 
reliability, the primary concern is to achieve a better 
signal-to-noise ratio at the receiver. The term “noise” in 
this sense refers to receiver noise, atmospherics, distor¬ 
tion (as due to multipath), interference, etc. The 
“talking power” of the transmitter is the foundation for 
the received signal-to-noise ratio. 

Increased Talking Power 
One of the principal anticipated gains to be realized 

in new equipment for this service is increased “talking 
power.” By “talking power” is meant that portion 
of transmitter output power which carries intelligence, 
in contrast to static output such as the carrier of an 
AM transmitter. Thus, while a 200-watt AM trans¬ 
mitter and a 200-watt SSB transmitter have ratings 
which sound similar, the maximum sideband intelli¬ 
gence ¡rawer output of the AM set is 100 watts, while 
the corresponding output of the SSB set is 200 watts, 
a 3-db difference. Factors relating to bandwith, method 
of detection, mode of propagation (ground wave or 
sky wave) enter into a complete analysis of s/n at the 

receiver, and must therefore be considered in the com¬ 
putation of full system performance. These factors, 
together with spectrum utilization and vulnerability 
to interference, will be considered in later portions of 
this paper. 

In this discussion only filter-derived1’2 SSB is con¬ 
sidered. A thorough consideration was given to other 
SSB systems before concluding that this method was 
the only one which satisfied the requirements. For 
brevity, no detailed comparisons of methods of SSB 
generation are included in this paper. The reader is 
referred to the literature for a discussion of the various 
methods. 

Also, voice clipping and/or pre-emphasis do notappear 
in these calculations, although one or both are certain 
to be used in the proposed equipment. The effects of 
speech processing upon the following calculations should 
be slight, inasmuch as the peak factors would remain 
large even with both types of processing. 

The fixed parameter of prime concern in comparing 
the talking power of AM and SSB army vehicular sets is 
the input power of the equipment. It is necessary to 
supplement the standard vehictdar power system with 
a special heavy current alternator-rectifier unit in order 
to supply adequate power to the present-day radio 
equipment. This power system is now loaded to full 
capacity. Any replacement for the current radio equip¬ 
ment must not require more power from the vehicle, 
as replacement of the electrical units with a higher 
capacity system is not considered feasible, for both 
practical and economic reasons. Therefore, a study of 
what improvement in talking ¡rawer might be offered 
by SSB in replacing AM vehicular equipment, with total 
input power as the fixed parameter, must be considered 
an important comparison basis. While such a study 
might well include some thought of what might be done 
in improving AM equipment design to reflect the type 
of SSB equipment being considered, no such considera¬ 
tion of new AM equipment is included in this discus¬ 
sion due to the multifold advantages of SSB. 

These advantages, such as reduction in spectrum 
congestion and reduced vulnerability to interference, 
weigh heavily in favor of directing new development in 
this direction. This would probably be true even if 
SSB only “broke even” with conceivable AM equip¬ 
ment. Therefore, the following comparison is based 
upon replacement of radio set AN/GRC-19 with SSB 
equipment which appears to be presently within the 
state of the art. The main comparison is confined to 
the SSB final amplifier and the AM final amplifier and 
modulator, as it is felt that extensive transistorization 
of preceding stages should make their power drain negli¬ 
gible in comparison. This is not wholly true, in view of 
the more extensive circuits required in presently en-

1 A. Brown and R. Levine, “SSB for mobile communication,” 1953 
IRE Convention Record, part 2, p. 123. 

2 The American Radio Relay League, “SSB for the Radio Ama¬ 
teur,” Rumson Press, Concord, N. IL, 1954. 
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visioned SSB equipment. It would seem, however, to 
be a close approximation. 

The calculations that follow do not include heater, 
screen, or control grid dissipations, inasmuch as they 
are minor items and are to a large extent offset between 
the AM modulator and the SSB amplifier. 

A N/GRC-19 DSB Calculation of Amplifier Performance 

Power input to AN/GRC-19 PA, 1000 volts, 200 ma 3 

= 1000 vX200 ma = 200 w. 
Plate efficiency = 0.70 average = np. 
So PA output = 200 wX0.7 = 140 w. 

Average output to antenna = 100 w.3
So losses in matching circuit = 40 w. 

Matching ckt efficiency = 100/400 = 0.715. 
Modulator input at no signal3 = 1000 vX40 ma = 40 w. 
Modulator input at 100 per cent mod = 1000 vX210 

ma = 210 w.3
Therefore, when speech having 18 db peak factor4 is 

spoken continuously, long term power input (average 
power) can be estimated. 

PA input (constant) =200 w. 
Modulator input = 40+ (1/31.6) (210 —40) =45 w 

(assuming constant apportionment of loss and out¬ 
put). 

Total = 245 w. 
AN/GRC-19 max sideband-output power (at 100 per 

cent mod) = J carrier power = 50 w. 
Ratio of long term power/max. SB power = 245/50 

= 4.9. 

Calculation of Linear Amplifier Performance 

'1 he following calculations are based upon the 
Eimac type 4X250B tube, inasmuch as it appears at 
this time to be the most likely tube type to be applied to 
this service. 

While the manufacturer’s typical operating data for 
this tube shows high static dissipation in SSB service, 
tests have indicated that for single-channel voice opera¬ 
tion this static drain may be safely reduced to less than 
25 per cent of the recommended value with no serious 
degradation in performance. Under these conditions 
tests have shown that available circuitry with feedback 
will provide reduction in third order distortion greater 
than 35 db. With this consideration, the following calcu¬ 
lations are based upon 2000-v operation of two parallel 
type 4X250B tubes, with a total static dissipation of 
100 watts. 

Linear Amplifier Calculation—Case I: SSB Service 

Zero signal input = 100 watts. 
Maximum output = 650 watts. 

• From measured data on AN/GRC-19. 
4 B. D. Holbrook and J. T. Dixon, “Load rating theory for mul¬ 

tichannel amplifiers,” Bell Sys. Tech. J., vol. 18, p. 635; October, 
1939. Ratio of peak/average speech power which has a 0.1 per cent 
probability of being exceeded = 18 db. The ratio of rms of the peak-
to-average power is 15 db = 10 log 31.6. 

Maximum signal losses = output ((l/»„) -1) = 435 watts 
(assuming »„ = 0.60, reasonable in view of the low 
static drain). 

Maximum signal input =output+ losses = 1085 watts. 
Assuming a linear variation of loss with signal output, 

the long term power input with a talker, 18-db peak-
factor = static loss + maximum output/31.6+(maxi-
mum loss-static loss)/31.6 = 100 + 650/31.6 +(435 
-100)/31.6 = 131 watts. 

Maximum output through antenna network = maximum 
out put Xantenna matching ckt efficiency = 650 X0.715 
= 464 watts. 

Ratio of long term power input/maximum output 
= 131/464 = 0.28. 

Talking power improvement, for equal average input 
power, SSB/DSB = DSB long term/average out 
■= SSB long term/average out = 4.9/0.28 = 17.3, or ap¬ 
proximately 12 db. 
If suitable semiconductor power supplies are con¬ 

sidered for the high voltage source, with an efficiency of 
almost double that of rotating machines, this figure 
might well be increased to almost 16 db, based upon a 
comparison of actual power drain from the vehicle. 
This, of course, is the true criteria of comparison. 

Linear Amplifier Calculation—Case II: Compatible 
Emission for DSB Reception 

As explained in detail in the section of this paper on 
compatibility, it is proposed to transmit a carrier plus 
one sideband for communication to a double-sideband 
receiver. The following calculations apply in this case : 
Carrier = 100 watts output = max sideband power. 
Static loss remains = 100 watts. 
Output = 100 watts on carrier alone. 
Amp output for carrier = 100 watts/matching ckt eff 

= 140 w. 
If a linear variation is assumed, with maximum loss 

of 435 watts, then power loss at 100 watts output 
carrier = static loss + (carrier/max out). 
(max loss-static loss) = 100 + (140/650)(435 -100) 

= 172 watts. 
So input power for carrier only = output + loss = 140 

+ 172 =312 watts. 
Additional input for speech =amp output + Ioss= 140 

+ 72 =212 watts. 
Input due to speech with 18 db peak factor = 212/31.6 

= 7 watts. 
Long term input for compatible AM transmission 

= carrier input+speech input=312 + 7 = 319 watts. 
It is noted that this long-term power input is quite 

close to the value found for the AN/GRC-19. Further, 
the use of semiconductor power supplies, as discussed 
elsewhere in this paper, should greatly decrease the 
actual drain from the vehicle power system as compared 
to AN/GRC-19. Therefore, the SSB equipment radiating 
a compatible DSB type signal should be capable of de¬ 
livering approximately twice the AN/GRC-19 sideband 
power. Under normal ground wave conditions, as dis-
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cussed in a later portion of the paper, this gives the de¬ 
sired performance when received on a DSB receiver. 
Under sky wave conditions, performance is superior to 
DSB. 
The preceding calculations, while approximate, 

should give conservative estimates of new SSB equip¬ 
ment performance. 

When the Case I calculations (full SSB) are done on 
the basis of the manufacturer’s ratings for static drain, 
the additional fixed power input required reduces the 
SSB to AN/GRC-19 ratio to slightly over 7 db. 

Circuit Reliability 

“Increased talking power” is a useful term, bur the im¬ 
provement in communication that can be obtained with 
the greater talking power is of primary concern. Quali¬ 
tatively, this higher talking power for SSB should result 
in the successful transmission of the same intelligence 
at a greater range, or greater intelligence at the same 
range. Quantitatively, these improvements may be 
estimated on the basis of the probability of successful 
recognition of words in standard word lists. Such a pro¬ 
cedure may be checked by experimental methods and 
provide an answer to the basic question: What does the 
increased talking power buy in terms of better com¬ 
munication? The theoretical computations are quite 
straightforward for the case of ground wave communi¬ 
cation which fits the majority of applications for the hf 
vehicular set. Based upon the previous discussion of 
talking power, it would appear that a 7 db advantage 
for SSB represents a highly conservative assumption 
that can readily be met in practice regardless of the 
success or failure of blue-sky dreaming. This value was 
selected in the theoretical and experimental work to be 
discussed. 

To predict the improvement in intelligibility at equal 
range for SSB over DSB, it is necessary to calculate the 
per cent word recognition vs the received signal-to-noise 
ratio. Using the method described by Beranek6 the 
articulation index was calculated for a flat system pass¬ 
ing an audio band 330- to 3650-cps and, assuming 
Gaussian noise, the articulation index was plotted vs 
signal-to-noise ratio. This curve, together with the 
empirically determined curve of per cent recognition of 
the Harvard PB phonetically balanced word lists vs 
articulation index, permitted the computation and plot 
of per cent word recognition vs s/n. In the case under 
discussion, the s/n at a given location should be 7 db 
greater for SSB than DSB. Therefore, at any given 
s/n assumed for DSB giving a certain per cent word 
recognition, the per cent word recognition for SSB can 
be read off at a s/n 7 db greater. Curve no. 1, Fig. 2, 
is a plot obtained in this manner of per cent SSB word 
recognition vs per cent DSB word recognition. The gain 
in intelligibility for SSB is significant, particularly at the 
lower values of DSB per cent word recognition. 

» Leo L. Beranek, “The design of speech communication sys¬ 
tems,” Proc. IRE, vol. 35, pp. 880-890; September, 1947. 

Personnel of RCA and SCEL’ jointly instituted a 
series of field tests simulating tactical conditions to 
measure the improvement provided by SSB under the 
conditions described previously. DSB and SSB trans¬ 
missions were radiated alternately from the same 15-foot 
whip antenna mounted on a standard military vehicle. 
The power was adjusted to provide the same radiated 
field for DSB as produced by the AN/GRC-19 (approxi¬ 
mately 100 watts carrier 100 per cent modulated on the 
voice peaks). The SSB power radiated (approximately 
250 w) was 7 db above the average double-sideband 
power. For ground wave reception in the presence of 
Gaussian noise this results in a 7 db s/n improvement 
for SSB over DSB. Since, under these conditions the 
two sidebands of DSB are phase coherent while the SSB 
receiver accepts half the noise power, the noise gain of 
the SSB receiver is cancelled by the enhancement of the 
DSB signal due to phase coherence. 
PB word lists prerecorded on tape were transmitted 

over the system having a bandwidth of 3300 cps em¬ 
ploying DSB for every other word and SSB for the inter¬ 
leaved words. The transmitting facility was fixed at the 
Signal Corps Engineering Laboratories. A receiving van 
with whip antenna was used to receive and record the 
transmission at many different locations and the re¬ 
corded tapes were subsequently evaluated by a trained 
crew at the University of Delaware. 

Tests were made over distances of 5 to 100 miles. 
Ground conditions varied including sandy soil, good 
soil, sea water, and composites thereof. Transmissions 
were made at various hours of the day and night at a 
frequency of 4035 me. Fifty word PB lists were trans¬ 
mitted to a total of twelve different locations involving 
a total of 116 lists and 5800 words transmitted. 

The small circles plotted on Fig. 2 show the results 
of these tests. It may be seen that there is a high degree 
of scatter which is not to be unexpected since the tests 
were conducted as in practice under highly varying con¬ 
ditions of interference, electrical equipment noise, 
atmospherics, and, in some cases, multipath of ground 
and sky wave. Of greater importance is the fact that the 
theoretical curve is too optimistic. A more detailed 
analysis indicates that the curve is even more optimistic 
than shown because most of the points which are 
close to the line or above it at DSB percentages 
less than 70 per cent were conditions where either 
sky wave or a combination of sky wave and ground wave 
conditions were present. Under these latter conditions, 
it wotdd be expected SSB would be even better than 
predicted. Measurements of signal-to-noise (including 
interference) on the received tapes showed that the 
average of the lists at each location ranged from a 5 db 
to 8.8 db improvement for SSB over DSB, with the 
higher values under deep fading conditions. A selection 
of those tests which were free of the extraneous effects 
shows a substantial departure below the idealized curve. 

• Contract No. DA36-039 sc-64683. 
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Fig. 2 

It is recognized, of course, that the relationship of 
articulation index to word intelligibility varies from 
listening crew to crew and for particular systems. 

Despite the reduction in expected improvement as 
determined by these tests, there remains a substantial 
benefit from SSB. This may best be shown by Fig. 3, 

Fig. 3 

a cumulative plot of all the tests. It may be seen that 
in no case did the per cent word recognition fall below 
53 per cent for SSB, while 45 per cent of the DSB results 
were below this value. Previous measurements of sen¬ 
tence intelligibility (i.e., communication of ideas) indi¬ 
cate that a word recognition of 70 per cent or greater 

will provide sentence intelligibility of 95 per cent or 
higher. Under these conditions, it may be assumed that 
SSB gave satisfactory sentence intelligibility 65 per cent 
of the time, while DSB gave equivalent results only 35 
per cent of the time. Those latter results should not be 
taken as the capability of the systems to communicate 
because of the use of a single test frequency assignment 
for all ranges and all times. In practice, two or more 
frequencies are made available for such application. 

When communication conditions are adverse and the 
message must go through, it is common practice to re¬ 
sort to the phonetic alphabet of 26 words and the 10 
numerals. Using this restricted vocabulary, 50 word 
lists (designated as PA lists) were prepared and trans¬ 
mitted at the same locations and in the same manner 
as described for the PB lists. The cumulative results 
are shown by the dotted curves of Fig. 3. The curves 
are closer together than for the PB lists but there is a 
significant improvement under the conditions where the 
phonetic alphabet would be commonly used, that is, 
the right-hand side of the plot. Using SSB 92 per cent 
of the time the word was correctly recognized 9 times 
out of 10 or better, while on DSB the word was correctly 
recognized 55 per cent of the time 9 times out of 10 or 
better. Fig. 4 is a plot of PB scores vs PA scores for both 

Fig. 4 

DSB and SSB. The scattering of the data did not per¬ 
mit the determination of any significant differences be¬ 
tween SSB and DSB on the PA/PB relationship for 
individual tests. 

Assuming constant noise at any range, the range at 
which the SSB should give equivalent word recognition 
to DSB at a shorter range will be given by the SSB 
range at which the s/n at the receiver is equal to the 
s/n at the DSB receiver. Therefore, it is merely neces¬ 
sary to consider the relationship of attenuation vs 
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distance. Considering the attenuation at the given 
distance for DSB, the distance is extended until the 
additional attenuation is equal to the SSB increased 
talking power gain plus half-bandwidth receiver gain. 
The attenuation vs distance is a function of frequency 
and ground constants. 

Fig. 5 is a plot of ground wave SSB range vs DSB 
range for several frequencies and ground conditions, 
big. 5 shows that the SSB to DSB range should vary 
from about 1.3 to 2 over limits included in l ig. 5. 

Fig- 5 

The test results referred to previously cannot be 
readily interpreted to compare the range of SSB vs DSB 
for equal intelligence since the data at different ranges 
were taken at different times with different extraneous 
conditions. Considering this limitation, the data still 
show a striking advantage for SSB which may be stated 
in the following manner: 

1) At equal distances SSB gave higher PB scores 96 
per cent of the time. 

2) At a distance 10 miles greater than DSB, SSB gave 
higher PB scores 90 per cent of the time. 

3) At a distance of 20 miles greater than DSB, SSB 
gave higher PB scores 100 per cent of the time. 

4) At a distance of 30 miles greater than DSB, SSB 
gave higher PB scores 86 per cent of the time. 

Multipath transmission via sky wave or both sky wave 
and ground wave is an important factor in the applica¬ 

tion of an hf vehicular radio set. At the longer distances 
in the day time and even at distances of the order of 30 
miles during the night, this effect seriously degrades 
DSB. SSB is, of course, immune to the distortion pro¬ 
duced in DSB receivers due to selective fading resulting 
from multipath. In addition to t he distort ion, the multi¬ 
path tends to upset the phase correlation between side¬ 
bands in DSB transmission. Assuming completely ran¬ 
dom phase between sidebands, DSB suffers another 3 
db disadvantage compared to SSB. As previously 
mentioned, the maximum gain for SSB shown by the 
dots on Fig. 2 can be traced to the tests that showed 
evidence of multipath transmission. Taking only those 
tests so affected, the average PB SSB/DSB scored ratio 
is 1.7 compared to 1.2 for the nonmultipath cases. 
Furthermore, the lowest DSB scores were obtained 
under multipath conditions. 

Quasi-Duplex Operation 

Present tactical voice radio usage is mainly the 
familiar netted operation of a number of sets on a 
common frequency with “push-to-talk cattiei control 
from a button on the microphone. Increasing demands 
are heard, however, for duplex operation in which both 
parties to a conversation can break in on each other al¬ 
most at will. With normal double-sideband radio this 
requires a separate frequency assignment for each direc¬ 
tion of traffic, and precludes netted operation. Recent 
amateur band exploitation of SSB has led to application 
of voice-operated control circuitry w hich may solve both 
the SSB duplex and the break-in netting problems. For 
this mode of operation, the SSB set is quiescent in the 
receiving condition. Turning the microphone on will not 
normally radiate any signal but as soon as the operator 
begins to talk the set switches to the transmitting con¬ 
dition. As the speaker pauses for breath or between 
words, the set returns to the receiving condition. Once 
the proper frequency is attained, any number of sets 
may converse in this manner, greatlx expediting the 
handling of traffic. 

This automatic switching function would eliminate 
extended de push-to-talk control as now used, as well as 
avoid the effects of hybrid unbalance in connection with 

2-wire lines. 
Receiver protection in this quasi-duplex mode is one 

problem area. The receiver and transmitter must 
operate from one antenna over a wide-frequencx tange, 
with protection against receiver burnout or high-level 
audio transients. While the problem is similar to that 
encountered by the amateurs,7 reliable operation with 
the extreme range of voltages encountered on a whip 
antenna requires further consideration. Another prob¬ 
lem arises in combatting the high ambient noise levels 
which are to be found in tactical vehicles, lest false 
swit< hing occur al the automatic voice control. Impioved 
noise cancelling microphones and speech recognition 

’ E. L. Campbell, “Variations in f-R switch performance,” QST, 
vol. 60, p. 23; May, 1956. 
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circuits tor the control unit appear necessary for prac¬ 
tical quasi-duplex operation. 

Interference Reduction and Vulnerability 

SSB offers several advantages in the area of radio 
interference. First, less interference is created by SSB 
transmitters due to the reduced bandwidth occupancy 
and elimination of the carrier component. Second, the 
receiving equipment is less susceptible to interfering 
signals by virtue of its narrow IF bandwidth compared 
to an AM receiver. Third, the absence of strong carrier 
signals in areas where SSB equipment is predominant 
lessens the problems of receiver front end blocking. To¬ 
gether, these factors clearly indicate the desirability of 
SSB from an interference reduction and vulnerability 
standpoint. 

At the risk of seeming obvious, improved spectrum 
economy through the use of SSB must be discussed. 
1 here are hazards and limitations to channel saving by 
SSB which are not ordinarily considered. Suppression 
of the carrier and unwanted sideband from a double¬ 
sideband signal does not automatically guarantee that 
“linear” amplifier stages and power supplies will produce 
negligible adjacent channel distortion. Only with care 
in equipment design can distortion products be so con¬ 
trolled as to approach the theoretical spectrum savings. 
Also, the mere introduction of some SSB equipment in 
bands occupied by AM and other services cannot be 
expected to yield much improvement in spectrum 
utilization. Only when definite slices of spectrum are 
allocated exclusively to SSB can important gains be 
realized. While at first glance it would appear a straight¬ 
forward doubling of channels might be expected with 
SSB, important gains other than halving bandwidth 
may be realized. Possibly the inherent high stability of 
such SSB equipment can result in the reduction of 
guardband allowances. Much remains to be considered, 
and on the whole, detailed study should precede the 
issuance of any channel allocation scheme. 

Problems in Application of SSB 
Compatibility 

The huge investment in military vehicular DSB 
equipment precludes the adoption of SSB equipment all 
at one time. For a number of years, it will be necessary 
to interoperate SSB equipment with DSB equipment. 
Reception of DSB transmissions on SSB receivers by 
detecting one sideband is theoretically feasible. Un¬ 
fortunately, the frequency stability of most DSB vehic¬ 
ular transmitters is insufficient to permit this form of 
reception without afc at the receiver. AFC, while 
employed successfully for many years on fixed plant 
SSB systems, is not considered desirable for this class 
of service because of its vulnerability to interference. 
Even the more modern DSB vehicular transmitters, 
such as AN/GRC-19 transmitter, while having short¬ 
term stability sufficient for SSB, do not have the long¬ 
term accuracy required. It is necessary that the receiver 
correctly receive the first transmission from a trans¬ 

mitter although there has been no previous transmission 
on the channel, or many hours have elapsed since the last 
transmission. It would appear possible to turn off the 
receiver carrier oscillator, and linearly detect the incom¬ 
ing carrier and one sideband, accepting the distortion 
produced by this method. I'he high selectivity of the 
SSB receiver would negate this method for receiving the 
older DSB equipment of poor stability. It appears best 
to incorporate another IF filter bandwidth in the re¬ 
ceiver capable of accepting both sidebands, and then 
detect the DSB signal in the usual fashion. 

For transmission from the SSB transmitter to a DSB 
receiver it would be possible to arrange the transmitter 
lor a choice ol DSB SSB transmission but this appears 
to unduly complicate the transmitter. A more promising 
method would be to arrange the SSB transmitter in such 
a manner that one sideband and a large carrier are 
transmitted to the DSB receiver. This can be received 
on the envelope detector and the distortion is tolerable 
from a speech intelligibility standpoint. I'he distortion 
produced by envelope detection for two frequencies 
having equal amplitudes is approximated’ 20 per cent 
and predominantly second harmonic. If the SSB trans¬ 
mitter is adjusted so the voice peaks (J sec) are equal to 
the carrier amplitude, then the average value of speech 
is 12 db below the peak and the ratio of average side¬ 
band amplitude to carrier is 0.25. Under t hese conditions 
the average distortion on a two-tone basis is approxi¬ 
mately 6 per cent. A sacrifice in talking power must be 
made in order to transmit the carrier without increased 
batter)- drain, as discussed earlier. The talking power 
available, however, is equivalent to the talking power 
of the A.\ (iR( -19 and hence the range and reliability 
of a DSB-SSB circuit should be equivalent to the best 
current vehicular DSB circuit. 

Since the SSB radio set must talk with other SSB sets 
or DSB sets on voice, RTTY, or cw, there must be 
compatibility ol dial readings vs frequency assignments, 
(■or DSB radio sets the carrier frequency is set at the 
frequency assignment. For RTTY, using DSB sets, as¬ 
signment is either the mark frequency or symmetrically 
located between the mark and space frequencies. Since 
the shift is small (850 or less) there is no great problem 
in dial calibration vs frequency assignment. Frequency 
shift radioteletype applied toan SSB transmit ter is most 
simply and economically arranged by use of audio fre¬ 
quencies introduced into the normal speech input of the 
transmitter. Using this technique, the mark and space 
frequencies may be readily placed symmetrically about 
the center of the transmitter audio band. Similarly, cw 
can easily be applied by means of an audio tone at the 
center of the audio band. For DSB SSB voice compati¬ 
bility, it should not be necessary to retune either the 
SSB oi DSB receiver when switching from one mode of 
operation to the other on the same frequency assign¬ 
ment. \\ hile there has been a trend toward defining the 
position of the nonexistent carrier in SSB as the as¬ 
signed frequency, this does not offer the best in opera¬ 
tion from a compatibility standpoint. Another approach 
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would be to specify the assigned frequency as the center 
of the intelligence band radiated which should insure 
dial compatibility for the various classes of service and 
for both DSB and SSB. 

A detailed analysis of the fine points of assignment 
and operating philosophy disclose pros and cons for each 
method, but, in the opinion of the authors, the pros have 
it for the latter arrangement. Fig. 6 (next page) shows 
the relationships for both methods under various operat¬ 
ing conditions. It should be noted that this arrangement 
is the only one complying with the Atlantic City agree¬ 
ments.8

Standardization of either upper or lower sideband for 
single-channel SSB is of great importance. Until such 
standardization is agreed upon, it will be necessary to 
provide choice of upper or lower sideband in both re¬ 
ceiver and transmitter. If the philosophy discussed 
above, of centering the band radiated about the assign¬ 
ment is adopted, the choice at the receiver may be ac¬ 
complished by providing a choice of local oscillator 
injection on either side of the IF pass band. If the trans¬ 
mitter is similarly designed so that upper and lower 
sideband occupy the same rf channel and merely repre¬ 
sent an inversion, greater compatibility is obtained. 
Under this latter condition an error in the choice of 
sideband at the transmitter does not result in transmis¬ 
sion in the wrong rf channel and the distant receiver at 
least has an opportunity to hear the signal. 

Frequency Stability and Accuracy Requirements 
Modern military problems require vehicular radio sets 

capable of netting without prior reference to a radiated 
signal. A transmitter may be quiet for hours and then 
come on the air with a short transmission which must be 
received at the distant location. I he stability to ac¬ 
complish this type of operation on DSB is inherent in 
the AN/GRC-19. 

The stability and calibration accuracy needed to ac¬ 
complish this with SSB is much more stringent because 
the received sideband must match up with the local 
carrier injection at the receiver to a degree that will give 
useful intelligibility. Fletcher,’ reports tests made on 
telephone carrier systems relating frequency error to 
articulation, and shows that shifts as great as -175 or 
+ 400 result in short sentence intelligibility higher than 
90 per cent. Such data represent a system having a high 
initial s/n. In his revised work Fletcher 10 shows that the 
effect on the articulation index operates as a multiplying 
factor less than unity and tabulates a number of values 
for this factor vs frequency error. The articulation index 
is also a function of the signal-to-noise ratio. The slope 
of word recognition/articulation index is much smaller 
for values of word recognition above 80 per cent than 
for below 80 per cent. It would be expected then that 
the deleterious effect of a given frequency error would 

’ “Final Acts of the Interntl. Telecommun. and Radio Conf.,* 
Atlantic Citv. N. J., Radio Regulations, p. 6; 1947. 

’ Harvev Fletcher, “Speech and Hearing 1929,” D. Van Nostrand 
Co New Ÿork, N. Y.; 1929. . , . . 

>• Harvey. Fletcher, “Speech and Hearing in Communication 
1953,” D. Van Nostrand Co., New York, N. Y.; 1953. 

be greater for lower values of word recognition cor¬ 
responding to the lower range of the articulation index. 
These conditions will obtain under poor s/n conditions 
and therefore the problem at hand is to determine the 
maximum permissible frequency error at the s/n cor¬ 
responding to the lowest useful percentage of word 
recognition. However, since the per cent word recogni-
tion/articulations index slope is practically uniform 
from 20 to 70 per cent word recognition, we may arbi¬ 
trarily allow for a maximum of 10 per cent degradation 
in word recognition due to frequency error. 

It is unlikely that less than 20 per cent word recog¬ 
nition will be useful in any application of the radio set 
and the degradation will be less than 10 per cent above 
word recognition scores exceeding 70 per cent. Applying 
Fletcher’s data, it would appear that a frequency error 
of —30 +75 cps would satisfy this requirement. Supple¬ 
menting the joint RCA/SCEL field tests, a series of 
word recognition-frequency error tests at various signal-
to-noise ratios was carried out under the contract, and 
the recorded tapes evaluated by the same listening crew. 
At a s/n ratio of 6 db (vu meter reading corresponding 
to J sec peak average noise 13 db), the per cent word 
recognition averaged 59 per cent at zero frequency error 
and dropped to approximately 55 per cent at ±30 cps. 
At a s/n ratio of 10 db (17 db corrected) the average 
word recognition at zero frequency error was 70 per cent 
and was essentially flat ±100 cps. 

It is to be noted that there was appreciable scatter in 
the results and the data were quite symmetrical for plus 
and minus errors at all s/n tested and a maximum of 
±150 cps error which is contrary to expectations. It 
would appear reasonable from the data to set a total 
maximum system error of the order of 40 to 60 cps. 
To achieve this order of accuracy over a wide-

frequency range in a vehicular radio set subject to ex¬ 
treme environmental conditions is a tall order. While in 
many commercial applications it would be permissible 
to utilize a crystal specifically ground for each frequency 
assignment, this is not possible in tactical military ap¬ 
plications where the assignments are subject to rapid 
change. Consideration of the problem with relation to 
the current state of the art rules out continuously tuna¬ 
ble variable frequency oscillator control and requires 
dependence upon crystal control to furnish discrete fre¬ 
quency steps throughout the spectrum. In this form of 
crystal control all the discrete frequencies are derived 
or controlled by one or more standard frequency crys¬ 
tals. There are many available methods for obtaining 
discrete frequency steps from crystals. In general, the 
circuit complexity becomes greater the smaller the in¬ 
terval between discrete frequency steps. Therefore, to 
obtain the desired accuracy in minimum space with 
maximum simplicity, reliability, and economy, the in¬ 
terval should be chosen as large as practicable. Analysis 
of the various applications of the vehicular radio set 
points to a maximum interval of 500 cps as desirable and 
an interval of 1000 cps as tolerable. 

Selection of discrete frequency steps alone is satis-
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UPPER SIDEBAND 
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CONDITION 7-
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I RECEIVER IN ERROR 
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HIGHLY SIMPLIFIED BLOCK DIAGRAM R - 392 URR/AN/GRC" 19 

(b) 

factory for transmitting purposes but provision should 
be made in the receiver to interpolate between the steps 
for special applications. The interpolation does not re¬ 
quire the accuracy or stability necessary for the discrete 
steps and the requirement can be met by the perform¬ 
ance obtained in the AX GRC-19 receiver. 

The AN/GRC-19 receiver (R-392), tuning from 1.5 
to 32 me, possesses a high order of accuracy and sta¬ 
bility for a DSB receiver. When calibrated to the nearest 
100-kc point with the internal calibrator, the accuracy 
is plus or minus 300 cps or better, and the short time 
stability is in the order of 100 cps over wide environ¬ 
mental conditions. A highly simplified block diagram, 
Fig. 7(a), illustrates the principles of this receiver. 

A rather simple method for obtaining the accuracy 
and stability needed for SSB in a receiver utilizing the 
R-392 technique is shown in Fig. 7(b). A crystal ref¬ 
erence good to 1 part in 106 is used to lock the 1-mc step 
oscillator to obtain the correct megacycle tuning step 
and to lock the vfo to any desired 1-kc step in the 

megacycle range. Since the inherent accuracy of the 
unlocked receiver is better than one-half the 1-kc 
spacing, there is no ambiguity as to the frequency to 
which the receiver is locked. Figure 7(b) shows only one 
technique for locking the receiver oscillators to a refer¬ 
ence. Several experimental systems employing transis¬ 
tors have been developed at the Signal Corps Engineer¬ 
ing Laboratories for experimental purposes. RCA 
developed an experimental controllable reactance con¬ 
sisting of a semiconductor operating in the nonconduc¬ 
tion region which permits control of the variable 
oscillator simply and without degrading the inherent 
oscillator stability. One complete experimental system 
developed at the Signal Corps Engineering Laboratories 
for applying frequency stabilization to a receiver using 
R-392 principles requires circuitry involving 10 semi¬ 
conductors and 1 vacuum tube to achieve stabilization. 

Similar techniques applied to locking relatively stable 
variable frequency oscillators to a crystal reference 
spectrum appear to offer promise for a simple trans-
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ZOO 

provision 
need be 

Space Problems 

While it appears that voltage breakdown 

SSB TALKING POWER GAIN 
vs 

PERCENT AN/GRC-19 OUT¬ 
PUT CIRCUIT VOLTAGE 

Application of Associated Techniques 
Transistorization 

1 ransistorization of all receiver stages except rf stages 
and vfo has already been achieved in an experimental 
model of radio receiver R-392. The use of transistors 
for the rf stages depends upon the availability of low-
noise transistors and their performance in the presence 
of strong interfering signals. To match the tube per-

for heat dissipation in the output circuit 
considered. 

- problems 
relating to the proposed SSB transmitter are not major, 
some additional space above that occupied by corre¬ 
sponding AN/GRC-19 components may be required. 
1 his is not clearly the case, but certainly appears reason¬ 
able. Both the SSB transmitter and receiver are, how¬ 
ever, being called upon to perform functions that obvi¬ 
ously require considerably more circuitry than now 
contained in the AN/GRC-19. It is probable that the 
frequency-control circuits alone will require nearly as 
many stages as the entire present equipment comprises. 
To solve this problem, transistorization, as discussed 
below, is a first order solution. It is hoped that another 
major space saving may be effected by the use of 
electrically-tuned circuit elements. The slug racks, 
pinion drives, and assorted machinery for the transmis¬ 
sion of dial manipulation to the slug racks are in them¬ 
selves bulky, expensive, and complex. In addition, the 
mechanical clearances which must be provided for the 
slug racks are considerable, and coils must be propor¬ 
tioned to permit proper slug insertion. The application 
of electric tuning is discussed in the following section. 

* Dynamotor efficiency 50 per cent. 
t Semiconductor supply assumed efficiency 80 per cent. 

I oltage Breakdown Considerations 
It is a well-known virtue of SSB transmitters that a 

considerably higher sideband power may be delivered 
without exceeding peak voltages encountered in AM 
equipment. A 400-watt SSB transmitter has a peak out¬ 
put voltage equal to that of a 100-watt AM transmitter. 
Increasing the SSB output to a level of 12 db greater 
than the AN/GRC-19 would result in a sideband output 
of approximately 790 watts. The peak voltage at this 
output would be V790/400 = 141 per cent of that en¬ 
countered in the AN/GRC-19. Fig. 8 shows the relation¬ 
ship between SSB transmitter talking power improve¬ 
ment, relative to AN/GRC-19 vs per cent AN/GRC-19 
output circuit voltage. Thus, for the same output volt-

3 175-
O 

150-

mitter frequency generation scheme. While stable fre¬ 
quency generation is one of the critical portions of a 
wide coverage SSB transmitter, the over-all equipment 
presents other frequency control problems. A complete 
transmitter must provide for introducing modulation at 
a fixed frequency, and without multiplication converting 
and amplifying the output to cover the desired range 
without serious spurious emission and with an essen¬ 
tially lineardial system. Various systems of heterodyning 
and filtering have been used in other SSB transmitters, 
but none covering the required frequency range have 
been simple enough to receive serious consideration in 
this application. I he problem is very much akin to 
running a receiver “backwards,” with introduction of 
modulation occurring at the final IF frequency. Consid¬ 
erable study remains necessary before a definite system 
of conversion is adopted for vehicular application. 

Heat Dissipation 

In view of the increased output expected to SSB for 
a limited power input, it is immediately evident that 
heat dissipation will not be as much of a problem as in 
the AN/GRC-19. However, in the case of compatible 
AM transmission in which a steady carrier signal must 
be radiated, the losses would exceed AN/GRC-19 values 
if dynamotors were used. Concentration of the losses in 
the final amplifier tubes should allow a simplified cooling 
design. Here, the efficiency improvement of semi¬ 
conductor power supplies will be of great value in keep¬ 
ing the over-all equipment power loss at a minimum. 
The power losses for SSB and AN/GRC-19 are shown 
in Table II below. Only PA plate loss, antenna network 
losses, and power supply losses are included. 

TABLE II 
Power Losses—Comparison 

ioo* _ _, 

INCREASED,UTALKINg"pOWER. SSB TRANSMITTER RE AN/GRC-’l9, DB. " 

Fig. 8 

age a 9-db improvement can be realized with SSB. 
For the power level of interest, 790 watts, the 

AN/GRC-19 output circuit components must be in¬ 
creased in rating to safely handle the 41 per cent increase 
in voltage. However, the average power output will not 
exceed that of the AN/GRC-19, even when compatible 
AM is transmitted. Therefore, no additional 

AN/GRC-19 385 watts 
SSB: 

with dynamotor supply* 
with semiconductor supply! 

SSB Compatible DSB: 
with dynamotor supply* 
with semiconductor supply! 

223 
137 

529 
293 
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formance the transistors must not degrade the signal-to-
noise ratio due to equivalent input resistance by more 
than 1 db. In a vehicular set the problem of operating a 
number of sets in close proximity to one another be¬ 
comes serious, causing blocking and cross-modulation 
of nearby receivers. The R-392 receiver uses tubes em¬ 
ploying 26 volts on all elements which makes the front 
end interference problems more difficult than in a con¬ 
ventional receiver, however, by dint of much engineer¬ 
ing, a usable characteristic has been obtained. The allied 
problems when using transistors are not yet known. 
Additional progress in the state of the art of circuitry, 
and probably of transistors, is necessary before a transis¬ 
tor vfo can be built with as high a stability as has been 
achieved with tubes. Neglecting these two trouble areas, 
a successful transistorized version of the R-392 has been 
built which gave equal or higher performance than the 
tube version. 

In the transmitter no particular problems are en¬ 
visioned for applying transistors to speech amplifier 
circuits, servoamplifiers, etc. Their use in frequency¬ 
control circuitry has already been demonstrated and 
with the advent of higher-frequency transistors there 
appears to be no reason why transistors cannot be used 
throughout the sideband generator and exciter up to the 
grid of the driver tube. A fascinating possibility exists in 
the use of transistors to replace the dynamotors in the 
transmitter. Transistors of sufficient power handling 
capacity are now available to permit replacement of the 
dynamotor for the low B voltage, PA grid bias, and ac 
servo input requirements. It is even feasible at the cur¬ 
rent state of the art to use a multiple number of transis¬ 
tors of high-power capacity to supply the PA plate and 
screen requirements, but the problem is to do this in 
the available space and over the temperature range. One 
feels that this technique is “just around the corner” 
with the advances being made in transistors. 

Electric Tuning 

Developments, during recent years, of materials and 
techniques for obtaining reactances controllable in 
magnitude by the application of de control voltage, offer 
an attractive mechanism for realizing electric tuning 
of circuits without the need for mechanical motion. 
Stemming from the saturable reactor and magnetic 
amplifiers, controllable rf inductors depending upon the 
variation of core permeability with degree of saturation 
have become available. Considerable work has been ac¬ 
complished in the development of controllable capaci¬ 
tors dependent upon the variation of dielectric constant 
of certain materials with dielectric stress. These devices 
have been employed to a limited extent in electric tuning 
problems. The variable inductor is essentially a low-
voltage significant current device while the variable 
capacitor is a high-voltage negligible current device. 
Both of these components suffer from a lack of tempera¬ 
ture stability, aging effects, and lack of retraceability of 
the reactance vs control voltage characteristic. At the 
present time the variable inductor appears to offer the 

most attractive characteristic for the problem at hand. 
The lack of retraceability of the variable inductor is 

the most serious problem in applying this technique to 
the tuned circuits of the exciter and sideband generator 
of the vehicular radio set, and is caused by hysteresis 
effects in the core material. In special applications, as 
for example a search receiver, this has been overcome 
by always tuning in one direction. Feedback techniques 
have appeared in the literature. 11 Experimental work 
at SCEL has indicated that rather precise control may 
be obtained by degaussing the core with ac prior to 
tuning to a desired point and then applying the correct 
control voltage for the frequency. This offers no particu¬ 
lar problem in tuning a transmitter or receiver to a de¬ 
sired frequency. When the receiver is used free wheeling, 
that is, tuning back and forth looking for a signal rather 
than tuning to a specified frequency, a problem is raised. 
One approach that seems to be possible would periodi¬ 
cally degauss the inductors at a sufficiently high rate 
that sufficient accuracy would be obtained to meet the 
speed of manual tuning back and forth. If a high enough 
degaussing frequency can be used and the degaussing 
time can be made sufficiently short and the degaussing 
duty cycle can be shortened it appears that the circuits 
can be tuned without operator annoyance. The periodic 
degaussing would only take effect during actual tuning. 
There is no intention at the current state of the art of 
applying electric tuning to the precision variable oscil¬ 
lator but rather to the tuned selective circuits which can 
stand a mistracking error of the order of 1 db. 

The mechanical control to the front panel is then en¬ 
visioned as direct drive of the oscillator and ganged 
potentiometers. Two other problems are of importance 
in applying electric tuning, namely accuracy of the 
applied control voltage and calibration correction means 
for obtaining straight-line frequency tuning of the vari¬ 
able inductors. 

Conclusion 

The need for improvements in hf vehicular radio sets 
and the areas where these improvements can be ob¬ 
tained have been shown. The adoption of SSB in this 
class of set promises worthwhile improvements, particu¬ 
larly in the area of increased circuit reliability. Adoption 
of other techniques such as transistorization and electric 
tuning are shown to offer substantial improvements in 
themselves as well as contributing toward the adoption 
of SSB in the class of equipment. The state of the art 
appears ripe for exploitation in the design of a new hf 
vehicular set to meet the needs of the Army. 
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Single-Sideband Techniques Applied to Coordinated 
Mobile Communication Systems* 

ADAMANT BROWNf, senior member, ire 

Summary—There has been increasingly widespread use of radio 
to replace wire and cable in telephone communications systems. 
Most of it, however, has been applied to telephone trunks between 
switchboards or for private line application. Use of it on a large scale 
for subscriber lines into a switchboard has never been considered 
economically acceptable due to the extravagance of the frequency 
spectrum requirements, cost of equipment, and numerous unde¬ 
sirable technical problems. The radio central system described in 
this paper promises to provide radio subscriber lines with sufficient 
bandwidth economy to make them worthwhile for mobile subscribers. 

The requirements of such a mobile communications system are 
discussed with particular attention being given to their effects on the 
choice of a modulation technique. It is shown that single-sideband 
techniques are well suited for application to coordinated mobile com¬ 
munication systems, and overcome many of the technical difficulties 
associated with other methods of modulation. 

Problems of interference, automatic frequency control, and sys¬ 
tems stability are discussed. Methods of reducing the effects of the 
intermodulation distortion and resulting cross-channel interference 
that occur in the input stages of a broad-band radio receiver are 
given. One solution is suggested to selective calling on a single¬ 
sideband coordinated communications system having relatively poor 
frequency stability. 

Introduction 

N GENERAL, the advantages of single-sideband 
techniques are associated mainly with the high-
frequency spectrum, where its properties are used 

to alleviate the effects of sky wave propagation, increase 
intelligence power and provide reductions in bandwidth 
requirements. By combining single-sideband techniques 
with a coordinated communications system,1 a com¬ 
munications system suitable for mobile-to-mobile and 
mobile-to-fixed stations operating in the vhf and uhf 
portions of the spectrum can be realized. Such a system 
might be termed a “radio central system.” A radio cen¬ 
tral system would provide service to a number of sub¬ 
scribers within a given geographical area, both for radio 
communications between the subscribers, and for ac¬ 
cess to a local and long distance communications net¬ 
work consisting of various radio relay and wire com¬ 
munications circuits. Such a system might well serve 
for mobile telephone service, taxicab systems, or police 
radio systems, or may serve all services simultaneously. 

System Requirements 

The radio central system should be a true radio 
equivalent of a local exchange as used in the wire tele¬ 
phone system and, therefore, each radio subchannel, 
whether serving as a loop or trunk circuit, must operate 

* Original manuscript received by the IRE, September 4, 1956. 
t U. S. Signal Corps Engrg.. Labs., Fort Monmouth, N. J. 
1 Charles F. Hobbs, “Techniques for close channel spacing at vhf 

and higher frequencies,” Proc. IRE, vol. 40, pp. 329-334; March, 

as nearly as possible in the manner normally associated 
with wire communications. 
As in telephone communications planning, great 

consideration should be given to the traffic load that will 
be imposed upon the system. This is related to the num¬ 
ber of subscribers who are simultaneously connected 
to the system and to the peak load of all subchannels 
during the busy-hour operation of the system. 

Following usual telephone practice, a further require¬ 
ment is that of duplex transmission. This is important 
in any system intended to be used by subscribers 
who are in the habit of using wire line telephone pro¬ 
cedures rather than the usual push-to-talk operation 
normally associated with radio communications. Re¬ 
cent studies have indicated that the rate of exchange of 
information is considerably greater when duplex trans¬ 
mission is provided. 

Perhaps a more important reason for requiring du¬ 
plex transmission is the difficulty of carrying push-to-
talk control signals for a radio line throughout a wire 
network. Radio lines must therefore behave as nearly 
as possible in the same manner as wire lines. 

Since it is economically unsound, both from a fre¬ 
quency and an equipment standpoint, to provide indi¬ 
vidual circuits for each and every subscriber, a system 
incorporating selective calling and an indication of a 
busy circuit to the various parties who share the same 
channel must be provided. 

An additional requirement which will be imposed 
upon the system is a means for handling reverting call 
circuits. A reverting call circuit is a call from one sub¬ 
scriber to another subscriber on the same party line, 
that is, who share the same subchannel frequency. 

Other requirements are subscribers of the radio cen¬ 
tral must be capable of complete mobility at all times; 
conservation of frequency spectrum must be a primary 
consideration; and in the case of subscribers who oper¬ 
ate an emergency type service, provision must be made 
to continue communications on a direct subscriber-to-
subscriber basis during times when the radio central, 
for any of various reasons, may be out of operation. 

Equipment Facilities Required 

Mutual access must be given to subscribers of the 
radio central and to other subscribers in other areas 
who may be on wire lines, radio relay circuits, or other 
types of voice facility. This essentially means that the 
facilities at the radio central must include a switch¬ 
board, either manual or automatic, with provision for 
signalling the switchboard, provision for indicating 
busy circuits, and the use of alternate circuits in the 
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case of urgent calls. All this must approach as nearly 
as possible the normal facilities and procedures as¬ 
sociated with wire line telephone circuits. 

Communications must be duplex rather than push-
to-talk. This requirement implies that both transmitting 
and receiving equipment must be in operation at the 
same location simultaneously. This would present a 
formidable problem if it were attempted to use the 
usual techniques such as single channel am and fin cir¬ 
cuits as presently used in the vhf and uhf bands. Some 
degree of workability could be achieved, however, by 
assigning an entirely different widely separated block 
of frequencies for transmission and for reception. Con¬ 
sidering the guard bands required, in order to eliminate 
various intermodulation products and spurious inter¬ 
ferences, and the number of antennas and receivers re¬ 
quired at the central, the use of individual separately-
assigned frequencies would tend to use a quantity of 
spectrum far out of proportion to the service provided, 
as well as to produce an almost insoluble engineering 
problem. In ordinary single-channel use of the vhf and 
uhf spectrums, even with channel splitting, about 20 
times as much spectrum is used as is needed to provide 
communications. 

The number of subscribers and the number of sub¬ 
channels available in a radio central must be consistent 
with the traffic loading capability. Affecting this is a 
situation in which a subscriber desires communica¬ 
tion with another subscriber sharing the same sub¬ 
channel, i.e., a reverting call. One way of providing this 
service is to give each subscriber two alternate sub¬ 
channels. This normally increases traffic handling capa¬ 
bilities for a given number of circuits. During a revert¬ 
ing call condition, however, two of the channels would 
be occupied rather than one. 

It is possible to provide a “simulated” duplex opera¬ 
tion on one subchannel. This involves the additional 
complication of voice controlled gain adjusting cir¬ 
cuits at the radio central.2 For purposes of this paper it 
will be considered that the alternate channel provision 
is adequate. 

Coordinated Communication 

By coordinating the communication of a particular 
area, service or group of persons with a common in¬ 
terest, spectrum use can be made more nearly consist¬ 
ent with communications requirements. Guard bands 
would only be required between systems. These guard 
bands could actually be smaller, since only one adjust¬ 
ment is required in each radio central system to correct 
the frequency of the entire group. There have been 
numerous proposals in recent years for coordination of 
radio systems.1’3 4

2 G. W. Barnes, “A single-sideband controlled-carrier system for 
aircraft communication,” Proc. IEE, (London), Part III, vol. 101, 
np 121-135; May, 1954. 

2 “FCC Hearing on Possible Use of Frequencies 470-500 mes for 
Mobile Telephone Service,” FCC Docket No. 8976. 

4 “Hearing Before Federal Communications Commission on Allo¬ 
cation of Radio Frequencies,” FCC Docket No. 8658. 

Advantages of Single Sideband 

The primary object of this paper is to show that 
single-sideband techniques of modulation arc the most 
suitable for radio central application. A brief review of 
some of the advantages of single sideband is in order 
While these points have been recounted in numerous 
articles and publications, they are reviewed here for 
the benefit of those who are not fully conversant with the 
technicalities of single sideband. 

Single sideband offers the equivalency of higher trans¬ 
mitted power when compared to double-sideband sys¬ 
tems. Various ways may be used in expressing the 
equivalent power gain, depending upon which trans¬ 
mitter parameter is considered to be fixed. 1 he most 
commonly used figure is 9 db, which is arrived at by 
eliminating the carrier and adding the carrier power to 
the intelligence power. This is equivalent to a 6 db im¬ 
provement. Three more db are added for the equivalent 
reduction in noise bandwidth. In all, a total of 9 db im¬ 
provement is realized. On a primary power input basis, 
this figure is even greater, approaching 18 db, since 
very little power is required during periods between 
syllables and words of a transmission. 

There is also an improvement in transmission charac¬ 
teristics during various multipath propagation con¬ 
ditions, which is not included in the 9 db figure. This 
improvement may be explained in several ways, such as 
elimination of harmonic distortion caused by carrier 
fading, and elimination of frequency distortion caused 
by the two sidebands phasing one another. The latter 
advantage, however, is not particularly noticed in the 
vhf and uhf bands. 

In all, a single-sideband system may be considered 
as much as ten or more times as powerful as a conven¬ 
tional double-sideband system with the same trans¬ 
mitter power output. 

Since we are discussing mobile applications, a very im¬ 
portant point which cannot be overlooked is the reduc¬ 
tion of antenna and antenna feeder voltages, and the 
reduction of power source requirements which may be 
obtained with no loss in effectiveness of communica¬ 
tions.6

Spectrum economy is automatically realized by the 
use of single sideband. In view of the fundamental limi¬ 
tations of the radio frequency spectrum, reductions of 
bandwidth are a necessity in order to avoid hopeless 
overcrowding. 1 his is an immediate need, inasmuch as 
the portion of the radio frequency usable for communi¬ 
cation is very nearly approaching the hopeless classi¬ 
fication today. 

As opposed to frequency modulation techniques, 
single-sideband modulation signals are always heard in 
direct proportion to the strength received when two or 
more signals are being received simultaneously. Cer¬ 
tainly the capture effect available in fm has advantages 
in certain situations. For example, in high-fidelity fm 

« A Brown and R. H. Levine, “Single sideband for mobile com¬ 
munications,” 1953 IRE Convention Record, Part II, p. 123. 
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broadcasting it is desired that all signals except the 
strongest one be suppressed. The same phenomenon, 
however, can work to great disadvantage. For example, 
an interfering signal only a little stronger than the de¬ 
sired signal will almost completely exclude the desired 
signal. 

Although the signal-to-noise ratio when using fm tech¬ 
niques may be somewhat better when signals are well 
above the noise level, as soon as the desired signal 
strength becomes weak, the signal-to-noise ratio of fre¬ 
quency modulation rapidly deteriorates. Beyond this 
maximum fm range, however, single-sideband tech¬ 
niques still provide sufficiently good signal-to-noise 
ratios to effect an adequate exchange of communica¬ 
tion. 

Single-sideband signals with suppressed carrier, when 
received simultaneously, will not produce heterodyne 
whistles, which psychologically tend to reduce the rate 
of exchange of information. The desired signal may still 
be heard even though the interfering one is stronger. 

Recent Advances in Single¬ 
Sideband Equipment 

The application of single sideband to mobile com¬ 
munications, even in the hf spectrum, would have 
seemed extremely dubious and visionary only a few 
years ago. Since that time rapid advances have been 
made in the techniques necessary for single-sideband 
operation. These include: simplification in the design of 
linear amplifiers, improved tubes, the development of 
small mechanical filters with required ruggedness and 
stability, improved frequency control methods, im¬ 
proved crystals and crystal ovens. All of these tech¬ 
niques are covered adequately by papers in their re¬ 
spective fields. 

A Typical Radio Central System 
In order to describe the operation of a radio central 

system which will meet the requirements previously 
stated, a somewhat hypothetical system has been 
chosen. The system consists of a multiplex single-side¬ 
band system with eight voice subchannels and a refer¬ 
ence carrier, used for frequency correction and signal¬ 
ling, spaced some 75 kc from the voice channels. Sig¬ 
nals from the subscribers are single-sideband, reduced 
carrier, and are assigned in a band 10 me above the cen¬ 
tral transmitter frequency. All frequencies in the follow¬ 
ing discussion are for purposes of explanation only. 

Fig. 1 is a block diagram of both the transmitting and 
receiving portions of the equipment at the radio cen¬ 
tral. The upper part of the figure is the transmitter por¬ 
tion of the radio central and the lower part is the re¬ 
ceiver portion of the radio central. It can be seen by 
studying the diagram of the transmitter portion that 
the voice frequencies modulate crystal-controlled sub¬ 
carrier frequencies at 425 kc for channel 1, and thence 
at 5 kc intervals through 460 kc for channel 8. The sub¬ 
carrier and lower sidebands are removed by means of 

I56.3OOICALLING) 
I5A375-I56.4IO(VOICE) 

Fig. 1—Radio central transmitter and receiver block diagram. 

a balanced modulator and a mechanical filter with ap¬ 
proximately 3 kc band-pass. Each channel has its own 
mechanical filter. 

A reference frequency is generated by the 350 kc 
crystal-controlled oscillator. This is combined with the 
upper sidebands of the voice channels, converted in two 
heterodyning steps to the vhf band, and transmitted as 
shown in the spectrum diagram of Fig. 2(A). 

The reference frequency which is shown in the spec¬ 
trum diagram as Fo serves two functions. It is used to 
correct the frequencies of received sidebands in the sub¬ 
scriber’s receiver so that the subcarrier can be reinserted 
with negligible frequency error; and it is amplitude 
modulated by selective calling tones, thus acting as a 
carrier for them. 

The subscriber’s receiver, Fig. 3, accepts the spec¬ 
trum as transmitted from the central and, after con¬ 
verting it to a lower frequency, selects the particular 
channel or channels associated with it and separates 
out the reference frequency from the intelligence chan¬ 
nels by a different band-pass amplifier. 

It can be seen by following through the block diagram 
how frequency errors are cancelled by adding and sub¬ 
tracting two frequencies which contain the same errors. 
The diagram also shows how the errors are cancelled 
out in the subscriber’s transmitter. With respect to the 
local oscillator in the central station receiver, there is 
left only the negligible error between the 350-kc and 
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Fig. 2—Radio central transmitter spectrum, (a)—Entire spectrum 
transmitted by the central; (b)—Portion of spectrum selected 
by subscriber no. 1. 

Fig 3—Subscriber transmitter and receiver block diagram. 

425-kc oscillators, plus an additional error, which can 
easily be kept within tolerable limits, caused by the 
offset oscillators, respectively, the 9.3-mc oscillator in 
the subscriber’s transmitter, and the 10-mc oscillator 
in the central receiver. With 0.0002 per cent stability 
of the offset oscillators, a total frequency error of ap¬ 
proximately 40 cycles would be expected due to drift 
of the offset oscillators. Articulation tests indicate that 
with signal-to-noise ratios as low as 6 db, an error 
of 50 cycles produces practically no loss in intelligi¬ 

bility. With better signal-to-noise ratios, considerably 
greater frequency errors may be tolerated. 
The spectrum transmitted from the subscriber’s 

transmitter is shown in Fig. 4. These transmissions from 
the subscribers to the central station consist of single 
sidebands with partially suppressed carrier for each 
channel. This partially suppressed carrier is not neces¬ 
sary from a frequency controlling standpoint, but is 
required in order to actuate signals on the switch¬ 
board associated with the central and for assistance in 
the adjustment of gain of the individual channels of the 
radio central receiver. 
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Fig. 4—Radio central receiver spectrum. 

In order to make most efficient use of the radio fre¬ 
quency spectrum, the frequencies transmitted by dif¬ 
ferent radio centrals would be interleaved with each 
other as shown in Fig. 5 on the following page. By so 
interleaving the intelligence and carrier channels of a 
number of radio centrals, some 15 radio centrals with 8 
channels each could be accommodated in approximately 
1 me. This is not done, however, without geographical 
assignment of frequencies. 

Receiver Dynamic Range 

Probably one of the most difficult problems lies with 
the radio receiver associated with the central. This re¬ 
ceiver is required to accept signals from subscribers 
which are close to the radio central and to subscribers 
who are near the fringe distance or in poor locations. 
These signal strengths may vary as much as 100 db in 
level and be on adjacent voice channels. The best dy¬ 
namic range that one would expect of a broad-band in¬ 
put receiver is in the order of 55 to 60 db. There are, 
however, a number of things that can be done to im¬ 
prove the situation. 

The use of single sideband from the subscriber’s 
transmitter effectively increases the dynamic range of 
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Fig. 5 Frequency assignment spectrum for radio central systems. 
A: Central station transmitters. B: Subscriber station transmit¬ 
ters. 

the receiver. I his improvement is approximately in 
proportion to the reduction in strength of the sub¬ 
scribers subcarrier. It appears that an increase in 
effective dynamic range, approaching as high as 20 to 
25 db, can be achieved with complete suppression of 
the subcarrier. Much of this improvement can be ex¬ 
plained on the basis of comparing a continuous tone, 
the carrier, with the rather small and fortuitous time a 
voice signal is at peak amplitude.6 It is easily seen that 
this technique can only be used with some form of 
single-sideband modulation. Frequency and amplitude 
modulation in general require the use of full carrier. 

Referring again to Fig. 3, it will be noted that there 
is a box labeled “transmitter power control” which is 
connected between the receiver reference carrier de¬ 
tector and the power output stages of the transmitter. 
1 his device is used to reduce the subscriber transmitter 
power as the subscriber approaches within close range 
of the radio central receiver. It is not necessary that 
this control be proportional, but can simply insert a fixed 
attenuation in the power output of the subscriber’s 
transmitter. 1 his attenuation may be on the order of 20 
to 40 db. I he radio central receiver individual sub¬ 
channel gain controls compensate for the reduction in 
subscriber power. This procedure results in an addi¬ 
tional margin against overload of the system of from 
20 to 40 db. 

An additional device which may be employed to 
effectively increase the dynamic range of the radio cen¬ 
tral receiver is to employ a technique known as sideband 
spreading.' 1 he limited dynamic range of the receiver 
is due to the generation of odd (predominate 3rd order) 
distortion products produced in the mixer and rf stages. 
By simply leaving certain channels vacant it is possible 

‘ B. D. Holbrook and J. T. Dickson, “Load rating theory for 
nnmichannel amplifiers,” Bell Sys. Tech. J., vol. 18, p. 524; October, 

7 E. II. Ullrich, “Ultra-shortwave communications,” Elect. 
( ommun. (London), vol. 16, pp. 64-86; July, 1937. 
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Selective Calling on a Single-Sideband System 

In general, the frequency stability for the selective' 
calling portion of the system exceeds that required or> 
available for voice communication. It is desirable that? * 
the selective calling portion of the system function even* 
though for some reason the system is not in perfect 1 

synchronization. I his is done in the scheme discussed* 
in this paper by making the selective calling portion of' 
the subscriber’s receivers independent of the automatic 
frequency control and carrier reinsertion used for voice 
reception. 1 he selective calling signals are modulated 
on the pilot or synchronizing carrier on a double-side- £ 
band basis. Only a low percentage of modulation is 
necessary for t his service since reception of the selective 
calling tones is done by extremely narrow filters. 

Conclusion 

I he evolution of mobile communications, using A < 
piesent-day techniques, to the degree of performance 
and service considered standard for modern wire tele-
phone service, is far from realization. Such performance 
and service are required, however, if full exploitation of I 
mobile communications potentialities is to be realized. j, 

The use of single-sideband techniques in combination ». * 
with the radio central concept promises sufficient econ-
omy of bandwidth, increased signal-to-noise ratios, and 
convenience of operation to make possible the large 
scale use of mobile radio telephone service where present 
techniques are not economically feasible. 

Concepts of radio-wire integration, and certain equip¬ 
ment design problems require further study. However, 
it appears that a workable system is now within the 
state of the art. 

to have all the third order products which are generated 
directly by a voice channel fall in unused portions 
the spectrum. By leaving a few more blank channels mu 
third order products, both those directly generated amt 
those generated by two or more channels can be elimiL ». J 
nated. Even with full sideband spreading only approxi--
mately 8 kc average is required per voice channel. Thiá 
is still a manifold improvement over the present single! 
channel techniques. 

I he use of all of the foregoing techniques can result ii, 
an improvement of from 60 to perhaps 85 db, tlm>*W^ 
making possible a radio central system dynamic range -
in the order ol 115-145 db, which is far more than neces-' 
sary for reliable radio central type of operation. It is nob 
expected that the use of sideband spreading would be 
necessary. uJfÍ; 
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Single Sideband in the Amateur Service 
GEORGE GRAMMERf, associate member, ire 

Background 

single-sideband transmitters had been 
used by a handful of experimenters in 
1930’s, the present widespread use of 

summary—Single-sideband techniques are in wide use in the 
amateur hf bands allotted for radiotelephony, and the number of 
amateur stations equipped for SSB is growing rapidly. This paper 
touches briefly on the historical background of SSB in the amateur 
service, and outlines the operating characteristics that have proved 
to be most advantageous in meeting the special requirements of 
amateur communication. The broad categories of equipment in cur¬ 
ran use are described, and some of the problems peculiar to a service 
V which several modes of radiotelephony are used simultaneously in 
¿frequency band, without channelization, are discussed. 

SßB in amateur radiotelephone communication can be 
■id to have had its origin in the development of the 
wideband 90° differential audio phase-shift network, 
the phase-shift method of generating a single-sideband 
^nal, with its prospect of less over-all complexity and 
Ewer cost than the filter techniques then in use, excited 
ßmsiderable interest in the amateur world. This in turn 
■imulated development of filter-type equipment suita-

e for amateur use, an undertaking in which the availa-
lity of usable quartz crystals at very low cost from 
ar surplus was an important factor. 
In actual practice, the seemingly greater complexity 

of the filter method has turned out to be more apparent 
an real. Equipment for amateur use must be capable 
operating at any frequency within several bands 

^ing between 1.5 and 30 me, and consideration of rf 
circuit behavior leads to the conclusion that the opti-
um design for a phasing-type transmitter is one in 
hich the SSB signal is generated at a fixed frequency, 
st as in the case of the filter system. The end result 

is that there is little difference between the two systems 

LTIIOUGH 
\ built and 

the early 

P * Original manuscript received by the IRE, June 29, 1956. 
% t lech. Dir., Anter. Radio Relay League, West Hartford, Conn. 

In respect to number of tubes and circuits involved, then equal flexibility is stipulated. The recent availa¬ 
bility of high-performance filters at reasonable cost has 
¿tided to reduce the cost differential. 
* Several factors have contributed importantly to the 
Increasing popularity of SSB in the amateur service. 
The system has proved to give greater range and more 
consistent communication through noise and interfer¬ 
ence than amplitude modulation. It has also provided a 
lore natural means of communication, since with 
oice-con trolled transmitters and receivers, which are in 
Universal use, it is possible to have “back-and-forth” 

communication similar to conversation over an ordinary 
wire telephone circuit. This is in contrast with the 
¡(monologue” type of communication generally em¬ 

ployed when a carrier is transmitted. (In amateur opera¬ 
tion, the carrierless SSB system lends itself more readily 
to satisfactory “voice break-in” than does AM, par¬ 
ticularly when carrier-operated age is used in AM re¬ 
ception.) These operating advantages are available to 
those unable to undertake design and construction, 
since manufacturers catering to the amateur market 
offer a wide variety of SSB equipment. Single sideband 
is now a well-established mode of communication in the 
amateur service. 

Current Operating Practices 

In the amateur service, communication is largely of 
a personal nature and is unscheduled. There are no 
assigned channel frequencies in the frequency bands 
allotted to amateurs, but simply subbands in which 
various modes of radiotelephony are permitted. Opera¬ 
tion may take place on any frequency within such an 
assignment. 

Operating methods, developed by experience, have 
reduced to the following: 

1) All stations engaged in intercommunication, in¬ 
cluding more than two operating as a net, transmit on 
the same (eliminated or virtual) carrier frequency. This 
permits each station in a net to use a single receiver 
without retuning, for receiving each of the other 
stations. 

2) The same sideband, i.e., upper or lower, is used by 
all stations in a net. At times a pair of stations wishing 
to leave a net temporarily will do so by retaining the 
same virtual carrier frequency and switching to the 
sideband not being used by the net. 

3) A form of rapid break-in closely simulating duplex 
operation is used. The switching may be done manually 
but in practically all cases is accomplished by using 
voice-controlled circuits. These circuits are adjusted for 
rapid “make” operation so that the transmitter is 
switched on practically instantaneously when the micro¬ 
phone is actuated. The release time of the holding cir¬ 
cuit is adjusted so that the transmitter continues in 
operation during the intervals between words in ordi¬ 
nary speaking, but is shut off after a slightly greater 
pause—a time interval of perhaps one-half second, on 
the average. 

The system usually includes an antitrip circuit en¬ 
abling the use of a loud-speaker for reception; the sound 
from the speaker is balanced out, in the transmitting 
speech amplifier circuits, in such a way as to prevent its 
causing the transmitter to go on the air. The switching 
arrangement usually also includes a means for silencing 
the receiver during transmission. 

4) Carrier elimination is as complete as possible. 1 he 
use of a pilot carrier for automatic locking of the re-
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ceiver local oscillator is considered to be precluded by 
the conditions of operation in an amateur band. Since 
it is not unusual for two SSB nets to be working on 
nominal carrier frequencies separated only by a kilo¬ 
cycle or so, the presence of more or less continuous 
heterodyne interference from pilot carriers would be 
undesirable and sometimes destructive. Also, since both 
SSB and AM are operated in the same frequency assign¬ 
ments, there would be numerous occasions when an 
AM carrier would assume control of the receiver. 
Operation is not on “spot” frequencies, but on a 

frequency selected to minimize interference from and 
to other stations operating at the time. Additional sta¬ 
tions wishing to join the net must be able to adjust their 
transmitting frequencies to within a relatively small 
number of cycles of the frequency on which operation 
is already under way. 

Performance Objectives 

Amateurs are fairly well skilled in the operation of 
their equipment, so that to some extent the burden of 
system performance can be shifted from the equipment 
to the operator. There are no formal performance stand¬ 
ards for amateur SSB equipment, but the operating 
practices outlined above dictate certain requirements. 

Frequency Stability 

Long-term stability is not of primary importance 
since operation is on randomly-chosen frequencies with¬ 
in an assigned band. A high order of short-term sta¬ 
bility (of the order of 100 cycles or less over a period of a 
few hours) is desirable because a frequency drift on the 
part of one or more stations in a net eventually will 
cause the demodulated signals from those stations to 
become unintelligible, unless all receivers in the net are 
manually retuned. This in turn requires either that all 
transmitting frequencies be readjusted to coincide, or 
that all receivers be manually retuned to each station 
as it transmits. The latter is impracticable when indi¬ 
vidual transmissions are short. 

In this connection, it has been found that the tolerable 
error in the carrier frequency locally inserted for de¬ 
modulation is of the order of 100-200 cycles, which is 
considerably greater than the generally-used figure of 
50 cycles. Although speech does not sound natural with 
an error of this magnitude, it is intelligible after a little 
experience on the part of the receiving operator. 

Frequency modulation and similar rapid variations 
in carrier frequency, usually associated with voltage 
changes in the oscillator circuit or changes in oscillator 
loading resulting from the operation of the modulator, 
tend to be destructive of intelligibility. Since the oscil¬ 
lator can be stabilized by voltage regulation and by ade¬ 
quate isolation from succeeding stages, no serious design 
problem is involved. 

Carrier Suppression 

Carrier suppression of the order of 40 db or more be¬ 

low peak envelope output is readily possible. To main¬ 
tain this, continuous monitoring of modulator balance 
is required, with manual readjustment as necessary. 

Unwanted Sideband Suppression 

The unwanted sideband can be attenuated 60 db or 
more in a properly-constructed filter-type generator 
using a mechanical filter or lattice-type quartz-crystal 
filter at 450 kc. Thirty to 40 db is more representative of 
simpler crystal filters. The theoretical attenuation of the 
commonly-used type of 90-degree audio phase-shift 
network is 39 db or more in the 200-2700 cycle range. 
The over-all system performance is usually degraded 
somewhat because of component tolerances and in¬ 
accuracy of adjustment of the 90-degree rf network. 

Although the filter method is inherently capable of 
higher performance than the phasing method in this 
respect, in practice the difference is not marked because, 
assuming that the full capabilities of the phasing system 
are realized, the remnant sideband is masked by spuri¬ 
ous products arising in subsequent frequency converters 
and linear amplifiers. 

Suppression of Spurious Emissions 

The most important of these are intermodulation 
products falling near the desired sideband. They arise 
principally in the linear power amplifiers, and to a lessei 
extent in frequency converters. With the phasing 
method there is in addition the possibility of somewhat 
similar spurious products resulting from distortion in 
the balanced modulators. While no accurate figures are 
available because of the difficulty of measurement under 
operating conditions, there appears to be no doubt that 
spurious emissions are of appreciably higher amplitude 
than the undesired sideband, in a properly-operated 
transmitter of good design. It is estimated that 30-db 
average suppression of unwanted emissions of all types, 
including the undesired sideband, represents good per¬ 
formance at the present time. Suppression of this order 
is sufficient (as compared with double-sideband trans¬ 
missions) to effect a substantial reduction in interference 
in the amateur bands. 

Equipment 

In the United States there are five bands of frequen¬ 
cies allotted for exclusive amateur use in the hf part of 
the spectrum. These are of various widths, with their 
low-frequency edges in harmonic relationship—3.5, 7, 
14, 21, and 28 me. There are in addition frequencies 
available near 1800 kc and 27 me on a shared basis with 
other services. In each of the exclusive bands there is a 
suballocation for radiotelephony, but these subbands 
are not in strict harmonic relationship. It is customary 
to provide for operation in all the exclusive hf bands in 
a given amateur equipment (vhf operation is not 
generally included in such a design). Based on this and 
the previously discussed considerations the over-all re¬ 
quirements for SSB equipment may be stated as follows: 
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1) Output in all of the exclusive hf bands, and prefer¬ 
ably also in the two shared allocations. 

2) Continuously-variable frequency control within 
each band (or subband, in the case of equipment de¬ 
signed exclusively for SSB telephony; i.e., not including 
provision for cw telegraphy). 

3) Selection of either the upper or lower sideband. 
4) System performance in accordance with the objec¬ 

tives discussed in the preceding section. 
Transmitting circuits designed to meet these require¬ 

ments usually employ a single-sideband generator oper¬ 
ating at a fixed frequency. The final operating frequency 
is achieved (ordinarily at a very low power level) by one 
or more frequency conversions. The number of con¬ 
versions required is determined by the initial generating 
frequency and the necessity for achieving adequate 
selectivity to prevent radiation of spurious signals— 
images, harmonics of stages operating at frequencies 
lower than the final output frequency, and beats be¬ 
tween such undesired responses—arising in the fre¬ 
quency-conversion process. 

In both the filter system and the phasing system the 
audio bandwidth is approximately 3 kc, voice communi¬ 
cation being the only objective. 

Filler Method 
A block diagram of a typical transmitting arrange¬ 

ment using a sideband filter at approximately 450 kc is 
shown in Fig. 1. 

Fig. 1—Representative block layout of a filter-type single-sideband 
transmitter designed for use in the high-frequency bands as¬ 
signed to the amateur service. 

The SSB generating system is conventional (although 
there may be considerable variation in circuit details in 
different equipments) except possibly in the provision of 
two fixed-oscillator frequencies—455 and 458 kc in the 
example—for selection of either the upper or lower side¬ 
band. In the frequency converter the nominal 455-kc 
input is heterodyned up to the subband 3.8-4.0 me. 
using a variable-frequency oscillator covering a 200-kc 
tuning range. This range is large enough to permit 
working throughout all subbands assigned for radio¬ 
telephony below 28 me. The mixer drives one or more 
linear amplifiers directly, for final output in the 3.8-4.0 
me band. For the higher frequency bands its output is 
again heterodyned up, using fixed frequencies as indi¬ 
cated for the various subbands. This arrangement is 

used to provide greater separation between the desired 
signal and its image than would be available with a 
single heterodyning step, more separation being desira¬ 
ble because of the lower selectivity per tuned circuit at 
the higher frequencies. 

The assignment at 28 me requires special considera¬ 
tion, since the subband in this region is wider in terms 
of kilocycles. It can be handled by changing the vfo 
circuit to cover a 1.2-mc range, 3345-4545 kc. in the 
example. The fixed-frequency oscillator in the fre¬ 
quency-converter system usually is crystal-controlled. 
Note that in some cases the sidebands are inverted in 
the frequency-conversion process. 

The sideband-selecting arrangement places the initial 
carrier frequencies at suitable spots on the upper and 
lower skirts of the sideband-filter selectivity curve, in 
order to make use of the same filter for both upper and 
lower sideband. This is somewhat inconvenient since 
switching between sidebands requires readjustment of 
the variable-frequency oscillator in the frequency con¬ 
verter to compensate for the frequency change in the 
initial oscillator. This could be overcome, at additional 
cost, by using a single carrier frequency with a separate 
filter for each sideband. An inexpensive method is to 
change the vfo frequency discretely by the appropriate 
amount, simultaneously with the change in fixed-
oscillator frequency. There is usually a small error in 
this method because of the difficulty of getting exactly 
the same frequency change at all parts of the vfo tuning 
range. 

In equipment using inductance-capacitance filters the 
filter usually operates in the range 10-25 kc. Because 
of image considerations such systems have a first fre¬ 
quency conversion to the 450-kc region, after which the 
remainder of the transmitter is designed along the lines 
discussed above. The extra conversion in this case offers 
the opportunity for sideband selection without the dis¬ 
advantage just mentioned, in that two beating¬ 
oscillator frequencies can be used in the process of con¬ 
verting to 450 kc. This is shown in Fig. 2. 

O-3 KC. 440 Kc. (USB) 
473 Kc (LSB) 

Fig. 2—Filter-type singie-sideband generator using low-frequency 
LC filter with frequency converter to 455 kc. This circuit can be 
used as a substitute for the generator shown in Fig. 1. 

Phasing Method 

A transmitter using the phase-shift method of SSB 
generation can be designed along lines almost identical 
with the filter system, merely by replacing the balanced 
modulator and sideband filter in Fig. 1 by the appropri-
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ate phasing-system circuits. A single fixed-oscillator 
frequency is sufficient since sideband selection can be 
accomplished by reversing the phase of the audio signal 
in one branch of the modulator system. 

With the phasing method there is considerably more 
freedom in the selection of an initial frequency for SSB 
generation, since the phase-shift circuits will give prac¬ 
tically identical performance at any frequency in the 
range discussed. The SSB signal can, in fact, be gen¬ 
erated at the final operating frequency. However, the 
balanced modulators and rf phase-shift networks usually 
require some readjustment when the frequency is varied 
within a band, if peak performance is to be maintained. 
To avoid the necessity for this readjustment it has be¬ 
come common practice to use a fixed frequency for SSB 
generation and employ heterodyne methods with a 
variable-frequency beating oscillator for output fre¬ 
quency selection. 

A particular combination that has had wide use is 
shown in Fig. 3. This provides output in either of two 

Fig. 3—Phasing-type generator and associated equipment for 
output at either 4 or 14 me. 

sub-allocations, 3.8-4.0 me or 14.2-14.3 me. (the bulk 
of SSB communication is carried on in these two sub¬ 
bands at the present time). The fixed SSB generating 
frequency is 9.1 me. The two output frequencies are 
obtained from the upper and lower rf beats between 
9.1 me and the output of a variable-frequency oscillator 
covering 5.1-5.3 me. Band-changing requires changing 
only the output tuned circuits of the mixer and succeed¬ 
ing amplifiers. For work in other suballocations there 
are available the alternatives of frequency conversion 
from either 4 or 14 me, along the lines discussed in con¬ 
nection with the filter method, or substitution of appro¬ 
priate vfo ranges for the 5.1-5.3 me range shown in the 
figure. 

Another method of band-changing, used in recently-
introduced manufactured equipment designed for ama¬ 
teur use, is shown in block form in Fig. 4. In this case 
the SSB signal is generated at a series of fixed frequen¬ 
cies, one for each frequency band, and is beat against 
a variable-frequency oscillator to give output in the 
various sub-bands allotted for radiotelephony. This 
method has the advantage of requiring only one fre¬ 
quency conversion while using a vfo that operates over 

Fig. 4—Method of band changing based on using a single-range vari¬ 
able-frequency oscillator (for frequency adjustment within a 
band) and several fixed sideband-generating frequencies. 

the same frequency range for any output frequency 
(except that the range is extended in the case of the 
widest band, 28.5—29.7 me). It also has the advantage 
that either the sum or difference of the radio frequencies 
can be chosen at will without inverting the sideband 
relationship. 

Linear Amplifiers 

Circuits used in linear amplifiers conform more or less 
to standard practice, with increasing use being made of 
the grounded-grid type circuit because of its relatively 
constant grid-input impedance at different driving¬ 
voltage levels. Although the regulations governing the 
amateur service permit a maximum de input of 1000 
watts1 the average power level is considerably less— 
probably in the vicinity of 200-300 watts. 

Class ABI operation of tetrode power amplifiers is 
much favored because of the very low driving-power re¬ 
quirements and the elimination of the grid-circuit regu¬ 
lation problems that accompany Class AB2 operation. 
Also to minimize such regulation problems, considerable 
use has been made of high-mu triodes of the type capa¬ 
ble of being operated at zero grid bias with normal plate 
voltage, so that grid current flows at all modulation 
levels. 

In one transmitter manufactured for amateur use a 
feed-back circuit has been incorporated to reduce dis¬ 
tortion and spurious output, the suppression for this 
unit being rated at 35 db. However, such circuit modi¬ 
fications have not as yet come into general use. 

Dynamic regulation of the plate-supply voltage of a 
linear amplifier has been given considerable attention, 
and the use of large values of output capacitance in the 
plate power supply filter has become common. 

Receiving Equipment 

A great deal of SSB work is carried on with communi¬ 
cations receivers designed for AM and cw telegraph 
heterodyne reception, with no special features for single¬ 
sideband reception. The better receivers of this type 

1 As measured by the de plate voltage and current, using a plate 
ammeter having a time constant not exceeding 0.25 second. 
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have for many years included quartz-crystal filters or 
means for obtaining comparable selectivity at the inter¬ 
mediate frequency (approximately 450 kc). Such selec¬ 
tivity characteristics are adequate for realizing the re¬ 
ceiving advantages of SSB. Since pilot carriers are not 
used in the amateur service, the absence of automatic 
frequency control for the local hf oscillator is not a 
handicap. The local carrier for signal demodulation is 
supplied by the cw beat-frequency oscillator. In con¬ 
ventional receivers of this type the age system is carrier¬ 
operated and becomes inoperative when the beat¬ 
frequency oscillator is used. Hence automatic gain con¬ 
trol is not available and the rf gain must be controlled 
manually in order to keep the signal level at the demodu¬ 
lator below the limit at which distortion becomes 
objectionable. 

Although the better-grade communications receivers 
of standard design meet many of the requirements for 
reception of SSB signals, a more favorable type of selec¬ 
tivity (flat-topped band with steep skirts) can be ob¬ 
tained and a more satisfactory demodulator employed 
by making use of an “adapter” circuit designed to oper¬ 
ate from the signal as it exists in the IF system of the 
communications receiver. A representative adapter 
arrangement is shown in block form in Fig. 5. In prac-

405 Kc. 50 Kc. 
SOS Kc. 

Fig. 5—Filter-type adapter circuit for use with conventional 
communications receivers. 

tice, the additional IF amplifier (50-53 kc in this exam¬ 
ple) may lie anywhere in the frequency range 10-100 
kc. The first fixed-frequency oscillator has two selectable 
frequencies so that the signal may be inverted, thereby 
providing for reception of either sideband. 

Another type of adapter, shown in Fig. 6, utilizes the 
properties of 90-degree rf and af phase-shift networks to 
select one sideband and reject the other. As in the trans¬ 
mitting case, either sideband may be selected by re¬ 
versing phase in one branch of the af network. For side¬ 
band selection, the system is used with a receiver having 
an effective bandwidth of approximately 6 kc. 

A number of receivers incorporating the basic fea¬ 
tures of the circuit of Fig. 5 are now commercially avail¬ 
able. In such receivers the first intermediate frequency 
usually is in the 1500-2000 kc region, with the second 
conversion to the low-frequency IF. This may be 50-100 
kc in the case of receivers using LC filters, or 250-500 kc 
in the case of receivers using mechanical filters. Some 
recent models also incorporate age systems that operate 
on carrierless signals and are not affected by the output 
of the demodulating oscillator. 

455 Kc. 

Fig. 6—Phasing-type single-sideband adapter for receivers. 

Conclusion 

There are now several thousand amateur stations 
equipped for single-sideband operation despite the fact 
that the use of SSB imposes, for the average amateur, 
comparatively severe technical requirements. Also, the 
technique of SSB operating under the conditions out¬ 
lined requires skill and continuous attention to both re¬ 
ceiver and transmitter adjustment. Partly because of 
these reasons and partly because of the overload char¬ 
acteristics of AM receivers with carrier-operated age,2 

there has been continuing opposition to the use of SSB 
on the part of numbers of operators of AM equipment. 
Nevertheless, the use of SSB continues to increase at a 
healthy rate, attesting to its inherent superiority as a 
communication method in the amateur service. 

The 2-to-l reduction in bandwidth as compared with 
amplitude modulation has not been the dominant factor 
in the adoption of SSB by amateurs, although its im¬ 
portance is not to be minimized. In view of amateur 
operating conditions, the elimination of the carrier has 
proved to be even more beneficial. The most serious in¬ 
terference in an amateur telephony allocation is that 
caused by heterodynes between carriers, and by the 
demodulating effect of a strong carrier on a weak one, 
along with capture of the age system of the receiver by 
the strongest of several carriers present in the receiver 
pass band. Eliminating this interference, together with 
the appreciable increase in sideband power possible with 
the same tube equipment as compared with amplitude 
modulation, not only has increased the reliability of 
communication many-fold but has provided opportuni¬ 
ties for low-power operation that were practically non¬ 
existent with conventional AM in the crowded amateur 
bands. 

2 In the presence of a carrierless signal, the receiver tends to 
overload at relatively low signal levels. The SSB signal has the ap¬ 
pearance of being “broad” under this condition, effectively masking 
the fact that the actual bandwidth is less than that of a corresponding 
AM signal. With both AM and SSB operation in the same fre¬ 
quency assignment, the condition occurs frequently when conven¬ 
tional methods of AM reception are used. 
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Comparison of SSB and FM for VHF Mobile Service* 
H. MAGNUSKIf and W. FIRESTONEf, senior member, ire 

Summary—Mobile SSB and fm systems are compared on the 
basis of the same equipment size. The influence of the speech proc¬ 
essing on the comparative results is discussed. It is concluded that 
SSB may provide a somewhat better range of operation with con¬ 
siderable spectrum saving but the signal-to-noise ratio in strong 
signal areas will be poorer. 

Introduction 

IN THE PAST, much consideration has been given to the use of SSB for fixed station communication 
at the low, medium, and high frequencies. In addi¬ 

tion, SSB has often been compared to AM on the basis of 
equal total radiated power. The use of SSB for mobile 
service at vhf frequencies has been considered impracti¬ 
cal because of the difficulty in obtaining the required 
frequency stability with this type of operation. 

It is apparent that due to the expected improvement 
in spectrum utilization by the use of SSB, its application 
to mobile vhf service would be desirable if it could be 
achieved. In the past decade, significant strides have 
been made in building oscillators of greater and greater 
stability, and improved methods of selecting out and 
regenerating a carrier immersed in noise are now avail¬ 
able. These two factors have made it possible to con¬ 
sider and build SSB for vhf mobile applications. 

For the above reasons, it has been apparent that an 
expected performance comparison between SSB and 
fm in short range mobile applications is required. 

Basis for Comparison 

Since the two systems (SSB and fm) are quite dif¬ 
ferent, one must first agree what system features we are 
after and what equipments we are about to compare. 
For mobile operation, only voice modulation will be 
considered and the range of operation will be of pri¬ 
mary importance to us. A curve predicting the signal-
to-noise ratio vs attenuation inserted between the trans¬ 
mitter and the receiver would tell us the relative range 
of both systems. It is well known1 from propagation 
theory that 12 db or more of additional attenuation in¬ 
serted will result in doubling of the range in miles. It 
may also be mentioned that for range determination, 
threshold conditions and small s/n, approaching unity, 
will be of interest, and further, the results will not be 
the same as in strong signal areas, where the fm, due to 
the so called improvement factor, will, as a rule, pro¬ 
vide a somewhat better s/n. 

* Original manuscript received by the IRE, October 1, 1956. 
t Motorola, Inc. Chicago, Ill. 
1 C. R. Burrows and M. C. Gray, “The effect of the earth’s curva¬ 

ture on ground-wave propagation,” Proc. IRE, vol. 29, pp. 16-24; 
January, 1941. 

In comparing the equipment, the same operating 
frequency and the same receiver noise figure is assumed, 
but not the same bandwidth. Otherwise the receivers 
will not differ much in size, cost and complexity. A more 
difficult task is the transmitter comparison. In mobile 
applications, the size, cost and power drain are most 
important, hence, it is felt that the most logical assump¬ 
tion would be to have the same size equipments. It is 
further assumed that the size of the transmitter is a 
function of power dissipated in it, and furthermore, that 
most of the power is dissipated in the final rf power am¬ 
plifier. Thus to simplify the assumptions, the following 
comparisons will be based on the same dissipated power 
in final rf amplifier tubes during the normal speech load¬ 
ing of the transmitter or to say it differently, the same 
output tubes will be used to their full capability in 
both transmitters. Fig. 1 shows the two transmitters 
built using this assumption and one may see that they 
look substantially the same and offhand no one could 
tell that the top one is a SSB transmitter. 

We may add that this is perhaps the most disad¬ 
vantageous assumption for SSB because the SSB trans¬ 
mitter operates in Class AB or B and is less efficient than 
a Class C fm transmitter, therefore the average output 
power and also the drain from the battery or other 
primary source will be lower. A comparison based on 
equal drain would be more advantageous for SSB by 
some 2 or 3 db, depending on assumed or measured 
efficiencies. 

Transmitter Power Limitations 

There is no problem in measuring transmitter power 
in fm systems and the power output, dissipation, and 
efficiency of the transmitter are substantially independ¬ 
ent of modulation. Unfortunately, the same cannot be 
said of SSB, where both the power output and efficiency, 
and as a result the dissipation, are a complex function 
of the modulating signal. In general, little power is 
drawn and dissipated with no modulating signal applied, 
and, as the signal increases, the dissipation increases, 
as does the efficiency. The efficiency rises up to a maxi¬ 
mum value at which distortion of the signal peaks usual¬ 
ly occurs. This consideration is further complicated if a 
partially suppressed carrier is continuously transmitted 
as it is necessary to do in vhf SSB systems because of 
insufficient frequency stability. For a more detailed con¬ 
sideration of carrier reduction, the reader is referred to 
Firestone’s paper.2 For the purpose of the following 
comparison it is assumed that the carrier is reduced by 

2 W. L. Firestone, “SSB performance as a function of carrier 
strength,” p. 1839. 
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Fig. 1—(a) Single-sideband transmitter, (b) FM transmitter. 

more than 13 db below the peak value of the sideband, 
thus having small effect on the total amount of trans¬ 
mitted sideband power, and that the receiver circuitry 
is fully capable of restoring such a reduced carrier for 
detection needs. Thus, to estimate the power output 
of a SSB transmitter, first it is necessary to describe 
the character of the modulating signal. 

Fig. 2 represents typical power distribution in human 
speech vs time, as derived by the authors, as an exten¬ 
sion of Davenport.3 We can see that the power peaks ex¬ 
ceed the average power by some 20 db for short periods 
of time. On the other hand, for some 25 per cent of time 
there is no power at all. Obviously, to transmit such 
unmodified speech, the equipment would have to have 
a very high peak power capability vs average power. 
This would greatly decrease the transmitter efficiency 
and received s/n and therefore is never done. In an fm 
system, the maximum deviation is limited by the re¬ 
ceiver bandwidth and cannot be exceeded without 
serious distortion and introduction of noise into the 
receiver. Thus, fm systems are very definitely peak 
limited. If we would have to transmit the modulating 
signal with high peak-to-average power ratio, through 
an fm system, then the average deviation would be very 

3 W. B. Davenport, “A Study of Speech Probability Distribu¬ 
tions,” Res. Lab. of Electronics, Tech. Rep. no. 148; August, 1950. 

low and the recovered s/n would also decrease in pro¬ 
portion. Such an fm system would look very bad indeed. 

In a SSB system, there is not a definite peak power 
limitation and one can select the transmitter operating 
point and supply voltage in such a way that high peaks 
can be transmitted with relatively low average power. 
However, such a set up leads to a low average efficiency 
of the transmitter resulting in high dissipation and a 
small average output power gain. Therefore, all practi¬ 
cal mobile systems do not transmit undistorted speech 
with unlimited peak to rms ratios and some kind of 
speech processing is always used to improve the received 
snr. The speech wave form distortions we refer to are 
not to be confused with the audible distortions as experi¬ 
enced by the human ear. Considerable waveform dis¬ 
tortion can be tolerated by the ear before it senses any 
distortion 

Speech Processing 

By speech processing it is meant any scheme which 
distorts the original speech, including changing the ratio 
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of peak to average power and changing the amplitude 
vs frequency distribution. Speech can be processed in 
any number of ways and to any degree desirable and 
there are practically as many processes as there are 
engineers designing the equipment. Usually the process¬ 
ing consists first of clipping the peaks, second, empha¬ 
sizing high frequencies and third, filtering the high 
frequency components (either existing in the speech 
or created by the clipping process), as well as low-fre¬ 
quency components which are difficult to transmit and 
deemed unnecessary to preserve the intelligibility of 
the speech. Deviation limiters, speech clippers, com¬ 
pressors, and other gain control amplifiers as well as 
preemphasis will all fall under these general categories 
of speech processing. It is not within the scope of this 
paper to discuss the relative merits of all the different 
methods of speech processing, and only two general 
statements will be made. 

First, the more the speech is clipped or otherwise 
processed, the stronger the average speech power de¬ 
tected will be at the receiver and therefore the better 
the snr. This obviously helps legibility in high noise 
conditions. On the other hand, the more speech is proc¬ 
essed the more distortion is introduced, which has the 
opposite effect. In general, a compromise has to be 
reached between these two factors in order to obtain 
the maximum possible intelligibility. In comparing fin 
and SSB systems, one can see that in an fm system a 
higher degree of speech processing will be desirable for 
best intelligibility than in single sideband, because the 
average deviation increases in proportion to the clipping 
of the peaks, while in SSB the average power usually 
changes only slightly with clipping, mainly due to the 
changes in transmitter efficiency. This is true only if the 
SSB transmitter design is optimized in each case for the 
particular processed speech it is expected to transmit. 
We can conclude that in the optimized systems, speech 
transmitted through the SSB system would be less 
distorted than in an fm system, in which a high degree of 
processing with attendant distortions are the accepted 
standard as anybody familiar with fm mobile reception 
can testify. 

The second statement is that because of the differ¬ 
ences in speech processing between different systems, 
the results of the comparison between fm and single 
sideband which are to be discussed, are only as good as 
the assumption made as to the speech processing. Prac¬ 
tical systems, when compared, may differ a few db one 
way or the other depending on what kind of speech 
processing was included in them. Therefore, the answer 
to the question regarding which system will provide a 
better range and better s/n is relative and no complete 
agreement is expected between engineers, even after 
reading this paper. 

In an fm system, we assume an intensive clipping or 
instantaneous deviation limiting giving a peak-to-
average value of about 6 db (3 db more than undis¬ 
torted sine wave). This assumption will also mean that 

in fm the average detected speech power will be 3 db be¬ 
low the power of the test signal causing full deviation. 
For SSB operation, a statistical experiment on a 
small scale was performed in order to decide how much 
to process the speech for best intelligibility.4 The result 
of this experiment is shown on Fig. 3. This table shows 
the readability in signal-to-noise ratios of unity, —3 and 
— 6 db and for different amounts of clipping. By s/n 
it is meant the average speech power (after it was 
clipped and filtered by a band-pass filter) to the average 
white noise power. One can see that one can clip the 
speech so that after filtering, the peak to rms ratio is 
reduced to only 9.5 db and still the readability (in noise, 
which is twice as strong as the average speech power) 
is 56 per cent, or almost as good as with unclipped speech 
which was 63 per cent. This condition was selected for 
comparison of the SSB and fm systems. 

S/N db 

Pk/RMS db 

0 -3 -6 -9 

PERCENTAGE READABILITY 

15.1 100 63 20 0 

12.2 100 63 20 0 

9.5 100 56 10 0 

7.6 100 43 0 0 

Fig. 3 -Percentage readability for voice at various clipping levels. 

Fig. 4—Power vs frequency, distribution of speech. 

Another processing assumed was preemphasis of high 
frequencies, big. 4 shows a typical power vs frequency 
distribution in human speech from Fletcher.5 One can 
see that high frequencies can be considerably preempha¬ 
sized (up to 25 db at 3000 cps) to make the energy dis¬ 
tribution uniform at all frequencies. The assumed 
preemphasis was 16 db at 3000 cycles for both systems. 
At the receiving end complementary deemphasis was 

4 Lloyd Engelbrecht, “Clip Speech Study,” unpublished Motorola 
Kep.; July 20, 1956. 

5 H. Fletcher, “Speech and Hearing in Communication," I). Van 
Nostrand Co., New York, N. Y., p. 78; 1953. 
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assumed. It is to be noted here that in strong signal areas 
the deemphasis circuit benefits the fm receiver much 
more than SSB receiver because of parabolic noise 
power distribution in fm receivers. By deemphasizing 
the high-frequency response of the receiver, we also 
cut down the high-frequency noise and in fm systems 
most of the noise power is at the higher frequencies. 
The resulting noise spectra are presented in Fig. 5. 

FM- ä o li ^relative advantage to fm 3.9 db. AM and SSB—6.8 dbj 

These factors were evaluated6 and were found to be, for 
an fm system, 10.7 db advantage, and for a single-side¬ 
band system, 6.8 db advantage, over the systems not 
using preemphasis. However, this factor will not influ¬ 
ence the range of the fm system as it will in the case of 
SSB, since it effectively narrows the bandpass of the 
receiver and thus decreases the noise power. This can 
be seen on Fig. 9, which will be discussed later, and 
shows that SSB has no breaking point as does fm (hence 
range is increased). Its importance in SSB should not 
be overlooked. 

Transmitter Power 

After one has decided on processing the modulating 
signal to be used with the SSB transmitter, an optimum 
transmitter design has to be considered. For a given 
output tube with a given maximum dissipation and a 
given plate voltage, the modulating signal (consisting 
of clipped speech) can be increased to a certain value 

6 W. L. Firestone, “Noise Output from F.M. and S.S.B. Re¬ 
ceivers,” unpublished Motorola Rep.; February 24, 1956. 

before one of two things occurs, 1) full tube dissipation 
may be reached, 2) the peaks may exceed the peak pow¬ 
er capability of the transmitter and additional distor¬ 
tions and/or peak clipping may occur before the full 
dissipation is reached. To optimize the design of the 
transmitter, the selection of the supply voltage and tube 
operating point should be such that these two things, 
namely the full power dissipation and peak clipping, 
should occur at the same time. In this case, a maximum, 
average output power for a given processed speech in¬ 
put will be reached. One can see that a different trans¬ 
mitter design will be necessary for different assumed 
speech processing. Also, obviously some means has to 
be included to protect the transmitter from overloading 
in case the input signal is different from the one which 
was assumed for the design. Fig. 6 presents the com-

F M SSB 

DC PLATE VOLTAGE 560V 625V 

TOTAL INPUT TO 
RF AMPL. 120 WATTS 80 WATTS 

DISSIPATION IN 
FINAL RF AMPL. 

60 WATTS 60 WATTS 

RF OUTPUT 
AVERAGE 60 WATTS 20 WATTS 

RF OUTPUT PEAK 60 WATTS 178 WATTS 

EFFICIENCY 50% 25% 

RELATIVE OUTPUT 0 db -4.7db 

DRAIN FROM 12V 
POWER SUPPLY 

27.8 AMPS 
334 WATTS 

17.4AMPS 
209 WATTS 

RELATIVE DRAIN Odb -2db 

Fig. 6—Comparison of transmitters. 

parison of transmitter output powers for the experimen¬ 
tal fm and SSB transmitters which were shown on Fig. 
1 and were built, based on the above assumptions. One 
can see that the average power in the antenna of an 
SSB transmitter will be lower by 4.7 db. However, the 
consumption of supply power by the SSB transmitter 
is also lower by 2 db. The de power supplies for both 
fm and SSB will be different but approximately of the 
same size. The fm supply will deliver more average 
power but the SSB will have a higher voltage and has 
to have a large peak power capability which is not re¬ 
quired of the fm supply. 

Expected Detected Signal-to-Noise Ratio 
Curves 

In calculating the s/n, first the band with of the re¬ 
ceiver has to be assumed in order that the relative noise 
powers can be calculated. It is assumed that the single¬ 
sideband receiver will have a noise bandwidth of 4.5 
kc. This is somewhat larger than the 3.5 kc necessary 
for speech transmission because a margin of approxi¬ 
mately ±0.5 kc has to be allowed for carrier instability. 
In narrow band fm, a deviation of ±5-kc and a 12-kc 
bandwidth is assumed. In wide-band fm, a 15-kc devia¬ 
tion and a 35-kc bandwidth is assumed. Based on these 
assumptions, the noise power of each of the three re¬ 
ceivers under consideration is tabulated in Fig. 7. The 
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SSB NARROW 
FM 

WIDE 
FM AM 

DEVIATION KC ♦ 5 ±15 — 

BANDWIDTH KC 4 5 12 35 8 

(ASSUMING NF«1Odb) 
NOISE POWER WATTS 

- dbw 
RELATIVE 

18 X 1O' ,S 

1574 
Odb 

4 8 X 10‘ 16 

153 2 
♦ 4.2 

14 X 10‘ 16 

148 5 
♦ 8 9 

3 2 X IO*’ 6 
154 9 

♦ 2.5db 

Fig. 7—Receiver bandwidths and noise. 

s/n in fin systems, as a function of carrier-to-noise ratio, 
is well known7 and curves of Fig. 8 show the expected 
s/n calculated for assumed deviations. Now combining 
the results of Fig. 6 (transmitted power), Fig. 5 (pre¬ 
emphasis), Fig. 7 (receiver noise) and Fig. 8, we obtain 

an over-all comparison presented on Fig. 9 which shows 
the s/n as a function of attenuation in db inserted be¬ 
tween the transmitter and receiver. From this figure, 
one can see that the SSB system will give a some¬ 
what larger range than both fm systems, but, on 

7 F. E. Terman, “Radio Engineers Handbook,” McGraw-Hill 
Book Co., Inc., New York, N. Y., p. 672; 1943. 

AM SSB FM 
NARROW 

FM 
WIDE 

CARRIER WATTS 
POWER .hdbw 

20® 

+ 13 

20 

+ 13 

60 

+ 17.7 

60 

+ 17.7 

NOISE . k

POWER dbw
-1549 — 157.4 -153.2 -148.5 

ATTENUATION OF 
CARRIER 

TO MAKE IT db 
EQUAL TO 

RECEIVER NOISE 

167.9 170.4 170.9 166.2 

RELATIVE RATIO 
OF DETECTED .. 
SIGNAL TO 

CARRIER POWER 
-3 0 -3 -3 

SSB 
a AM 

FM 
(NARROW) 

FM 
(WIDE) 

PRE-EMPHASIS db 6.8 10.7 10.7 

FM IMPROVEMENT db 0 8.9 18 8 

TOTAL 6.8 19.6 29.5 

© BASED ON SAME SIZE EQUIPMENT AND EQUAL TOTAL 
DISSIPATIONS. 

® AM IS PEAK MODULATION LIMITED SAME AS FM . 

(a) 

(b) 
tig. 9 (a) Detected signal power vs noise. Improvement factors 

allowed, (b) Attenuation between transmitter and receiver db. 
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the other hand, in the strong signal area will not pro¬ 
vide as good a s/n as the narrower band fm and particu¬ 
larly the wideband fm system. 

Conclusion 

In comparing fm and SSB equipments for the vhf 
mobile service and assuming equal equipment size, we 
can draw the following conclusions: 

1) The relative performance of single-sideband and 
fm systems depends considerably on the amount of 
speech processing and whether one or the other is better 
as far as range is concerned depends on what amount of 
speech distortion and what minimum s/n can be toler¬ 
ated. 

2) SSB provides approximately three times the sav¬ 
ings in the occupied bandwidth as compared to narrow 
fm system and more than that as compared to wide 
band fm system. 

3) It is expected that speech transmission through a 
SSB system should in average be somewhat less dis¬ 
torted than in an fm system, due to the smaller degree of 
processing which is necessary to obtain the best intelligi¬ 
bility in noise. 

4) Consumption of primary power will be less in a 

SSB system than in fm system of equivalent perform¬ 
ance. 

5) In strong signal areas fm systems will provide a 
better s/n than SSB systems. However, this fm advan¬ 
tage in mobile service may be disputed, since once we 
have a good signal, exceptionally good s/n is not neces¬ 
sary for intelligibility. 

To sum it up, SSB equipment has a good chance of 
competing in the future with fm in mobile service and 
will provide as good or possibly better range with sub¬ 
stantial frequency spectrum saving; however, its ad¬ 
vantages in practical voice communication systems are 
not as great as one would suspect from some superficial 
comparisons of both systems as done in the past. Also, 
it is realized that there are quite a few problems to be 
solved before good, practical, and stable SSB equipment 
can be developed and produced. 1 here are also other 
practical problems, for example, ignition noise which 
seems to be more severe in narrow band SSB system 
and which has to be eliminated by shielding of the igni¬ 
tion system or by additional impulse noise elimination 
circuitry in the receiver. 
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SSB Performance as a Function of Carrier Strength* 
WILLIAM L. FIRESTONEf, senior member, ire 

Summary—This paper shows the important part that the carrier 
plays in over-all system performance and in particular compares the 
various systems using full carrier, reduced carrier, suppressed car¬ 
rier and controlled carrier. It is concluded that as the carrier is re¬ 
duced, the factors of modulation splatter, transmitter efficiency, 
available peak sideband power, desensitization, and intermodulation 
all tend to improve. It is also pointed out that due to system stability 
requirements, complete suppression at the higher radio-frequencies 
is not feasible. Because there are many types of SSB receiving sys¬ 
tems, each requiring a different amount of carrier for synchronizing 
purposes, it is necessary to consider all values of transmitted carrier 
to compare the resulting systems and to gain a better understanding 
of the system characteristics considered. The characteristics of the 
controlled carrier system are discussed for completeness. 

Introduction 

ririHE USE OF single sideband in transoceanic 
radiotelephone service and more recently in 
amateur radiotelephony and aeronautical com-

* Original manuscript received by the IRE, October 19, 1956. 
f Motorola, Inc., Chicago, III. 

munication is well known [1-3]. Because the amount of 
transmitted carrier plays an important role in regard 
to modulation splatter, transmitter efficiency, power 
output, receiver desensitization, and intermodulation, 
as well as over-all system design, the question of “how 
much carrier to send” is a vital one. 

When working at the lower radio-frequencies, it is 
possible to reinsert the carrier locally with sufficient 
accuracy so as not to require the transmitter to send a 
carrier for locking purposes. However, at the higher 
radio-frequencies, such as 150 me, this is not feasible. 
Even if carrier stabilities of a crystal oscillator ap¬ 
proach 0.0002 per cent, an error of 300 cycles can occur 
at the transmitter as well as the receiver. Consequently 
a total of 600 cycles of error is possible. Because an error 
of 50 cycles results in considerable distortion, an error 
up to 600 cycles is hardly acceptable. It is for this reason 
that at the higher radio-frequencies it is absolutely man¬ 
datory to send some amount of carrier for receiver lock-
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ing purposes. A completely suppressed carrier system 
therefore becomes impractical at most vhf frequencies. 

It is the purpose of this paper to consider what effect 
the carrier amplitude has on the quantities of splatter, 
efficiency, etc., and to compare the following systems 
using, 1) a full carrier, 2) a reduced carrier, 3) a sup¬ 
pressed carrier, and 4) a controlled carrier. 

Modulation Splatter 

In determining the quantitative effects of reducing 
the carrier on the splatter spectrum, it is first necessary 
to attempt a mathematical description of the linearity 
curve of the transmitter. For the purposes of analysis, 
such a typical curve is shown in big. 1 along with its Fig- 2 Single-sideband splatter spectra due to nonlinearities. 

power series description. 

co = c, — 0.05g2 + 0.33ci3 — 0.15c,4 — 0.69c,6 — 0.5e,6

+ G7 - 0.10c?. æ 

It we consider that the output of the transmitter con¬ 
sists oi two signals of amplitude, b and c respectively, 
we may compute the spectrum generated by inserting 
for e, the quantity 

c, = b sin Wil + c sin w2l, (2) 

and expanding appropriately. 
I hose spectrum components which fall back into the 

original band are of interest and are seen to be due only 
to the odd order type terms. Furthermore, care must be 
exercised in expanding (1) insofar as higher order terms 
generate lower order spectral lines in the band. 

A graphic portrayal of the results of this analysis is 
shown in Fig. 2. It is clear that the radiated spectrum 
is a function oi the nonlinearities (an) and the signal 
amplitudes (6 and c). For convenience, let b sin wj 
represent the carrier, while c sin w2t represents the side¬ 

band to be transmitted. While the ratio of b to c may 
vary as desired, unless otherwise stated it is always to 
be understood that the amplitude 6 + c = 0db. This rela¬ 
tion permits a fair comparison by assuring a peak signal 
limitation. This is necessary in order that the signal 
does not go into nonlinear regions not shown in Fig. 1. 
Fig. 3 shows a plot of the amplitude of the various side-

FREQUENCY 

Fig. 3—Spectra from two equal signals. 

bands when the carrier and sideband are of equal ampli¬ 
tude. big. 4 shows a photograph of a typical spectrum 
resulting from a SSB transmitter when b equals c. 
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Fig. 5 shows the case where the carrier is nonsup- m 

pressed and the sideband is reduced by 12 db, while big. 
6 shows the case where the carrier is reduced by 20 db 
and the sideband has its maximum value. By comparison 

of Figs. 5 and 6 with Fig. 3, it becomes clear that the 
splatter (termsother than W\ and Wi) is nonsymmetrical. 
1'his is also clear from Fig. 2, where it can be seen that 
the coefficients to the right of Wj are always associated 

with a higher order of the amplitude c while the coeffi¬ 
cients to the left of Wi are always associated with a higher 
order of the amplitude b. 

By progressively going from Fig. 3 to bigs. 5 and 6, 
it can be seen even though the peak signal swing is held 
constant, the reducing of either the carrier or the side¬ 
band results in considerably less splatter. 1 he drop¬ 
off in splatter goes at a faster rate (due to the nature of 
its generation) than the reduction of either of the signals. 
The physical reason for the improvement is due to the 
fact that the resultant envelope variations caused by the 
two signals in question decreases as the ratio between 
the signals increases, hence this variation is over a smal¬ 
ler portion of the nonlinear curve with the attendant 
result that less nonlinear mixing of the signals results. 

In Fig. 7 we have the special case of a 26-db reduced 
carrier and 6-db reduced sideband (hence, here b+c 
= — 3 db). The result is a drastic reduction of splatter. 
Once again the over-all amplitude variations are re¬ 
duced and the center point of operation is on a more 
linear portion of the dynamic characteristic, hence a 
great reduction in mixing action. 

If we were using the case where b = c [equivalent to 
the frequently used 2-tone test for SSB (Fig. 3)] and 
both b and c were reduced identically, we would expect 
from the above that the tone-to-splatter ratio would 
improve due to the expected rapid reduction in splatter. 
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would operate over a more linear portion of the curve 
more of the time. While the above statement is true, 
measurements have shown that achieving a 60-db signal-
to-splatter ratio with voice modulation, at 20 kc from 
the carrier is actually rather good (see Fig. 9). The 
reason for this goes back to the fact that the nonlineari-

3 GJ^ ~ 2 Gj 

2 GJ 2 — GJ i 

SEPARATION FROM CARRIER FREQ.(KC) 
Fig- 9 Measurements on a SSB suppressed carrier transmitter 

modulated with voice [5]. 

Fig. 8—Typical measured variation of third-order distortion 
ratios [6], 

FREQUENCY 

Fig. 7—Single-sideband spectra carrier—26 db. 

Experimental evidence showing the decrease of splat¬ 
ter with a reduction of 2-tone input signal has been 
made and is shown in Fig. 8. As is clearly indicated, the 
amount of tone-to-splatter ratio is a function of the 
particular transmitter used. Insofar as the third-order 
splatter energy is much greater than any higher order 
splatter, showing only third-order splatter (distortion) 
indicates the type of reduction expected. 

At this time, we might conclude the following: 1) a 
large ratio between the various tones being transmitted 
means less splatter than when the tones are more equal 
m amplitude; 2) reducing the input tones so the peak 
output power is not reached results in a considerably 
improved tone-to-splatter ratio; 3) the amount of 
sideband splatter would be small if our transfer char¬ 
acteristic could be made fairly linear. This all means that 
as the carrier is reduced, less splatter is to be expected. 
Hence, the suppressed carrier system is the best from 
this point of view, while the full carrier system is the 
worst, with reduced carrier and controlled carrier fitting 
in between. A controlled carrier system refers to a sys¬ 
tem in which the carrier increases as the speech energy 
decreases and vice versa. 

If we consider Figs. 3, 5, and 6 in the light of speech 
communication, we would expect some additional im¬ 
provement in splatter because the average voice energy 
is some 16 db below its peak value and hence voice 
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D 
B 

K.C. FROM CARRIER 

Fig. 10—SSB spectrum input to driver. 

Fig. 11—SSB spectrum output of final amplifier. 

ties of a SSB transmitter are often more complicated 
than those shown in big. 1. While big. 1 might be reason¬ 
ably accurate for some particular stage, it may not ade¬ 
quately represent a complex transmitter. Some of the 
reasons for nonlinearities in SSB transmitters are: 

1) Grid current (changing the loading), 
2) Secondary emission, 
3) Overload of output stage, 
4) Linearity of tube characteristics, 
5) Regulation of power supply, 
6) RF feedback. 

The dynamic characteristics of each stage add to 
that of the following in such a manner that the over-all 
distortion may decrease or increase. In multistage 
transmitters such effects may be quite complex if many 
stages are operated near overload. If it is possible, at 
most the last two stages only should contribute appreci¬ 
ably to the over-all distortion. Figures of 60 db or better 
can be expected only when the transmitter is well-
designed, not overloaded, possibly has some feedback 
incorporated to control the distortion characteristic, 
or in short, is very linear. 

AUDIO 

Fig. 12—Method of controlling amount of carrier transmitted. 

Fig. 13—Variation of sideband power with carrier suppression 
(Linear final-peak power limited.) 

Fig. 10 is presented to show the SSB rf spectrum in¬ 
put to the driver stage of an experimental transmitter, 
while Fig. 11 shows the spectrum out of the final ampli¬ 
fier. It is clear from these photographs that the driver 
and final amplifier stage can cause a great increase in 
sideband splatter unless steps are taken to carefully 
control the linearity of the last two stages. 

Fig. 12 shows the method now in use in our labora¬ 
tory for controlling the amount of carrier reduction. 
By completely suppressing the carrier initially and then 
reinserting the desired amount by a voltage divider 
circuit it is easy to control the amount of carrier re¬ 
duction accurately. 

Power Output vs Suppressed Carrier 

Fig. 13 shows how reducing the carrier increases the 
available sideband power for a peak power limited 
transmitter. If V\ is the carrier voltage and Fs the side¬ 
band voltage, then FF is proportional to the carrier 
power and F22 is proportional to the sideband power, 
while (Fi+ F2)2 is made to equal the peak power capa¬ 
bility of the transmitter. 

It is therefore very clear that the more the carrier 
power is reduced, the greater is the available sideband 
power. Hence, reducing the carrier is desirable from this 
point of view. If the carrier is reduced by 16 db, then the 
peak sideband power approaches 70 per cent of the 
total peak power available, while a carrier power reduc¬ 
tion of 20 db results in 80 per cent of the total peak pow¬ 
er available for the sidebands. Complete suppression, 
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of course, will yield 100 per cent of the energy as side¬ 
band power. 

In the special case of a controlled carrier, where the 
carrier power is an inverse function of the audio signal 
input, most of the power during heavy modulation 
periods is available as sideband power, hence this sys¬ 
tem may well be the equivalent of a reduced carrier 
system depending on the exact manner and degree that 
the carrier is controlled. However, because the carrier 
power is at or near full value in a controlled carrier sys¬ 
tem when the modulation is not present, full plate dis¬ 
sipation will be occurring. For this reason, average power 
dissipation will be higher in a controlled carrier system, 
and we may run into the additional limitation of average 
power dissipation. A reduced carrier system with a 
stated peak power limitation will therefore have less 
average power dissipation over a long period of time. 

Fig. 14 shows the power output and plate dissipation 

Fig. 14—1 ower output and dissipation of SSB power amplifier. 
Tube: 829 B. Ebb = 600 v. Bias=— 26 v. Es = 200 v. Peak 
power = 140 w. 

of the final amplifier of an experimental SSB trans¬ 
mitter. The solid curves are for carrier power output 
and carrier dissipation, while the dashed lines are for 
the power output under voice conditions. In the carrier 
case, only the carrier was being transmitted and for the 
voice curves, only the voice sidebands were being trans¬ 
mitted. The curves are shown together for comparison. 

The carrier power output curve is seen to be parabolic 
or square law as it should be since P0=PRL where RL 

is fixed during the test. l'he voice power output curve 
on the other hand is not parabolic due to the fact that 
the transmitter is peak power limited. 

For example, if the average power output with voice 
is 7 watts, then any peak powers in excess of 13 db (140 
watts) will tend to be clipped since 140 watts is the 
maximum peak output capacity. This clipping will oc¬ 
cur even though the dissipation of the tube is not ex¬ 
ceeded as can readily be seen by picking off the 7 watt 
point {E) on the voice power output (Fig. 14) and by 
going vertically upward to point F. At point F, we see 
that the plate dissipation is only 12.5 watts, which is 
well under the rated tube dissipation. 

While it is true that limiting the peaks will result in 
splatter, we can get some idea of how serious such splat¬ 
ter might be by the following method. The formula de¬ 
rived to fit the average voice distribution has been given 
by W. E. Davenport [4], and is: 

0.36 
^(0 = ~ o /7 + 0.316e-*- (3) 

0.1 löv Ztt 

which reduces to 

I\i) = 1. + 0.316e-*’5' (4) 

where P(i)di is the probability of the voice being be¬ 
tween the amplitude i and i-\-di. 

The area under this voice probability curve is equal 
to one and the curve is so normalized that the current 
value of one is equal to the rms value of current. 

Since we are concerned with clipping levels above the 
rms value or i>\, the formula may be reduced to 
PO) =0.316e-* ’ 5i without introducing appreciable er¬ 
rors. I o find the per cent of time the voice spends at 
the clipping level, we must integrate the probability 
curve as follows: 

Z» X 

7=2 J p^ di- (5) 

The factor 2 is needed because the voice spends as 
much time in the negative current direction as it does 
in the positive direction. The upper limit of infinity is 
taken because we wish to know the total time spent 
above the A level and not between two levels such as 
ii and ?2 (where it > ii). 

After substituting for P(i) from (4) and integrating, 
we get 

0.632 T =- e-1.15i(clip) z6x 
1.15 

1 able I shows the results presented in tabulated form. 
We can now see that 13 db of clip results in being at 

the clip level 0.32 per cent of the time. The exact amount 
of splatter power that the period of Table I corresponds 
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TABLE I 
Percentage of Time Above Clip Level 

Clip Level 
Above RMS 

Tan in 
Per Cent 

+3 
+6 
+9 
+ 12 
+ 13 
+ 15 

10.8 
5.5 
2.1 
0.5 
0.32 

grid voltage) and hence the efficiency will rise linearly. 
The curve for voice efficiency starts rising linearly but 

with a much steeper slope. The steeper slope is due to 
the different basic nature of voice compared with a 
constant carrier. For the same total plate current, the 
character of voice is such that it has many peaks which 
rise often and significantly beyond the average value. 
These voice peaks momentarily operate in higher effi¬ 
ciency regions (and at higher power outputs) and hence 
raise the average efficiency for a given average current. 

to is a function of the exact nature of the transmitter 
limiting and represents a fairly involved analysis. 
However, the small percentage time is indicative of the 
amount of splatter and when one considers that this 
splatter is over a rather large spectrum it is clear that 
the splatter energy per cycle is not great. Also, it is 
clear that when the period T becomes large, a consider¬ 
able amount of splatter will be present. 

In order to keep this splatter to a minimum, the peak 
power to average radiated power should be increased 
so that peak limiting will not occur; or the voice has to 
be processed. By processing it is meant that the peak to 
rms value of the voice itself is limited before being ampli¬ 
fied in the high-frequency rf portions of the transmitter. 
Tests have been run which show that voice may be very 
heavily clipped and filtered without significantly re¬ 
ducing the readability. This of course means the peak to 
rms capability of the transmitter itself need not be as 
large as with unprocessed speech. 

In any case, if only a single tone (or carrier) is trans¬ 
mitted, the point of operation on the power output 
curve (Fig. 14) is at A, while the carrier dissipation is at 
point C. In transmitting only speech power, the point 
of operation on voice power output will shift to point B 
while the dissipation (still the max permissible) will 
shift to point D. The end result is a 70 percent increase 
in transmitted power when we go from carrier to voice 
sidebands while operating at a maximum dissipation 
rating. The increase indicated is not limited to 70 per 
cent and a differently designed final may well show a 
much greater voice power improvement. The reason 
for this improvement is discussed below. 

Final Amplifier Efficiency 
Fig. 15 shows a plot of the percentage of efficiency 

vs total amplifier plate current for both carrier and voice 
transmissions. The efficiency curve for carrier only 
being transmitted is seen to be practically a straight 
line. This is as expected because the efficiency of a 
linear class B amplifier may be expressed as 

7T \/2Ep

■ T (7)4 ^bb 

where Ep is the rms value of the rf plate voltage. If the 
amplifier is linear, then Ep will rise linearly with Eo (rms 

Tube . 829B 
Bios = -26V 

Es = 200V 
Peak Power « 140 W 

Fig. 15 -SSB power amplifier efficiency. Tube: 829 B. Es = 200 
v. Bias = — 26 v. Peak power = 140 w. 

If the transmitter were capable of handling infinite 
peak powers, the efficiency curve would continue along 
the steep-slope long-dashed line shown in Fig. 15. In 
practice, however, infinite peak capability is not prac¬ 
tical and the voice curve shown is for a peak limited 
transmitter. As the peaks of voice become limited to a 
specific maximum efficiency, the over-all efficiency on 
voice will continue to rise, but at an increasingly slower 
rate. The maximum efficiency for the particular test set 
is seen to be 24 per cent. It is to be remembered (from 
Fig. 14) that the maximum dissipation is exceeded at 
110 ma for voice and 100 ma for carrier. 
As the amplifier is driven harder, more and more 

speech limiting in the final occurs, and now the situation 
reverses. At 135 ma of plate current, the voice is very 
heavily limited and the voice dissipation curve (Fig. 14) 
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words, the desensitization tends to follow the instan¬ 
taneous amount of radiated power. The receiver itself 
will not lengthen the intermodulation periods because 
the time constants in every rf circuit of practically all 
commercial receivers are on the order of a few micro¬ 
seconds while the voice peaks and valleys are of the 
order of many milliseconds. 

Hence, even with voice, the desensitization will be 
somewhat sporadic, occurring at voice energy rates. The 
result is that this type of interference may still permit 
communication on a channel which would normally be 
completely blocked. 

We may conclude at this point that a SSB system 
using a reduced carrier will cause considerably less de¬ 
sensitization than a standard AM or fm signal for 
at least two reasons. First, because the carrier is reduced 
(or even suppressed) and is all that is transmitted under 
no modulation conditions; second, the large sideband 
power that does occur is of a temporary nature. We 
might add that for a given communication range we 
would expect to use less sideband power in average 
than the carrier power of an fm station. 

INTERMODULATION 

Another problem resulting from spectrum crowding is 
intermodulation. If there are two strong signals on fre¬ 
quency f + Sf, and /+2A/, where / is the receiver fre¬ 
quency and A/ is the channel spacing (or some multiple 
thereof), then the second harmonic of the first signal 
beating with the second signal can create a beat note of 
frequency f. I hese harmonics and beating occur due to 
nonlinearities in the amplifying tubes and mixer stage. 

2(/ + △/) - (/ + 2A/) = /. 

If A is the amplitude of/±A/ and B is the amplitude 
of/± 2A/, it can easily be seen that the amplitude of the 
resulting “on frequency” signal/is proportional to 3A 2B. 
Hence, reducing the amplitude of A and B by, say, 16 
db results in the intermodulation term decreasing by 
48 db which is a tremendous improvement. This type 
of improvement is achieved in a reduced or suppressed 
carrier system but is not realized in a controlled carrier 
system since such a system usually sends a full carrier 
under no modulation conditions. It is true that Under 
modulation conditions the intermodulation will in¬ 
crease in proportion to the instantaneous sideband power 
but if the peak to rms ratio is 16 db then the peak modu¬ 
lation power will merely approach that of an unreduced 
carrier system. Hence, only under peak conditions will 
the intermodulation approach that of a comparable 
full carrier system. From Table I we can surmise that 
the percentage of time that this happens is considerably 
less than one per cent. We may therefore conclude that 
reducing the carrier will greatly improve intermodula¬ 
tion even under modulation conditions. Furthermore, 
a controlled carrier system may be expected to show 
very little improvement because as the carrier is re¬ 

rises above the carrier dissipation curve. Hence, the 
voice power output curve drops below the carrier power 
output curve and the voice efficiency curve falls below 
the carrier efficiency curve. All of this happens beyond 
the normal maximum permissible dissipation and is 
only presented for completeness. 

If it is desired to operate the transmitter without 
limiting in the final, but one does not wish to raise its 
peak power capability, the speech may be processed so 
that its peak to rms ratio is decreased. If we clip our 
speech for a 10 db peak to rms ratio, the efficiency will 
follow the short dotted line up to the voice curve at 75 
ma, at which point the final itself will limit and we will 
then continue along the voice curve. Should the voice 
be processed in the audio circuits such that it has only 
a 6-db peak to rms ratio, we would naturally add a 
straight line at a slope somewhere between that of the 
carrier and that of 10-db clipped voice. This line would 
terminate as before on the voice curve and the trans¬ 
mitter itself would only limit at very high plate currents. 

Receiver Desensitization 

1 he strongest unwanted signal which needs to be 
rejected by a receiver depends greatly on the desensiti¬ 
zation and intermodulation characteristics of the re-
ceiver. By desensitization we mean the phenomenon 
occurring when a strong signal decreases the total re¬ 
ceiver gain. This is generally caused by the grid voltage 
on one or more tubes swinging into the positive grid 
region and thus building up additional bias or loading 
the grid-tuned circuits by grid current. 

Situations frequently arise where a mobile receiver 
is in close proximity (perhaps within a few hundred 
feet) of a powerful vhf transmitter working on an ad¬ 
jacent channel. At the same time, the desired station 
may be far away and the receiver may be attempting to 
receive a very weak signal. Under such conditions, the 
receiver in question may be completely desensitized or 
blocked by this high level signal. 

If, however, the interfering signal is generated by an 
SSB transmitter, the amount and nature of the de¬ 
sensitization change. Io begin with, when no speech is 
being transmitted, the amount of desensitization is 
strictly a function of the amount of carrier radiated. 
Hence, reducing the carrier will decrease the desensitiza¬ 
tion effect and the number of db the carrier is reduced is 
a direct measure of the added protection obtained. 

Next, we need to consider the case where speech is 
being transmitted. Under speech conditions the average 
power transmitted will be an indication of the average 
desensitization level expected but its nature will be 
quite different than that of, say, an fm signal whose 
output power is constant. 

During the modulation period the radiated power 
changes radically and the worst desensitization natural¬ 
ly will occur on voice peaks, while practically no de- ; 
sensitization occurs during the voice valleys. In other 
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TABLE II 
Summary of System Characteristics 

Note: A =amplitude of interfering signal,. B=amplitude of interfering signal.. Arrows show direction of improvement. 

Characteristic Nature of 
Characteristic 

Full Reduced Suppressed 
Carrier Carrier Carrier 

Controlled Carrier 

Modulation 
Splatter 

Result of transmitter non¬ 
linearities 

For the same nonlinearity modulation splatter decreases 
to the right. Due to voice using more linear portion of 
curve in average 

Approaches the improvement of 
a reduced carrier system 

1’eak Sideband 
Power 

Increases as carrier is de¬ 
creased 

Greater peak sidebands possible 

----» 

Can be made equal to a reduced 
carrier system 

Transmitter 
Efficiency 

Efficiency increases with 
drive 

Efficiency increases as a full carrier is replaced with 
voice. Due to peak to rms. characteristics of voice im¬ 
provement 

Similar to that of a reduced car¬ 
rier system 

Receiver 
Desensitization 

Intermodula¬ 
tion 

Average adjacent channel 
power overpowering a re¬ 
ceiver 

A function of two interfer¬ 
ing signals producing an on 
frequency signal 

Approximately proportional to average power trans¬ 
mitted over a long period of time 

Proportional to A2B. Hence reducing A and B by x db 
results in 3x db improvement 

Not much improvement over full 
carrier system due to almost con¬ 
stant total output power 

Not much improvement over full 
carrier system due to almost con¬ 
stant total output power 

System 
Stability 

A function of crystal oscil¬ 
lator stability 

Requires a lock-in oscillator | Cannot be achieved at 
1 higher radio frequencies 

Requires a lock-in oscillator 

duced, the sideband power is increased, thus tending 
to hold the total radiated power constant. 

System Stability 

When working at the lower radio-frequencies, it is 
possible to reinsert the carrier locally with sufficient 
accuracy so as not to require the transmitter to send a 
carrier for locking purposes. However, at the higher 
radio-frequencies such as 150 me, this is not feasible. 
Even if carrier stabilities of a crystal oscillator approach 
0.0002 per cent an error of 300 cycles can occur both at 
the transmitter as well as the receiver. Consequently, 
a total of 600 cycles of error is possible. Insofar as an 
error of 50 cycles results in considerable distortion, an 
error up to 600 cycles is hardly acceptable. It is for this 
reason that it is absolutely mandatory to send some 
amount of carrier for receiver locking purposes. 

A suppressed carrier system, therefore, becomes im¬ 
practical at most vhf frequencies. A reduced carrier 
system may use any of several types of lock-in oscillators 
or even a motor driven system for error correction. 

Conclusion 

From the preceding analysis and discussion, we can 
conclude that as the carrier is reduced, the factors of 
modulation splatter, transmitter efficiency, peak side¬ 
band power, desensitization, and intermodulation all 
tend to improve. While these factors alone would dic¬ 
tate complete carrier suppression, it is not feasible to 
do so because of the system frequency stability require¬ 
ments. Hence, a pilot carrier is normally required. I he 
amount of carrier reduction permissible is a function of 

the type of receiving system, such as: 1) AFC controls. 
2) Lock-in oscillator. 3) Phase lock system. 4) Active 
filter system. 5) Narrow band amplifier and limiter sys¬ 
tem. 6) Locally injected oscillator when system stability 
justifies it. As a consequence, a specific carrier value 
cannot be arrived at from this general discussion. Once 
the receiving system is decided upon, the amount of 
carrier needed will follow and the results of this paper 
can then be used to compare the system arrived at with 
SSB systems using different amounts of carrier. Compari¬ 
son with fm and AM systems can also be made. It is 
also clear that considerable thought should go into the 
receiver design since the amount of carrier to lock the 
receiver has such a large influence on the transmitter 
design and the resulting system characteristics. 

The controlled carrier system has some advantages 
as regards locking the receiver due to the large carrier 
transmitted during nonspeech conditions. However, 
while an improvement in splatter, efficiency, and peak 
sideband power is expected because for these factors 
the controlled carrier system acts like a reduced carrier 
system, the amount of receiver desensitization and 
intermodulation will not be significantly better than a 
full carrier system due to the high average power al¬ 
ways being transmitted. Hence, this type of system will 
not show the over-all gains of a reduced carrier system. 

Shown in Table II is an over-all comparative sum¬ 
mary of SSB performance as a function of carrier 
strength. This table is presented only to form a com¬ 
parative basis between the systems and is not meant 
to be complete. The text itself covers the various points 
in greater detail. 
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Design of a High Power Single-Sideband VHF 
Communications System' 
JOHN W. SMI I Hf, SENIOR MEMBER, IRE 

Summary—When high-power transmission is considered in the 
vhf region, it is implied that ionospheric scatter propagation is con¬ 
templated. The type of modulation that best fits the propagation 
mode is considered especially fm and SSB. This discussion shows 
that SSB is a logical choice for this type of circuit and that adequate 
frequency stability is the only requirement necessary to insure im¬ 
proved communications at vhf using this method of modulation. Some 
of the factors influencing the design of a 40-kw, duplex, vhf system 
are presented. 

IT HAS BEEN established1-2 that vhf transhorizon radio signals, because of their persistency, are suit¬ 
able for highly reliable, long distant communication 

circuits. 1 o overcome the basic transmission loss and to 
provide an adequate fade margin, relatively high power 
transmission is required. To support a single voice chan¬ 
nel at 30 me with at least a 10-db signal-to-noise ratio 
for 99.5 per cent of the time over a 900-mile path, at 
least 40 kw of transmitter power, 20-db antennas and 
dual diversity reception are required. I he same equip¬ 
ment would similarly support four voice channels with 

* Original manuscript received by the IRE, September 10, 1956. 
T Collins Radio Co.. Cedar Rapids, Iowa. 

• ' D ' wòêa.'ley ’ R- Bateman, and R. C. Kirby, “Radio transmis¬ 
sion at \ HI- by scattering and other processes in the lower iono-
sPhe«. Eroc IRE ' voL 43- PP- 11811230; October, 1955. 
„ l «9 "æ 1, 9 E ^Bettencourt, J. H. Chisholm, and J. F. 
Koche "Investigations of scattering and multipath properties of 
ionospheric propagation at radio frequencies exceeding the MUF " 
I roc. IRE, vol. 43, pp. 1255-1268; October, 1955. 

a path length of 475 miles or 16 time division multi¬ 
plexed, synchronous teletypewriter channels with 99.99 
per cent reliability on a 900-mile circuit.3

One of the major problems associated with vhf trans¬ 
horizon propagation is multipath effects. The most 
severe of these is back scatter during periods of F-layer 
propagation. Multipath delays up to 50 milliseconds may 
be encountered during conditions of back scatter. How-
exer, good antenna design should minimize such multi¬ 
path effects. Under normal conditions ol scatter propa¬ 
gation, the multipath delay within the medium should 
not exceed 20 psec. 

Since the propagation mode is subject to multipath 
delays, a broad-band modulation system would have 
drawbacks. Also, ionospheric scatter propagation is 
more effective in the 25 to 50-mc range. 1 his portion of 
the spectrum is already crowded. It is then necessary 
to employ a method of modulation means that utilizes 
a minimum bandwidth and is little affected by delay 
distortion. 

For voice transmission, single sideband (SSB) and 
frequency modulation (fm) must both be considered.4

K. M. Ringoen and J. W. Smith, “VHF transhorizon communi¬ 
cation techniques.” Electronics, pp. 154-159; May, 1956. 
i Morrow - A - J- Poté, W. H. Radford, and 

«ê ILer’ L Hr long-range communication systems,” Proc 
IRE, vol. 43, pp. 1269-1281; October, 1955. 
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Fig. 1 shows a comparison ol SSB ami narrow-band fm 
lor systems employing one and four voice channels. The 
effective channel test tone-to-noise ratio is plotted as a 
function of transmission loss lor both SSB and fm with 
system parameters as indicated. Also shown is the 
transmission loss that will be exceeded 50, 10, and 1 
per cent of the time on a typical circuit. 

Although fm does not make the most efficient use of 
bandwidth (6 times modulation frequency for a devia¬ 
tion ratio of one) and has definite threshold effects as 
indicated in Fig. 1, it does have certain characteristics 
which are desirable for scatter applications. The most 
notable are insensitivity to rapid fading as long as the 
received signal exceeds the threshold level and relative 
freedom from distortion. 

COMPARISON OF FM 8 SSB 
FOR VHF 

Fig. 1 Comparison of fm and SSB for vhf transhorizon circuits indi¬ 
cating the superiority of SSB at low signal levels. 

SSB modulation also has several advantages which 
make it attractive for scatter circuits. Among these 
advantages are the minimum use of band width, no 
threshold effects, considerably lower average power 
requirement compared to fm and considerable tolerance 
to delay distortion within the medium. On the other 
hand, SSB equipment requires high-linearity power 
amplifiers and good frequency stability. 

From Fig. 1 it can be seen that the signal on a typical 
circuit will be below the fm receiver threshold for one-
voice channel circuit 10 per cent of the time, bor four-
voice channels, the fm threshold is about at the median 
signal level. This means in the latter case that most oi 
the time the channels would be unuseable and that for 
a single voice channel the reliability would be poor. 

Teleprinter systems should be designed to operate 
with a sigmal-to-noise ratio, as measured in a 3-kc band, 
well below 10 db if high reliability is to be achieved. 
1'his completely eliminates the possibility of placing 
teletypewriter information in a voice channel, which in 
turn frequency modulates the transmitter, since then 
thefm threshold would determine the minimum usable 

signal level. During the low-signal level conditions SSB 
would be superior to fm for both voice and teletype¬ 
writer transmission. It is, therefore, concluded from 
bandwidth, flexibility, delay distortion, and signal-to-
noise standpoints that SSB is sufficiently superior to 
fm for vhf scatter circuits to offset the advantages of 
fm equipment simplicity. 

The choice of SSB modulation in the vhf range in 
turn presents frequency stability requirements which 
not long ago were considered unattainable. For SSB 
voice demodulation there is no strict frequency toler¬ 
ance that can be applied to the demodulating carrier. 
It is known that SSB voice signals can be understood 
with the demodulating carrier offset from the correct 
value by as much as 150 cycles. How ever, there may be a 
psychoacoustic phenomenon wh ich increases the intelli¬ 
gibility in the presence of noise, due to improved tran¬ 
sient response or phase coherence, when the demodula¬ 
tion carrier frequency is correct. Until such time as this 
information is available, an arbitrary tolerance for the 
demodulation carrier frequency for good quality cir¬ 
cuits has been established at about ± 20 cycles. Allowing 
10 cycles for Doppler shifts due to the medium, 5 cycles 
for the transmitter, and 5 cycles for the receiver for a 
50-mc circuit results in a frequency stability require¬ 
ment of one part in ten. 

Synchronous transmission of multiplexed teleprinter 
data5 using 2.5 to 22 millisecond pulses imposes a far 
more stringent timing requirement and consequently a 
greater frequency tolerance than SSB voice in the vhf 
range. It is advantageous to have sufficient frequency 
stability so the oscillators may be used as time references 
at both the transmitting and receiving terminals, elimi¬ 
nating the need for continuous transmission oi syn¬ 
chronizing information. Present-day oscillators are 
capable of frequency stabilities exceeding one part in 
108 per day. In terms of time, this stability would pro¬ 
duce an error of one millisecond in a period of 28 hours. 
This stability is adequate for synchronous transmission 
of teleprinter data with pulse characteristics previously 
mentioned and for transmission of SSB voice. 

It is not required that the vhf transhorizon system 
be capable of rapid shifts in operating frequency. Il 
would be feasible to engineer a vhf transhorizon system 
utilizing a crystal oscillator, the frequency of which is 
chosen for each operating frequency. Development ol 
ervs* al oscillators has not advanced to the point, how¬ 
ever, where it is relatively easy and economical to ob¬ 
tain one part in 10s stability over a wide range of oscil¬ 
lator frequencies. Considerable development has been 
expended on crystals operating in a narrow frequency 
range around either 100 kc or 1 me. 

For this reason, it appears logical to use a stabilized 
master oscillator in conjunction with a frequency stand¬ 
ard at each terminal to provide injection frequencies to 
the exciters and receivers so they may be set up at any 

5 M. L. Doelz, E. T. Heald, and D. L. Martin, “Binary data 
transmission techniques for linear systems,” submitted for publication 
in Proc. IRE. 
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Fig. 2—Frequency generating equipment. 

one of a number of frequencies separated by a distinct 
increment. Basically, a stabilized master oscillator 
functions to generate a spectrum of closely spaced fre¬ 
quencies, the stability of each being determined by the 
frequency standard. A variable frequency oscillator is 
then phase locked to one of these spectrum points. By 
taking a 1-mc oscillator and dividing its frequency to 
100 kc and to 10 kc and in turn providing these two fre¬ 
quencies to a stabilized master oscillator, it is possible 
to obtain outputs from the stabilized master oscillator 
spaced sufficiently close together to provide the injec¬ 
tion frequencies required for operation with 10-kc chan¬ 
nel spacing. When the bandwidth required for a typical 
vhf circuit is considered along with the interference that 
may be encountered as a result of meteor Doppler shifts, 
it is not logical to space channels any closer than 10 kc. 
Fig. 2 is a photograph of typical frequency generating 
equipment. This photograph shows a stabilized master 
oscillator and its associated power supply mounted on 
the left-hand rack together with a frequency divider, 
frequency comparator, high stability 1-mc oscillator 
and associated power supply on the right-hand rack. 

Since the most outstanding characteristic of vhf 
scatter progagation is its persistence, it is important 
that the reliability of the equipment used in vhf trans¬ 
horizon systems be extremely high; otherwise, the 
main system feature will be compromised. From a 
propagation standpoint, it is feasible to provide a tele¬ 
printer transmission reliability in excess of 99.9 per 
cent. To achieve a similar equipment reliability requires 
the utilization of several special techniques. 

The transmitter is generally considered to be the least 
reliable component in the system. For vhf SSB systems 
it is required that the transmitter or power amplifier 
linearity be such that the intermodulation distortion 
as measured with two tones be at least 30 db below one 
tone of the two-tone test signal. The utilization of rf 
feedback not only improves the transmitter linearity 
but also stabilizes the transmitter power output and 
stabilizes the amplifier6 phase characteristics. 

1 he reliability of a 40-kw vhf transmitter will be less 

8 \V. B. Bruene, “Linear power amplifier for SSB transmitters,” 
Electronics, vol. 28, pp. 124-125; August, 1955. 
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Fig. 3—Hybrid ring transmitter paralleling network. This network isolates the two transmitters and adds the 
transmitter outputs at the antenna. 

than the reliability of a lower power transmitter. This 
points up the need for providing standby transmitters 
at each vhf terminal and incorporating methods for 
rapidly switching a standby unit into service. Not only 
is this a costly solution in terms of primary-power re¬ 
quirements, space and investment, it is also costly from 
the standpoint of switch-over time. 

It appears more logical to utilize two completely in¬ 
dependent lower power transmitters in parallel to pro¬ 
vide 40-kw power for vhf transhorizon systems. In this 
manner, each transmitter serves as a standby for the 
other. However, some method of paralleling these units 
must be utilized to couple them into the same antenna. 
It has been found that the coaxial hybrid ring shown in 
Fig. 3 is ideal for this purpose. 

By tracing the signal routes through this circuit, it is 
found there is little coupling between the two trans¬ 
mitters. With both transmitters operating at the same 
power and phase output, all the power from each 
transmitter will be coupled to the antenna and none to 
the load. If one transmitter fails, half of the power from 
the other transmitter goes into the hybrid load, and half 
into the antenna. This means that a complete failure of 

one of the transmitters results in a 6-db decrease in 
transmitted power. No switch-over time is involved. 

A hybrid ring circuit developed for paralleling two 
20-kw transmitters over part of the vhf range is shown 
in Fig. 4. The coaxial switches on the network are 
provided for switching one transmitter directly to the 
load and the other transmitter directly to the antenna. 
This would normally be done within two or three seconds 
if one of the two parallel transmitters failed. 

Using two transmitters in parallel, a large savings in 
primary power is also realized. During some times of 
the year, propagation will be much better than at other 
times. Often 20 kw of transmitter power will be ade¬ 
quate. Under these conditions, one transmitter may be 
shut down—unless the protection against failure is re¬ 
quired—netting a large reduction in primary power 
consumption. A transmitter developed for this applica¬ 
tion employs a single 4X150A input amplifier, two 
4 X150A’s as drivers and apairof 6166’s as output ampli¬ 
fiers. Twelve db of rf feedback is used around the last 
two stages. The transmitter requires approximately a 
half-watt of input power for 20 kw of peak envelope 
output power. The plate efficiency of the final stage is 
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Fig. 4—Transmitter paralleling hybrid ring for a 
portion of vhf range. 

56 per cent at full output and the over-all efficiency of 
the transmitter is 45 per cent for 20 kw of peak en¬ 
velope output power. The power consumption of the 
transmitter is 13 kw when there is no input signal ap¬ 
plied. The third-order distortion products are at least 
30 db below one tone of a two-tone test signal at full 
peak envelope power. 

As described in the literature,1 large antennas are 
required for use in vhf transhorizon systems. The use 
of 2000 feet rhombics or antennas with apertures in 
excess of 10,000 square feet are common. For the mini¬ 
mum number of antennas to be utilized in any vhf 
system, it becomes desirable to transmit and recieve 
on a common antenna and utilize a second antenna at 
the terminal for diversity reception and transmitting 
standby antenna. 

Several problems are associated with duplex operation 
on a common antenna at the 40-kw level in the vhf 
range. The equipment itself must be well shielded so 
that radiation from the power amplifier units does not 
interfere with the operation of the receivers located in 
the same area. 

High-performance filters must be used in the trans¬ 
mitting and receiving antenna lines so the receivers and 
transmitters are effectively isolated. In one system it 
has been found that noise in the output of the trans¬ 
mitter at a frequency removed 10 per cent is —176 dbw 
per cycle bandwidth. The minimum receiver noise is 
approximately —200 dbw per cycle bandwidth. There¬ 
fore, the transmitter output noise must be attenuated 
at least 30 db if it is not to contribute to the receiver 
noise. 

Measurements on typical receivers indicate that at a 
frequency removed 10 per cent an interfering signal 
must be below a —37 dbw level if it is to result in negli¬ 
gible distortion, desensitization and cross modulation 
in the receiver. Since the transmitter power output is 
+46 dbw this means that for 10 per cent frequency 
spacing, the filters in the receiving antenna line must 
attenuate the transmitter frequency by 83 db or more. 

A rejection notch filter in the transmitter line is most 
practical to reject the noise in the transmitter output 
at the receiver frequency. Such a filter is shown in Fig. 
5. 1 his filter design was chosen because it required the 
use of coaxial line no greater than 3| inches. The at¬ 
tenuation of a filter to the transmitter frequencies is 
negligible, being less than 0.1 db. 

Fig. 6—-Two receiving band-pass filters. 

A band-pass receiver filter shown in Fig. 6 developed 
for a vhf transhorizon system consists of four coaxial 
resonators in cascade. It has an insertion loss of 1.2 db 
and is more than adequate for attenuating the 40-kw 
transmitter power sufficiently that duplex operation 
with a transmitter-receiver frequency spacing of 10 
percent is feasible. By modifying the filter arrangement 
slightly, it should be possible to provide duplex opera¬ 
tion at frequencies spaced as little as 4 per cent for a 
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system requiring a bandwidth of not more than 20 kc. 
Voice multiplexing can be accomplished by using the 

techniques normally employed in telephone carrier or 
microwave systems. However, Doppler shifts due to 
reflections from meteor trails can cause errors in tele¬ 
printer data by shifting the received frequency an 
amount equal to the mark-space shift. The maximum 
Doppler shifts that have been observed over ionospheric 
scatter circuits are less than 6 kc. If the teletypewriter 
system employs a shift from mark to space of 6 kc or 
greater, it should be impossible to experience tele¬ 
printer interference due to reflections from meteor trails. 
However, if all tones in a frequency division multiplex 
system had to be spaced at least 6 kc apart, a very large 
bandwidth would be required. Because of this fact 
and because of the 6-db loss due to peak-to-average ratio 
of a frequency division system, a time division multi¬ 
plex teletypewriter equipment is recommended. 

Diversity reception of long-range high-frequency 
AM circuits has been common practice where a high 
degree of reliability w.is necessary. Combining the out¬ 
puts of diversity receivers is accomplished by paralleling 
the audio outputs of the two receivers using a common 
detector load resistor, and cross connecting the age 
circuits of each receiver. However, with the develop¬ 
ment of scatter techniques utilizing fm or pm, the proc¬ 
ess of optimum combining of the receiver outputs has 
been more thoroughly investigated. 7

'Die two most used methods of diversity selection 
are the diversity switch where the audio from the re¬ 
ceiver with the better signal-to-noise ratio is used, and 
the diversity combiner in which both receivers con¬ 
tribute to the output at all times. The degree of con¬ 
tribution is determined by the signal-to-noise ratio of 
each receiver. The combiner technique gives the more 
desirable results because it is free from switching tran¬ 
sients, and if properly designed, makes it possible to 
obtain a better signal-to-noise ratio output than that 
of either receiver. 

If a diversity combiner is used to provide improved 
signal-to-noise ratio, the following conditions must exist: 

1) The base band output from the receivers must be 
in phase. 

2) Fhe net system gain from the transmitter through 
the medium and each receiver must be held equal 
and constant. 

7 C. L. Mack, “Diversity reception in uhf long-range communi¬ 
cations,” Proc. IRE, vol. 43, pp. 1281-1289; October, 1955. 

3) 'fhe combining curve must have the proper char¬ 
acteristic. 8

With an fm system the first two requirements are 
easily met, and the third can be met with proper 
design of the combiner. With AM systems, the require¬ 
ment is more stringent with respect to constant system 
gain a very tight age system must be employed. With 
SSB systems both items 1) and 2) must be considered — 
particularly item 1). 

In double sideband AM or fm systems the base band 
output is the result of detecting the carrier and its side¬ 
bands; therefore, the base band phase to a first order 
approximation is unaffected by time delays encountered 
by the rf signal in the medium. In SSB the output phase 
of the base band is directly dependent upon the phase 
of the received rf signal; therefore, during any path 
length changes the base band output phase will change. 

To overcome these problems, a reference signal is 
transmitted at reduced level and is received by both 
receivers. Since the frequency separation between the 
reference signal and the intelligence signals is very small 
compared to the radiated frequency, the reference signal 
will undergo approximately the same time delays in the 
transmission medium as the intelligence signals that 
are to be combined. With only one sideband, the delay 
differences do not cause serious distortion in demodula¬ 
tion, and are usually insignificant compared to the peri¬ 
od of a component of the demodulated base band. Con¬ 
sequently, if the reference signal is used in one of the 
heterodyne translation processes, any phase shifts 
caused by time delays in the medium may be made to 
cancel out. Thus, to a first-degree approximation, the 
output phase of the SSB system is now independent of 
path length variations in the medium. The reference 
signal also provides a good reference level from which 
any changes in the net system gain can be determined 
and, when properly applied, the net system gain may 
be held essentially constant. 

From the foregoing discussion it is seen that SSB tech¬ 
niques may logically be applied to vhf circuits. Ade¬ 
quate frequency stability is the only requirement neces¬ 
sary to insure improved communications by the use of 
SSB as the radiated frequency is increased. Careful 
consideration must be given to teletypewriter multi¬ 
plexing and to diversity reception techniques if the 
maximum communications reliability is to be achieved. 

8 D. G. Brennan, “On the maximum signal-to-noise ratio realiza¬ 
ble from several noisy signals,” Proc. IRE, vol. 43, p. 1530; October, 
1955. 

c 
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Single-Sideband Techniques in UH E 
Com munications* 

Long-Range 

W. E. MORROW, JR.f, C. L. MACK, JR.f, B. E. NICHOLSf, and J. LEONHARDf 

Summary—Several factors relevant to the design of uhf long-
range communication systems are analyzed. In particular, single¬ 
sideband amplitude modulation is evaluated and compared to fre¬ 
quency modulation, with special regard to : a) spectrum conservation ; 
b) performance in the presence of multipath; and c) realized channel 
signal-to-noise ratio vs total transmitted rf power. It is shown that: 

1) SSB requires one-sixth to one-tenth of the spectrum width 
required by fm. 

2) The useful bandwidth of the transmission medium in the 
presence of multipath is at least four times as great for 
SSB as for fm. 

3) The average power required for a twenty-four channel 
SSB system is about 20 decibels less than that required 
for an equivalent fm system, providing equal usable com¬ 
munications. 

System design considerations are discussed for uhf single side¬ 
band, as well as the design parameters of a particular set of equip¬ 
ment operating in the 300 to 400-megacycle band. 

The linearity of high-power klystrons is discussed, and a promis¬ 
ing technique for achieving highly efficient operation of such devices 
is described. 

Introduction 

[
N RECEN T YEARS, it has been learned that 
uhf signals of useful strength can be transmitted 
consistently to several hundred miles beyond the 

horizon. Antennas of up to 60 feet in diameter and 
transmitters of 10 or more kilowatts output power 
are employed in order to overcome the propagation 
losses which can approach values of 100 db in excess 
of free space attenuation at distances of 300 miles. 
Under these circumstances, it is important to employ 
modulation techniques which permit most efficient 
utilization of the received energy. 

In the following paper, it is shown that single-side¬ 
band modulation has significant advantages for long-
range uhf communication systems. In addition, the de¬ 
sign features of equipment fortransmittingand receiving 
uhf-SSB signals are described. 

Propagation Effects 

Knowledge of the propagation peculiarities of uhf 
beyond-the-horizon transmissions is necessary in any 
comparison of modulation techniques. Considerable 
information lias been published on uhf beyond-the-

' Original manuscript received by the IRE, September 24, 1956. 
I lie research ill this document was supported jointly by the U. S. 
Army, Navy, and Air Force under contract with Mass. Inst. Tech., 
Cambridge, Mass. 

t M.I.T. Lincoln Lab., Lexington, Mass. 

horizon (tropospheric scatter) propagation;1-7 un¬ 
fortunately, most of this information concerns the char¬ 
acteristics of narrow bandwidth transmissions. Some 
data have been published on the multipath distortion 
and frequency selective fading effects important in 
wide bandwidth transmissions. 8-10 The theory of this 
type of propagation is not yet well understood ; however, 
experiments indicate that the observed effects are due 
to inhomogeneities in the troposphere, and reflections 
from aircraft in the transmission path. 

Measurements show that the hourly median signal 
strengths typically vary over a range as great as 80 
db. In addition, Rayleigh-distributed rapid variations 
in signal strength occur at rates from about 1.0 to 50.0 
per second; the faster fading rates occur in the presence 
of aircraft. It is found that signals received on widely-
separated (>50X) antennas have uncorrelated rapid 
variations. 
The multipath delays produced by tropospheric 

transmissions are typically of the order of a few tenths 
of a microsecond; however, much longer delays can 
occur from transmission paths due to reflections from 
aircraft. In this latter case, the maximum multipath 
delay is determined principally by the antenna beam¬ 
widths and the length of the circuit. For circuits with 
antennas of equal horizontal and vertical beamwidths, 
it can be shown that the greater variations in delay oc¬ 
cur for paths along the upper and lower edges of the 
antenna beams. Fig. 1 shows a vertical cross section of a 
typical circuit with the two antennas aimed at the hori-

1 T.I.D. Report 2.4.5., “Summary of Tropospheric Propagation 
Measurements and the Development of Empirical Propagation 
Charts,’’ Federal Communications Commission (27989); October 20, 
1948. 

2 J. W. Herbstreit, K. A. Norton, D. L. Rice, and G. E. Schafer, 
“Radio wave scattering in tropospheric propagation,’’ 1953 IRE 
Coxv. Rec., Part 2, pp. 85 93. NBS Report 2459 of April 15, 1953. 

’ I. H. Gerks, “Propagation at 412 me from a high-powered trans¬ 
mitter,” Proc. IRE, vol. 39, pp. 1374 1382; November, 1951. 

4 K. Bullington, “Radio propagation variations at vhf and uhf,” 
Proc. IRE, vol. 38, pp. 27 32; January, 1950. 

6 E. C. S. Megaw, “The scattering of short radio waves by tropo¬ 
spheric turbulance,” Nature, vol. 166, pp. 1100 1104; December, 1950. 

6 K. Bullington, “Radio transmission beyond the horizon in the 
40 to 4,000 me band,” Proc. IRE, vol. 41, pp. 132-135; January, 
1953. 

7 Scatter Propagation Issue, Proc. IRE, vol. 43; October. 1955. 
8 J. II. Chisholm, et al., “Investigations of angular scattering and 

multipath properties of tropospheric propagation of short radio waves 
beyond the horizon,” Proc. IRE, vol. 43, pp. 1317 1335; October, 
1955. 

9 W. H. Tidd, “Demonstration of bandwidth capabilities of be 
yond-horizon tropospheric radio propagation,” Proc. IRE, vol. 43, 
pp. 1297 1299; October, 1955. 

10 G. L. Mellen, étal., “UHF long-range communication svstems,” 
Proc. IRE, vol. 43, pp. 1269 1281'; October, 1955. 
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zons. If it is assumed that transmissions can take place 
by a path tangent to the horizons at the transmitter 
and receiver (path TAR) and by a path at an angle a 
above the horizons (path TBR), then the difference 
in transmission delay between these two paths can be 
calculated as: 

I / I \ 
Sl Í a + a2) (1) 

c \2r / 

where 

I is the path length, 
r is the earth’s radius, 
c is the velocity of light, 
« is the angle above the horizon of the TBR path in 

radius. 

It is evident that the amplitude of the delayed signal 
(path I BR) will decrease as a increases. Assuming 
equal scattering cross sections at . 1 and B, the delaved 
signal will be 6 db lower than the signal received over 
the path TAR when a equals one-half the 3-db antenna 
beamwidth (identical antennas assumed). As a is 
further increased the delayed signal level will decrease 
rapidly. In the following discussion it will be assumed 
that the maximum multipath delay is that calculated 
for the paths (a) along the horizons (TAR) and (b) at 
an angle to the horizontal equal to one-half the 3-db 
antenna beamwidth. Fig. 2 has been prepared on this 
basis. I he delays shown in Fig. 2 agree within 20 per 
cent oi values measured on 150 200 mile circuits with 
0.6°, 2.5°, and 6.0° antenna beams. 

Multipath propagation will produce distortion of 
transmitted signals in both the time and frequency 
domain. 1 he effects in the time domain are most notice¬ 
able in the case of pulsed signals which are lengthened 
in time (smeared) by approximately the multipath 
differential time delay. In addition, various other forms 
of distortion in the pulse shape may occur. In the fre¬ 
quency domain, the multipath propagation can pro¬ 
duce variations in the levels of signals received at differ¬ 
ent frequencies (frequency selective fading). 

For the case of two paths of equal attenuation with 
a delay difference of AT seconds, the received signal 
will have the following well-known form: 

InfA T 
eT = cos —-sin 2%//. (2) 

Fig. 3 in accordance with (2) shows that the ampli¬ 
tude ol the received signal varies from zero to a maxi¬ 
mum with a frequency separation between maxima 
and minima of \, 2A T. In the case of an actual circuit, 
the attenuation of the two paths would vary consider¬ 
ably in an independent fashion and produce frequency 
selective fading typical of the other curve in Fig. 3. 

Fig. 3—Fading due to signal arriving over two paths. 

The frequency selective fading effects of uhf multi¬ 
path propagation can be approximately determined 
as follows: 

Assume that signals at frequencies / and f+Af are 
received by two paths of differential delay AT, with 
uncorrelated varying amplitudes -h and which are 
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Rayleigh distributed and have identical means. Further 
assume that ST is varying randomly over several rf 
eyries. 

At any instant the received signals will be: 

Ci = Ai sin 2ir/(+T2 sin 2ir/(/+AT). (3) 

c2 = .li sin 2t(/+A/)/+.I 2 sin ï^f+SfKt+ST)}. (4) 

.li and .1 2 are the instantaneous amplitudes. 
Sf is the frequency separ.ition of the two signals. 
ST is the multipath delay. 
We may write from (3) and (4) the ratio ot the mean 

squared signal amplitudes: 

shown in Fig. 4. In the discussion that follows, direct 
single-sideband modulation and pulse-code modulation 
will be compared with a typical fm system. Among 
the criteria that can be used for comparison of these 
modulation techniques are the factors of: 1) rf band¬ 
width required, 2) maximum channel capacity due to 
limitations set by multipath propagation, and 3) chan¬ 
nel signal-to-noise ratio for a given rf signal power. 

RF Bandwidth Required 

The bandwidths required per voice channel for each 
of these systems are noted in Table I. 

It is obvious that the SSB modulation has a signifi-

The distribution of e22/ci2 is desired, as a function of 
the product of ST. Evaluation of this distribution in a 
closed form is difficult: however, the distribution of (5) 
has been evaluated by approximate numerical tech¬ 
niques. I'he results are plotted in Fig. 4 which shows 
the per cent of lime various ratios of the two signals 
are exceeded as a function of the nondimensional 
parameter S/ST. Measurements made at S/S T ot 0.025, 
0.05, and 0.1 on a 400-mc, 200-mile circuit agree with 
Fig. 4 to within about 2 db. 

Fig. 4 -Typical spectrum allocation- frequency division multiplex 
voice channels. CCIF channel allocation for twenty-four-channel 
system. 

In multipath situations where one component ot the 
received signal is produced by reflection iront a last¬ 
moving aircraft, very rapid fluctuations will occur in 
received signal amplitude and phase. .Maximum lading 
rates and I loppier frequency shifts of from 20 to 40 cps 
have been observed on typical circuits. 

.Modulation Techniques 

At the present time, long-range uhf communications 
systems usually employ frequency modulation with fre-
quencv-d ¡vision single-sideband multiplex lor multi¬ 
channel operation. A typical spectrum allocation is 

TABLE I 

I Bandwidth per Voice Channel 

SSB ' 4 kc (which includes channel 
guard band) 

FM (deviation ratio 2.0) 24 to 40 kc (depending on in¬ 
termodulation requirements) 

8000 samples per second 64 to 100 kc 
PCM-AM 8 bits per sample 

64000 bits per second 

cant advantage from the spectrum conservation point 
of view. 

Capacity Limitations Due to Multipath 

In any discussion of propagation-bandwidth limita¬ 
tions of the various modulation techniques, it should 
be recognized that the attenuation and delay of the 
various possible propagation paths are variables de¬ 
pendent upon such factors as the number of aircraft in 
the circuit, etc. Therefore, the comparison in this dis¬ 
cussion will be on the basis of the rather severe case of 
two paths with nominally fixed delay and with Rayleigh-
distributed attenuations of equal means (Fig. 5). 

In the case of SSB modulation, the frequency selective 
effects shown in Fig. 5 will produce variations of re¬ 
ceived signal level for the various channels; however, 
intermodulation will not be produced since the propaga¬ 
tion has the characteristics of a quasi-stationary passive 
network and does not contain any nonlinear elements 
which are necessary for the production of interchannel 
cross-modulation noise in an SSB system. I'he fre¬ 
quency selective lading effects can be overcome by the 
use of multiple-pilot amplitude regulators. Fig. 5 shows 
that a single pilot amplitude regulator is effective over 
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a limited range of A/ATof perhapsO.Ol to 0.02.1 lowever, 
two pilot amplitude regulators can be arranged for 
proportional amplitude control of the frequencies lying 
between them. With this arrangement the selective 
fading can be reduced to a very few db over a range as 
great as AfST=0A to 0.2. This is possible since over a 
range of A/A7’^0.2 the variation in attenuation at two 
frequencies has been measured to be very nearlj' pro¬ 
portional to the frequency separation. If necessary, 
additional pilots can be used to obtain even greater 
band widths. 

△F X AT 
△f = Difference in frequency between 

two signals. 
AT = Delay between the two paths 

which are assumed to have 
independent Rayleigh fading. 

Fig. 5 Ratios of signal levels at separated frequencies. 

With frequency modulation, the effects of frequency 
selective fading are complex. Both intermodulation 
noise and channel level instabilities can be produced. 
Pilot regulator techniques can, of course, be used to 
overcome these level variations. Of more serious con¬ 
sequence is the intermodulation noise produced by the 
multipath propagation which results in nonuniform 
phase and amplitude transmission of the various side¬ 
bands of a frequency-modulation signal. In order to 
maintain a sufficiently low intermodulation noise level 
(40 db below signal level), operation with AfAT equal 
to 0.05 or less is usually desirable. 11

In the case of pcm, operation at a ptdse rate of less 
than 1/2AT is required for reliable separation of suc¬ 
cessive pulses. Under these conditions there is, of 
course, no channel level instability and a fixed quantiza¬ 
tion noise level. The effective modulation bandwidth 
is set by the fact that a 4-kc band requires about 60,000 
bits per second or approximately 16 bits per cycle of 
bandwidth. Thus 

11 W. J. Albersheim and J. P. Schafer, “Echo distortion in the 
fm transmission of frequency-division multiplex,“ Proc. IRE, vol. 
40, pp. 316 328; March, 1952. 

1 1 1 
△/mod. = ~ 

2 A T 16 32A T 

or 

A/AT 0.03. 

1 he bandwidth limitations of the three modulation 
techniques under multipath propagation conditions are 
summarized in Table 11. 

TABLE II 

Modulation Max. Bandwidth for Multichannel Service 
W ith Multipath Delay AT 

SSB 0.02/A T 1 pilot 
0.2/AT 2 pilots 
very large multiple pilots 

FM 0.05/AT 

PCM 0M/AT 

It is seen that SSB has significant advantages in re¬ 
gard to capacity limitations imposed by multipath 
propagation. 

Signal-to-Noise Comparisons 
Under the conditions of single voice channel opera¬ 

tion with a constant rf received signal, a comparison of 
the modulation techniques is relatively simple. Actual 
systems operate with a number of voice channels most 
of which are not energized at any given time. In addition 
the rf signal strength typically undergoes rapid varia¬ 
tions in level (fading). I hus, ior valid comparisons, it is 
necessary to determine for the various modulation sys-
tems, the probability distribution of channel signal-to-
uoise ratios given ¿i definite median rf signal. 

Sources of noise include: transmitting equipment, 
propagation (incidental noise picked up by the antenna), 
and the receiver front end. Transmitting equipment 
noise, as discussed below, can be held to quite acceptable 
limits, 55 db below the signal level being readily 
achieved through the power amplifier. The frequence 
region of importance in tropospheric communication 
systems, roughly 200 me to 5000 me, is characterized by 
very low levels of cosmic noise, generally corresponding 
to a noise temperature in the range 25°I< to 100°K. On 
the other hand, radio-irequency preamplifiers and 
mixers currently available for use in uhf receivers have 
effective noise temperatures in the range 600°I< to 
3000°K, some 8 to 20 db above antenna noise. 

Single-Sideband Madulation 
In order to compute the probability distribution of 

channel signal-to-noise ratio, it is necessary to deter¬ 
mine the following: 1) receiver transfer function; 2) dis¬ 
tribution (in time) of transmitted power per channel; 
and 3) distribution (in time) of path attenuation. 
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The receiver transfer function relates input rf signal 
power to demodulated signal-to-noise ratio. At 293° K, 
the noise power per cycle of bandwidth is 204 db below 
1 w. Assuming, for the time being a standard noise 
figure of 6 db for a uhf front end, the noise power in a 
3200-cycle channel bandwidth is minus 163 dbw. Since 
each channel occupies its own rf bandwidth and utilizes 
the facilities of the receiver independently, we can speak 
with complete generality of the receiver characteristics 
of a single channel. This is shown in big. 6, where the 
average radio-frequency power per channel is plotted 
against the resultant channel signal-to-noise ratio in the 
baseband. 

-163 -158 -153 -148 -143 -138 -133 -128 -123 -118 -113 
Average R F Signal Level in Channel (dbw) 

Fig. 6 Single-sideband receiver transfer function (6 db N.F.). 

The relationship between rf signal level and channel 
s/n ratio having been established, we might next in¬ 
vestigate the factors determining rf signal level expecta¬ 
tions on a per channel basis. Consider the multichannel 
telephone system depicted in Fig. 7 (opposite) ; each 
voice channel equipped with its own transmitter, an¬ 
tennas, and receiver. The rf signal level at the receiver 
terminals of any particular channel, assuming that the 
channel is in use, would depend upon the power capabil¬ 
ity of its transmitter, the gain of the antenna system, 
and the path attenuation at the time the transmission 
is taking place. In view of the fact that the frequencies 
of transmission are all contained in a small contiguous 
band, it would be foolish to use one antenna for each 
channel; one large antenna would give each channel a 
better system margin than several small antennas. It is 
also obvious that one uhf receiver can be used to convert 
from the transmission frequencies down to the in¬ 
dividual channel frequencies. At this point each channel 
receiver can select its 3200-cycle portion of the common 
output for ultimate demodulation. 

When considering the transmitters, however, a very 
important fact arises. Each individual uhf transmitter 
will emit a signal only when a “voice” signal energizes 
its baseband channel transmitter. No rf power will be 

required of the uhf transmitter when that channel is 
not in use. If all of the baseband channel transmitters 
were connected to one large uhf transmitter and 
automatic equipment were provided to keep the large 
transmitter at maximum power output, each channel 
would enjoy the full transmitter output so long as no 
other channel is active coincidentally. In general, with 
independent use of each channel, this can be considered 
a random time-sharing process. This situation is shown 
in Fig. 8. 

A realistic basis upon which to compute channel¬ 
loading statistics is afforded by the Bernoulli (Binomi¬ 
nal) distribution employed by commercial telephone 
companies. These statistics are appropriate to the prob¬ 
lem of total power capability required of a line amplifier 
connected to a multichannel long distance telephone 
system in which all channels are available for immediate 
use. The situation, therefore, is entirely analogous toa 
radio system in which every line is a “hot” line, i.e., con¬ 
nected at all times to telephones (or data equipment) 
at each end. 

The binominal probability distribution can be stated 
generally as follows: 

If the probability of an event E in any single trial is 
p, O^p^i, so that the probability of nonoccurrence of 
E ¡s 2 = 1—then the probability of exactly r occur¬ 
rences of E in n independent trials is given by 

In order to make use of existing Bell Telephone Labo¬ 
ratories data, it will be necessary to employ entirely 
different symbols than the standard ones shown above. 
These shall now be defined: 

Let 
Event E = transmission of energy. 

2V = total number of channels in the system. 
This corresponds to the small n in the 
normal usage, i.e., the number of inde¬ 
pendent trials available is just the total 
number of channels available. 

n = number of channels putting energy into 
line. This corresponds to r in the normal 
sense. 

r =average fraction of the time that a channel 
is transmitting. This figure, called the 
activity factor, is the actual measure of how 
busy a multichannel circuit has been and 
can be expected to be. r corresponds to p 
in the normal usage. 

&(«)= probability that n channels are transmit¬ 
ting at any given time. 

We shall rewrite the equation to conform to commer¬ 
cial usage as 

/ V\ 
*(») = ( ) tb(1 - t) '—. (/) 

\ H / 
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Fig. 7—“Exploded” view of multichannel SSB system. 
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Fig. 8 “Shared” uhf system configuration. 

1 he Bell System employs the figure r = 0.25 as repre¬ 
sentative of the busiest hour load on an intercity trunk 
line. 12 Their line amplifiers are designed accordingly. In 
actual practice, however, the largest t ever measured 
during the “busy” hour on such a trunk was 0.095 by 

12 B. D. Holbrook and J. T. Dixon, “Load rating theory for multi¬ 
channel amplifiers,” Hell Sys. Tech. J., vol. 18, pp. 624 644; October, 
1939. 

Brooks in 1940. I he trunk involved was an outgoing 
long distance line from New York City. It must be kept 
in mind that we are dealing with the statistics of the 
busy hour and that these are not at all representative of 
the kind of channel activity that would be expected on 
a sustained basis in a commercial system. However, in 
the interests of conservatism, we shall be employing 
these “busy-hour” statistics as if they were sustained 
twenty-four hours a day throughout the entire year. 

Considering a twenty-four-channel system for the 
moment , and using a value of 0.10 for r, we arrive at the 
busy-hour channel-loading distributing given in Table 
HI (next page). The fact that such an activity factor is 
the largest measured to date is understandable when one 
considers the characteristics of speech. A large part of 
the intelligence of speech is contained in its intermittent 
nature: the pauses between syllables, words, and sen¬ 
tences, and the natural pauses incidental to the average 
speaker. In addition, the normal adult must inhale 
about sixteen times a minute —a time-consuming proc¬ 
ess that is physiologically noncoincident with speech 
sounds. Add to this the requirements of signaling, refer¬ 
ence to written material, and bidirectional flow of in¬ 
formation, and it soon becomes clear that an activity 
factor of 10 per cent on every channel of a high capacity 
system is representative of a “busy” hour indeed. 
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TABLE III TABLE IV 13

umber of Channels Coinciden¬ 
tally Using the Transmitter 

Per Cent of Time During 
Busy Hours (r = 0.10) 

0 
1 
2 
3 
4 
5 
6 
7 
8 
9 
10 

24 

7.98 
21.27 
27.18 
22.15 
12.91 
5.74 
2.02 
0.58 
0.14 
0.03 
0.00 

o’00 

Since equally appropriate data are not available for 
teletype or data links, similar measurements will have 
to be made on systems involving these types of trans¬ 
mission. It will be seen, however, that a transmission 
technique which characteristically uses transmitter 
power when no information is being conveyed is intoler¬ 
ably inefficient when viewed in the present frame 
of reference. 

The next question is: What fraction of the trans¬ 
mitter’s power output is available to any given channel 
in the system? We predicate our discussion on a scheme 
wherein the transmitter is kept fully loaded, inde¬ 
pendently of the number of channels simultaneously 
using it. A definition of “fully loaded” is required. 

The usual fixed limitation of a single-sideband trans¬ 
mitter is its peak power capability. This may be the 
saturation level of the final tube in the transmitter, or 
the allowable limitation from the standpoint of distor¬ 
tion. In a random signal of the type resulting from a 
single voice or a multiplexed combination of voices, an 
agreement must be reached as to what is the peak power 
level of the distribution. The figure used as a basis for 
the work reported on in this paper is that power ex¬ 
ceeded one per cent of the time in a “continuous” speech 
wave. (That is, without the loading factors discussed 
above.) It is found that the ratio of this power level to 
the average power level is 11 db. After conversion of the 
speech wave in a multiplex voice channel, the same ratio 
obtains. If clipping or pre-emphasis is applied before 
multiplex conversion, the peak-to-average ratio of the 
distribution after conversion is still 11 db. 13 When two 
or more multiplexed voice channels are added together, 
the resultant peak-to-average ratio is as given in Table 
IV. (The leveling off at 8.2 db is merely an expression 
of the factors involved in the central-limit theorem as 
they apply to this case.) We define: A transmitter is 
fully loaded when its peak power capability is being 

13 These data originate from studies made by I). Karp at Mil. 
Lincoln Laboratory. 

Number of Voice 
Channels Con¬ 
tributing to 
Distribution 
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exceeded one per cent of the time. Its average power 
output can be inferred from the data of Table IV. The 
average power in each channel is also tabulated. 

It would at first sight appear that the question as to 
the power available for each channel is answered by a 
comparison of Tables III and IV, e.g., with an activity 
factor of one-tenth there will be two channels coinci¬ 
dentally active 27 per cent of the time and they will 
each have an average power 12.5 db below the trans¬ 
mitter’s peak capability. An example will show that 
this is not the distribution of primary interest in our 
particular problem. 

Consider a two-channel system with an activity factor 
of one-fourth ; Fig. 9 indicates channel activity as dashes 

Tronsmission in Chonnel 

No Transmission in Chonnel 

Tronsmission in Both Channels 

Fig. 9—Example of channel activity—two-channel system. 

along the time axis. As might be expected on a random 
basis, the fraction of the total time during which two 
channels are transmitting is one-sixteenth. The fraction 
of the time during which neither channel is transmitting 
is 

1 - (1/4 + 1/4 - 1/16) = 9/16 = (3/4)2. (8) 

However, it is of little importance to the individual 
using channel 2 that he could have had the entire trans¬ 
mitter to himself, if he had used it when he didn’t. What 
is important in any given channel is the distribution of 
the transmitter power available to that chanel when it is 
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in use. Consequently, we must modify our calculations 
to make use of the conditional probability, b(n), (n 1 ) 
rather than the normal channel-loading expression of 
(7). Since we have merely reduced the number of al¬ 
lowed alternatives by one while maintaining the same 
activity factor, it is not surprising to find that the con¬ 
ditional probability is given by the Bernoulli distribu¬ 
tion of N — 1 channels, where n now becomes the number 
of other channels sharing the transmitter power at any 
instant of time. The resultant distribution of channel 
power for the case of a twenty-four-channel system 
during the “busy hour” is given in fable V. 

TABI.E V 

N umber 
of 

Other 

Users 

Average Power in 
Each Channel 
(Referred to 

Transmitter Peak) 

Per Cent of the 
Time a Given 
Channel Is 

in Use 

Average Power in 
Channel Referred 
to Upper Bound 
(db re.— 11 db) 

0 
1 
2 
3 
4 
5 
6 
7 

-ll.Odb 
-12.5 
-13.4 
— 14.2 
-15.2 
-16.0 
-16.7 
— 17.2 

8.9 
22.6 
27.7 
21.5 
12.0 
5.0 
1 .7 
0.6 

0.0 db 
-1 .5 
-2.4 
-3.2 
-4.2 
-5.0 
— 5.7 
-6.2 

It is seen that any given channel will have the full 
transmitter exclusively to itself approximately 9 per cent 
of the time, giving a channel average power 11 db below 
peak transmitter power, but that the channel power 
will be 4.2 db below this figure during 12 per cent of its 
use and so on. The fourth column is referred to the 
maximum power available to a channel, while the third 
column gives the per cent of time during which this 
implicit “loss of power” occurs. 

Given the transfer function of the receiver as it per¬ 
tains to any given channel, the statistics governing net 
path attenuation between antenna terminals, and the 
distribution of the transmitter power in a channel dur¬ 
ing a period of peak system utilization, we are ready to 
calculate the net distribution of channel signal-to-noise 
ratio. There remains one additional aspect of the prob¬ 
lem, however, which should be treated as a separate 
matter. 

The usual procedure in the design of these long-range 
systems has been to decide what short-term signal 
quality is considered acceptable, e.g., what s/n ratio 
should be exceeded 99 per cent of the time during aux 
one hour, and then to express the reliability (or per¬ 
formance) of the system as the percentage of the annual 
hourly medium signal levels which will provide such 
short-term signal quality. It is a characteristic of the 
propagation that low signal levels are accompanied by 
rapid fading having an essentially Rayleigh distribution 
of amplitude, and it is just these low hourly medians 
that are of prime importance in determining system 
reliability. During such an hour, the effective path at-
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tenuation varies over a range of 26 db between the first 
percentile and the ninety-ninth percentile, and it does 
so with a time constant ranging from a fraction of a 
second to many seconds—just the sort of time scale 
with which the channel power might be expected to 
vary. The point arises: given that the distributions of 
transmitted power and path attenuation are independ¬ 
ent, what is the net distribution of received power within 
the hour? Since all operational circuits employ diversity 
reception, the distribution of effective path attenuation 
used in the calculation should be one describing a di¬ 
versified system. A very significant advantage of a single¬ 
sideband receiver is the fact that, having a linear trans¬ 
fer function down to the bitter end, it makes full use of 
the type of combiner diversity described in a previous 
report. 14 As to the order of diversity, many factors lead 
us to the choice of fourth order, not the least of which 
is the system-sparing philosophy expressed in a later 
section of this paper. Following the nomenclature sug¬ 
gested by Brennan,’5 we shall call this particular type 
of diversity “maximal-ratio combination” to distinguish 
it from the type discussed later on. The general form of 
the distribution has been given bySichak l6 and others, 15-17 
we shall use the density function 

1 
SM = --— pC^c^c (0 £ pe£ (9) 

\m - 1)! 

where pc = power signal-to-noise ratio after combina¬ 
tion, and m= order of diversity. 

In order to make use of (9) tor our present purposes, 
we must recall that p, is the effective received signal-to-
noise ratio given a constant transmitted power and, 
since the noise injected into the system is effectively a 
constant, that gm(p<) is equally well the density func¬ 
tion describing the effective received power. The tabu¬ 
lated variable given in the fourth column of 'Fable V, 
call it pi, is the ratio of the transmitted average power 
in each channel to the maximum average power avail¬ 
able in the transmitter (11 db below its peak power 
capability). If the maximum average channel power is 
employed in the calculation of the hourly median, then 
the sum (in <lb) ot pt and pc will be the effective received 
power within the hour. A knowledge of the distribution 
of pi+pc will then permit us to calculate a combined 
“fading margin” plus “channel-competition margin” for 
this particular system. The distribution of pi+pc for 
twenty-four channels has been evaluated by machine 
calculation and appears, in the form of the cumulative 

14 C. L. Mack, “Diversity reception in uhf long-range communica¬ 
tions,” Proc. IRE, vol. 43, pp. 1281-1289; October, 1955. 

15 Studies performed by 1). G. Brennan at M ET. Lincoln Lab. 
16 F. J. Altman and \\ . Sichak, “A simplified diversity communi¬ 

cation system for beyond-the-horizon links,” IRE Transí, vol. CS-4, 
pp. 50-56; March, 1956. 

17 II. Staras, “The statistics of combiner diversity,” Proc. IRE, 
vol. 44, pp. 1057-1058; August, 1956. 
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function, in Fig. 10. A plot of the fourth-order diversity 
distribution is included for purposes of comparison. The 
ordinate scale has been plotted in db relative to the 
median of the nondiversified received signal since this is 
the median resulting from system calculations employ¬ 
ing the long-term path loss. Noting in particular the 
ninety-ninth percentile, we see that the short-term 
fading allowance that must be made in system design 
calculations, contingent on the coincidence of a high 
activity factor and a low hourly median, has gone up 
3.5 db. When more precise data are available from 
operational systems in existence, it may be possible to 
generalize the treatment to include the long term dis¬ 
tribution of activity factor vs the annual distribution of 
hourly medians. Until such time, however, the “busy 
hour” must be applied against the lowest medians and 
the resultant “fading allowance” considered an addi¬ 
tional margin of safety. 

Fig. 11—Combined distributions for various cases. Case I: Twenty-
four channels, r = 0.10, fourth-order maximal-ratio diversity. 
Case II: Twenty-four channels, r=0.25, fourth-order maximal-
ratio diversity. Case III: Sixty channels, r = 0.10, fourth-order 
maximal-ratio diversity. Case IV: Sixty channels, r = 0.25, fourth¬ 
order maximal-ratio diversity. 

Peak Signal To RMS Noise Ratio 

Fig. 12 Articulation intelligibility. Upper curve: With compandor. 
Lower curve: “Clear” speech. 

Fig. 10—Single-sideband s/n distribution. Upper curve: Fourth-order 
maximal-ratio diversity distribution. Lower curve: combined dis¬ 
tribution—twenty-four channels, r = 0.10, fourth-order diversity. 

Additional curves involving the parameters r and A 
have been plotted in Fig. 11. 

It remains to compute the value oi median received 
signal power required to provide “acceptable ’ short¬ 
term signal quality for the twenty-four-channel exam¬ 
ple. What is acceptable signal quality will obviously 
depend on the type of signaling being employed in the 
system, in the case of speech, the situation is repre¬ 
sented in Fig. 12 in terms of the per cent of errors made 
in the reception of unrelated words; the standard articu¬ 
lation test. In the case of teletype tone converters 
presentí) available as commercial equipment, a 13 to 15-
db signal-to-noise ratio is generally required for very 
good copy, a signal which is fluctuating with occasional 
excursions as low as 10 db above noise will print errors. 
Consequently, when the hourly median signal level has 
fallen to the point that the distribution function given 
in Fig. 10 corresponds to a 10-db signal-to-noise ratio 

one per cent of the time during an hour, we say a mini¬ 
mum acceptable signal quality obtains. A lower median 
is considered system failure. The performance at a 
minimum median signal level of a twenty-four-channel 
single-sideband system is shown in Fig. 13. Note that the 
median rf signal level required for such a distribution is 
approximately minus 150 dbw. 

In the preceding analysis, no use has been made of 
speech compression techniques. ( ompandors (see big. 
12) provide at least two notable advantages: 1) They 
suppress additive noise in the presence of speech, and 2) 
the)' reduce the wide disparity in talker levels, tending 
to give every one a fairer share of the transmitter power. 
It should be pointed out that these techniques are useful 
whenever one is dealing with a linear system, i.e., a sys¬ 
tem employing a demodulation technique that converts 
the rf signal-to-noise ratio directly to baseband signal-
to-noise ratio. In the case of bandwidth exchange sys¬ 
tems, a baseband s/n improvement is realized for strong 
signals but a completely useless post detection signal 
results from weak rf signals. As far as compandors are 
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Fig. 13—Minimum “acceptable” channel quality (channel s/n§10 
db during 99 per cent of hour). 

concerned, the experience in the field has been that they 
actually deteriorate the performance of an fm system— 
the noise bursts occurring during facies are accentuated 
by the expander at the expense of the speech (or data) 
wave. 

Frequency Modulation 

In view of its convenience at the time and with regard 
to its apparent advantages of signal-to-noise enhance¬ 
ment, frequency modulation was the preferred modula¬ 
tion technique in the early days of uhf long-range 
systems development. Since all operational systems in 
existence today employ fm, and with virtually identical 
modulation parameters, it would be well to include—for 
the sake of comparison—the essential performance 
characteristics of an fm system. 

Consider, for example, a twenty-four channel system 
whose baseband, as in the SSB case, goes up to 108 kilo¬ 
cycles. In deciding on a deviation ratio for an fm system 
whose performance is to be judged at low rf signal-to-
noise ratios, one is led to a low deviation ratio from con¬ 
siderations of minimizing noise bandwidth and to a high 
deviation ratio from considerations of noise suppression 
characteristics. 1819 The optimum is approximately one 
and one-half, although systems in use today employ a 
slightly higher ratio. Since distortion must be held with¬ 
in acceptable limits, at least the second-order sidebands 
of the resultant signal must be transmitted and re¬ 
ceived, giving a net rf bandwidth of 648 kc. The total rf 
(actually IF) noise present in such a bandwidth after 
a front end with a 6-db noise figure is minus 140 dbw. 

The channel activity factors discussed above are 
pertinent in a slightly different way to the fm system as 
well. Since each multiplexed channel will contribute to 
a baseband signal having a resultant amplitude distribu¬ 
tion whose peak values must not excessively deviate the 

18 H. S. Black, “Mcxhilation Theory,” D. Van Nostrand Co., Inc , 
New York, N. Y., ch. 14; 1953. 

19 F. L. H. M. Stumpers, “Theory of frequence-modulation noise,” 
Proc. IRE, vol. 36, pp. 1081-1092; September, 1948. 

frequency being transmitted, the Holbrook 20 loading 
statistics are applied to determine the allowable (fixed) 
level in each channel. For twenty-four channels the al¬ 
lowance is 16.7 db below the maximum deviation capa¬ 
bility of the system. 1 he resultant channel signal-to-
noise ratio as a function of received rf signal level is 
given in curve A of Fig. 14. If automatic loading tech¬ 
niques were applied to this case, an average 5-db ad¬ 
vantage might be expected, and this is reflected in curve 
B of big. 14. Note that these considerations apply to 
the demodulated signal-to-noise ratio only above thresh¬ 
old; a circumstance fundamentally different from that 

RF Received Signal Level 

Fig. 14—FM receiver transfer function (6 db N.F., twenty-four 
channels). Curve A: Fixed Holbrook loading allowance. Curve B: 
With automatic load control, assuming r = 0.10. 

To see what distribution of channel signal-to-noise 
ratios might result from any partietdar hourly median 
rf signal level, it is again necessary to combine the re¬ 
ceiver transfer function with the appropriate diversity 
distribution. Considering diversity systems presently 
developed and demonstrated, the technique affording 
the best near-threshold performance in an fm system is 
that called “linear adder,” 16 later called “equal-gain 
combiner ’ in the frame of reference developed by 
Brennan. Fig. 15 shows the fourth-order distribution 
of predetection signal-to-noise ratio and, through refer¬ 
ence to curve B of Fig. 14, the distribution of post¬ 
detection channel signal-to-noise ratio at a time when 
the lowest acceptable level is exceeded 99 per cent of 
the time during an hourly median. In this case, the 
minimum required hourly median of received rf signal 
level is minus 130 dbw; some 20.5 db above that re¬ 
quired in the SSB case. For purposes of comparison, the 

20 B. D. Holbrook and J. T. Dixon, “Load rating theory for mul¬ 
tichannel amplifiers,” Bell Sys. Tech. J., vol. 18, pp. 624-644; Octo¬ 
ber, 1939. 
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channel s/n ratio distribution given in Fig. 15 for the fm 
case is repeated in Fig. 16 with the channel s/n ratio 
distribution of the equivalent SSB system. By ‘‘equiv¬ 
alent” is meant: the same number of channels, activity 
factor (0.10), average transmitter power, antenna sys¬ 
tem, length of path, order of diversity (although the 
more advantageous type of diversity has been employed 
in each case), and receiver noise figure. It might be ar¬ 
gued that the same average transmitter power should 
not be used in each case since the efficiency of an SSB 
power amplifier is less than that of an im power 
amplifier. This may not be the case very much longer as 
will be seen in a later section of the paper. 

Fig. 15—FM s/n distribution when received median is minus 130 
dbw. Lower curve: Received rf signal distribui ion (fourth-order 
equal-gain diversity). Upper curve: joint distribution—twenty-
four channels, r = 0.10, fourth-order diversity. 

Fig. 16 System comparison: FM vs equivalent SSB. 

[ he advantages of SSB can be partially summarized 
as follows: 1) spectrum conservation, 2) superior per¬ 
formance against multipath, and 3) less power required 
for a given channel signal-to-noise ratio. 

UHF-SSB System Design 

Among the design problems of a multichannel uhf-
SSB tropospheric radio system are: frequency con¬ 
version of the telephone multiplex signals to uhf; effi¬ 
cient generation of high-power uhf-SSB signals with a 
minimum of distortion, and transmission and reception 
of SSB signals through a medium having frequency 
selective fading and Doppler frequency shifts described 
in the section above on propagation. 

Frequency Conversion 

There are two basic techniques for the conversion of 
multiplex signals to higher frequencies: the filter 
method, and the phase shift method in one of its varia¬ 
tions. 21 With either technique, the multiplex signals are 
converted to a higher frequency by mixing with a car¬ 
rier signal in a balanced modulator which provides for 
rejection of the carrier. \\ ¡th the phase shift techniques, 
one of the two sideband outputs generated by the mixing 
process is cancelled by adding the outputs of two bal¬ 
anced modulators whose input signals have been suita¬ 
bly shifted in phase. In order to obtain 40 db of sideband 
rejection with this technique, it is necessary to maintain 
the signal amplitudes to within 1 per cent and the phase 
angles to within less than 1.0°. I his requires the use of 
extremely accurate and highly stable components. 1 he 
one advantage of this technique is that it is possible to 
convert the signals directly to the desired frequency. 
With the filter technique, the desired sideband is se¬ 
lected by an appropriate band-pass filter which can re¬ 
duce the other sideband to an arbitrarily low level. The 
filter technique usually requires two or more frequency 
conversions and filtering precesses because ot restric¬ 
tions on the realizability ol the uhf band-pass filters 
required for a single conversion. For the case of two 
conversions, it is possible with present uhf idler tech¬ 
niques to reject sidebands and image responses as close 
as 1 or 2 per cent. This permits a first conversion fre¬ 
quency of 10 to 20 me. With recent developments in 
crystal filters, it is possible to achieve band-pass filters 
at 10 to 20 me which pass a desired sideband of 10 to 
100 or more kc from carrier frequency while rejecting 
the other sideband by 40 db or more. 

Generation of High-Power I HF-SSB Signals 

High-power uhf-SSB signals can be generated by 
either uhf triode-tetrode linear power amplifiers or by 
klystron power amplifiers. I he choice of amplifier type 
is governed by the efficiency that can be achieved while 
maintaining intermodulation distortion at a desired 
level. The linearity requirements of typical systems are 
that with uniform noise loading of the transmission band 
the third-order intermodulation products be at least 40 
db down from signal power as measured in identical 

21 Black, op. cit., ch. 11. 
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bandwidths. I o achieve the required linearity with 
triode or tetrode power amplifiers, operation in class 
.11 or ABi is necessary with resulting poor efficiency. 
1 oi this reason, the use oi high efficiency klystron power 
amplifiers of the type described below is verv attractive. 

Transmission and Reception of SSB Signals 
A single frequency called the pilot, derived from the 

carrier used in the first conversion, is transmitted along 
with the upper sideband signals. This plot is used in the 
receiver lor mixing with the sideband sigmils to produce 
the original multiplex signal. 1 he relationship between 
the pilot and sideband is preserved in the frequency 
conversion process in the exciter and during transmis¬ 
sion through a medium where signals are subject to 
Doppler frequency shift. Thus, it is possible in the re¬ 
ceiver to reconstruct the multiplex signals with their 
original frequency and phase. With diversity reception, 
the output signals from each receiver are added to¬ 
gether; coherent phase relationships are therefore es¬ 
sential between these signals to realize the maximum 
advantage of diversity combination at the multiplex 
level. With a transmitted pilot, the frequency and phase 
oi the receiver output signals are not dependent directly 
on the frequency stability oi the first conversion oscil¬ 
lator, the uhf carrier frequency in the exciter, or the 
uhf Lt) signal in the receiver. 

In order to provide information to the receiver as to 
the effect propagation and multipath have on the trans¬ 
mitted signals, a reference tone oi constant amplitude 
must be transmitted along with the multiplex signals. 
In the receiver, a wide range high-speed age circuit to 
correct lor the fading is controlled by this reference tone. 
I he transmitted pilot may be used as the reference 
tone, but only the pilot end of the multiplex band will 
be kept constant in amplitude by the age action if fre¬ 
quency selective fading is present across the band. A 
slope equalizer circuit is therefore required to correct for 
the proportional frequency response distortion across 
the band caused by frequency selective fading. A tone 
inserted at the opposite end oi the band from the pilot is 
transmitted along with the pilot and the multiplex sig¬ 
nals. In the receiver, a filter extracts and detects this 
tone to develop a voltage to operate the slope equalizer 
which varies the frequency response of an amplifier 
stage linearly from no correction at the pilot end of the 
band to maximum correction at the tone end of the 
band. 

The frequency stability of the exciter oscillators and 
the receiver oscillator must be such that the received 
pilot signal will remain centered within the bandpass of 
a pilot extraction filter. This is required for the age 
system to maintain constant IF amplifier output but, 
more important, the phase of the pilot must not shift in 
relation to the multiplex signals in order that the phase 
of the output signals shall be coherent with those of 
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other receivers and thus provide for maximum diversity 
combiner effectiveness. The width of the filter must be 
such that frequency shift caused by oscillator drift and 
the Doppler effect will not exceed the phase shift limits 
of the pilot. For efficient utilization of transmitter 
power, it is desirable that the level of the transmitted 
pilot be low relative to the sideband signals. However, 
the signal-to-noise ratio for the pilot should be greater 
than the signal-to-noise ratio of a multiplex channel in 
the receiver. 1 he relative level of transmitted pilot to 
sideband signals depends upon the width of the pilot 
extraction filter which, in turn, depends upon the 
amount of Doppler frequency shift encountered, the 
stability of the exciter and receiver oscillators, and the 
tolerable loss in combiner effectiveness. 

Design oe a 300-400 MC SSB System 

following is a description of a single-sideband com¬ 
munication system for twenty-four-voice channel opera¬ 
tion at 300- 400 me. Such a system consists of an SSB 
multiplex equipment for translating the twenty-four-
voice channels into the band 12 to 112 kc, an exciter 
equipment for translating this signal band to uhf and 
amplifying it to a power level sufficient to drive the 
power amplifier, a linear power amplifier, a transmitting 
and receiving antenna system, and a diversity receiving 
system which translates the received uhf-SSB signals 
back to t he original signal band. 1 he design of the multi¬ 
plex equipment and antenna system is omitted from the 
following discussion since their design is similar to that 
presently employed in fm systems. 

Exciter 

General Features: Fig. 17 is a block diagram of the 
exciter and transmitter, lipper and lower sideband 
signals are generated by the 16-mc balanced modulator 
with suppression of the 16-mc carrier originating from a 

UHF-SS8 SYSTEM 
TRANSMITTER BLOCK DIAGRAM 

Fig. 17—Transmitter block diagram 

stable 16-mc oscillator. Signals from the upper-sideband 
filter and an added pilot at 16 me are amplified by a 
stage whose gain is controlled by the output power 
regulator and are then mixed with the uhf carrier in the 
uhf converter. 1 he uhf carrier is derived from a stable 
oscillator and frequency multiplier. Upper-sideband 
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signals of the modulated uhf carrier are selected by a 
filter and the signal appears at a low power level as a 
uhf pilot with the signal channels between 12 and 112 
kc higher in frequency than the pilot. This low-level uhf 
signal is raised in level by the IPA which drives the 
klystron power amplifier. The output power regulator 
keeps the power amplifier operating at the maximum 
peak power output consistent with distortion require¬ 
ments. 

Sixteen-MC Oscillator The 16-mc oscillator may be 
similar to the 10-16-mc oscillator described below but it 
need not be quite as stable. However, the frequency 
should not drift so as to become a significant part of the 
frequency variations within the pilot extraction filter. 

CARRIER INPUT 

Fig. 18—Sixteen-mc balanced modulator diagram. 

Sixteen-MC Balanced Modulator: Fig. 18 is a diagram 
of the balanced modulator circuit using a type 1X40 
modulator, a matched quad of germanium diodes. 
Resistive and capacitive balance controls are provided 
for the 16-mc carrier input and a capacitive balance 
control is provided for the output circuit. RF chokes 
isolate the transformer from the bridge output and 
series capacitors isolate the output circuit from the sig¬ 
nal transformer. Peak output level of the modulator is 
— 20 dbm, pilot suppression is 40 db, and intermodula¬ 
tion distortion is 50 db below the peak channel signal 
level. 

Sideband Filter: The 16-mc sideband filters is a dual 
section half-lattice crystal type and has a band-pass of 
16.012 to 16.112 me flat within 1 db and has at least 
a 40-db attenuation below 15.988 me and above 16.300 
me. Following the filter is an amplifier which makes up 
for the filter insertion loss and adds the 16-mc pilot at a 
level of 10 db below the peak level in one multiplex 
channel. A second amplifier follows with a variable gain 
controlled by the output power regulator. 
UHF Converter: The uhf converter is a IN21B 

crystal mixer mounted in a tuned coaxial line resonator. 
Upper sideband peak output level of the mixer is —20 
dbm with an intermodulation distortion 50 db down. 
Tuned coaxial line resonators form the uhf filter which 
passes the upper sideband resulting from the uhf con-

22 E. P. Felch and J. O. Israel, “A simple circuit for frequency 
standards employing overtone crystals,” Proc. IRE, vol. 43, pp. 596-
603; May, 1955. 

version and rejects the carrier and lower sideband by a 
factor of 40 db. Additional filtering is provided in the 
I PA and PA. 

Ten to Sixteen-MC Oscillator: This oscillator is based 
on a circuit described by Felch and Israel.Crystals at 
specified frequencies in the 10-16-mc range mounted in 
individual plug-in ovens are utilized and the oscillator-
tuned circuits are tunable over the band to accommodate 
any crystal. The stability requirement of this oscillator 
depends on the receiver pilot extraction filter band¬ 
width, the relative level of pilot and side-band signals, 
and the tolerable combiner loss. In this system, the pilot 
filter was chosen to be 300 cycles wide to permit the 
pilot level to be 10 db below the peak level in a multiplex 
channel of 3-kc bandwidth. An 80-cycle variation in a 
300-cycle-wide filter causes a 28° phase shift of the pilot 
and therefore a 28° phase shift of multiplex signal pro¬ 
ducing a loss of about 0.3 db in combiner effectiveness, 
an acceptable amount. Doppler frequency shifts as high 
as 40 cycles have been measured; therefore the oscilla¬ 
tors should not introduce more than another 40-cycle 
shift. Individually the exciter or receiver oscillators 
must each have a short-term stability of 20 cycles at 400 
me or a stability of five parts in 108. Short-term fre¬ 
quency drift is caused mostly by the cycling of the crys¬ 
tal oven. Long-term drift is caused mostly by aging of 
the crystal and the oven and by changing of parameters 
with age and temperature of components associated 
with the crystal such as the tube and frequency pulling 
capacitors and inductors. An afc system is included in 
the receiver that does not respond to short-term fre¬ 
quency changes but will correct the long-term drift. 

Frequency multiplication of 27, producing frequen¬ 
cies in the 270 to 430 me range, is achieved by three 
tripiers using type 6J6 twin triodes operating in push-
pull. A buffer stage is provided after the first tripler 
with high Q-tuned circuits to filter out the fundamental. 
The final filtering is achieved in a tuned coaxial line 
resonator at the uhf carrier frequency. Incidental am¬ 
plitude modulation, phase jitter, and spurious outputs 
must be kept low in the oscillator and multiplier to in¬ 
sure that resulting modulation products do not impair 
the quality of the multiplex channels. 
IPA: Signals from the uhf converter must be raised 

from a peak power level of approximately —20 dbm to 
about +20 dbm in order to drive the klystron power 
amplifier to saturation. An extremely linear intermedi¬ 
ate power amplifier is necessary in order that the total 
distortion of the signal shall be held within the over-all 
system requirements. This requires that the distortion 
products of the amplifier be about 50 db down, thus 
forcing one to the choice of an output tube which is 
capable of peak saturation power output 5 to 10 db 
greater than the peak signal power output desired. In 
this case, a tube capable of 3 to 10 w peak saturation 
power output is needed. The requirement of 50 db of 
linear gain at 1 w peak power output in the frequency 
range 300-400 me could theoretically be met by a beam-
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modulated amplifier such as a traveling-wave tube am¬ 
plifier. However, no satisfactory amplifier of this type is 
known to exist for this frequency range. The amplifier 
chosen for this system consisted of four cascaded syn¬ 
chronously-tuned class Ai stages employing 4X150A 
tetrodes. I his tube was selected since it was able to 
produce 100 milliwatts of average power output at a 
gain of 15 db per stage with distortion 50 db down. 

Output Power Regulator: The output power regulator 
is a device which automatically adjusts the input signal 
level of the power amplifier to produce the maximum 
power output consistent with a given amount of distor¬ 
tion of the output signal. The method which will be 
described here has been chosen to minimize the com¬ 
plexity of the circuit. The distortion is not measured 
directly; instead advantage is taken of the fact that the 
amount of distortion produced in the output of the 
poner amplifier is determined by the percentage of time 
the poner amplifier is driven into its nonlinear region 
of operation, namely, the saturation region of the par¬ 
ticular klystron involved. 

A block diagram of the output power regulator is 
shonn in l ig. 19. A diode power detector reproduces 

Fig. 19 -Output power regulator block diagram. 

the envelope of a sample of the rf output of the power 
amplifier. 1 he peak value of the envelope is measured 
by a peak detector. It the level of the input signal to the 
power amplifier initially is sufficient to drive some of 
the output signal peaks to the saturation region of the 
amplifier, the peak of the envelope will have a fixed 
maximum value. A certain fraction of this peak value 
provides a reference voltage to one input of a differential 
amplifier, while the entire envelope is fed to the other 
input. The diode clippers and low-pass filter network 
develop a voltage that is proportional to the per cent 
time the envelope exceeds a certain fraction of peak 
envelope. The cut-off frequency of the filter determines 
the speed of response of the regulator. The output of the 
filter is amplified by another differential amplifier which 
has a reference voltage on one input. The output of this 
amplifier is a negative voltage which controls the gain 
of a variable gain 16-mc stage in the exciter. The pilot 
level control circuit allows the power amplifier output to 
be held at any desired level when no message channels 
are in use. 

Other schemes for obtaining an indication of the dis¬ 
tortion of the output signal which have been considered, 

but not yet fully investigated, include measurement of 
the beam loss current of the klystron, and measurement 
of the second harmonic distortion content ot the output 
signal. 

Power Amplifier 

The uhf-SSB signal from the exciter must be amplified 
from a peak power level of approximately —10 dbw to 
a level of +40 dbw. The power amplifier which ac¬ 
complishes this must be linear in order that the distor¬ 
tion of the signal shall not exceed the tolerances set by 
the system requirements. In addition, high efficiency 
operation is desirable. Velocity modulation tubes have 
been found to excel in satisfying the requirements of 
linearity, efficiency, and gain. 

Linearity: The linearity requirements imposed on the 
power amplifier, for satisfactory operation of a multi¬ 
plexed SSB system, are fairly stringent. It is necessary 
that the intermodulation distortion produced by the 
amplifier be sufficiently low to prevent signals in some 
of the multiplex channels from generating interfering 
noise in other multiplex channels. To achieve this, it is 
not sufficient that the quasi-static relation of the aver¬ 
age input power to the average output power be linear. 
\\ hat is essential is that the amplifier be linear with re¬ 
spect to the instantaneous input and output signal 
waveforms. However, it has been shown 23 that neither 
a “flat’ frequency response nor a linear phase response 
is essential to the purpose of reducing intermodulation 
distortion. 

A standard measurement technique has been adopted 
for measuring the linearity of amplifiers for this class of 
service. I he test input signal has the characteristics of 
random noise over essentially the entire bandwidth of 
the amplifier with the exception of a narrow portion of 
the band which is left free of the input signal. The inter¬ 
modulation distortion figure is defined as the ratio of the 
output noise power per cycle in the “nonloaded” portion 
of the passband to the noise power per cycle in the 
“loaded” part of the passband. 

Although this “noise-loading” technique is equivalent 
to simultaneous transmission of n — 1 channels of an 
«-channel system, and the statistical probability of such 
an occurrence vanishes as n becomes large, the con¬ 
venience of performing the measurement and the con¬ 
servativeness of the results make this a very attractive 
method of checking the linearity of frequency-division 
multiplexed SSB systems. 

Multiple cavity power klystrons and traveling-wave 
tubes have remarkable linearity, even when driven to 
“saturation” power levels on the peaks of modulation. 
These tubes are already in use as uhf-tv linear amplifiers 
and as uhf amplifiers for fm beyond-the-horizon radio 
systems. In these applications, power gains up to 55 db 
have been realized with power outputs up to 50 kw at 

23 E. Oger, “Utilisation de la contre-réaction sur les émetteurs a 
bandes latérales indépendantes et a double band,” Annales de Radio¬ 
électricité, no. 38, vol. 9, pp. 327-341 October, 1954. 
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Fig. 20 Power transfer characteristic curve of 
Varian VA800 klystron. 

Average Power Output 
db Relative Saturation Output Power Shown in Fig. 20. 

Fig. 21 Intermodulation distortion vs average power output 
curve for Varian VA800 klystron. 

the lower uhf frequencies and up to 10 kw at the higher 
uh I frequencies. 

I'ig. 20 and Fig. 21 show the power transfer charac¬ 
teristics and intermodulation distortion measured on a 
10-kw klystron amplifier at 2200 me. 1 he klystron was 
detuned (broad banded), so that the small signal gain 
was 6 db below the synchronously-tuned gain in order 
to improve the stability and linearity of the amplifier. 
Measurements made on other klystron amplifiers oper¬ 

ating in the 300 to 400-mc region indicate that these re¬ 
sults are typical for this type of amplifier. 

The measurement of intermodulation distortion (Fig. 
21) was made with a double-sideband, suppressed-
carrier, noise-modulated input signal to the klystron. 
The modulation had the characteristics of random noise 
in the band 20 kc to 140 kc as illustrated in I'ig. 22. The 
ratio between I he peak power level which is exceeded 
one per cent of the time and the average power level of 
the signal was then 8.2 db. A sample of the amplifier 
output was demodulated and the average power was 
measured in a 2-kc band centered first at the center of 
the noise band, 80 kc from the carrier, and then (with 
the same filter) in a 2-kc band centered 240 kc from the 
carrier. The intermodulation products measured here 
were due to the second harmonics of one sideband mix¬ 
ing with the fundamental frequencies of the other side¬ 
band. The bandwidth of the amplifier and associated 
equipment was in excess of 10 me. I he noise in the 
measuring equipment was 3 to 5 db below the smallest 
noise signals being measured. Measurements on the 
same amplifiers using variations of this noise technique 
have yielded the same residts. 

INTERMOD 

fc-2OKc fc-l40Kc 

ILLUMINATED 
BAND 

ILLUMINATED 
BAND_ 

Í I NOISE I 
I I MEASURED 
i*-BAND 

2KC i, 
wide-h r 

fc+20Kc (C+I40KC 
fc+ BOKc 

MEASURED 
BAND 

fe +240KC 

f c =CENTER FREQUENCY 

Fig. 22 Xoise modulated signal for intermodulation 
distortion measurement. 

Various feedback techniques may be used to improve 
the linearity of the uhf klystron amplifier. Two methods 
have been briefly investigated: direct rf feedback and 
balanced envelope feedback. I he results of this investi¬ 
gation are by no means complete, but will be mentioned 
here to indicate some of the problems which are en¬ 
countered when applying these techniques to uhf single¬ 
sideband amplifiers. 

A moderate amount (up to 10 db) of direct rf feedback 
has b.en successfully applied to a 10 kw, 3-cavity 
klystron operating in the 400-mc region. A sample of the 
amplifier output signal was combined, through ri phase 
shifters and attenuators, with the input signal with an 
rf phase such as to produce negative feedback. I he feed¬ 
back voltage is delayed a few rf cycles, thus some phase 
distortion is introduced in the output signal; but, since 
changes in the modulation envelope occur at a relatively 
slow rate, the feedback is effective in reducing envelope 
distortion. With this arrangement (see Fig. 23) the 
amount of feedback w hich can be applied is dependent 
on the phase shift characteristics of the klystron in the 
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Fig. 23—Direct rf feedback arrangement. 

vicinity of operating frequency, as determined by the 
bandwidth of the various cavity resonators. For maxi¬ 
mum feedback without oscillation, it is necessary that 
the phase shift be controlled principally by one resona¬ 
tor. Usually the input cavity of the klystron is employed 
lor this purpose. If the input resonator is not suitable an 
external resonator may be used. In preliminary tests of 
this technique, under nonoptimum conditions, up to 6 
db reduction of intermodulation distortion was ob¬ 
tained. 

Envelope feedback is a technique in which the modu¬ 
lation envelopes of the input and output signals of an 
amplifier are compared and the difference between them 
is remodulated on the input signal in such a way as to 
reduce the difference between them (and thus the dis¬ 
tortion). This technique has been used to good advan¬ 
tage in reducing intermodulation distortion related to a 
distorted modulation envelope. 23

When applying this feedback technique to a klystron 
amplifier which is to amplify a single sideband having 
sideband frequencies which extend to 112 kc from the 
carrier (or pilot) frequency (see Fig. 24), one encounters 
many difficulties which tend to limit the amount of feed¬ 
back which can be effectively applied. 

Fig. 24—Balanced envelope feedback arrangement. 

It is assumed that the feedback network, including 
the demodulators and the remodulator must pass a band 
of frequencies from de up to at least twice the highest 
fundamental frequency of the modulation envelope (in 
this case 200 kc) in order to achieve sufficient reduction 
of distortion. It is necessary that the phase shift around 
the feedback loop be constant over this frequency range. 
Furthermore, it is required that the gain of the feedback 
loop be reduced below a gain margin of safety at som • 

frequency at which the phase shift around the loop has 
exceeded a phase margin of safety, in order that the loop 
be unconditionally stable. When this technique was 
used, less than 10 db of stable feedback could be applied 
to the 400-mc klystron amplifier. The envelope delay 
through the klystron at the modulation frequencies 
tended to become the limiting factor in the amount of 
stable feedback which could be applied, thus, phase 
correction networks could not be used to extend the 
range over which feedback could be applied. In addition, 
this delay severely limited the effectiveness of the feed¬ 
back at the higher modulating frequencies (40 kc and 
above), in that the higher-order distortion products 
were increased in amplitude while the lower-order 
were decreased. 

Efficiency: The use of triodes and tetrodes in low-
power stages confronts the designer with a not intolera¬ 
ble compromise between linearity and efficiency. The 
theoretical peak power efficiency of a class Ai tetrode 
amplifier is about 50 per cent; that of a carefully man¬ 
aged push-pull class Bi amplifier is 78 per cent. With a 
single-sideband signal having a peak-to-average power 
ratio of 8 db, the over-all average efficiencies would be 
7.5 per cent for ('lass A, and only slightly greater for 
Class B. ['his is tolerable in the case of low-power opera¬ 
tion, but when these figures are applied to an amplifier 
whose average power output is 10 kw, they’ are no longer 
tolerable. It is then necessary’ to make judicious use of 
nonlinear operation (class B and class C) in the final 
power stage with feedback employed over several stages 
to exchange gain for efficiency at an additional cost in 
complexity. 

A very different picture is emerging in the case of 
velocity-modulated-beam amplifiers. Inasmuch as an 
intrinsic separation exists between rf functions and de 
functions in such devices, the factors governing linearity 
and efficiency can be dealt with independently. 

The average beam energy of a klystron operating at 
a single-tone saturation power output level is shown in 
Fig. 25 in various regions of the tube environment. The 
saturation conversion efficiency, rf out/dc in, has been 
assumed to be 50 per cent. The upper curve depicts 
potential and average kinetic energy relationships in a 
“grounded” collector amplifier. In this scheme, half of 
the beam energy (represented as the product of charge, 
Q, and accelerating voltage, Fa) is converted into rf 
energy^ at the output gap, and the other half is con¬ 
verted into heat at the collector. The lower curve repre¬ 
sents the same relationships in an “ideal” depressed 
collector amplifier. Half of the beam energy is again 
converted into rf at the output gap, a process which de¬ 
celerates the rms beam velocity’ by a factor of l/x/2. 
The voltage of the beam power supply, VB, is set at a 
level substantially less than that of the accelerating 
supply, Fa. A retarding potential gradient now exists in 
the collector region. Those electrons having kinetic 
energies in excess of c(Fa — Uß), where e is the magni¬ 
tude of the electronic charge, will be collected, and those 
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having energies equal to or less than this will be turned 
back to the body of the klystron. If we denote the col¬ 
lector current as in and the body current as ú, the total 
power requirement of the klystron will be ÍaVa+ÍbVb-

An attempt to accomplish an increase in efficiency by 
this technique was made by Winkler 24 in 1953, but in a 
more elegant manner than that indicated in Fig. 25. 
Unfortunately the results were disappointing. 

n diruuf 
1

DEPRESSED 

OVA COLLECTOR 
I V, < V, 

Fig. 25— Average energy diagrams—graphs refer to related position 
in klystron circuit directly above. 

The authors, after reading Winkler’s excellent paper 
on the subject, made a new attempt, with the coopera¬ 
tion of the Eitel-McCullough Corp., on a standard 1-kw 
klystron in 1955. The residís were equally disappointing 
at first. l'he “normal collector” curve in Fig. 26 is typi¬ 
cal of the behavior of the collector current when the col¬ 
lector is elevated toward the cathode potential with no 
rf output from the tube. Since the kinetic energy of the 
beam is uniformly much greater than the potential 
energy of the collector under the conditions illustrated 
in this curve, there is no question of “reflecting” elec¬ 
trons from the opposing field between collector and 
body. The most satisfactory explanation is that the pri¬ 
mary elections are indeed collected but that the emitted 
secondaries are accelerated back up the tube by the 
collector field and result in a net loss of collector current. 

One method of solving the problem of secondary 
emission is to make use of the almost single-valued unit 
vector of primary electron velocity as contrasted with 
the widely dispersive nature of secondary electron tra¬ 
jectories. The classical model of a “black body” can be 
stated as: Allow radiant energy to fall on an orifice in a 
hollow cavity whose dimensions are large compared to 
those of the orifice. “Secondary” emission from any 
place on the inside of the cavity has a distribution of 

21 R. H. Winkler, “A Method of Improving the Efficiency of 
Klystrons,” Microwave Laboratory Report No. 235 (Stanford Univ.), 
May, 1954. 

Fig. 26—DC depression characteristics of three 
collector configurations. 

initial velocities over essentially 2tt steradians. The solid 
angle subtended by the orifice being small, the percent¬ 
age of escape trajectories is small. 

A collector using this principle has been given the 
nickname, “flycatcher collector.” The principle was im¬ 
mediately put to the test in the 1955 experiments (re¬ 
sults shown in Fig. 26). A sophisticated version was then 
designed by Eimac and incorporated in a 1-kw klystron 
for operation in the 2000-mc band. The de performance 
of this latter collector is shown in the top curve of Fig. 
26 (1956 model). Parametric curves of the rf character¬ 
istics of this tube are given in Fig. 27 in which a single¬ 

Fig. 27—Depression characteristics (1956 model flycatcher) 
under single-tone rf conditions. 

frequency rf drive was varied to provide an rf output 
ranging up to a saturation level of 400 w while the col¬ 
lector was held at various levels of depression. 

If the flycatcher collector were perfect, all of the 
curves in Fig. 27 would be monotonic. To know how far 
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short of “ideal” this particular collector design is would 
require a knowledge of the distribution of electron 
velocities after the beam has coupled various amounts of 
rf power into the output. Such data will presumably be 
available in a few months. It is certain, however, that 
the spread of the distribution will increase as the output 
power increases. If the output power is made to fluctuate 
between zero and saturation level, as is the case in single 
sideband, the most efficient operation can be expected 
to involve a very low value of Vb- When the tube em¬ 
ployed in the measurements shown in Fig. 27 is noise 
modulated, the data shown in Fig. 28 are obtained. 
Note that the value of ÍaVa-TÍbVb has not been mini¬ 
mized even at the maximum level of depression shown. 
The upper curve is for an underloaded case and the 
lower curve is obtained when the tube is driven to 
saturation on peaks. 

Fig. 28—Depression characteristics (1956 model flycatcher) under 
noise-modulated rf conditions. Upper curve: Average output 
power 10 db below saturation. Lower curve: Average output 
power 8 db below saturation. 

To improve the over-all efficiency still further, addi¬ 
tional collector elements can be built into the tube and 
set at a variety of voltages. The sorting process should 
take place automatically in view of the space charge 
force and the time during which it acts on a decelerated 
electron. However, if this fails in any particular in¬ 
stance, an adaptation of the “stop band” properties of 
periodic field focusing 25 should do the trick. A far more 
attractive alternative would be available if some method 
were found to cause the electron beam to interact on 
itself in the velocity analog of self inductance. If the 
velocity of the beam could be “smoothed” in some 
manner, efficiencies approaching 100 per cent could be 
achieved with a single depressed collector element. 

Meanwhile it is expected that single-sideband power 

26 J. T. Mendel, C. F. Quate, and W. H. Yocom, “Electron beam 
focusing with periodic permanent magnets,” Proc. IRE, vol. 42, pp. 
800-810; May, 1954. 

amplifiers realizing 25 per cent over-all tube efficiency 
can be built to operate in any frequency band for which 
a velocity-modulated beam tube exists. 

Receiver 

General Features: Fig. 29 is a block diagram of the 
receiver which converts the uhf signals from the an¬ 
tenna to the 12 to 112-kc multiplex equipment fre¬ 
quency range. The preselector filter in the antenna 
system is a band-pass filter rejecting the receiver image 
frequency and any nearby or associated transmitter 
frequency. A crystal mixer converts the received signal 
to the 16-mc IF by mixingwith the LOsignal originating 
from the 10 to 16-mc oscillator and frequency multiplier. 

Fig. 29—Receiver block diagram. 

A low-noise preamplifier delivers the 16-mc signals to 
the IF amplifier having a wide dynamic range, high¬ 
speed age circuit. Image frequency rejection for the 
16-mc demodulator is achieved in the sideband filter. 
The signal is further amplified and fed to the 16-mc de¬ 
modulator along with the output from the second pilot 
extraction filter, a clean 16-mc signal. Original multiplex 
signals are recovered and amplified and then combined 
with signals from other diversity receivers. The pilot 
filters and phase discriminator produce an afc signal 
that corrects the receiver LO frequency to keep the 
pilot centered within the filters. Output of the first 
pilot filter is amplified and detected and returned to the 
IF amplifier as the age voltage. 
UHF Front End: Fig. 30 is a simplified diagram of 

the uhf front end. The noise figure using a IN21D 
crystal and preselector filter to reject the image fre¬ 
quency is not greater than 6 db. Type 417A and 6AN4 
triodes form a cascode preamplifier at 16 me. Input uhf 
tuned circuits are lumped constants, a strap brass 
helical coil, and a piston type capacitor. The IF trans¬ 
former coupling the crystal mixer to the 417A grid has a 
nine to thirty-two turn transformation to match the 
crystal output impedance to the tube input impedance 
to give lowest noise figure. Local oscillator signal derived 
from a 10 to 16-mc oscillator and frequency multiplier 
similar to that of the exciter is injected through magnetic 



1872 PROCEEDINGS OF THE IRE Decembet 

B+ B + 

UHF FRONT END 

Fig. 30—Receiver front end diagram. 

coupling to the uhf signal input tank circuit. Minimum 
peak channel signal level of — 123 dbm gives a 10-db 
signal-to-noise ratio in the 3-kc-wide channel at the 
receiver output. 

IF Amplifier: Sixteen-mc IE amplification with an 
input signal level variation of 80 db is accomplished 
utilizing 6BA6 pentode tubes with age voltage returned 
to the grids. A flat passband with good rejection to 
strong signals in adjacent channels is provided. Differ¬ 
ential phase shift is minimized between pilot and all 
multiplex band frequencies throughout the gain range 
of the amplifier in order that the demodulated multi¬ 
plex signals have equal phase with other receiver out-
puts for maximum combiner effectiveness. Use of cath¬ 
ode followers between amplifier stages adequately re¬ 
duces the detuning of tank circuits by Miller effect 
capacitance change as the tube gain is varied. 

Sixteen-MC Demodulator: Fig. 31 (opposite) is a 
simplified diagram of the 16-mc demodulator, afc, age, 
and diversity combiner circuits. Demodulation of the 
multiplex signal is achieved in the tube that mixes the 
extracted pilot with the sideband signal. The sideband 
filter, similar to that of the exciter, rejects the image 
frequency band. Amplification of the signals in a feed¬ 
back amplifier and addition with signals from other 
receivers in the diversity combiner complete the signal 
channel. Bandwidth of each pilot filter is 425 cycles and 
when connected in cascade gives an effective bandwidth 
of 300 cycles. The pilot is further amplified to a level 
such that the demodulator is effectively insensitive to 
pilot amplitude variations. 
AGC Circuit: Output from the first pilot filter is 

amplified and detected to produce an age voltage that 
is fed to the IF strip through a cathode follower. A 
delay voltage of about 80 volts is provided by the second 
vacuum diode section and a silicon junction diode used 
as a constant voltage source which adds the age voltage 
to the delay voltage. W ith this circuit, the input level 
to the IF amplifier may vary 80 db from —133 dbm to 
— 53 dbm pilot level and the pilot output level of the 
IF strip will vary only |db. 

Diversity Combiner: Since the age voltage is propor¬ 
tional to the signal level, this voltage is used to control 

the action of the maximal-ratio diversity combiner. A 
stable de amplifier drives the combiner. Operation of 
the combiner has been described elsewhere. 13 Another 
control on the combiner to correct for long-term changes 
in receiver noise and gain is provided (not shown). The 
noise level in an unused channel below 12 kc is sampled, 
integrated, and subtracted from the age voltage. 

A FC Circuit: The outputs from the first and second 
pilot filters have different phase responses. These out¬ 
puts are amplified and fed to the phase discriminator 
which compares their phase to determine whether the 
pilot is centered in the filters. If the pilot is centered, 
the phases of the output signals will be equal and the 
discriminator output will be zero. If the pilot is not 
centered, the phase discriminator produces a positive 
or negative de voltage that is amplified to drive a small 
de motor which turns a piston-type trimmer capacitor 
on the receiver local oscillator to change its frequency 
a small amount until the pilot is centered in the filters. 
I'he RC integrator preceding the amplifier has a long 
time constant to make the afc insensitive to short-term 
frequency fluctuations but will respond to long-term 
frequency drift of the associated oscillators. 

Field Tests 
Field testing over a 188-mile path was initiated in 

October, 1955. i'he equipment, similar in most respects 
to that developed subsequently and described above, 
involved three conversions to the 375-mc to 425-mc 
band. I'he antennas employed were 28-foot parabolas 
and the transmitter was a 10-kw klystron operating 
without collector depression. 

Data relating to the multipath problem discussed 
above were obtained by simultaneous recording of the 
signal levels of five frequencies at intervals of 25 kc. 
Reciprocal transmissions were employed—fm one 

way and SSB the other with receivers capable of 
twenty-four-channel operation in each instance but 
employing only twelve. The results were in good agree¬ 
ment with indeed, led to an appreciation of the factors 
involved in the analysis presented above. 

Testing of diversity equipment was carried out on a 
70-mile path. 

It might be remarked that equipment reliability must 
keep pace with propagation reliability if the system 
performance discussed in the third section is to be 
realized. It has been convincingly demonstrated in the 
field that the most important adjunct to system design 
for reliability is complete redundancy in operating 
equipment. The most favorable method of implemen¬ 
tation is that in which two complete radio sets operate 
independently, i.e., such that an equipment failure in 
one set does not substantially impair the operational 
status of its parallel “twin.” Nine months’ operating ex¬ 
perience with a seventy-two-channel system employing 
such parallel “sparing” has provided only one instance in 
which both halves of the system failed coincidentally 
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Fig. 31 Receiver 16-nic demodulator and associated circuits. 
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Correspondence_ 
A Note on the Analog Computation 
of Small Quotients* 

Electrical circuits that effect division of 
one voltage by another are generally in¬ 
volved and additional complexity enters if 
one requires the instantaneous quotient of 
two rapidly fluctuating voltages. Several 
electrical analog computer techniques are 
available, and of these the method of electri¬ 
cally obtaining the antilogarithm of the dif¬ 
ference of the logarithms of a the two voltage 
is possibly attractive because it is straight 
forward and instantaneous. The logarithmic 
analog is particularly attractive for ratios in 
the neighborhood of unity. However, if the 
range of quotients or ratios is in the neigh¬ 
borhood of zero, the system is seen to fail 
because of the physical nonrealizability of 
the logarithm of a vanishingly small voltage. 

The computation of small quotients by 
logarithmic analog methods may be made 
possible and practicable to a reasonable ap¬ 
proximation by means of appropriate linear 
operations upon the electrical data before 
the logarithmic operations. These operations 
permit circumvention of the “log-zero im¬ 
passe.” 

It is not difficult to show by series ex¬ 
pansions that if (ci/r2)2<l, 

log + y) - log (r2 - y) 

= -[l+d-e2
The series converges rapidly for all ratios of 
ei to Ct less than 0.5. Table I shows the per 
cent error as a function of the voltage ratio. 

TABLE I 
Per Cent Error of Pertinent Analog 

Computation of a Quotient as a 
Function of the Ratio 

Ratio (ei/^î) Per Cent Error of Quotient (l(M)e) 
0.0 
0.1 
0.2 
0.3 
0.4 
0.5 

0.0 
0.0X3 
0.335 
0.760 
1 .363 
2.162 

It is interesting to observe that the de¬ 
sired quotient is obtained directly as the dif¬ 
ference of the outputs of the two logarithmic 
circuits. An antilogarithm circuit is not re¬ 
quired! Thus the analog computation of 
small quotients or ratios is effected through 
the electrical simulation of the operations 
on the left-hand side of the equation given 
above. Although the procedure as it stands 
is limited to small ratios, depending upon the 
goodness of the desired quotient, the method 

♦ Received by the IRE, July 19, 1956. 

is more general than may first appear. As an 
example, for larger ratios one can first re¬ 
place ei by kei where k is a sufficiently small 
number less than unity and calculate the 
ratio of kei to e2 by the above analog pro¬ 
cedure. Subsequent multiplication of the 
quotient so determined by i/k will yield 
the desired results. Fluctuation noise sets the 
practical lower limit on the smallness of e,, 
of course. 

Albert D. Bailey 
Elec. Eng. Res. Lab. 
University of Illinois 

Urbana, Ill. 

Linear Programming and Optimal 
Telecommunication Networks* 

Certain notions from the theory of 
graphs, a branch of topology, find applica¬ 
tion in telecommunication system problems. 
For example, a paper by J. B. Kruskal1 con¬ 
tains a technique which may be used in 
solving a significant minimal cost network 
problem. Other examples appear in Prihar.2

Here, however, we wish to call attention 
to the fact that the field of linear program¬ 
ming, developed in recent years, holds great 
promise for providing solutions to a number 
of important telecommunication system 
optimization problems.’ It provides a gen¬ 
eral system approach for resolving the com¬ 
plex interactions among system-switching 
and transmission capacities, users’ demands, 
and economic factors. 

In this short note we indicate the method 
by treating a simplified optimal routing 
problem in which, for brevity, switching 
constraints are neglected. Consider a tele¬ 
communication network consisting of sta¬ 
tions, each of which may originate, relay and 
receive messages. During the time interval 
T, chosen so that relatively steady-state 
conditions prevail, let d¡ be the number of 
messages which may be sent over a direct 
link from i to j (the capacity of the link), 
and let a,/ be the number of messages 
originated at i and destined for another sta¬ 
tion j. The routing doctrine is given by pre¬ 
scribing the number of messages, ultimately 
destined for k, to be sent from i over a 
direct link to j during the time t. Thus we 
define xtuíi^j, to be the number of 
messages to be sent during the interval t 
over a direct link from i toj and ultimately 

♦ Received by the IRE, July 30, 1956. 
1 J. B. Kruskal, “On the shortest spanning subtree 

of a graph and the traveling salesman problem," Proc. 
Amer. Math. Soc., vol. 7, pp. 48-50; February, 1956. 
2 Z. Prihar, “Topological propertiesof telecommuni¬ 

cation networks,” Proc. IRE. vol. 44, pp. 927-933; 
July. 1956. 

3 R. E. Kalaba and M. L. Juncosa, Res. Memo. 
RM-1687, The RAND Corporation, Santa Monica, 
Calif.; 1956. 

destined for k. For given system capacities, 
Cijt and given users’ demands, an, we seek 
an optimal routing doctrine, i.e., a set of x’s 
which will maximize the number of messages 
delivered throughout the system. 

Mathematically, the problem is to maxi¬ 
mize 

subject to the conditions 

xlik 0, (2) 

L ̂¡k S G„ (3) 
k 

52 — 52 *k<i á «>,. (4) 
k k 

The sum in (1) is the number of delivered 
messages, since x,¡¡ is the number of mes¬ 
sages sent during time t from i toj and ulti¬ 
mately destined for j. Condition (2) states 
that the x’s are non-negative, and (3) pro¬ 
vides that the individual link capacities are 
not to be exceeded. Condition (4) expresses 
the fact that the number of messages sent 
out from i, ultimately destined for j, minus 
the number of messages sent into i, destined 
for j, is no greater than the number of mes¬ 
sages originated at i and destined for j. The 
difference is the number of messages back-
logged at i and destined for j. The problem 
is readily solved using the simplex method of 
George Dantzig,4 though large problems re¬ 
quire the use of high speed digital computers. 
A central traffic control unit, so equipped, 
could expedite traffic flow by making use of 
periodic demand and system capacity re¬ 
ports. 

Great flexibility characterizes this ap¬ 
proach to telecommunication system prob¬ 
lems. Thus switching considerations are 
easily introduced into the optimal routing 
problem, and dynamic aspects of behavior 
over a sequence of intervals may be investi¬ 
gated. Even the broader field of design of 
telecommunication networks can be so 
treated. For example, a problem of the fol¬ 
lowing type can be handled: Given a) an 
existing telecommunication system, b) unit 
costs for expanding switching and transmis¬ 
sion facilities, c) predicted increases in 
future traffic demands, and d) a specified 
future grade of service, show how to aug¬ 
ment the existing system so that at minimal 
cost one may provide the specified grade of 
service to meet the increased future de¬ 
mands. Various stochastic elements may be 
introduced into the models. Finally, we note 
that various questions involving plant mod¬ 
ernization and plant expansion over a period 
of years may be similarly considered. 

R. E. Kalaba and M. L. Juncosa 
The RAND Corporation 

Santa Monica, Calif. 
* G. Dantzig. A. Orden, and P. Wolf. “The general¬ 

ized simplex method for minimizing a linear form un¬ 
der linear inequality restraints,” Pacific J. Math., vol. 
5. pp. 183-195; June, 1955. 
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Microwave Semiconductor Switch* 
The potentialities of using semiconduc¬ 

tors for modulating and switching rf energy 
have been recognized since the first uses of 
semiconductors as detectors. As examples of 
recent work other laboratories12 have re¬ 
ported the development of coaxial line filter 
switches for use at 700 and 3000 me. Semi¬ 
conductor diodes are employed as termina¬ 
tions of the branch arms of the filter. By 
changing the bias on the diodes the rf imped¬ 
ance is changed, which causes a change in 
the effective lengths of branch arms. This 
action gives rise to the switching function. 

In the Pound3 rf stabilized microwave 
system, which is in general use at both 10,000 
and 24,000 me, a small amount of modulation 
results from applying a 30-mc voltage to a 
silicon crystal diode placed directly in the 
waveguide. 

Efforts at this laboratory have resulted 
in the development of a high-speed X-band 
semiconductor switch which employs an 
»-type germanium crystal diode. Although 
the switch was tested in many forms, that 
which has the best characteristics is obtained 
with the diode placed in a well-designed 
crystal mount in the center of the waveguide. 
The solid line in Fig. 1 shows the isolation 
(insertion loss in the OFF condition) as a 
function of de bias for a 1N263, w-type ger¬ 
manium diode. For comparison a similar 
curve is shown for a 1N23B, /»-type silicon 
diode. The crystal currents are shown by 
dashed lines. For the highest currents, the 
de resistances approach 10 ohms for the 
1N263 and 30 ohms for the 1N23B diodes. 

BIAS VOLTS 

Fig. 1—The solid lines show the switching function 
of the «-type germanium 1N263 crystal diode and 
of the p-type silicon 1N23B. The dashed lines 
indicate the crystal current. The data were taken 
at 9200 me and at 0.1 milliwatt incident power. 

The data shown are for incident micro¬ 
wave powers of one milliwatt or less. Using 
two diodes, a switching isolation as high as 
10 db is obtained at powers of 50 milli¬ 
watts.4

* Received by the IRE, September 26, 1956. 
1 D. J. Grace. “A Microwave Switch Employing 

Germanium Diodes,’ Tech. Rep. No. 26, Appl. Elec¬ 
tronics Lab., Stanford Univ., Stanford, Calif., January 
17, 1955. 
1 Franklin S. Coale. “A switch detector circuit.” 

IRE Trans., vol. MTT-3, pp. 59-61; December, 1955 
• R. V. Pound, “Electronic frequency stabilization 

of mi-rowave oscillators,” Rev. Sei. Insir,, vol. 17, p. 
490; November, 1946. 

* High-speed ferrite switches, capable of handling 
large ri power, were reported by R. C. LeCraw, 
“High-speed magnetic pulsing of ferrites,” J. Appl. 
Phys., vol. 25. pp. 678-679; May, 1954, and by R. C. 
LeCraw and H. B. Bruns, “Time delay in high-speed 
ferrite microwave switches,” J. Appl. Phys., vol. 26. 
p. 124; January, 1955. One of the major advantages of 
the semi-conductor switch is the relatively insignifi¬ 
cant switching power required, even at high repetition 
rates. 

Isolations of 25 db with insertion losses 
of one db are obtained with the germanium 
diode. In comparison extensive work6 with 
silicon diodes has resulted in isolations of 
only 6 db with insertion losses of about 3 db. 
The curves of Fig. 1 may be considered typi¬ 
cal of the two types of available diodes. 

A plausible explanation of the difference 
in the switching action in the two semicon¬ 
ductors can be made on the basis that the 
effective masses of the silicon holes are 
larger than the effective masses of the ger¬ 
manium electrons. Because of this, the car¬ 
rier mobility is about three times smaller 
for /»-type silicon than for the »-type ger¬ 
manium. The microwave resistance of the 
semicondutor is dependent on the in-phase 
rf electric currents and is a function of the 
scattering of the holes in silicon and elec¬ 
trons in germanium. The microwave react¬ 
ance is a function of the storage of charges 
in the semiconductor and thus also depends 
on the inertia of the holes and electrons. 

Additional understanding of the X-band 
microwave characteristics of the switch 
is obtained from the data of Fig. 2. The solid 
lines are the normalized microwave resist¬ 
ances and the dashed lines are the normal¬ 
ized reactances. Comparing Figs. 1 and 2, 
it is seen that for the germanium 1N263 for 
the condition of minimum insertion loss the 
normalized resistance is near unity, while 
the reactance is low. The greatest isolation 
is obtained when the resistive and reactive 
components are near zero. In this condi¬ 
tion 80 per cent of the microwave energy is 
reflected, 0.3 per cent is transmitted past 
the diode and the remainder is absorbed by 
the diode. The curves given are for data 
taken at 9200 me to show the appearance of 
a resonance at this frequency for the 1N23B. 

Fig. 2—The microwave normalized resistances, 
shown by solid lines, and the normalized react¬ 
ances. shown by dashed lines, are given for the 
same conditions as Fig. 1. The resonance for the 
1N23B appears only at this frequency. 

At 5000 to 6500 me the shapes of the react¬ 
ance and resistance curves of the 1N23B are 
similar to those of the 1N263. The isolation 
characteristics become comparable at these 
frequencies. The switching characteristics 
of both diodes deteriorate at 18,000 me. 
As this frequency is approached the varia¬ 
tion in resistance with changes in bias de¬ 
creases greatly. At 18,000 me the resistance 
curve is reversed and the change in ampli¬ 
tude is small. 

» E, G. Spencer and M. A. Armistead. “Des¬ 
champs Analysis of a Crystal Modulator,” unpub-
ished DOFL Tech. Memo, September 21. 1954. 

A further important characteristic is seen 
in the measurements from 20°C. to 150°C. for 
the 1N263. These data, for a typical crystal, 
are given in Fig. 3. Only a small deterioration 
of switching characteristics is indicated. Re¬ 
peating the heating and cooling cycle pro¬ 
duced no measurable temperature hysteresis 
effects. 

20 4C 80 80 100 120 140 

TEMPERATURE *C 

Fig. 3—Switching action is given as a function of 
temperature for the 1N263. The isolation is shown 
by the curve using solid dots and the insertion loss 
is shown by the curve using crosses. 

In application these switches have been 
used with J microsecond pulses. Complete 
data are not yet available on the ultimate 
switching speeds attainable. 

M. A. Armistead, E. G. Spencer, and 
R. D. Hatcher 

Diamond Ordnance Fuze Labs. 
Washington 25, D. C. 

Electrical Engineers Are Going 
Back to Science* 
(Letter from Mr. Knoop) 

The publication of the above article 1 

could not help but evoke serious comment 
from one electronic engineer who feels that 
perhaps Professor Terman has been unduly 
restrictive in his reference of “creative engi¬ 
neering.” Let it first be said that anyone who 
has made the contributions to electronic 
engineering as a teacher, author, and pillar 
of IRE strength as has Professor Terman 
must command important and immediate 
attention. That a sound, fundamental cur¬ 
riculum in the basic sciences and mathe¬ 
matics is important and needs greater em¬ 
phasis in our educational process goes with¬ 
out question. The writer has encouraged 
many young men bent upon inventive 
careers, and about to enter college, to seek 
courses leading to degrees in physics for just 
this reason. 

However, a number of statements in 
Professor Terman’s article seem extremely 
unrealistic. Specifically, “creative engineer¬ 
ing” does not exclude a broad field of en¬ 
deavor concerned with other than circuit 
invention and basic communication system 
theory. The writer submits that one great 

* Received by the IRE. August 30, 1956. 
1 F. E. Terman, Proc. IRE, vol. 44, pp. 738-740; 

June. 1956. 
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industry failing today has little direct bear¬ 
ing on the proficiency of the engineer to 
deal with his mathematical tools or storage 
of basic science information. It is one thing 
to create a new circuit in the laboratory, anti 
quite another to reproduce it, describe it, 
manufacture and test it, and render it ca¬ 
pable of dependable field operation for a peri¬ 
od of one one-hundredth that of the lowly 
60-cycle alternator or one one-thousandth 
that of the 60-cycle transformer. 

One of the most important things Pro¬ 
fessor Terman can do to improve his curricu¬ 
lum is to teach his students to think ration¬ 
ally and deal with their fellow man in an 
honest, forthright and mutually respectable 
manner, and to express their views and con¬ 
victions understandably, simply, and fairly. 

It is suggested that many electronic 
engineers concerned with industrial applica¬ 
tions of electronics have continual occasion 
to deal with shopmen, accountants, test 
foremen, maintenance supervisors, purchas¬ 
ing agents, engineering managers, and plant 
supervisors when their performance is 
measured by comparison with men who 
have learned the fundamentals described 
above and not by being specialists having 
master’s and doctor's degrees. 

Frequently he is expected to have a 
working knowledge of beam deflections, 
stresses and strains, spring constants, 
metallurgical practice, machine tool opera¬ 
tions, and thermodynamic problems. The 
fact that 40 per cent of the authors who 
wrote papers for Proceedings of the IRE 
were majors in other than electrical engineer¬ 
ing, such as physics and mathematics, only 
reflects the editorial policy of Proceedings, 
and does not in any way reflect the propor¬ 
tion of those who have chosen other areas of 
“creative electronic engineering.” 

The heavy emphasis on science “that is 
characteristic of electronics” is no different 
than the vagaries of “boundary conditions 
of fluid flow” or “statically indeterminate 
mechanical structures” or “dynamic stresses 
in a chemical plant piping system” currently 
under study in other branches of engineering 
in which electronics may play a significant 
part. 

Let us not forget one definition of a 
creative engineer as being a man who can 
design and build something for a dollar that 
any damn fool can make for five. 

Please let us not move electrical engineer¬ 
ing away from engineering and back toward 
the sciences. Teach us to be rational men 
with a fundamental understanding of the 
behaviors of nature and provide us the 
ability to describe effectively the interrela¬ 
tionship of men, machines, and economics. 

Walter A. Knoop 
Gawler-Knoop Co., 

Roseland, N. J. 

{Author’s Comment)2
Mr. Knoop and I are closer together 

than might be realized at first glance. I 
agree that creative engineering has many 
forms, even though I cannot subscribe to the 
view that this necessarily means that seien-

2 Received bv the IRE. October 1, 1956. 

tifie tools have little direct relation with 
such matters as dependable operation. For 
example, the theory of probability, and 
statistical methods of quality control, are 
very important in obtaining reliability. 
Again, with respect to design, consider the 
lowly 60-cycle transformer. Today the man 
who has access to an electronic computer 
and knows how to put his problem on it, can 
do for $0.90 what it takes $1.00 for an old 
style designer to accomplish, and what “any 
damn fool can do for $5.00.” 

I am in ftdl agreement with Mr. Knoop’s 
view that many areas of engineering outside 
of electronics are also going back to science. 
In some of these the movement toward 
science is almost as rapid as in electronics; 
in others, it is present in a significant al¬ 
though lesser degree. In fact, almost every¬ 
where in engineering this trend is present 
to at least some extent. I did not dwell on 
this in my paper, however, because I was 
writing about electronics and electrical 
engineering, and not about other fields of 
engineering. 

The importance of a good working knowl¬ 
edge of beam deflections, spring constants, 
etc., to a man in electronics varies with cir¬ 
cumstances, and is in any event, a matter of 
opinion. It is still my belief, however, that 
when one is dealing with averages, a working 
knowledge of stresses, strains, and deflec¬ 
tions equivalent to that obtained in typical 
undergraduate courses taken by all engi¬ 
neers, is less important in electronics than 
knowledge of some other topics, as for exam¬ 
ple, solid-state physics, electromagnetic 
theory, or the scientific background of 
metallurgy. 

Every engineering educator agrees fully 
with the view that it is desirable that a 
student think rationally, deal effectively 
with his fellow man, and be able to express 
his views both orally and in writing. Al¬ 
though my paper did not make any attempt 
to discuss general education in the engineer¬ 
ing curriculum, my own views are indicated 
by the fact that at Stanford the percentage 
of general education included in the under¬ 
graduate curriculum is one of the highest 
among the four-year undergraduate engi¬ 
neering curricula in the country. In addition, 
we require of our engineers more work in 
written and spoken English than the Uni¬ 
versity requires of all students in its general 
education program. 

With respect to Mr. Knoop’s fourth 
paragraph, I do not believe that a man who 
has a good undergraduate training, and then 
goes on for the master’s or doctor’s degree, is 
any less qualified as a result of his advanced 
training to deal with shopmen, accountants, 
engineering managers, or plant supervisors, 
than men with the same undergraduate 
training and no advanced training. In fact, 
it is not even necessary to have an engi¬ 
neering training to deal with the people in 
the shop; I know some physicists and chem¬ 
ists who are superb in this regard. 

One point on which Mr. Knoop and I are 
not in agreement is the implication of the 
last sentence of his first paragraph, that 
when a young man is bent upon an inventive 
career, he should be encouraged to seek 

courses leading to degrees in physics. I do 
not feel that physics is the only road to in¬ 
ventiveness. 

Finally, I am in ftdl agreement with Mr. 
Knoop’s last sentence, in which he empha¬ 
sizes the importance of the interrelationship 
of men, machines, and economics. When this 
subject is tackled quantitatively, it leads 
one into linear programming, which is a basic 
technique of operations research, and here 
we are right back to where I came in, with 
engineers going back to science. 

Frederick E. Terman 
Dean and Provost, School of Engrg. 

Stanford Univ. 
Stanford, Calif. 

The Dirac Delta Function* 
{Letter from Mr. Clavier) 

Prof. Johnson’s little note on Dirac 
Delta function1 revives the controversy be¬ 
tween mathematicians and physicists on 
the “mathematically correct” or “usefully 
incorrect” definition of the Delta function. 
One thing however is certain: one can¬ 
not keep the same name for two entities 
which are not equivalent and for instance 
have not the same Laplace transform. None 
of the four definitions of the Delta function 
given by Johnson are “mathematically cor¬ 
rect” because they are limits, the uniqueness 
or existence of which can be doubted. For 
instance the Laplace transform of definition 
(a) is, following Johnson’s argument, truly: 

¿ [ä (Z) J = lim“ ^ [exp ( —a/r)] 

and not one which is obtained only if one 
assumes that the limit of a is used first. 
There is, however, a “mathematically cor¬ 
rect” definition of the Dirac Delta function 
one should stick to for two reasons. First, be¬ 
cause it is correct, and never ambiguous; 
second, it keeps all the useful properties 
ever derived from any of the incorrect defini¬ 
tions and increases even that wealth of 
properties considerably. 

Any integrable function can be repre¬ 
sented by its value in function of the value 
of the variable (the extension to many vari¬ 
ables is obvious) which one represents by 
/(/), but can also be represented by its 
projection on a class of particular functions, 
the class D of functions. It is then repre¬ 
sented by 

+» 
/(</>)=/-0=5 f(Jf<t>(t)dt (1) 

in which </> is any function of the class D. 
The Dirac Delta function, which has no 
correct representation of the type fit) be-

* Received by the IRE, September 10, 1956. 
1 R. A. Johnson, “A note concerning the Dirac 

Delta function,” Proc. IRE, vol. 44, p. 1058: August, 
1956. 
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cause it is not really a function, has however 
a perfectly correct representation of the 
second type. It is: 

i (Z - Zo) = <A(Zo). (2) 

The projection of integrable functions on 
the <t> space which may seem cumbersome at 
first is on the contrary in many cases very 
useful. 

There is for instance no difficulty in 
finding the derivatives of the Dirac Delta 
function, the nth derivative being given by: 

Af-fo) -0= (-1)»^(ZO) (3) 

in which the index represents the order of 
differentiation, from the simple identity: 

f'W = -fW. (4) 

That the algebra of the 0 space is not differ¬ 
ent in essence or complexity from common 
algebra stems from (2). If the projection of 
the Dirac Delta function on <Z> is ^(Zo) then 
the projection of 0 on the Dirac Delta func¬ 
tion is also 0(Zo). Replacing 0 by any inte¬ 
grable function one obtains: 

/ S (I - Zo) = /(/o). (5) 

Thus common algebra in which the repre¬ 
sentation fd) is used is none else but the 
algebra of the projections of the integrable 
functions on the Dirac Delta function. 

It happens that not all integrable func¬ 
tions can be projected fully on the Dirac 
Delta space while all integrable functions 
can be projected on the 0 space (for instance 
8(Z) á(Z) or for that matter U(t)-i(t) have 
no meaning). Because of this the algebra of 
integrable functions represented by their 
projections on the </> space is considerably 
simpler than common algebra. For instance, 
in this algebra all integrable functions are 
differentiable an infinite number of times. 

Not wishing to lengthen this note, let 
me refer any interested reader to the ap¬ 
pended bibliography and conclude by an 
example. The convolution product of two 
functions when it exists is an integrable func¬ 
tion which one can naturally project on the 
0 space. Thus: 

(f * I7)= f J" f(uiP(,)<t>iu+v)dndv (6) 

or simply: 

(f * F) -<t> = Fm •(/(„) -r^) (7) 
in which t, is for the tranlation of </>(«) on 
the « axis by an amount v. 

Replacing / by the first derivative of the 
Dirac Delta function, one obtains at once: 

(ôz (Z) * F) -<j> = F^ ■ (S’ w

= — Fm •</>(,./ = FT0 

which means that the convolution product 
of the first derivative of the Dirac Delta 
function placed at the origin with any func¬ 
tion is equal to the first derivative of that 

function or that the derivative of a function 
is none else but the convolution product of 
that function by the first derivative of the 
Dirac Delta function placed at the origin, 
. . . etc. 

Philippe A. Clavier 
Zenith Radio Corp. 

Chicago, III. 
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(Author's Comment')3
Mr. Clavier’s development of the 3 func¬ 

tion in terms of the Theory of Distributions 
is well put. It is true that in this domain 
properties of the function are readily de¬ 
rived. However, I have two criticisms to 
make. 

First of all, I feel that invoking the high-
powered Theory of Distributions which, 
in itself, entails most difficult concepts to 
explain certain difficulties in the ó function 
which is, as everyone agrees, another highly 
difficult concept is venturing into the field 
of “mathematically correct” definitions 
which due to their complexities are of little 
value in a practical sense. 

Secondly, even though the ó function 
exists and is well behaved in the functional 
representation, it still does not actually 
exist in the point function representation 
even in a Lebesgue or a Stieltjes sense. 

I feel that the ô function should be 
treated only as a convenient method of 
expressing otherwise mathematically inex¬ 
pressible concepts, for example, the deriva¬ 
tive of the Heaviside unit step function, 
in a formal manner only, since it is a physi¬ 
cally as well as a mathematically impossible 
phenomenon and is only a limiting case. 

Richard A. Johnson 
Dept, of Elec. Engrg. 

University of Manitoba 
Winnipeg, Canada 

2 Received by the IRE, October 3, 1956. 

(Letter from Mr. Lackey)3
In the August, 1956 Proceedings, 1 

Johnson writes that several different de¬ 
finitions of the Dirac Delta function are 
not equivalent because their respective 
Laplace Transforms are not identical. It 
should be noted that the three cases which 
Mr. Johnson claims do not conform, are 
defined for both positive and negative val¬ 
ues of t while his transformation integral is 
defined only for positive values of t, effec¬ 
tively changing the delta function definition. 
If, however, one uses the two-sided La¬ 
place Integral4 in determining the trans¬ 
form; namely, 

* Received by the IRE, August 23, 1956. 
4 Van der Pol and Bremrner, “Operational Calcu¬ lus based upon the Two-sided Laplace Integral," Cambridge University Press, Cambridge. England. 

“ -C 
one finds that the three cases mentioned do 
in fact have Laplace transforms equal to 
unity. This may be shown as follows: 

In the general case, 

/ |/ T (1 — p)r] — tu - prj 

where Oápál. 
The two-sided Laplace transform may 

then be written 

¿[«(Z)J = lim - f {t/[z + (1 - p)T] 
7 ’0 T J 

— U(t — pr)\e~atdl 

= Hm 1 j r ^dt -
r -0 r I J (f_, )r JpT Ç 

since i/[z + (1 — p)r] = 0 for Z < (p — 1)t 
and I '(z — pt) = 0 for Z < pr. 
We may then write 

. i r‘‘TI- D(Z) j = lint - I e~‘‘dl r—0 r j (p.| )r

= lim-- [«“*'” — p—*< —or I 
r—*o — sr 

Expanding both terms in a power series, 
we find 

¿[«(Z) ] = lim-- [1 - spr + s'pV — • 

— 1 + s(p — l)r — s^tp — IjM -J- • • • ]. 
Collecting terms and dividing gives 

L[a(Z)J = lim [p — srp2 — (p — 1) 
r-K) 

+ s(p — l)2r+ • • • ], 
and finally, 

L[i(Z)] = 1. 

R. B. Lackey 
Ohio State Univ. 

Columbus 10, Ohio 

(Author's Comment)6
I fully agree with Mr. Lackey’s note 

which is in essence the same as that which I 
recently received from J. W. Craig of M.I.T. 
My reason for using the single-ended trans¬ 
form was to illustrate that the common 
definitions of the delta functions are not 
equivalent in that sense. Most authors 
treating the transform method use the 
single-ended type (for example, Goldman) 
without illustrating the fact that the Z 
function must be zero for negative I. I felt 
that an illustration of this fact was more 
valuable than just repeating the condition. 

Further to the study of the unit impulse 
and step functions, I refer the reader to the 
consideration of such functions as U(x) and 
J(x) where x itself is either U(t) or ê(Z) or 
combinations of these. The results are curi¬ 
ous and interesting when taken in a strictly 
formal sense. 

Richard A. Johnson 

Received by the IRE, September 17, 1956. 
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RF Bandwidth of Frequency-Div¬ 
ision Multiplex Systems Using Fre¬ 
quency Modulation* 
(Letter from Mr. Hamer') 

An investigation of the fm and pm noise 
power spectra has been carried out in the 
British Post Office. Measurements have 
been compared with the theoretical results 
of Stewart1 and Bosse2 and general fm and 
pm noise spectra curves have been derived. 
Some comments on the above article3 may 
therefore be of interest. 

First, it is not clear why an arbitrary 11 
db should be introduced to define some vague 
“peak deviation.” When simulating a multi¬ 
plex signal by a band of noise, the magnitude 
of this signal can only be defined by its rms 
value, and only this value can be measured 
in an actual experiment. It may readily be 
shown that in the large deviation case, for 
example, the power density of the fm noise 
spectrum is 

where fm is the highest modulating fre¬ 
quency, X is the normalized relative fre¬ 
quency (=///m), and m is the rms modula¬ 
tion index, ¿Sf/fm- It is unnecessary to in¬ 
troduce any quasi-peak deviation. Also, 
Stewart's approximation for the low-devia¬ 
tion case, with the lowest modulating fre¬ 
quency, fa .tending to zero, is 

2m« 
AIP(x) = . 4 -- (2) T^m* + 4x2

where the symbols are as before. Again, there 
is no need to introduce a “peak deviation.” 

A second point arises here. In practice, 
f0 is never quite zero, and to a first approxi¬ 
mation the spectrum is then confined to the 
range Xoá | x| É 1 and is given by 

f-WW = SNTP-S (3) 2x2 (1 — .To) 
where 

Tfl = fa/fuf 

It does not follow, however, that (2) 
has no practical significance. It is our con¬ 
clusion that the sprectrum approximates to 
(2) or to (3) as m2/xq is greater than or less 
than unity. When m is small, but m2/xn is 
not very large or very small, the spectrum 
corresponds to neither equation, and there 
is no clearly defined step at x = ± 1. We find, 
however, that when w=0.08 and m2/x<¡ 
= 0.11, corresponding to Medhurst’s Fig. 
1, the sharp step in the spectrum is clearly 
evident. 

Third, it is worth noting that our meas¬ 
urements indicate that the spectrum is 
Gaussian within less than 1.0 db down to 
normalized power densities of —40 db when 
m>2. When m=0.86, corresponding to 
Medhurst’s criterion s/p„ = 3, the diver¬ 
gence from the Gaussian curve at power 

♦ Received by the IRE, August 24, 1956. 
1 J. L. Stewart. “The power spectrum of a carrier 

frequency-modulated by Gaussian noise.” Proc. IRE, 
vol. 42. pp. 1539-1542; October, 1954. 

- G. Bosse. “Die Berechnung des Spektrums bei 
vielkanal-richtfunkverbindungen mit frequenzmodii-
lation." Frequenz, vol. 7, p. 239; August. 1953. 

3 R. G. Medhurst, Proc. IRE, vol. 44, pp. 189-
199; February, 1956. 

densities of —40 db is greater than 10 db. 
These minor criticisms in no way lessen 

the value of Mr. Medhurst’s work, and his 
application of the noise spectra to the prob¬ 
lem of defining the operating bandwidth isa 
major contribution to the work in this field. 
It is interesting to note that we have also 
arrived at an operating bandwidth of 12 
me for a similar 600-channel system by 
somewhat less elegant methods. 

R. Hamer 
P. O. Engrg. Dept. 

Radio Lab. 
Castleton, Cardiff, Wales 

(Author’s Comment)4
It is interesting to find that so much in¬ 

dependent work has been put into this 
problem. Besides the paper under discussion 
and the report5 (which I understand is to 
be published in Wireless Engineer) of Mr. 
Hamer and his colleagues, a further contri¬ 
bution6 has appeared very recently, and 
there may well be more in the press. It is 
fortunate that differences in theoretical ap¬ 
proach and range of measurement make the 
various sets of results to a considerable ex¬ 
tent complementary. 

The 11-db peak factor was introduced to 
conform with previous usage.7 It is a purely 
“engineering” figure, and may well date 
back to the period before Landon’s clarify¬ 
ing paper,8 when it seems to have been 
thought that a definite peak of random 
noise existed, attempts being actually made 
to measure it. It may well now be prefer¬ 
able to express all results in terms of rms 
level. Of course, the introduction of a peak 
factor makes no difference to the final re¬ 
sults, provided that the constants in the 
various expressions for spectrum shape and 
distortion are properly adjusted. 

I am indebted to Mr. Hamer for illumi¬ 
nating private discussion which has clarified, 
to some extent, the question whether condi¬ 
tions exist under which Stewart’s expression 
applies. It appears certain that in all small 
deviation cases so far measured Stewart’s 
expression is not appropriate. It is also 
theoretically plausible that for a particular 
m (in Hamer's notation), some very small 
fa should exist for which the sharp discon¬ 
tinuity at the upper end of the spectrum 
will smooth out in conformity with Stewart’s 
prediction. However, it seems safe to infer 
from the trend of measurements that the 
order of smallness of fa required would be 
such as to be quite irrelevant to practical 
considerations, at least in the frequency-
division-multiplex telephony case. 

There does not appear to be any sub-

« Received by the IRE, October 1, 1956. 
‘ R. W. White, R. Hamer, and R. G. Wilkinson, 

“The power spectrum of a carrier modulated in phase 
or frequency by uniform Gaussian noise.” P.O. Eng. 
Dept., Radio Rep. No. 2414; October. 1955. 

6 J. R. \V. Smith and J. L. Slow. “Energy distribu¬ 
tion in a wave frequency modulated by a multichan¬ 
nel telephone signal,” ATE J., vol. 12, pp. 182-202; 
July, 1956. 

’ W. J. Albcrsheim and J. P. Schafer, “Echo dis¬ 
tortion in the fm transmission of frequency-division 
multiplex,” Proc. IRE, vol. 40, pp. 316-328; March. 
1952. 

» V. D. Landon, “The distribution of amplitude 
with time in fluctuation noise,” Proc. IRE, vol. 29, 
pp. 50-55; February, 1941. 
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stantial discrepancy between the measured 
results of White, Hamer, and Wilkinson4 and 
those in the paper under discussion, bearing 
in mind somewhat different modulating 
conditions. Both sets of measurements seem 
to suggest that the Gaussian curve is ap¬ 
proached closely when m exceeds a value 
somewhere between 1.0 and 1.5. Certain 
differences in detailed shape for similar in 
values are probably due to differences in 
minimum modulating frequency and in 
sharpness of cutoff at the lower end of the 
band. 

R. G. Medhurst 
Research Labs. 

The General Electric Co. Ltd. 
Wembly, England 

Pulse Narrowing by Filters* 
It is well known that passing a pulse¬ 

type signal through a filter has the effect of 
stretching out the base of the pulse. Many 
engineers interpret this to mean that the 
pulse is also stretched at its half-power 
points. It is the purpose of this note to show 
that such is frequently not the case. 

Extremely short pulses are always 
stretched somewhat by filters. However, the 
duration of a square pulse need be only a 
little over half the time constant of a low-
pass filter before the half-power width of the 
pulse is actually reduced by passing through 
the filter. Fig. 1 illustrates this phenomenon 
by showing a pulse-stretching factor which 
is the ratio of the length of a square pulse 
(at the half-power points) after passing 
through the filter to the original duration of 
the pulse. It should be noted that the output 
pulse is shorter at the half-power points for 
all pulse durations in excess of 0.56 times the 
time constant of the filter. A minimum 
length for a square pulse and a simple low-
pass filter is reached at about 0.7 times the 
original length. For very long pulses, of 
course, the percentage change is small, and 
the pulse stretching factor approaches unity 
from below as the duration of the pulse is 
increased without bound. 

The example chosen to carry out the cal¬ 
culations associated with Fig. 1 is that of a 
simple square pulse of duration T passing 
through a filter whose impulse response 
(memory function) is a decreasing exponen¬ 
tial. The pulse shortening effect is not re¬ 
stricted to such a simple class of pulses, how¬ 
ever, but can be observed with many other 
classes. It should be noted, of course, that 
the pulse is always stretched at its base even 
though it may be shortened at the half¬ 
power points by passing through the filter. 

For the example chosen the impulse 
response is given by 

m(t) = e-ffa (1) 

The square pulse is represented by 
F(t) = 0 l<0 

= 1 0 < I < T 
= 0 T < t. (2) 

♦ Received by the IRE, August 17, 1956. Work for 
this paper was performed while the author was em¬ 
ployed as a consultant to Sandia Corporation. 
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The filter output is given by the super¬ 
position integral as G(f): 

GW = f FWm(t - r)dr. (3) 
o 

Substituting into the convolution integral 
we obtain 

GW = 0 t < 0 

= f o <t <T 
J 0 

= e-^l^dr T<1 (4) 
Jo 

which integrates to 

GW = 0 Í < 0 

= T0(l - e-‘/r«) 0 < t < T 
= Toe-‘lT̂ eTir'> - 1) T <r. (5) 

The maximum value of the output oc¬ 
curs just at the end of the input pulse at 
which time the energy storage in the filter 
reactances is a maximum. The output at 
this time is given by 

of assuming that the pulse width is stretched 
at all amplitude levels by passing through a 
filter when, in fact, it is always stretched only 
at the lowest amplitude level and may in 
fact be shortened at higher amplitude levels 
such as the half-power point. 

Richard K. Moore 
Dept, of Elec. Eng. 

University of New Mexico 
Albuquerque, N. M. 

Solar Temperature and Atmos¬ 
pheric Attenuation in the 7-8 MM 
Wavelength Range* 

Measurements of the effective tempera¬ 
ture of the sun and the total vertical attenu¬ 
ation in the earth's atmosphere have been 
made with a Dicke-type radiometer.1 The 
instrument has an 18-inch paraboloidal an¬ 
tenna and is carried by an equatorial mount¬ 
ing with a clock drive. The local oscillator, 
a Raytheon QK-293 klystron, feeds a bal-

with a center frequency of 45 me and a gain 
of 100 db. The second detector is followed by 
a conventional audio-frequency amplifier, 
30 cps filter, and phase comparison detector. 

Integration time constants of 1, 5, and 
20 seconds are available. The rms noise 
fluctuation of the output is about 20°K with 
the 1-second integration time. The noise 
figure of the receiver, as estimated from the 
noise fluctuation, is about 20 db. 

A typical transit of the sun through the 
antenna beam is shown in Fig. 1 (below). 
The duration of this record is about 14 min¬ 
utes, and the time constant is 5 seconds. The 
calibration point at the left-hand side is the 
deflection produced by a piece of microwave 
absorber held in front of the antenna so as to 
fill the antenna beam. This gives a scale 
reading corresponding to ambient tempera¬ 
ture. The antenna temperature in this exam¬ 
ple is about 72O°K when the sun is in the 
beam. 

The experiments consist of measurement 
of the antenna temperature with the an¬ 
tenna pointing first at the sun, then at the 
sky at the same altitude as the sun. A series 
of such measurements at different altitudes 
of the sun, plus knowledge of the antenna 
pattern, determines the sun’s effective tem¬ 
perature and the total vertical attenuation 
in the earth’s atmosphere, under the as¬ 
sumption that the atmosphere is horizon¬ 
tally stratified.2 Results indicate a solar 
temperature at 7.5 mm of 6000 + 500°K and 
values of total vertical attenuation between 
0.3 and 0.6 db for types of weather ranging 
from clear to completely overcast with mod¬ 
erate rain. Cloud cover appears to have 
little effect on attenuation in this wavelength 
range. 

The values quoted above are in good 
agreement with the expected results based 
on extrapolation of published data on solar 
temperature at longer wavelengths,3 and 
the attenuation is in good agreement with 
the predictions of the Van Vleck theory,* 

Gm.z = Tod - (6) 

The half-power width of the output pulse 
is given by (q—G). These are defined by 

V2 
T0(l - = --- T0(l -

Toe^eTir, - 1] = ^T0(l - e~T̂ . (7) 

From this it can be seen that 

W — fi)/ To 

.(«) 

Note that the output pulse width ap¬ 
proaches the input pulse width as the input 
pulse length approaches infinity. 

It is the ratio of the output pulse width 
from (8) to the input pulse width which 
has been plotted in Fig. 1 as a function of 
the ratio of pulse duration to time constant 
of the filter. 

It is hoped that this note will help some 
of the readers keep from falling into the trap 

Fig. 1—Transit of sun through antenna beam of 7.5 mm radiometer. One division on time scale 
equals one-quarter minute. 

a need mixer which uses Sylvania 1N53 crys¬ 
tals. The intermediate-frequency amplifier 
consists of a Wallman cascode preamplifier 
followed by a nine-stage amplifier. The inter¬ 
mediate-frequency bandwidth is 14 me, 

♦ Received by the IRE, June 29. 1956. A summary 
of this work was presented at the American Astro¬ 
nomical Society meeting in Columbus, Ohio, March, 
1956. 

« R. H. Dicke, “Measurement of thermal radiation 
at microwave frequencies," Rev. Sei. Instr., vol. 17, 
pp. 268-275; July, 1946. 

2 G. R. Nicoll and F. L. Warner, “Atmospheric 
Attenuation Measurements at 8 mm Wavelength,” 
T.R.E. Memo 471; 1951. 

3 J. L. Pawsey and R. N. Bracewell, “Radio 
Astronomy.” Oxford Univ. Press. New York, N. Y., 
p. 159; 1955. 

Gene R. Marner. “Atmospheric Attenuation of 
Microwave Radiation,” Collins Radio Co. Rep 
CT R-136; 1955. 

J. P. Hagen, “Temperature gradient in the sun’s 
atmosphere measured at radio frequencies,” Aslrophys. 
J., vol. 113, pp. 547-566; May. 1951. 

* J. II. Van Vleck, E. M. Purcell, and II. Goldstein, 
“Propagation of Short Radio Waves,” M.I.T. Rad. 
Lab. Ser., McGraw-Hill Book Co., Inc., New York, 
N. Y., vol. 13, ch. 8; 1951. 
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although attenuation in cloudy and rainy 
weather is somewhat smaller than antici¬ 
pated. It is planned to investigate possible 
long-range variations in solar temperature 
and atmospheric attenuation in a wider 
wavelength region. 

This work has been supported by a grant 
from the Research Committee of the Uni¬ 
versity of Alabama. Jack Copeland designed 
and built most of the electronic units and 
helped greatly in obtaining the data. 

R. X. \\ HITEHURST AM) 

F. H. Mitchell 
Physics Dept. 

University of Alabama 
University, Ala. 

Minimizing Gain Variations with 
Temperature in RC Coupled Tran¬ 
sistor Amplifiers* 

A number of techniques for stabilizing 
the gain of an RC coupled transistor ampli¬ 
fier with temperature have been described 
in the literature.An additional method has 
been developed which may be of aid to the 
circuit designer either in combination with 
these previous techniques or by itself. 

I'he basic circuit utilized is the'cascaded 
RC coupled common emitter amplifier 
shown in Fig. 1. The voltage gain of one 

-Vcc 

+ V,, 

Fig. 1—Schematic of typical circuit. 

stage (from the base of the first transistor 
to the base of the second) as developed from 
approximate expressions’ for stage voltage 
gain and input resistance of the following 
stage can be expressed as 

_Am__ 
(hib + RAge + (1 + Am) (1) 

where ge is the total external interstage load 

* Received by the IRE, August 6, 1956, ’ R. B. Hurley. “A temperature stabilized tran¬ sistor amplifier,” IRE Trans., vol. PGCP-2, pp. 93-103; September. 1954. 
2 W. Greatbatch and W. Hirtreiter. “Germanium transistor amplifiers stable to95°C„” Proc. IRE, vol. 43, p. 1974; December, 1955. 
• A. E. Hayes. Jr. and W. W. Wells, “A simplified procedure for the design of transistor audio ampli¬ fiers.” 1956 IRE Convention Record, Part 7, pp. 45-61. 

conductance made up of resistors R2 and 
the h parameters are common base, and 

R, is the external emitter circuit resistance. 
The two transistor parameters h/b and hit 

enter into (1). The variations in the magni¬ 
tude of hfi, with temperature have a negligi¬ 
ble effect on the numerator of (1). The de¬ 
nominator has the principal temperature 
sensitivity. The two factors hib and (l-f-Â/s) 
have a temperature variation that cannot 
be ignored. For presently available alloy 
and grown junction triode transistors these 
two factors vary in opposite directions with 
temperature, i.e., hib increases and (1 +hjb) 
decreases as temperature increases. 

The opposing changes in the two factors 
in the denominator permit the temperature 
variation of voltage gain to be’minimized by 
proper choice of external circuit conduct¬ 
ance, gc- This value of circuit conductance 
is given by 

ff(l + Am) 

dT 

Typical values of the temperature coeffi¬ 
cients for alloy junction germanium tran¬ 
sistors operated at 1 ma emitter current arc 
8.2X10-2 ohms per degree centigrade for 
hib and — 9.1X10~s units per degree centi¬ 
grade for (1+Ap,). The resulting optimum 
circuit conductance g* from (2) is 1.11 milli¬ 
mhos or a resistance of 900 ohms. 

Germanium and silicon transistor ampli¬ 
fiers have been designed using this tech¬ 
nique. Fig. 2 shows the results for a four-

TEMPERATURE-DEGREES CENTIGRADE 

Fig. 2—Effect of ambient temperature on the gain of a four-stage transistor amplifier. 

stage amplifier incorporating alloy junction 
germanium transistors. Curve C shows the 
performance of the over-all amplifier. Curve 
A is a linear extrapolation of the high tem¬ 
perature response to the low temperature 
region. Curve D is an estimated response of 
an uncompensated amplifier. Curve Ji shows 
the response obtained when the effect of 
poor emitter capacitor bypass action at low 
temperatures is eliminated. The variation 
from — 50°C. to + 75°C. is ±1 db out of a 
total gain of 80 db. This compares with the 
uncompensated design which would give a 
15 db change over the same temperature 
range. 

It should be stressed that the success of 
the balancing scheme depends to a large 

measure on maintaining a stable operating 
point. 

It has come to the author's attention 
since the completion of the above work that 
the Bell Telephone Laboratories independ¬ 
ently developed the temperature balancing 
technique. 

The author wishes to thank Charles W. 
Durieux and Robert C. Carter for helpful 
discussions, and James Dyson for taking 
much of the experimental data. 

T. A. Prugh 
Diamond Ordnance Fuze Labs. 

Washington 25, D. C. 

Fast Switching with Junction 
Diodes* 

When a junction diode which is con¬ 
ducting in the forward direction is suddenly 
biased in the reverse direction, the current 
does not immediately drop to its normally 
low steady-state reverse value. Instead, it 
overshoots to a relatively high negative 
value, limited by the applied reverse voltage 
and the total series resistance, and then 
gradually decays to its low steady-state 
value.1 This reverse transient current is due 
to stored minority carriers which are in¬ 
jected during the forward part of the cycle 
and diffuse back when the voltage is re¬ 
versed. The time required for “recovery” in 
typical commercial diodes is of the order of 
one-tenth to ten microseconds; this sets a 
limit to the speed with which a diode can 
be switched, and to its upper frequency limit 
of rectification. 

This limit to fast operation of junction 
diodes can be circumvented by abandoning 
operation about zero voltage and utilizing, 
instead, operation about the reverse voltage 
at which “avalanche breakdown” takes 
place. The avalanche process in semi¬ 
conductor junction diodes is generally simi¬ 
lar to the cumulative collision ionization 
which occurs in a gas discharge. A moderate 
reverse voltage extablishes a strong electric 
field in the very thin depletion region which 
exists on the high-resistivity side of the 
junction. Thermally-generated carriers 
which traverse the region of high electric field 
gain sufficient energy to ionize neutral 
atoms. The electron-hole products of ioniza¬ 
tion also cause ionization in turn, and thus 
the initial small thermally-generated current 
is greatly multiplied. 2-6 In the method to 
be described the diode is operated in the 
third quadrant of its I-V characteristic. 
The applied signal is superposed on a stead) 

* Received by the IRE. August 29. 1956. ’ L. A. Meacham and S. E. Michaels. “Observa 
tions of the rapid withdrawal of stored holes from germanium transistors and varistors. ” Phys. Rev., vol. 78. pp. 175-176; April 15. 1950. 
2 K. G. McKay and K. B. McAfee. “Electron multiplication in silicon and germanium." Phys. Rei., vol. 91, pp. 1079-1084; September 1, 1953. 
3 K. G. McKay. “Avalanche breakdown in sili¬ con.” Phys. Rn.. vol. 94, pp. 877-884; May 15. 1954. 
4 P. A. Wolff, “Theory of electron multiplication in silicon and germanium,” Phys. Rev., vol. 95, pp. 1415-1420; September 15. 1954. 
8 S. L. Miller, “Avalanche breakdown in germani¬ um,” Phys. Rev., vol. 99, pp. 1234-1241; August 15, 1955. 
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bias, somewhat less than the breakdown volt¬ 
age. When the polarity of the signal voltage 
is such as to increase the reverse voltage 
beyond the breakdown point, high current 
is obtained as a resell of the avalanche proc¬ 
ess. When the signal voltage changes sign, 
the current is reduced to its low reverse 
steady-state value. The time required for 
switching from high current to low current 
is determined by the time required Io sweep 
the electron and hole products of the ava¬ 
lanche out of the depletion region and be 
absorbed in the n and p regions, respectively. 
There is no storage of minority carriers. 
Since the diode voltage is never reversed, 
and a strong electric field in the depletion 
region therefore can be maintained, the 
traversal time can be short, perhaps as low 
as 10-12 second The time required for the 
electrons and holes to be absorbed in the n 
and p regions, respectively, is the relaxation 
time; for 1 ohm-cm material, this is of the 
order of 10-12 second. The reverse transient 
current should thus be insignificant. 

Although the phrase “avalanche break¬ 
down” may have a catastrophic connota¬ 
tion, this mode of operation is perfectly 
stable and reliable. Provided that the maxi 
mum power dissipation is not exceeded, no 
physical or chemical change in the semi¬ 
conductor takes place. 

An experimental comparison of the tran¬ 
sient current obtained in normal operation 
and in operation about the avalanche break¬ 
down point is depicted in Figs. 1 and 2, 

Fig. 1 Recovery characteristic of type S-6 silicon 
diode under normal operation in circuit for meas¬ 
uring reverse current transient. 

Scale: Vert =1.0 v/cm 
Horiz * 0.1 gsec/cm. 

Fig. 2- Recovery characteristic of type S-6 silicon 
diode operated at avalanche breakdown. 

Scale: Vert =0.5 v/cm 
Horiz ti l gsec/cm. 

respecto eh. These oscillograms of current 
vs time show the relative speeds with which 
a diode can be switched from high current 
to low current in the two modes of opera¬ 
tion. In Fig. 1 the duration of the switching 
transient is about 0.25 microsecond. In Fig. 
2 there is no observable transient, although 
the resolving power of the oscilloscope is of 
the order of 10“’ second. The circuit used 
for this comparison was similar to one now 
commonly employed Io obtain recovery 
characteristics.6 The diode was of the bonded 
silicon variety, Transitron type S-6, chosen 

« T. E. Firle, M. E. McMahon, and .1. F. Roach. 
“Recovcry-timc measurements on point-contact 
germanium diodes,” Proc. IRE, vol. 43, pp. 603-607; 
May. 1955. 
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for its suitability for both modes of opera¬ 
tion. 

If a diode is to be used for a fast switch, as 
described above, it is desirable that its 
breakdown voltage be as low as possible to 
keep power dissipation down, but high 
enough so that the applied signal does not 
drive the diode into forward conduction dur¬ 
ing the off part of the cycle. The diode 
capacitance should be low to minimize C R 
“spikes.” In addition, the reverse current 
should be very low until the breakdown 
voltage is reached, and thereafter should 
rise as steeply as possible. Finally, the re¬ 
verse I -V characteristic should be free of 
“scintillation beads.” The latter are un¬ 
stable regions which occur in the neighbor¬ 
hood of the breakdown voltage, usually at 
quite low currents.7 They appear on a dy¬ 
namic I -V presentation as many super¬ 
posed scintillating traces of negative slope; 
between such regions the oscilloscope trace 
is well-defined and has a positive slope. When 
a diode which exhibits these “beads” is 
biased at a point of instability, the diode 
current is found to consist of random pulses 
which have a thermal origin, the diode act¬ 
ing in effect as a solid-state Geiger counter. 
The random pulse count is very high at 
room temperature, but can be reduced by 
operating the diode at low temperature. The 
reverse 1 -V characteristic of commercial 
diodes often exhibits such “beads,” which are 
undesirable if a diode is to be used for a fast 
switch. For example, type 1N138 silicon 
junction diodes almost always display these 
"beads.”’ 

To obtain some practical experience and 
to provide further comparison of both modes 
of operation, the three-input diode logical 
AND circuit shown in Fig. 3 was set up.9

Fig. 3 Three-input diode logical AND circuit. 

Fig. 4(a) shows the output voltage of the 
circuit when INI 38 diodes are used in nor¬ 
mal fashion, at the zero voltage point. Note 
the overshoot, a result of minority carrier 
storage, at the leading edge of the wide 
pulse during anticoincidence. Fig. 4(b) shows 
the output voltage when the diodes were 
operated at the same currents, but biased 
at the reverse breakdown point. Although 
the pedestal during anticoincidence is of 
greater amplitude, no overshoot appears at 

’ K G. McKay. “Avalanche breakdown in Sili¬ 
con ” Phys. Rev., vol. 94. pp. 877-884; May 15. 1954. 

■ Unpublished work of K. Bewig and B. Salzberg. 
The authors wish to thank Mr. Bewig for permission 
to describe some of these findings on the “bead” 
phenomena. ., , . 

• Tung Chang Chen. “Diode coincidence and mix¬ 
ing circuits in digital computers,” Proc. IRE. vol. 38, 
pp. 511- 514; May, 1950. 

its leading edge. The smearing of the trace 
which is to be observed at the top of the 
pulse during coincidence, and following the 
period of coincidence, is caused by the un¬ 
desirable “scintillation beads” which are 
contained in the reverse I-V characteristic 
of these diodes. 

(a) 

(b) 
I'ig. 4 Output of circuit of Fig. 3 for (a) normal, ami 

(b’ avalanche-breakdown operation of Di. D-. and 
Dr each a type IN 138 silicon diode. Branch bias 
current R I. I , =3.0 ma. 

Scale: Vert = 2.0 v/cm 
Horiz =0.1 /rsec/cm. 

Results obtained with the circuit of Fig. 
3, when type S-6 bonded silicon diodes were 
employed, are shown in Fig. 5(a) and (b). 
Fig. 5(a) shows the output voltage of the 
circuit when the diodes were used in the 
normal manner. Fig. 5(b) shows the output 
voltage when the diodes were operated at 
the reverse breakdown point; again, there 
is no overshoot due to minority carrier 
storage. In Fig. 5(b), furthermore, there is 
no evidence of smeared traces caused by 
“beads.” such as appear in Fig. 4(b). The 
pedestal during anticoincidence in Fig. 5(b) 
is greater in relative amplitude, however, 
than that in Fig. 4(b); this is the result of a 
relatively slow rise in avalance current be¬ 
yond the breakdown voltage in the char¬ 
acteristic of the type S-6 diodes. 

(a) 

(b) 
Fig. 5—Output of circuit of Fig. 3 for (a) normal, and 

(b) avalanche-breakdown operation of Di, Ox. and 
Ox each a type S-6 silicon (bonded) diode. Branch 
bias current Zi=/i = /i=3.0 ma. 

Scale: Vert = 1.0 v/cm 
Horiz =0.1 usec/cm. 

Thus, by utilizing operation about the 
reverse breakdown voltage, fast switching 
is possible and practicable. We wish to 
point out, however, that for such operation 
selection-testing is necessary at present 
since diodes are now neither manufactured 
nor factory-tested for the requisite proper¬ 
ties. 

J. E. Scobey, W. A. White, and 
B. Salzberg 

Naval Res. Lab. 
Washington 25, D. C. 
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Contributo rs---
Eugene D. Becken (S’32-A’35-M’46) 

was born on April 29, 1911 in Minnesota. He 
received the degree of B.S.E.E. from the 

University of North 
Dakota in 1932. He 
received the degree of 
M.S.E.E. from the 
University of Minne¬ 
sota in 1933. 

He has since been 
employed in various 
operating and engi¬ 
neering capacities by 
RCA Communica¬ 
tions, Inc. He was 
awarded a Sloan Fel¬ 
lowship at the Mas¬ 

sachusetts Institute of Technology in 1951 
fora year's study of industrial management, 
which culminated in the degree of M.S. in 
business and engineering administration. 

His present position with RCA Commu¬ 
nications, Inc. in New York is assistant vice-
president and plant operations engineer. 

Mr. Becken is a registered professional 
engineer in New York State and a member 
of the American Institute of Electrical En¬ 
gineers and Sigma Tan, and an associate 
member of Sigma Xi. 

E. D. Beckex 

Warren B. Bruene (A’45 M’45-SM’49) 
was born on November 1, 1916 at Beaman, 
Iowa. He received the B.S. degree in electri-

W. B. Bruene 

cal engineering from 
Iowa State College 
in 1938. In 1939 
he joined the Collins 
Radio Company in 
Cedar Rapids, Iowa, 
and engaged in the 
des-elopment of nu¬ 
merous types of ra¬ 
diotransmitting equip¬ 
ment. 

During the past 
four years he has 
been almost exclu¬ 

sively engaged in the development of single¬ 
sideband high-frequency transmitters. He 
has been granted several patents. At present, 
Mr. Bruene heads an engineering develop¬ 
ment group at the Collins Radio Company. 

Adamant Brown (SM'52) was born in 
Savannah, Ga., on July 29, 1920. He studied 
at Jacksonville Junior College and with the 

A. Brown 

Jacksonville, Fla., at 

University of Chica¬ 
go, and was awarded 
the B.S. in E.E. in 
1948 by McKinley 
Roosevelt. At pres¬ 
ent he is studying at 
Monmouth College. 

From 1939 to 
1942 he was con¬ 
nected with broad¬ 
casting stations 
WMFJ and WJAX, 
and with the City of 
a radio engineer. He 

has been employed by the Signal Corps 
since 1943 and has been actively engaged in 
the exploitation of single-sideband tech¬ 
niques since 1946. He is presently employed 
as an electronic scientist with the Office of 
Technical Plans, Signal Corps Engineering 
Laboratories. 

Mr. Brown is chairman of IRE Techni¬ 
cal Subcommittee 15.5, Single-Sideband 
Transmitters, and is co-editor of the Scanner, 
the publication of the Monmouth subsection. 
He is also a member of the American Insti¬ 
tute of Electrical Engineers. 

Christopher Buff (A’45-M’48-SM’55) 
was born at Camden, N. J. on January 6, 
1917. He took engineering courses at Union 

C. Buff 

County (N. J.) Jun¬ 
ior College and at 
I lofstra College. Since 
1931, he has been an 
active licensed radio 
amateur. 

From 1941 through 
1946, he was em¬ 
ployed in various 
engineering capaci¬ 
ties by Press Wire¬ 
less, Inc., and was 
instrumental in the 
development of some 

of the early fsk keying equipment. 
Since 1946, he has been with Mackay 

Radio and Telegraph Company working 
mainly on fsk, Twinplex, and terminal 
equipment design. Some time was spent in 
South America arranging for Twinplex 
operation of the Rio de Janeiro and Buenos 
Aires radiotelegraph circuits. He is at pres¬ 
ent a supervising engineer in the company. 

John P. Costas (S’46-A’51) was born 
on September 16, 1923, in Wabash, Ind. 
He received the degree of Bachelor of Science 

J. P. Costas 

in electrical engineer¬ 
ing from Purdue Uni¬ 
versity, Lafayette, 
Ind., ’ in 1944. He 
then served with the 
U. S. Navy as radar 
officer, during which 
time he attended the 
Harvard and M.I.T. 
Radar Schools. 

In 1946, he re¬ 
turned to Purdue, 
and was conferred 
the degree of Master 

of Science in electrical engineering in 1947. 
He then entered Massachusetts Institute of 
Technology, Cambridge, Mass., and in 1951 
obtained the degree of Doctor of Science. 

Dr. Costas has been employed by the 
General Electric Company since 1951 and 
is presently a consulting engineer in the 
Heavy Military Electronic Equipment 
Department of the Defense Electronics 
Division at Syracuse. N. Y. 

Luther W. Couillard (M’45-SM'55) was 
born in Minneapolis, Minn., on October 1, 
1916. 1 Ie received the B.E.E. degree from the 

University of Minne¬ 
sota in June, 1938. 

He was employed 
in the engineering 
department of the 
Northern States 
Power Company un¬ 
til 1940, and has 
since been a member 
of the staff in the 
engineering depart¬ 
ment of the Collins 
Radio Company. His 
work has been pri-

communication 
frequency re¬ 

is a member of 

marily in the high-frequency 
field with emphasis on high 
ceiver design. Mr. Couillard 
Eta Kappa Nu. 

Robert T. Cox (A’45-SM’46) was born 
November 22, 1917 at Port Arthur. Canada. 
He received the B.S. degree in electrical 

engineering in 1939 
and the M.S. degree 
in electrical engineer¬ 
ing in 1940 from 
Rensselaer Polytech¬ 
nic Institute, Troy, 
N. Y. In 1940 and 
1941, he did gradu¬ 
ate work at Ohio 
State University in 
Columbus. 

In June, 1941, 
Mr. Cox joined Col¬ 
lins Radio Company, 

Cedar Rapids, Iowa, as a development engi¬ 
neer. He was promoted to director of engi¬ 
neering in 1946, and in April, 1954 was made 
vice-president of research and development. 

Mr. Cox is a member of Sigma Xi and 
Eta Kappa Nu, and is on the Technical 
Advisory Panel on Electronics, Department 
of Defense. 

R. T. Cox-

Robert L. Craiglow (A’50) was born in 
Columbus, Ohio, on May 11, 1923. In 1941, 
he became a student in the College of Engi-

R. L. Craiglow 

neering of Ohio State 
University at Colum¬ 
bus. He interrupted 
his schooling during 
World War II to 
serve three years in 
the U. S. Army Sig¬ 
nal Corps. He then 
returned to Ohio 
State and received 
the B.S. degree in 
electrical engineering 
in 1946. From that 
time, he has been 

employed by Collins Radio Company, Cedar 
Rapids, Iowa, in work involving frequency 
generating means. 
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Vincent R. DeLong (S'49 V50 -M’56) 
was born on November 16, 1926, at Roches-
lcr, Minn. Ile received the B.E.E. degree 

from the University 
of Minnesota in 1950. 
In June of 1950 he 
joined the Research 
and Development De¬ 
partment of the Col¬ 
lins Radio Company, 
where he has been 
employed for the past 
six years. 

Mr. DeLong has 
been engaged in the 

V. R. DeLong designing, develop¬ 
ing, and testing of 

high frequency communications equipment 
for government and commercial applications, 

fie is a member of Tan Beta Pi, Eta 
Kappa Nil, and Triangle fraternities. 

Harold E. Fellhauer (A’53) was born 
in Clinton, Mo., on December 29, 1911. 
He received the B.S.E.E. degree from the 

University' of Kansas 
in 1934. 

He has been as¬ 
sociated with Trans¬ 
World Airlines and 
Wilcox Electric Com¬ 
pany, primarily' in 
the field of fixed sta¬ 
tion transmitters. 

Mr. Fellhauer 
served as a radar 
technical officer in 

H. E. Fellhauer the U. S. Navy from 
1943 to 1946, special¬ 

izing in fire control. He has been employed 
since 1953 at Collins Radio Company, Cedar 
Rapids, Iowa, where he has been engaged in 
single-sideband transmitter development. 

William L. Firestone (M’49-SM’53) was 
horn in Chicago, Ill., on June 20, 1921. Be¬ 
fore World War II he worked at Motorola, 

W. L. Firestone 

Inc., and attended 
the RCA Institute. 
During W'orld War 
II he graduated from 
the Navy Radio Ma¬ 
teriel School at Treas¬ 
ure Island, Calif., 
where he also taught 
Navy radio. 

He attended the 
University of Cali¬ 
fornia, and later the 
U ni versity of Colo¬ 
rado, receiving the 

B.S. degree in electrical engineering in 1946. 
After working on the Manhattan Project 

for six months, he returned to Motorola as a 
microwave engineer. He received the M.S.E.E. 
degree from the Illinois Institute of Technol¬ 
ogy in 1949 and the Ph.D. degree in 1952 
from Northwestern University. Since 1951 
he has been engaged in vhf research and is 
currently the Assistant Chief Engineer of the 
Applied Research Department at Motorola. 

Dr. Firestone is a member of Sigma Xi, 
Tan Beta Pi, HKN, Pi Mu Epsilon and 
AI EE, and is currently a lecturer at North¬ 
western University. 

Bert Fisk was born November 8, 1909 
in Orofino, Idaho. He received the B.S. de¬ 
gree in 1933 and ’he M.S. degree in 1936 

from the University 

B. Fisk 

of Idaho, and taught 
science and mathe¬ 
matics in Idaho high 
schools until 1941 
when he was called to 
active military serv¬ 
ice with the Navy. 
In the Navy he 
taught electronics at 
the preradar school 
at Bowdoin College 
for eighteen months 
and then was ordered 

to sea duty’ with the amphibious fleet 
where he served as radar, electronics, and 
communications officer aboard the USS Arc¬ 
turus. 

He was discharged to inactive duty' in 
1945 and immediately went to work at the 
U. S. Naval Research Laboratory' where he 
currently' holds the position of head of the 
Communications Security Section of the 
Radio Division. 

Mr. Fisk is a member of RESA and re¬ 
cently was awarded the Navy’s Distin¬ 
guished Civilian Service award. 

Hallan E. Goldstine (A’29-SM’47) was 
born on September 2, 1907 in Paris, Ky. He 
received the B.S. degree in mechanical en¬ 

gineering from the 
University of Ken¬ 
tucky, Lexington, 
Ky., in 1928 and in 
the same year joined 
the Transmitter Re¬ 
search and Develop¬ 
ment Laboratory of 
RCA Communica¬ 
tions, Inc., New 
York, N. Y. 

Since 1942, Mr. 
IL I-.. Golds riNE Goldstine has been a 

member of the Com¬ 
munications Research Section of RCA Lab¬ 
oratories. 

George Grammer (A’49) was born in 
Philadelphia, Pa., in 1905. He studied elec¬ 
trical engineering at Drexel Institute of 

Technology in Phila¬ 
delphia during the 
years 1923 to 1926. 
Three years later, in 
1929, he joined the 
staff of the American 
Radio Relay League. 
For one year there¬ 
after, Mr. Grammer 
was associated with 
the Technical Infor¬ 
mation Service. F rom 
1930 to 1938 he was 
assistant technical 

editor of the magazine QST, and in 1938 be¬ 
came technical editor, a position he holds at 
the present time. Since 1942, Mr. Grammer 
has been technical director of the American 
Radio Relay' League. 

G. Grammer 

Grant E. Hansell (A’41 S.M'46) was 
born on June 17, 
ceived I he B.S. degree 

G. E. Hansell 

RCA laboratories. 

Indiana. He re-
11 electrical engineer¬ 
ing from Purdue 
University, Lafay¬ 
ette, Ind., in 1931. 
In the same year, 
Mr. Hansell joined 
the Receiver Re¬ 
search and Develop¬ 
ment Laboratory of 
RCA Communica¬ 
tions, Inc., New 
York, N. Y. He has 
been a member of the 
Communications Re¬ 
search Section of 

1909 in 
i 

John F. Honey (S'43-A’49-SM'53) was 
born in Portland. Ore., on August 29, 1921. 

II, he served with the 
Air Force and the 
Signal Corps, work¬ 
ing in long-range 
point-to-point com¬ 
munications in the 
Pacific Theatre. He 
attend Reed College 
in Portland, Ore., 
in 1941 and 1942, 
and after the war 
studied at Stanford 
University. He re¬ 
ceived the B.S. de¬ 
gree in 1947 and the 

engineer in 1948. He 
worked as a research assistant at Stanford 
University in 1947 and 1948. 

Mr. Honey' joined the staff of the Stan¬ 
ford Research Institute in December, 1948, 
and was made head of the Communications 
Group of the Radio Systems Laboratory in 
1953. He has directed the Institute’s re¬ 
search in radio communications, and has 
specialized in applied research and de¬ 
velopment in the field of single-sideband 
communications. 

Mr. Honey is a member of Sigma Xi, the 
Scientific Research Society of America, and 
the Armed Forces Communications and 
Electronics Association. 

During World War 

J. F. Honey 

degree of electrical 

Phineas J. Icenbice, Jr. (SM’56) was 
born May' 14, 1922, in Deep River, Iowa. 
He attended Iowa State College for several 

P. J. Icenbice 

years, as well as 
other technical col¬ 
leges, during active 
duty' with the U. S. 
Navy. In 1944, he 
became technically 
qualified as an engi¬ 
neering radar officer. 

After completing 
a Northwestern Uni-
versity teachers 
training course, he 
was assigned to the 
post of electronics 

theory instructor. 
Mr. Icenbice has been employed by the 

Collins Radio Company, Cedar Rapids, 
Iowa, for the past 14J years as a design 
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engineer anil manager of the final test and 
type test departments. 

Since 1938, he has been an active radio 
amateur W0NKZ, and he has been issued 
a number of patents in the electronic field. 

Leonard R. Kahn (S'46 M'51-SM'54) 
was born on June 16, 1926, in New York, 
N. Y. He received the B.E.E. degree from 

the Polytechnic In¬ 
stitute of Brooklyn 
in 1951. He also stud¬ 
ied at the Engineer¬ 
ing School of Syra¬ 
cuse University and 
New York University 
Law School. Since 
1053, Mr. Kahn has 
been a member of the 
associated teaching 
staff of the Electrical 
Engineering Depart¬ 
ment of Polytechnic 

Institute of Brooklyn. 
From 1944 to 1946, Mr. Kahn served in 

the United States Army Signal Corps and 
from 1947 to 1950 he was employed by RCA 
Communications, Inc. During the last year 
of his employment by RCA Communica¬ 
tions he was on part-time loan to RCA 
Laboratories. From 1950 to 1952, Mr. Kahn 
was employed by Crosby Laboratories. In 
1952, he organized the Kahn Research 
Laboratories where he is now owner and 
research director. He has supervised research 
and development on single-sideband trans¬ 
mitters, tone converters, and other com¬ 
munications and television equipment. He 
has also served as Consultant to the Voice 
of America, Kaiser Aircraft and Electronics, 
as well as other commercial organizations. 
Mr. Kahn has a number of inventions in the 
communications field, including the ratio 
squarer diversity system and television and 
communications transmitters. 

Mr. Kahn is an associate member of the 
AIEE, and a member of Tan Beta Pi, Eta 
Kappa Nu, and Sigma Xi and the American 
Association for the Advancement of Science. 
He is also a member of the IRE Single-
Sideband Transmitter Sub-Committee, and 
Chairman of RETMA Communications 
Transmitter Group TR6.1. 

L. R. Kahn 

Robert A. Kulinyi (A'49-M’49) was born 
on May 22, 1919 in New York, N. Y. He 
graduated from Virginia Polytechnic Insti¬ 

tute in 1941as Bache¬ 
lor of Science in elec-

R. A. Kulinyi 

trica I engineering. 
After a short period 
as instructor at that 
institution he joined 
the Signal Corps 
Laboratories as jun¬ 
ior engineer working 
in the field of vehicu¬ 
lar radio installation 
and suppression of 
vehicular radio noise. 

From mid-1943 to 
1946 Mr. Kulinyi served with the U. S. 
Marine Corps as Radar and Air Warning 
Officer. I pon separation from military serv¬ 

ice, he resumed work at the Signal Corps 
I ngineering Laboratories in the field of radio 
countermeasures and antijamming. From 
1947 to the present he has been working on 
Long Range Radio Communications prob¬ 
lems including development of very high 
power transmitters, mobile high-frequency 
radio sets, reliable communications systems 
for normal and scatter propagation modes 
and SSB systems for fixed plant and tactical 
service. 

Julius Leonhard (S’50-A’52) was born in 
New York, N. Y., on June 18, 1919. From 
1940 to 1942, he was on the engineering staff 

of radio station 
WBRK, Pittsfield, 
Mass. 

I luring World W ar 
II, he was a radio 
technician in the U. S. 
Navy. He graduated 
from Massachusetts 
Institute of Technol¬ 
ogy, Cambridge, 
Mass., in 1951, with 
the B.S. degree in 
electrical engineering. 
J Ie was a staff mem¬ 

ber of the Research Laboratory of Electron¬ 
ics, M.I.T., from 1951 to 1953. 

Since 1953 he has been a staff member of 
ML T. Lincoln Laboratory. 

Heisa member of Tan Beta Pi, Eta Kap¬ 
pa Nu, and Sigma Xi. 

L Leonhard 

Robert 11. Levine (S'48-A'49-M’54-
SM’56) was born on September 11, 1928, in 
Albany, N. Y. He 

R. II. Levine 

cipally in the field 
munications. 

received the B.S. degree 
in electrical engineer¬ 
ing from Purdue Uni¬ 
versity, Lafayette, 
Ind., in 1949. He 
served on active duty 
with the U. S. Army 
Signal Corps follow¬ 
ing graduation, and 
has been with the 
Signal Corps Engi¬ 
neering Laboratories, 
Fort Monmouth, 
N. J., since 1950. His 
work has been prin-

of single-sideband com-

Lundgren (A’52) was born in 
Mont., on June 3, 1917. After 

Army Air Corps during 
Work! War II, he was 
honorably discharged 
in 1945. In 1949, he 
received his engineer-

Don L. 
Deer Lodge, 
serving in the U. S. 

D. L. Lundgren 

ing degree and spent 
the following two 
years as an instruc¬ 
tor in electrical engi¬ 
neering at American 
Institute of Tech¬ 
nology. In June, 
1956, he received the 
M.S. degree in elec¬ 

trical engineering from Drexel Institute of 
Technology, Philadelphia, Pa. 

In 1951, he joined the Commercial Elec¬ 
tronic Products Division of RCA, Camden, 
N. J. where he was engaged in the design 
and development of visual alignment equip¬ 
ment for fm mobile communications re¬ 
ceivers, special purpose oscilloscopes, multi¬ 
plex channelling equipment, and various 
test equipments. For the past two years, 
his activities have been concentrated on the 
design of electromechanical filters. 

Charles L. Mack, Jr. (A’55) was born in 
Cleveland, Ohio, on July 20, 1926. He re¬ 
ceived the B.S. in physics from Harvard Uni-

C. L. M ack, Jr. 

versity in 1948. From 
1948 to 1953, while a 
graduate student in 
physics at the Uni¬ 
versity of Pennsyl¬ 
vania, he was engaged 
in research work. 

Mr. Mack also 
taught in the physics 
department, the John¬ 
son Foundation, the 
electrical engineering 
department, and the 
medical school of the 

University of Pennsylvania. 
In 1953, he joined the staff of the system 

engineering group in communications of Lin¬ 
coln Laboratory at Massachusetts Institute 
of Technology, Cambridge, Mass. 

Henry Magnitski (A’40-SM’46) was born 
in Warsaw, Poland, on January 30, 1909. He 
received the Diploma of Electrical Engineer 

in 1934 from the 
Technical University 
of Warsaw. I Ie was a 
senior engineer in 
charge of military 
communication equi|> 
ment for the Polish 
State Radio and 
Telephone Works be¬ 
fore coming to the 
U.S.A, in 1939. 

Mr. Magnuski 
joined Motorola Inc., 
in 1940, and was en¬ 

gaged in the design of communication equip¬ 
ment and radar beacons, for which he was 
rewarded the U. S. Navy Certificate of Com¬ 
mendation for outstanding service. 

After the war he specialized in micro¬ 
wave relay systems and mobile communica¬ 
tion equipment research and design. 

His present position is that of Associate 
Director of Research. He is a registered 
professional engineer in the State of Illinois 
anil a member of the AIEE. 

H. Magnuski 

Emil L. Martin (A’49 M'54) was born 
in Minneapolis, Minn., on August 15, 1922. 
He enrolled at the University of Minnesota 
in 1941, joined the U. S. Coast Guard in 
1942, serving four years as a radio operator, 
and then returned to the university follow¬ 
ing his release from the Coast Guard in 
1946. 
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He received the B.S. degree in electrical 
engineering in 1948 and joined Collins Radio 
Company, Cedar Rapids, Iowa. 

Mr. Martin has 

E. L. Martin 

specialized in nhf com¬ 
munications equip¬ 
ment development, 
and contributed im¬ 
portant design func¬ 
tions to the Collins 
ARC-27, CU-355(XN 
1), and ARC-46(XN-
1) projects. 

He is currently 
assigned to single¬ 
sideband develop¬ 
ment in Engineering 

and Research Department III. 
Mr. Martin is a member of the American 

Radio Relay League and has been a licensed 
amateur operator on \\ OX C S since 19a8. 

Harold F. Meyer (SM’50) was born in 
Xcw York, X. Y. on Septemlxtr 2, 1916. He 
studied at Boston and Columbia Universi¬ 

ties. Eor many years 
he was active as a ra¬ 
dio experimenter, 
amateur, memlxr of 
the Naval Communi¬ 
cation Reserve and 
in the radio business. 
In 1940 he became 
Technical Research 
Editor for the Ency¬ 
clopedia Americana. 

Entering Govern¬ 
ment Service in the H. F. Meyi R 
Signal Corps Plant 

Engineering Agency in 1942, Mr. Meyer be¬ 
came chairman and technical secretary of 
the Technical Coordination Committee and 
Chief of the Engineering Coordination Sec¬ 
tion. In 1945 he transferred to the Signal 
Corps Engineering Laboratories, I I. Mon¬ 
mouth, X. J. and became chief engineer of 
the Long Range Equipment Section. In 1955 
he was made chief of the Long Range Radio 
Branch. In these capacities since 1946 he has 
been responsible for research and develop¬ 
ment of the Army long distance radio com¬ 
munication equipment and systems. 

Waller E. Morrow, Jr. (S 48 A 41 > was 
born in Springfield. Mass., on Juh 24. 1928. 
lie received the S.B. degree from Massachu¬ 

setts Institute of Tech¬ 
nology, Cambridge, 
Mass., in 1949 and 
the S.M. degree from 
the same institution 
in 1951. 

Since that time he 
has been associated 
with M I T. Lincoln 
Laboratory, first, as 
a staff engineer and 
more recently as a 
group leader. 

While at Lincoln 
Laboratory he has done research and devel¬ 
opment on transistor circuit design, vhf 
ionospheric scatter communication systems, 
and uhf tropospheric scatter communication 
systems 

W. E. Morrow, Jr. 

Burt E. Nichols 
Mass., on January 2, 
of Cornell University 

was born in Newton, 
1923. He is a graduate 
with the degree of B.S. 
in electrical engineer¬ 
ingin 1944. Mr. Nich¬ 
ols was a USNR elec¬ 
tronics officer follow¬ 
ing his attendance at 
the M.I.T. Radar 
School in 1945. In 
1951, Mr. Nichols 
went to Rome, Italy, 
as an RCA field engi¬ 
neer attached to the 
Air Force Military 

B. E. Nichols Assistance Advisory 
Group, at the Ameri¬ 

can Embassy. Working with the Italian Air 
Force, he assisted setting up an electronics 
school for training with American radar and 
radio equipment given the Italian Air Force 
under the mutual aid program. 

In 1954, he returned to this country and 
joined the staff of M.I.T. Lincoln Labora¬ 
tory in the communications systems engi¬ 
neering group and has worked with the de¬ 
velopment of the SSB system for the uhf 
tropospheric scatter communications sys¬ 
tems. 

Donald E. Xorgaard (S’36-A'38-SM'52) 
was born June 11, 1914, in Council Bluffs, 
Iowa. After receiving the Bachelor of Science 

degree in electrical en¬ 
gineering from the 
Rice Institute in 1936 
he joined the staff of 
the General Engi¬ 
neering Laboratory 
of the General Elec¬ 
tric Company in Sche¬ 
nectady, N. Y. In 
1938 he joined the 
Transmitter Engi¬ 
neering Department 

D. E. Norgaard of the General Elec¬ 
tric Company and 

was engaged in the development of television 
studio equipment. From 1940 until the end 
of World War II he was engaged in de¬ 
velopment of naval gunfire control radar 
systems. In 1946 he joined the Research 
Laboratory of the General Electric Com¬ 
pany as a research associate, where his activ¬ 
ities included work on communication sys¬ 
tems and devices. 

Mr. Xorgaard participated in field tests 
on television synchronization conducted in 
behalf of the NTSC in 1939 and was a mem¬ 
ber of the RTPB Committee on Synchroni¬ 
zation Standards and Video Modulation in 
1944. He also served as vice-chairman of the 
RMA Sub-Committee on Television Studio 
Facilities in 1945 and 1946. 

Licensed as a professional engineer in the 
State of New York in 1947, Mr. Norgaard 
also is licensed as an amateur radio operator. 
He is a member of Phi Beta Kappa and Tan 
Beta Pi. 

Arthur A. Oswald (A’19-M’25-F’28) was 
born in Lake Linden, Mich., on March 3, 
1891. He received the B.S. and E.E. degrees 

from Armour Institute of Technology in 
1916 and 1927, respectively. He joined the 
Radio Research Section of the Western Elec¬ 

tric Company's Engi¬ 
neering Department 
in 1916 and remained 
in this organization 
when it became a 
part of the Bell Tele¬ 
phone Laboratories, 
which was formed in 
1925. 

During World War 
1 he helped develop 
radio telephones for 
airplanes and was di¬ 
rectly responsible for 

the development of a radio system for the 
guidance of unmanned airplanes. During 
World War II he supervised groups engaged 
in radio communication and radar projects. 

During his Bell System career Mr. 
Oswald was responsible for ship-to-shore 
and transoceanic telephone systems, radio 
guidance of drone planes, ultra-high-fre¬ 
quency short-haul point-to-point links, and 
relay systems. After developing the experi¬ 
mental radio telephone system at Rocky 
Point, Long Island, during 1922-23, he 
spent two years in England engineering 
the first circuit from New York to London 
and is one of the two persons who held the 
first conversation across the Atlantic Ocean. 

Groups under his supervision have de¬ 
veloped the single-sideband systems and 
equipments for Bell System overseas serv¬ 
ices. At the time of his retirement from the 
Bell Telephone laboratories, Mr. Oswald 
was Transmission Systems Development 
Engineer in charge of activities concerning 
Overseas Radio, Mobile Systems, and some 
of the light-route, short-haul, point-to-point 
systems including microwave relay. 

Mr. Oswald is a Fellow' of the AI EE, a 
member of Tan Beta Pi and Eta Kappa 
Nu. 

A. A. Oswald 

Ernest W. Pappenfus (M'45-SM 50) was 
born in Raymond, Mont., on Septem¬ 
ber 23, 1917. He received the B.E.E. de¬ 

gree from the Uni¬ 
versity of Minnesota 
in 1941. After part-
time broadcast oper¬ 
ator work in Minne¬ 
apolis radio stations 
during his college 
years, Mr. Pappenfus 
joined the Collins Ra¬ 
dio Company, Cedar 
Rapids, Iowa,in July, 
1941. 

E. W. Pappenfus In the Collins or¬ 
ganization, he has 

served as test engineer, patent engineer, de¬ 
sign engineer, project engineer, and is now 
assistant director of engineering. His present 
duties include the direction of all hf equip¬ 
ment development with particular emphasis 
on single-sideband. 

Mr. Pappenfus is a member of ARRL, 
the Cedar Rapids Engineers Club, and Tan 
Beta Pi. 
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Harris A. Robinson (J’27-A’29-M’36-
SM’43) was born in Philadelphia, Pa., on 
November 13, 1907. He was employed dur-

H. A. Robinson 

ing the summer of 
1928 by the Radio-
marine Corp. of 
America as a ship¬ 
board radio operator. 
After graduating 
from the University 
of Pennsylvania in 
1929, with the B.S. 
degree in electrical 
engineering, he was 
employed by the 
General Electric 
Company at Sche¬ 

nectady on their Radio Test Course. During 
this period he took part-time graduate work 
at Union College, returning to the University 
of Pennsylvania in 1930 on a full-time grad¬ 
uate fellowship. 

After receiving the M.S. degree in elec¬ 
trical engineering in 1931, Mr. Robinson 
entered the Special Receiver Engineering 
group with RCA at Camden. Design and de¬ 
velopment work in military and aircraft re¬ 
ceivers led to his appointment in 1939 as 
leader of the Aircraft Receiver Group. With 
the formation of the Aviation Section in 
1944, Mr. Robinson has continued actively 
in airborne communication engineering de¬ 
sign as a group leader. 

Mr. Robinson has received thirteen U. S. 
patents in communications. He is a member 
of Sigma Xi and Eta Kappa Nu. 

Robert E. Schock (A’30-SM’46) was 
born on June 17, 1906 in Nebraska. In 
1929, he received the B.S. degree in electrical 

engineering from Col¬ 
orado A. and M. 
College. Mr. Schock 
joined the Radio Cor¬ 
poration of America 
in July, 1929, as a 
student engineer and 
in January, 1930, he 
became affiliated 
with the Receiver 
Research and Devel¬ 
opment Laboratory 
of RCA Communi¬ 
cations, Inc., New 

York, N. Y. He has been a member of the 
Communications Research Section of RCA 
Laboratories since 1942. 

R. E. .Schock 

John W. Smith (A 
born in Duluth, Minn. 
I Ie received the B.E.E 

J. W. Smith 

assistant director of 
ment, specializing in 

'45—M*46—SM’49) was 
on February 28, 1918. 
. degree from the Uni¬ 
versity of Minnesota 
in 1940and thedegree 
of professional elec¬ 
trical engineer from 
the same university 
in June, 1955. 

Since June, 1940 
he has been associ¬ 
ated with Collins Ra¬ 
dio Company as a 
staff engineer, group 
head, and more re¬ 
cently, as the senior 
staff member to the 

research and develop-
he research and devel¬ 

opment of vhf scatter systems and single¬ 
sideband transmission. 

While at Collins Radio, Mr. Smith has 
also been associated with research and de¬ 
velopment of high-frequency and broadcast 
transmitters, frequency control equipment, 
distance measuring equipment, autopilots, 
missile guidance, and telemetering. 

He has served as the secretary-treasurer, 
vice-chairman and chairman of the Cedar 
Rapids Section of the IRE. 

Charles L. Spencer (M'54) was born in 
Terre Haute, Ind., May 3, 1917. He re¬ 
ceived the B.S. degree from the University 

of Arkansas in 1940. 
This was followed by 
five years of military 
experience in the Ar¬ 
my’s Armored Force. 
Some 600 days of this 
was spent under com¬ 
bat conditions as a 
communications of¬ 
ficer. In 1945 he 
joined the Communi¬ 
cation Branch of the 
U. S. Naval Research 
Laboratory where he 

has designed new communication systems 
and equipment, instructed military person¬ 
nel, and helped put into operation these ad¬ 
vanced systems of communication. He also 
serves in the capacity of technical consultant 
to the Bureau of Ships on matters pertaining 
to SSB communication equipments. 

He is member of RESA and has received 
the Navy's Distinguished Civilian Service 
Award. 

Donald K. Weaver, Jr. (S’48-A’51) was 
born in Great Falls, Mont., on July 18, 1924. 
He attended Stanford University receiving 

the B.S. degree in 
1948, the M.S. degree 
in 1949 and the de¬ 
gree of Electrical En¬ 
gineer in 1950. From 
1948 to 1950, he was 
employed as a re¬ 
search assistant in 
the department of 
electrical engineering 
at Stanford Univer¬ 
sity. From 1950 to 

D. K. Weaver, Jr. 1956, Mr. Weaver 
was a member of the 

engineering staff at Stanford Research In¬ 
stitute where he held the position of senior 
research engineer. At present, he is an asso¬ 
ciate professor of electrical engineering at 
Montana State College. 

Mr. Weaver is a member of Tau Beta Pi 
and Sigma Xi. 

Norman IL Young (A’37-SM’45) was 
born in Philadelphia, Pa., September 10, 
1913. He attended Pennsylvania State Col¬ 

lege, receiving the de¬ 
gree of Bachelor of 
Science in 1934 and 
Master of Science in 
1935. He joined the 
Laboratories of the 
Philco Radio and 
Television Corpora¬ 
tion, working on the 
development of tele¬ 
vision transmitting 
equipment until 1941. 

In early 1942 he 
joined the Labora¬ 

tories of the International Telephone and 
telegraph System, and has continued in this 
organization to the present, where he is now 
a Division Head in the Air Navigation Lab¬ 
oratory of Federal Telecommunication Lab¬ 
oratories. 

His activities have included the design of 
transmitters for color television, microwave 
links for multichannel voice communication, 
pulse modulation systems, and presently the 
design of communication and air navigation 
equipment for commercial and military ap¬ 
plications. 

Mr. oung has served on many commit¬ 
tees of the IRE, the NTSC and CCIR. He is 
the author of numerous papers in the field of 
radio communication and navigation aids. 

N. II. Young, Jr. 
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IRE News and Radio Notes-
IRE Founder A. N. Goldsmith 
Wins SMPTE Progress Medal 

A. N. Goldsmith, motion picture and 
television consultant, has been selected by 
the Society of Motion Picture and Television 

Engineers as the 1956 
recipient of its high¬ 
est award, the Prog¬ 
ress Medal. Dr. Gold¬ 
smith received this 
award during the 
Society’s 80th con¬ 
vention at Los An¬ 
geles’s Ambassador 
I lotel, October 9. 

The Progress 
Medal was estab¬ 
lished in 1935 to 
honor outstanding 

achievement in motion picture and television 
technology. Dr. Goldsmith was selected as 
this year's recipient “for his many contribu¬ 
tions to the progress of sound motion picture 
and television engineering, particularly his 
early recognition of the importance of a tri¬ 
color kinescope and his concept of the means 
for its accomplishment.” Dr. Goldsmith 
holds the patent on the aperture mask 
phosphortriad color kinescope tube. 

Dr. Goldsmith has been active in re¬ 
search since he joined the General Electric 
Company in 1915. He was director of re¬ 
search of the Marconi Wireless Telegraph 
Company of America and of the Radio Cor¬ 
poration of America, of which he later be¬ 
came vice-president and general engineer. 
He presently serves as consultant to such 
companies as RCA, the National Broadcast¬ 
ing Company, and Eastman Kodak Co. 

Dr. Goldsmith has received many honors 
for his research and inventions, including the 
Medal of Honor and Founders Award of the 
IRE, the Modern Pioneer Award, and the 
Townsend Harris Medal. He is a Fellow of 
the SMPTE and from 1932 to 1934 he was 
president of the SMPTE. 

A founder. Fellow and Editor Emeritus 
of the IRE, he was IRE President in 1927. 
He served as Editor of the IRE for forty-one 
years and has been a Director since the 
formation of IRE in 1912. 

A. N. Goldsmith 

Hanson Accepts Potts Award 
The Audio Engineering Society recently 

presented its John H. Potts Memorial 
Award of 1956 to O. B. Hanson, Vice-Presi¬ 
dent of Engineering Services, Radio Cor¬ 
poration of America, in “recognition of his 
contributions to better broadcasting systems 
and facilities.” 

The presentation was made at the an¬ 
nual banquet of the Audio Engineering 
Society held at the New York Trade Show 
Building, New York, on September 27. 

Mr. Hanson, formerly vice-president and 
chief engi leer of the National Broadcasting 
Company and a pioneer of nearly thirty-five 
years in radio and television, is an IRE Fel¬ 
low. He was an IRE Director from 1938 to 
1943. 

ARRL Awards G. W. Bailey 
Single Sideband Certificate 

George W. Bailey, an IRE Fellow ami 
Executive Secretary, whose call letters are 
W2KH, has been awarded WAS-SSB Cer¬ 
tificate #1 for being the first amateur radio 
operator to present proof of contact by single 
sideband with all forty-eight states. 

Mr. Bailey has long been active in ama¬ 
teur radio and is a former president of the 
American Radio Relay League and Inter¬ 
national Amateur Radio Union. 

Three Subsections Enter IRE 
The IRE Executive Committee, at its 

meeting of September 25, approved the 
establishment of three Subsections. They are 
as follows: the New Hampshire Subsection 
of the Boston Section, the Shreveport Sub¬ 
section of the Dallas Section, and the Pana¬ 
ma City Subsection of the Northwest 
Florida Section. 

A1EE Member-For-Life Fund 
Award Goes to F. E. Tf.rman 

The first Member-for-Life rund Medal 
of the American Institute of Electrical En¬ 
gineers was awarded to F. E. Terman, Prov-

F. E. Terman 

ost and Dean of the 
School of Engineer¬ 
ing, Stanford Univer¬ 
sity. It was presented 
October 2, during the 
AIEE Fall General 
Meeting at Chicago. 

The medal pro¬ 
vided by the Mem¬ 
ber-for-Life Medal 
Fund, is to be 
awarded annually to 
a teacher of electrical 
engineering for “ex¬ 

cellence in teaching, ability to inspire stu¬ 
dents to higher achievements, contributions 
to the teaching of electrical engineering in 
textbooks and in writings on engineering 
education, active participation in the work 
of the profession and educational societies, 
and contributions to teaching and the 
profession through research, engineering 
achievements and technical papers.” 

Dr. Terman, a native of English, Ind., 
received a bachelor of arts degree and a de¬ 
gree in electrical engineering from Stanford, 
and a doctorate in science from Massa¬ 
chusetts Institute of Technology. Dr. Ter¬ 
man joined the staff of Stanford in 1925, 
where he has been dean of the school of en¬ 
gineering since 1945 and provost since 1955. 
He has received honorary degrees from Har¬ 
vard, Syracuse University, and the Uni¬ 
versity of British Columbia. 

During World War II, Dr. Terman was 
on leave of absence to direct the Radio Re¬ 
search Laboratory at Harvard, where 
countermeasures against enemy radar were 
being developed. 

Dr. Terman is the author of several 
books, and a Fellow of the IRE and AIEE. 

Calendar of 
Coming Events 

Midwest Symposium on Circuit The¬ 
ory, Michigan State University, 
E. Lansing, Mich., Dec. 3-4 

Second Instrumentation Conference 
& Exhibit, Biltmore Hotel, Atlan¬ 
ta, Ga., Dec. 5-7 

IRE-AIEE-ACM Eastern Joint Com¬ 
puter Conference, Hotel New 
Yorker, New York, Dec. 10-12 

Winter Meeting of Amer. Nuclear So¬ 
ciety, Sheraton-Park Hotel, Wash¬ 
inton, D. C., Dec. 10-12 

RETMA Symposium on Applied Re¬ 
liability, Bovard Hall, Univ, of So. 
Calif., Los Angeles, Calif., Dec. 
19-20 

Symposium on Communication The¬ 
ory and Antenna Design, Hillel 
House, Boston Univ., Boston, 
Mass., Jan. 9-11 

Symposium on Reliability & Quality 
Control in Elec., Statler Hotel, 
Wash., D. C., Jan. 14-15, 1957 

Symposium on VLF Waves, Boulder 
Labs., Boulder, Colo., Jan. 23-25 

Symposium on Microwave Ferrite 
Devices & Applications, Engrg. 
Society Auditorium, New York 
City, Jan. 28-29 

Electronics in Aviation Day, New 
York City, Jan. 30 

Operations Research Symposium, U. 
of Pa., Philadelphia Pa., Feb. 7 

PGME Symposium on Recording of 
Heart Sounds, Univ, of Buffalo 
Medical School, Buffalo, N. Y., 
Feb. 14 

Conference on Transistor Circuits, 
Philadelphia, Pa., Feb. 14-15 

Western Joint Computer Conference, 
Statler Hotel, Los Angeles, Calif., 
Feb. 26-28 

National Biophysics Conference, Co¬ 
lumbus, Ohio, March 4-6 

EJC Second Annual Nuclear Science 
and Engineering Congress, Phila¬ 
delphia, Pa., March 11-14 

IRE National Convention, Waldorf-
Astoria and New York Coliseum, 
New York City, March 18-21 

Industrial Electronics Educational 
Conference, Ill., Inst, of Tech., 
Chicago, Ill., April 9-10 

Ninth Southwestern Regional Con¬ 
ference & Show, Shamrock-Hil-
ton Hotel, Houston, Tex., April 
11-13 

National Simulation Conference, 
Shamrock-Hilton Hotel, Houston, 
Tex., April 11-13 

PGTRC National Telemetering Sym¬ 
posium, Philadelphia, Pa., April 
14-16 

Symposium on Role of Solid State 
Devices in Electric Circuits Engrg. 
Society Bldg., New York City, 
April 23-25 

Region Seven Technical Conference 
& Trade Show, San Diego, Calif., 
April 24-26 
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ACTIVITIES OF IRE SECTIONS AND 
P RO FESSION AL G R O U PS_ 

Uignitar.es at the 1956 WES< ON included Wlloriihl)-. J. S. McCullough. San Francisco IRE Section Chæi man; V . J. Braum Los Angeles IR ESe. t ion Chairman; E. P. Gertsch. WESCt >N Show Vice-Chairman: 
T n Convcnl'0" VicisCbâi^ C. F. Wolcott, WESCON Board Chairman: and r. P. WaTtoei WCEMA Pres 1956 w ESC < :\ was held at Los \ngel< - San Fraa< is< o will be 1957Jiost. 

T. L. Martin. Jr. (left). University of Arizona, was pre¬ sented with the Region Seven Electronic Achievement Award by IRE President A. V. Loughren at WESCON. 
WESCON exhibited a TV-telephone and solar energy devices. 

J. o. Ryder, former IRE President, congratulates W. B Kouwenhover 
(center), Johns Hopkins University, and J. H. Dellinger (ri^ht), con¬ 
sultant, upon their induction into Eta Kappa Nu. W. II. Huggins and David Middleton also received the first annual National Electronics Conference papers award for their paper, “A Comparison of the Phase and Amplitude Principles in Signal Detection,” given at the 1955 NEC. 

The Alamogordo-Holloman Section recently honored 1956 IRE President A. V. Loughren at a dinner Seated left to right, starting at lower left are: Joan Rolland, Mayor of Alamogordo Mrs. Davis; Mr. Loughren; Lt. O. \\ . Fix. Section Chairman Brig. Gen. L. I. Davis Com¬ 
manding Genera of Holloman Air Development Center; Mrs. Loughren; B. Holder, Editor ««f the Alamogordo Daily Neus\ Mrs. Rolland; O. A. Steele. Section Vice-Chairman; Mrs Hid' Mrs. Steele; Mrs. Holder; Lt. T. F. Hall. Section Secretary; and Mrs. Fix. 
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TRANSACTIONS OF THE IRE PROFESSIONAL GROUPS 
The following issues of TRANSACTIONS are available from the Institute of 

Inc., 1 East 79 Street, New York 21, New York, at the prices listed below: 
Radio Engineers, 

Sponsoring 
Group 

Publications 
Group 
Mem¬ 
bers 

IRE 
Mem¬ 
bers 

Non¬ 
Mem¬ 
bers* 

Aeronautical and 
Navigational 
Electronics 

Antennas and 
Propagation 

Audio 

Automatic 
Control 

Broadcast 
Transmission 
Systems 

Broadcast and 
Television 
Receivers 

PGAE-5 (6 pages) 
PGAE-6 (10 pages) 
PGAE-8, June 1953 (23 pages) 
PGAE-9, September 1953 (27 pages) 
Vol. ANE-1, No. 2, June 1954 (22 pages) 
Vol. ANE-1, No. 3, September 1954 (27 pages) 
Vol. ANE-1, No. 4, December 1954 (27 pages) 
Vol. ANE-2, No. 1, March 1955 (41 pages) 
Vol. ANE-2, No. 2, June 1955 (49 pages) 
Vol. ANE-2, No. 3, September 1955 (27 pages) 
Vol. ANE-2, No. 4, December 1955 (47 pages) 
VoL ANE-3, No. 1, March 1956 (42 pages) 
Vol. ANE-3, No. 2, June 1956 (54 pages) 

PGAP-4 (136 pages) 
Vol. AP-1, No. 1, July 1953 (30 pages) 
Vol. AP-1, No. 2, October 1953 (31 pages) 
Vol. AP-2, No. 1, January 1954 (39 pages) 
Vol. AP-2, No. 2, April 1954 (41 pages) 
Vol. AP-2, No. 3, July 1954 (36 pages) 
Vol. AP-3, No. 4, October 1954 (36 pages) 
Vol. AP-3, No. 1, January 1955 (43 pages) 
Vol. AP-3, No. 2, April 1955 (47 pages) 
Vol. AP-3, No. 3, July 1955 (66 pages) 
Vol. AP-4, No. 1, January 1956 (100 pages) 
Vol. AP-4, No. 2, April 1956 (83 pages) 

PGA-7 (47 pages) 
PGA-10, November-December 1952 (27 pages) 
Vol. AU-1, No. 2, March-April 1953 (34 pages) 
Vol. AU-1, No. 6, November-December 1953 
(27 pages) 
Vol. AU-2, No. 1, January-February 1954 (38 
pages) 
Vol. Au-2, No. 2, March-April 1954 (31 pages) 
Vol. AU-2, No. 3, May-June 1954 (27 pages) 
Vol. AU-2, No. 4, July-August 1954 (27 pages) 
Vol. AU-2, No. 5, September-October 1954 (22 
pages) 
VoL AU-2, No. 6, November-December 1954 
24 pages) 
Vol. AU-3, No. 1, January-February 1955 (20 
pages) 
Vol. AU-3, No. 2, March-April 1955 (32 pages) 
Vol. AU-3, No. 3, May-June 1955 (30 pages) 
Vol. AU-3, No. 4, July-August 1955 (46 pages) 
Vol. AU-3, No. 5, September-October 1955 
(33 pages) 
Vol. AU-3, No. 6, November-December 1955 
(36 pages) 
Vol. AU-4, No. 1, January-February 1956 (27 
pages) 
Vol. AU-4, No. 2, March-April 1956 (17 pages) 
Vol. AU-4, No. 3, May-June 1956 (34 pages) 
Vol. AU-4, No. 4, July-August 1956 (23 pages) 

PGAC-1 : May 1956 (97 pages) 

PGBTS-2: December 1955 (54 pages) 
PGBTS-4: March 1956 (21 pages) 

PGBTR-1: (12 pages) 
PGBTR-5: January 1954 (96 pages) 
PGBTR-7: July 1954 (58 pages) 
PGBTR-8: October 1954 (20 pages) 
Vol. BTR-1, No. 1, January 1955 (68 pages) 
Vol. BTR-1, No. 2, April 1955 (40 pages) 
Vol. BTR-1, No. 3, July 1955 (51 pages) 
Vol. BTR-1, No. 4, October 1955 (19 pages) 
Vol. BTR-2, No. 1, April 1956 (30 pages) 
Vol. BRT-2, No. 2, July 1956 (21 pages) 
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Circuit Theory Transactions 

will Cover Active Networks 

I'he September, 1957 issue of the IRE 
Transactions on Circuit Theory will em¬ 
phasize the subject of active networks, for 
the purposes of this issue, the term active 
networks will be interpreted to include not 
only those networks in which the terminal 
characteristics actually place the activity in 
evidence, but also passive structures in 
which active elements (such as tubes or 
transistors) play a key role in the realization 
of the specified characteristics. 

It is desired to direct emphasis toward: 
(1) basic properties of active networks; (2) 
analysis techniques to evidence basic char¬ 
acteristics of active networks; (3) design 
techniques; and (4) synthesis techniques. 
Here (1) includes such considerations as 
realizability criteria with specified types of 
stability and representation in terms of gy¬ 
rators and negative resistances, or other 
basic elements. (2) includes general methods 
of analysis, interpretations and manipula¬ 
tions of such descriptive characterizations 
as the sensitivity function, and techniques 
for stability analysis of multi-loop systems. 
(3) includes techniques for the logical design 
of tube and transistor circuits based on ap¬ 
propriate incremental models, and the sig¬ 
nificance of these models in terms of realiza¬ 
ble network characteristics. Finally, (4) em¬ 
braces attempts to extend passive-network¬ 
theory concepts and techniques to the syn¬ 
thesis of active networks, synthesis tech¬ 
niques based on block-diagram or signal¬ 
flow-diagram manipulations, etc. 

Primary emphasis will be placed on the 
properties and design of active networks 
which are linear and time-invariant, or 
which can be analyzed or designed by quasi¬ 
linearization methods. 

Information concerning possible con¬ 
tributions for the issue should be forwarded 
to the guest editor, J. G. Truxal, Polytechnic 
Institute of Brooklyn, 55 Johnson Street, 
Brooklyn 1, New York. Although the dead¬ 
line for the acceptance of papers is May 15, 
1957, prospective authors are urged to con¬ 
tact the guest editor at an earlier date so as 
to assist in the planning of the issue. 

Expanded ASESA Qualification 

Testing Program Is Announced 

To supplement government testing lab¬ 
oratories, the Armed Services Electro¬ 
Standards Agency (ASESA), Fort Mon¬ 
mouth, N. J., recently inaugurated a pro¬ 
gram providing for qualification testing of 
electronic and electric parts in commercial 
testing laboratories and in plants of parts 
manufacturers. This program has been so 
effective that its scope is being enlarged to 
permit qualification testing in the plants of 
electronic-equipment manufacturers. Many 
equipment manufacturers have facilities for 
qualification testing in accordance with the 
ASESA specifications already, and frequent¬ 
ly perform such tests. 

Equipment manufacturers who feel that 
their facilities are adequate for such testing 
and who desire additional information on 
this program, are encouraged to contact the 
Director, Armed Services Electro-Standards 
Agency (ASESA), Fort Monmouth, N. J. 
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Russian Scientists Speak at 
Information Theory Meeting 

The 1956 Information Theory Symposi¬ 
um was held at the Kresge Auditorium of 
the Massachusetts Institute of Technology 
on September 10-12. The meeting, like the 
preceding symposium in 1954, was organ¬ 
ized by the IRE Professional Group on In¬ 
formation Theory and the Research Labora¬ 
tory of Electronics of M.I.T., and was 
co-sponsored by the Office of Naval Re¬ 
search, the Air Research and Development 
Command, the Signal Corps Engineering 
Laboratories and the International Scien¬ 
tific Radio Union (URSI). About three 
hundred attended the meeting, including 
two scientists from France, two from Ger¬ 
many and three from the USSR. 

One highlight of the meeting was a ban¬ 
quet for over two hundred at the M.I.T. 
Faculty Club, with an after-dinner speech 
by Professor Norbert Wiener on information 
theory and physics. Another feature of the 
symposium was the presentation of two 
papers not originally on the program: one by 
A. N. Kolmogorov, one of the greatest living 
Russian mathematicians; and one by V. I. 
Siforov, the chairman of the Russian equiv¬ 
alent of the IRE. These papers arrived 
Sunday, September 9, and were translated 
by M. D. Friedman and duplicated by 
Electronics Translations so that they could 
be distributed to the participants the morn¬ 
ing of Tuesday, September 11. 

The nineteen schedided papers have al¬ 
ready appeared in a preprint issue of the 
PGIT Transactions. The two Russian 
papers will appear in a forthcoming issue of 
Transactions. 

Obituaries 
Bruce Bailey (A’46-M’55) recently died 

as the result of an automobile accident at 
the age of 29. He was a partner in the firm 
of B. and B. Engineering Associates, Con¬ 
cord, N. H. at the time of his death. 

His studies at the Massachusetts Insti¬ 
tute of Technology, interrupted briefly by 
service in the U. S. Army, culminated in a 
bachelor’s degree in communications engi¬ 
neering in 1949. After summer employment 
as a junior engineer in the research division 
of the National Union Radio Corporation, 
Mr. Bailey turned to study again, this time 
at Cornell University Graduate School for a 
year. Up until the time of his death he had 
continued with graduate studies at Colum¬ 
bia and M.I.T. Following 1950 he worked 
for A. B. Dumont Laboratories, Sonotone 
Corporation of Elmsford, N. Y., and North¬ 
east Electronics Corporation of Concord, 
N. H. before he organized his own firm, 
B. and B. Engineering Associates. His firm 
developed the transistor thermometer and 
other electronic products. 

Mr. Bailey was a member of several 
IRE Professional Groups, and a registered 
professional engineer of the State of New 
Hampshire. 

F. H. Trimmer (M’54), who helped estab¬ 
lish the Voice of America transmitters, died 
recently. He had resided in Arlington, Va. 
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Sponsoring 
Group Publications 

Group 
Mem¬ 
bers 

IRE 
Mem¬ 
bers 

Non¬ 
Mem¬ 
bers* 

Circuit Theory 

Communications 
Systems 

Component 
Parts 

Electronic 
Computers 

Electron 
Devices 

Engineering 
Management 

Industrial 
Electronics 

Information 
Theory 

Instrumentation 

Medical 
Electronics 

Microwave 
Theory and 
Techniques 

Nuclear Science 

Production 
Techniques 

Vol. CT-1, No. 4, December 1954 (42 pages) 
Vol. CT-2, No. 1, March 1955 (106 pages) 
Vol. CT-2, No. 3, September 1955 (62 pages) 
Vol. CT-2, No. 4, December 1955 (88 pages) 
Vol. CT-3, No. 2, June 1956 (74 pages) 

Vol. CS-2, No. 1, January 1954 (83 pages) 
Vol. CS-2, No. 2, July 1954 (132 pages) 
Vol. CS-2, No. 3, November 1954 (181 pages) 
Vol. CS-3, No. 1, March 1955 (72 pages) 
Vol. CS-4, No. 1, March 1956 (122 pages) 
Vol. CS-4, No. 2, May 1956 (182 pages) 

PGCP-1: March 1954 (46 pages) 
PGCP-2: September 1954 (119 pages) 
PGCP-3: April 1955 (44 pages) 
PGCP-4: November 1955 (92 pages) 
Vol. CP-3, No. 1, March 1956 (35 pages) 

Vol. EC-3, No. 3, September 1954 (54 pages) 
Vol. EC-4, No. 3, September 1955 (45 pages) 
Vol. EC-4, No. 4, December 1955 (40 pages) 
Vol. EC-5, No. 2, June 1956 (46 pages) 

PGED-4: December 1953 (62 pages) 
Vol. ED-1, No. 2, April 1954 (75 pages) 
Vol. ED-1, No. 3, August 1954 (77 pages) 
Vol. ED-1, No. 4, December 1954 (280 pages) 
Vol. ED-2, No. 2, April 1955 (53 pages) 
Vol. ED-2, No. 3, July 1955 (27 pages) 
Vol. ED-2, No. 4, October 1955 (42 pages) 
Vol. ED-3, No. 1, January 1956 (74 pages) 
Vol. ED-3, No. 2, April 1956 (40 pages) 
Vol. ED-3, No. 3, July 1956 (45 pages) 

PGEM-1: February 1954 (55 pages) 
Vol. EM-3, No. 1, January 1956 (29 pages) 
Vol. EM-3, No. 2, April 1956 (15 pages) 
Vol. EM-3, No. 3, July 1956 (37 pages) 

PGIE-1: August 1953 (40 pages) 
PGIE-2: March 1955 (81 pages) 
PGIE-3: March 1956 (110 pages) 

PGIT-3: March 1954 (159 pages) 
PGIT-4: September 1954 (234 pages) 
Vol. IT-1, No. 1, March 1955 (76 pages) 
Vol. IT-1, No. 2, September 1955 (50 pages) 
Vol. IT-1, No. 3, December 1955 (44 pages) 
Vol. IT-2, No. 1, March 1956 (45 pages) 

PGI-3: April 1954 (55 pages) 
PGI-4: October 1955 (182 pages) 

PGME-2: October 1955 (39 pages) 
PGME-3: November 1955 (55 pages) 
PGME-4: February 1956 (51 pages) 
PGME-5: July 1956 (62 pages) 

Vol. MTT-2, No. 3, September 1954 (54 pages) 
Vol. MTT-3, No. 1, January 1955 (47 pages) 
Vol. MTT-3, No. 4, July 1955 (54 pages) 
Vol. MTT-3, No. 5, October 1955 (59 pages) 
Vol. MTT-3, No. 6, December 1955 (64 pages) 
Vol. MTT-4, No. 1, January 1956 (63 pages) 
Vol. MTT-4, No. 2, April 1956 (69 pages) 

Vol. NS-1, No. 1, September 1954 (42 pages) 
Vol. NS-2, No. 1, June 1955 (15 pages) 
Vol. NS-3, No. 1, February 1956 (40 pages) 
Vol. NS-3, No. 2, March 1956 (31 pages) 
Vol. NS-3, No. 3, June 1956 (24 pages) 

PGPT-1: September 1956 (57 pages) 
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.70 

.55 

.90 
1.40 
1.00 

1.20 

$1.50 
4.05 
2.10 
2.75 
2.40 

2.50 
3.35 
4.50 
1.50 
3.20 
4.35 

1.80 
3.35 
1.50 
3.00 
2.55 

2.70 
1.50 
1.35 
1.35 

1.95 
2.10 
2.10 
4.80 
3.15 
1.65 
2.25 
3.15 
1.65 
2.00 

1.70 
1.40 
.80 

1.35 

1.50 
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2.55 

3.90 
5.00 
3.60 
2.85 
2.30 
2.40 

1.55 
4.05 

1.25 
1.65 
2.90 
2.60 

1.65 
2.25 
2.40 
2.55 
2.60 
2.45 
2.55 

1.00 
.85 

1.35 
2.10 
1.50 

1.80 

$3.00 
8.10 
4.20 
5.55 
4.80 

4.95 
6.75 
9.00 
3.00 
6.45 
8.70 

3.60 
6.75 
3.00 
6.00 
5.10 

5.40 
3.00 
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2.70 

3.90 
4.20 
4.20 
9.60 
6.30 
3.30 
4.50 
6.30 
3.30 
4.05 

3.45 
2.85 
1.65 
2.70 

3.00 
5.70 
5.10 

7.80 
10.00 
7.20 
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3.15 
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2.55 
3.30 
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* Public libraries, colleges and subscription agencies may purchase at IRE member rate. 
(Continued on page 1891) 



1956 IRE Nezus and Radio Notes 1801 

TRANSACTIONS OF THE IRE PROFESSIONAL GROUPS 
(Continued) 

* Public libraries, colleges and subscription agencies may purchase at IRE member rate. 

Sponsoring 
Group 

Publications 
Group 
Mem¬ 
bers 

IRE 1
Mem¬ 
bers 

Non¬ 
Mem¬ 
bers* 

Reliability and 
Quality Con¬ 
trol 

Telemetry and 
Remote Con¬ 
trol 

Ultrasonics 
Engineering 

Vehicular Com¬ 
munications 

PGQC-2: March 1953 (51 pages) 
PGQC-3: February 1954 (39 pages) 
PGQC-4: December 1954 (56 pages) 
PGRQC-5: April 1955 (56 pages) 
PGRQC-6: February 1956 (66 pages) 
PGRQC-7: April 1956 (52 pages) 
PGRQC-8: September 1956 (58 pages) 

PGRTRC-1: August 1954 (16 pages) 
PGRTRC-2: November 1954 (24 pages) 
Vol. TRC-1, No. 1, February 1955 (24 pages) 
Vol. TRC-1, No. 2, May 1955 (24 pages) 
Vol. TRC-1, No. 3, August 1955 (12 pages) 
Vol. TRC-2, No. 1, March 1956 (22 pages) 

PGUE-1: June 1954 (62 pages) 
PGUE-3: May 1955 (70 pages) 
PGUE-4: August 1956 (75 pages) 

PGVC-4: June 1954 (98 pages) 
PGVC-5: June 1955 (76 pages) 
PGVC-6: July 1956 (82 pages) 

$1.30 
1.15 
1.20 
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1.50 
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1 2.30 
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3.60 
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2.55 
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2.10 
3.00 
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4.50 

7.20 
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1 4.65 

Mr. Trimmer joined the Office of War 
Information in 1942 and aided in the con¬ 
struction of twenty-two large radio trans¬ 
mitters for the VÓA in the United States 
and several overseas. His work for VOA in¬ 
cluded development of the five most power¬ 
ful short wave radio transmitters in the 
world. 

Mr. Trimmer, who was telecommunica¬ 
tions adviser to the United States Informa¬ 
tion Agency, was a native of Lancaster, 
Ohio. He graduated with an electrical engi¬ 
neering degree from Ohio State University 
in 1933, and the Harvard Business School 
in 1938. 

I Ie was a cost accountant for the Anchor-
Hocking Glass Corp, from 1939 to 1941 and 
operations officer for the Office of Emergency 
Management from 1941 to 1942. 

In 1942 Mr. Trimmer was employed by 
the Office of War Information. He trans¬ 
ferred to the State Department in 1945 as 
assistant to the chief of communications 
facilities. He was named chief of the facilites 
planning branch in 1946. He was vice-
chairman of the United States delegations to 
International Communication Conferences 
in Mexico City in 1949 and in Rapallo, 
Italy, in 1950. 

Technical Committee Notes 
The Audio Techniques Committee met 

at IRE Headquarters on September 25 with 

Chairman Idea Kerney presiding. R. E. 
Yaeger submitted his resignation as Chair¬ 
man of Subcommittee 3.1 on Audio Defini¬ 
tions, and D. S. Dewire was appointed as 
his successor. The major portion of the meet¬ 
ing was devoted to the review of the Pro¬ 
posed Standard on Audio Definitions. 

Chairman P. A. Redhead presided at a 
meeting of the Electron Tubes Committee 
held at IRE Headquarters on October 10. 
It was reported that Rolf Peter has accepted 
the chairmanship of the 1957 Electron Tube 
Research Conference. The committee dis-
discussed, amended and unanimously ap¬ 
proved the following sections of the Proposed 
Standard on Methods of Test: Phase of 
Frequency Sink Measurements, Methods of 
Measurement of Frequency, Methods of 
Power Measurement, and Method of Meas¬ 
urement of Local Oscillator Noise. 

The Facsimile Committee held a meet¬ 
ing at the Times Building on September 14 
with Chairman K. R. McConnell presiding. 
The entire meeting was devoted to prelimi¬ 
nary work on the Proposer! Facsimile Test 
Standards. 

Chairman J. E. Eiselein presided at a 
meeting of the Industrial Electronics Com¬ 
mittee held at IRE Headquarters on Sep¬ 
tember 12. A suggestion that “coyat” be 
standardized as the name of a continuously 
variable autotransformer was discussed and 
it was decided that there is no basic need for 
it. It was reported that E. A. Keller and 
R. D. Chipp have been appointed to the 
committee. 

Mr. Eiselein announced that there will 
be an education conference on Industrial 
Electronics at the Illinois Institute of Tech¬ 
nology. Program and dates will be revealed 
later. 

The committee reviewed a list of defini¬ 
tions of terms submitted by Subcommittee 
10.1 on Definitions. 

The Information Theory and Modulation 
Systems Committee met at IRE Head¬ 
quarters on September 28 with Chairman 
J. G. Kreer presiding. The entire meeting 
was devoted to discussion of the Proposed 
Definitions of Terms Standard now in prepa¬ 
ration in the committee. 

Chairman R. M. Showers of the Radio 
Frequency Interference Committee and 
Chairman D. E. Harnett of the Radio Re¬ 
ceivers Committee presided at a joint meet¬ 
ing of the two committees held at IRE Head¬ 
quarters on October 10. The purpose of this 
meeting was to review the International 
Electrotechnical Commission document. 
“Recommended Methods of Radiation 
Measurements on -Receivers for Amplitude 
Modulation Broadcast Transmissions, -Re¬ 
ceivers for Frequency Modulation Broad¬ 
cast Transmissions, -Receivers for Tele¬ 
vision Broadcast Transmission.’’ Earl An¬ 
derson, former U. S. delegate to I EC Com¬ 
mittee 12 on Radio Communication, was 
present at this meeting, and advised the 
committee of the preliminary work on which 
this new document was based. After con¬ 
siderable discussion it was decided that a 
task group woidd be formed with J. A. 
Hansen as chairman to prepare comments on 
this document for transmittal to the IEC. 

The Radio Frequency Interference Com¬ 
mittee held a meeting at IRE Headquarters 
on October 10 with Chairman R. M. Showers 
presiding. 

M. S. Corrington, Chairman of Sub¬ 
committee 27.1 on Basic Measurements, dis¬ 
tributed for the information of the com¬ 
mittee members the following reports pre¬ 
pared by his subcommittee: “Radio Fre¬ 
quency Absorbers for Frequencies above 50 
MC,” and “Baluns for VHF and UHF 
Measurements.” 

The committee reviewed and discussed 
the recent FCC ruling on community an¬ 
tennas, amendment No. 15-3. (FCC 56-691, 
Docket 9288.) 

M. W. Baldwin presided at a meeting 
of the Standards Committee on October 11 
at IRE Headquarters. The Proposed Stand¬ 
ard on Electron Tubes: Camera Tube and 
Phototube Definitions was discussed, 
amended, and unanimously approved on 
motion by P. A. Redhead and seconded by 
J. G. Kreer. 

The Proposed Standard on Piezoelectric 
Crystals: The Piezoelectric Vibrator: Defi¬ 
nitions and Methods of Measurement was 
discussed and amended, and will be re¬ 
turned for final approval at the next meeting. 
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B o o k s____ 
Science and Information Theory by Leon 
Brillouin 

Published (1956) by Academic Press Inc., Ill 
Fifth Ave., N. Y. 3. N. Y. 301 pages+ 18 index pages 
+xvii pages. Ulus. 9J X6}. $6.80. 

This book is written by an adjunct pro¬ 
fessor of physics at Columbia University and 
presents the subject of information theory 
from a physicist’s point of view. This influ¬ 
ence is reflected in the chapter headings 
which include such topics as “Summary of 
Thermodynamics” (Chapter 9), “Maxwell’s 
Demon and the Negentropy Principle of In¬ 
formation” (Chapter 13), and “Information 
Theory, the Uncertainty Principle, and 
Physical Limits of Observation” (Chapter 
16). This does not mean to say the com¬ 
munications aspects of information theory 
are slighted. On the contrary, there are sev¬ 
eral chapters on various aspects of coding, a 
chapter on the English language, and one on 
Fourier analysis and sampling procedure. 
Even in these chapters, however, it is appar¬ 
ent that the author’s background is in phys¬ 
ics rather than in mathematics or engineer¬ 
ing. 

There is no question that a better under¬ 
standing of the physical principles of ther¬ 
modynamics and quantum theory including 
the uncertainty principle would be of great 
value to most engineers. It is aW believed 
that the outstanding work of such people as 
Wiener,1'2 Shannon,3 and Woodward4 should 
be of value to physicists. The reviewer 
would therefore welcome a good book which 
bridged the gap between information theory 
and physics. However, the reviewer does not 
feel he can recommend this book for this 
purpose. It may prove stimulating and pro¬ 
vocative to advanced workers in the field but 
it contains so many statements that are 
either erroneous or highly ambiguous that 
unless the reader is already well grounded in 
the subject, he is likely to be led astray. The 
following examples will serve to illustrate 
what the reviewer means. 

On page 148, speaking of a circuit con¬ 
taining a resistor, an inductor, and a recti¬ 
fier, all in series, he says “The rectifier can¬ 
not rectify the random currents induced by 
the emf’s because a rectified current could be 
used to do work in contradiction to the, 
second law of thermodynamics .... There 
may, however, be a rectified voltage, and 
this is what we wish to compute.” Nowhere 
in this section does he explain why, if a rec¬ 
tified current is a violation of the second 
principle, a rectified voltage is not. Neither 
does he explain how a rectified voltage can 
appear without a rectified current. 

On page 207, he discusses a waveguide 
having “thickness d equal to Ax. This wave¬ 
guide has a low-frequency cut-off corre-

. 1 Norbert Wiener, “The Extrapolation, Interpola-
tion, and Smoothing of Stationary Time Series with 
Engineering Applications,” Technology Press of the 
Massachusetts Institute of Technology, Cambridge 
Mass.; 1949. 

! Norbert Wiener, “Cybernetics.” Technology 
1 ress of the Massachusetts Institute of Technology 
Cambridge, Mass.; 1948. 
1 C. E. Shannon. “A Mathematical Theory of 

Communication,” Hell System Technical Journal Vol 
27. No. 3; July, 1948. 

* I’. M. Woodward, “Probability and Information 
theory with Application to Radar.” McGraw-Hill 
New York; 1953. 

sponding to X/2—d and can only transmit 
frequencies above this limit.” He neglects to 
mention that in common microwave prac¬ 
tice, the thickness of the waveguide is 
usually substantially less than X/2 and that 
the cut-off frequency is normally a function 
of the width. Partly as a result of this 
mistake, he states on page 235, “In order to 
measure a length L with an error AL, we 
must use radiation of wavelength X¿2AL.” 
Apparently, he is unaware of cw phase com¬ 
parison navigation systems such as Decca 
which far exceed the accuracies which this 
statement implies. 

On page 114 he states “High grade en¬ 
ergy is mechanical or electric energy. Medi¬ 
um grade energy is chemical energy. Low 
grade energy is heat. . . . Grade of energy 
can be exactly defined as corresponding to 
negative entropy (—s).” He does not ex¬ 
plain, however, how the concept of thermo¬ 
dynamic entropy defined in terms of heat 
only can be used to determine the relative 
grade of, say, electrical energy and chemical 
energy. Neither does he explain how, if elec¬ 
trical energy and chemical energy are of dif¬ 
ferent grade, we can have a reversible elec¬ 
trochemical reaction as in a storage battery. 

The rather extensive discussion of the 
uncertainty principle was apparently written 
without the author having read W oodward’s 
excellent book. This is unfortunate since the 
somewhat cumbersome treatment could 
have been greatly improved and placed on 
on a much firmer foundation had he used 
Woodward’s techniques. Another criticism 
that might be made is that the author ap¬ 
parently has no clear conception of the dif¬ 
ference between accuracy and resolution. 
For example, a fire control radar having a 
beamwidth of 3 degrees may be able to track 
targets to an accuracy of 1/10 of a degree. If 
we were to accept the discussion on page 207, 
however, we would call this radar accurate 
to 3 degrees. 

Despite the above criticisms, the author 
does present some provocative and chal¬ 
lenging thoughts and it is to be hoped that 
someday we will have a more careful and 
precise treatment of these same ideas. 

W. D. White 
Airborne Instruments Laboratory, Inc. 

Mineola, N. Y. 

Elements of Pulse Circuits by F. J. M. 
Farley 

Published (1956) by John Wiley & Sons, Inc 
440 Fourth Ave., N. Y. 16, N. Y. 138 pages+3 index 
pages +viii pages. 74 figures. 6¡ X4J. $2.00. 

This monograph on pulse circuits is in¬ 
tended for the physicist and research worker 
who desire a qualitative understanding of 
basic pulse circuitry. As a compendium of 
commonly used pulse circuits it may serve 
as a guide to further study for the tyro in 
pulse circuitry. It cannot be considered as a 
pulse circuit design handbook. The circuits 
are described in a qualitative fashion, with 
some practical applications of the circuits 
shown, but little quantitative data on the 
operation provided. With the increased use 
of radar-type circuitry in commercial equip¬ 
ment, the technician faced with servicing 

this equipment may find this book to be on 
an appropriate level to satisfy his need of 
an elementary explanation of circuit opera¬ 
tion. 

The book opens with a consideration of 
square waves and sawtooth waves. After 
developing the concept of integration and 
differentiation by RC circuits, the effect of 
these circuits on square and sawtooth waves 
is analyzed physically. Throughout the re¬ 
mainder of the book, loss of highs or lows is 
considered a process of integration or differ¬ 
entiation. The use of diodes for clipping and 
clamping is explained, but no mention is 
made of the common and useful driven diode 
clamp. The gain expression gR is given for a 
pentode without mentioning that it is an 
approximation of the exact equation, though 
sufficiently accurate for all wideband ampli¬ 
fiers. Use of g for tube transconductance 
(gm) and Ro for plate resistance (rp) may be 
a little confusing to the American reader. 

The basic multivibrator circuits are cov¬ 
ered, but although the phantastron circuit 
is mentioned no explanation or circuit dia¬ 
gram of this important family of timing cir¬ 
cuits is included. The distributed amplifier 
is explained as an extension of series and 
shunt peaking to a single stage and removes 
some of the mystery often associated with 
distributed amplifiers. 

The concluding chapter on applications 
deals almost exclusively with time base gen¬ 
erators and counter type circuitry. Com¬ 
puter circuitry is notably missing. Also miss¬ 
ing is any reference to functionally equiv¬ 
alent transistor circuits, a serious omission for 
any up-to-date book. 

Conclusion: a good book for the tech¬ 
nician and beginner, definitely not for elec¬ 
tronic engineers. 

G. B. Herzog 
RCA Lab. 

Princeton, N. J. 

Principles of Color Television by the Hazel¬ 
tine Laboratories ! Staff and ed. by Knox 
McIlwain and C. E. Dean 

Published (1956) by John Wiley Sc Sons, Inc., 
440 Fourth Ave.. N. Y. 16, N. Y. 547 pages+32 
index pages 4-13 pages of appendix+xvi pages. Ulus 
9i X6}. $13.(X). 

The book is a substantial volume, includ¬ 
ing a total of eighteen chapters. Starting 
with a discussion of basic principles of light 
and photometry, the book proceeds logically 
to a thorough treatise on color perception 
and colorimetry. This material occupies the 
first five chapters. The relation between the 
colorimetric information to be transmitted, 
the characteristics of the eye, and the avail¬ 
able television bandwidth is discussed in 
three further chapters. Thus, the first eight 
chapters are devoted to the basic discussion 
of the fundamentals of system theory and 
design. 

1 he next three chapters consider produc¬ 
tion of the composite color signal, synchroni¬ 
zation (both deflection and color reference), 
and gamma correction. This is followed by 
a chapter on the FCC color television 
standards—which might with advantage 
have been placed earlier in the book. 
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There is a chapter on transmitting 
equipment, and one on color television re¬ 
ceivers. This latter is followed by two chap¬ 
ters on decoders for three gun and single gun 
displays respectively. The book concludes 
with a chapter on test and measuring meth¬ 
ods, a glossary of color television terms, and 
three appendices including one on principal 
formulas for components of the color signal. 

The book is definitely a most valuable 
addition to the literature. It is written by 
engineers for engineers, and not only has the 
advantage of capable editing by Mr. 
McIlwain and Dr. Dean, but also that of 
contributions by authors who cover a w ide 
field of experience in television engineering. 
The result is a volume which speaks with 
authority. In short, this reviewer liked the 
book and heartily recommends it. 

F. J. Bingley 
Phiko Corporation 

Philadelphia. Pa. 

Vierpoltheorie und Frequenztransformation 
by Torbem Laurent 

Published (1956) by Springer Verlag OHG.. Berlin. Germany. 291 pages+3 index pages+5 pages of bibliography+xii pages. 176 figures. I.X6,. 
34.50 DM. 

During the past years many different 
methods have been developed for the mathe¬ 
matical treatment of the behavior of elec¬ 
trical networks. In Torbem Laurent’s very 
interesting book these problems are de¬ 
scribed and solved with the help of the four-
pole-theory together with the special method 
of frequency-transformation developed by 
the author for the study and verification of 
impedance networks. I he book starts with 
necessary symbols and mathematical meth¬ 
ods (Chapter 1, p. 1-45) and the principles 
of the well-known four-pole-theory (Chapter 
2, p. 46-95). The third chapter gives the 
fundamental principles of frequency-trans¬ 
formation. In the next chapter methods for 
using it are discussed. Chapter 4 (p. 145— 
190) covers filter-networks; Chapter 5 (p. 
191-236), homogeneous cables and lines; 
Chapter 6 (p. 237-263), amplifiers; Chapter 
7 (p. 264-277), inhomogeneous cables and 
lines; and Chapter 8 (p. 278-292), problems 
of electromagnetic radiation. 

By the author’s method of frequency¬ 
transformation either the angular frequency 
œ in each impedance-expression of any im¬ 
pedance-element of the network is substi¬ 
tuted for by a new frequency-function IT(w) 
(frequency-substitution), or each impedance 

expression is multiplied with a dimensionless 
factor ^(w) (impedance-multiplication). Im¬ 
portant to note is that, here by the fre¬ 
quency-substitution all expressions defining 
the behavior of the network are transposed 
by the same frequency-substitution. All the 
expressions which are functions of a ratio be-
tween currents or voltages as the network¬ 
damping are not changed by the impedance¬ 
multiplication on the other side. 

Therefore, the frequency-transformation 
is a universal method for studying the fre¬ 
quency-behavior of given networks for cal¬ 
culating the parameters of an impedance¬ 
network with given frequency-functions. 

The author, who is professor of telegra¬ 
phy and telephony at the Institute of Tech¬ 
nology, Stockholm, Sweden, has discussed 
these methods and their handling in a very 
clear and understandable manner. To every¬ 
one—scientist, engineer or student—inter¬ 
ested in network-synthesis, therefore, the 
book may be well recommended. It will 
bring to the reader many interesting princi¬ 
ples and possibilities for handling problems. 

H. Rothe 
Institute of Technology 
Karlsruhe. W. Germany 

Mathematics for Electronics with Applica¬ 
tions by H. M. Nodelman and F. W. Smith 

Published (1956) by McGraw-Hill Book Co.. 
Inc.. 330 W. 42 St.. N. Y. 36. N. Y.360 pages + 14 index pages+14 appendix pages+vm pages. Ulus. 
9JX6L $7.00. 

This book is “intended for those readers 
who have a background of elementary calcu¬ 
lus, physics, and elementary electric net¬ 
work theory, and is designed for use in in¬ 
dustry and undergraduate technical insti¬ 
tutes ...” such as, for example, the RCA 
Institute in which Mr. Nodelman is head of 
the mathematics and physics department. 
It presents the mathematical manipulations 
required for the solution of a large number of 
problems arising in electrical engineering, 
particularly electronics. The range of topics 
includes: dimensional analysis, determinants 
and matrices, (power) series, differential 
equations including solution via the Laplace 
transform, and boolean algebra, in that order. 

The format, attractive in view of the 
book's expressed intent, is to motivate a new 
subject by citing an application or working 
out a simple example with tools already 
available. Then the required results are 
stated and explained, a (numerical) example 
taking the place of proof. I he book contains 
many convenient tables of formulas, numeri¬ 

cal constants, and e.g., transient response 
curves, most of which have been adapted 
from the literature. 

However, several serious defects in the 
text were noted. Treatment of Fourier series 
is nearly omitted regardless of the high rank 
(7th) (Laplace transforms rank 9th) the au¬ 
thors assign it in their “Study Plan in Math¬ 
ematics for Specialists in Electronics’ ; the 
general expansion formulas are not given. 
The plethora of references to the mathemati¬ 
cal and technical literature have not been 
graded in any way. The usefulness of most of 
these to a student at the level for which this 
book is written is highly questionable. Then 
the “extension” of Theorem 5-7B Eq. 5-45 
on addition of determinants is false. In Sec¬ 
tion 6-8 the authors do not hold the concepts 
of a passive network and a reciprocal net¬ 
work distinct. 

The above cited deficiencies considerably 
detract from the book as a whole. 

Walter Kahn 
Microwave Research Institute Brooklyn, N. Y. 

Recent Books 
Garner, R. IL, Mechanical Design for Elec¬ 

tronic Engineers. D. Van Nostrand Com¬ 
pany, Inc., 250 Fourth Ave., N. Y. 3, 
N. Y. $5.00. 

Hellman, C. L, Elements of Radio. I). Van 
Nostrand Company, Inc., 250 Fourth 
Ave., N. Y. 3, N. Y. $4.95. 

Mandi, Matthew, Mandi's Television Servic¬ 
ing, rev. ed. The Macmillan Company, 60 
Fifth Ave., N. Y. 11, N. Y. $6.50. 

Mark, David, Basics of Phototubes and Pho¬ 
tocells. John F. Rider, Inc., 480 Canal St., 
N. Y. 13, N. Y. $2.90. 

Most-Often-Needed 1957¡Television Servicing 
Information, Volume TV-12. Compiled by 
M. N. Beitman. Supreme Publications, 
1760 Balsam Road, Highland Park, Ill. 
S3.00. 

Proceedings of the 1956 Electronic Components 
Symposium. Engineering Publishers, GPO 
Box 1151, N. Y. 1, N. Y. Paper bound, 
$5.00; cloth bound, $9.50. 

Swiggett, R. L., Introduction to Printed Cir¬ 
cuits. John F. Rider, Inc., 480 Canal St., 
N. Y. 13, N. Y. $2.70. 

The International Dictionary of Physics and 
Electronics. D. Van Nostrand Company, 
250 Fourth Ave., N. Y. 3, N. Y. $20.00. 

Warburton-Brown, D., Induction Heating 
Practice. Philosophical Library, 50 E. 40 
St., N. Y. 16, N. Y. $10.00. 
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Eastern Joint Computer Conference 
December 10-12, 1956 

Manhattan Center, New York City 

Monday morning 

J. W. Leas, Session Chairman. 
Welcome, J. R. Weiner, Conference 

Chairman. 
Introduction and Keynote Speech, H. T. 

Engstrom. 
New Computer Developments Around the 

World, E. S. Calhoun. 
Evaluation of New Computer Components, 

Equipments, and Systems for Naval Use, L. D. 
Whitelock. 

Afternoon 

New Systems 

Norman Scott, Session Chairman. 
The TRANSAC S-1000 Computer, J. L. 

Maddox, J. B. O’Toole, and S. Y. Young. 
A Transistor Computer with a 256X256 

Memory, J. L. Mitchell and K. II. Olsen. 
Design Objectives for the IBM STRETCH 

Computer, S. W. Dunwell. 
A New Large Scale Data Handling Sys¬ 

tem—DATA MATIC 1000, R. M. Bloch, 
W. C. Carter, E. J. Dieterich and J. E. 
Smith. 

The TRAD IC LEPRECHAUN Com¬ 
puter, J. A. Githens. 

Functional Description of the NCR 304 
Data Processing System for Business A ppli-
cations, M. S. Shiowitz and A. A. Cherin, 
and M. J. Mendelson. 

Tuesday morning 

Circuits and Components 

T. A. Kalin, Session Chairman. 
Ambient Approach to Solid-State Com¬ 

puter Components, J. K. Hawkins. 
A Magnetically-Controlled Gating Ele¬ 

ment, D. A. Buck. 
A 2.5 Megacycle Fcrractor Accumulator, 

T. H. Bonn and R. D. Torrey. 
High-Temperature Sil icon-Transistor Com¬ 

puter Circuits, J. B. Angell. 
.1 Saturable-Transformer Digital Ampli¬ 

fier with Diode Switching, E. W. Hogue. 

Luncheon, speaker to be announced. 

Afternoon 

Input-Output Devices 

W. II. Burkhart, Session Chairman. 
An Automatic Input for Business Data 

Processing Systems, K. R. Eldredge, F. J. 
Kamphoefner and P. H. Wendt. 

The Burroughs Electrographic Printer-
Plotter for Ordnance Computing, Herman Ep¬ 
stein and Paul Kintner. 

A Transistorized Transcribing Card 
Punch, C. T. Cole, K. L. Chien, and C. H. 
Propster. 

Apparatus for Magnetic Storage on Three-
Inch Wide Tape, by R. B. Lawrance, R. E. 
Wilkins, and R. A. Pendleton. 

Synchronization of a Magnetic Computer, 
J. Keilsohn and G. Smoliar. 

Wednesday morning 

High-Speed Memories 

Morris Rubinoff, Session Chairman. 
A Technique for Using Memory Cores as 

Logical Elements, L. Andrews. 
Recent Developments in Very High-Speed 

Magnetic Storage Techniques, W. W. Law¬ 
rence. 

A Low-Cost Megabit Memory, R. A. 
Tracy. 

A New Magnetic Memory, J. A. Rajch-
inan. 

A Compact Coincident-Current Memory, 
A. V. Pohn and S. Rubens. 

A Cryotron Catalog Memory System, A. E. 
Slade. 

Afternoon 

Random Access Memory Files 
and Conference Summary 

John Howard, Session Chairman. 
1 he Datafile—A New Tool for Extensive 

File Storage, D. N. MacDonald and C. L. 
Ricker. 

Engineering Design of a Multiple Access 
Storage System (MASS)', M. L. Greenfield. 

A Large-Capacity Drum File, V. J. Porter 
and IL F. Welsh. 

System Organization of the IBM 305, 
M. L. Lesser and J. W. Haanstra. 

Conference Summary, J. W. Carr, III. 

Symposium on Communication Theory 
and Antenna Design 

Co-Sponsored by the Air Force Research Center and Boston University, Hillel House, Boston 
University, Boston, Mass., January 9-11, 1957 

1 he Air Force Cambridge Research Cen¬ 
ter and the Physical Research Laboratories 
of Boston University are co-sponsoring a tu¬ 
torial symposium on communication theory 
and antenna design, to be held at Hillel 
House, Boston University, Boston, Mass., 
January 9-11, 1957. Aimed at antenna de¬ 
signers, the symposium will feature unclassi¬ 
fied papers of 45-60 minute length, discus¬ 
sion periods, a special meeting in which clas¬ 
sified material will be presented and dis¬ 
cussed, and a banquet. 

Advance registrations at SI.50 each are 
required for admission, and banquet tickets 
are also available at $3.50 apiece. All corre¬ 
spondence should be addressed to Miss 
Alice Cahill, CRRD, Air Force Cambridge 
Research Center, Air Research and Develop¬ 
ment Command, Laurence G. Hanscom 
Field, Bedford, Mass., and checks should be 
made payable to Miss E. T. Ahern. 

The symposium committee consists of: 
Lt. G. B. Parrent, Jr., AFCRC; Edward 
O’Neil, Boston University; Charles Drane, 

AFCRC; and R. C. Gunter, Jr., AFCRC— 
Clark University. 

Wednesday Morning, January 9 
Registration: 9:00-9:30 A.M. 
Opening Address: Duncan MacDonald, 

Boston University, and L. W. Hollingsworth, 
AFCRC. 

Keynote Talk, R. C. Gunter, Jr., AFCRC 
—Clark University. 

Mathematical Introduction I, Charles 
Burner, Clark University. 
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Mathematical Introduction II, F. S. Holt, 
AFCRC—Tufts University. 

Lunch 

Wednesday Afternoon, 
January 9 

Application to Electronics I, Arthur 
Kohlenberg, Melpar, Inc. 

Application to Electronics II, Peter Elias, 
Massachusetts Institute of Technology. 

Wednesday Evening, 
January 9 

Symposium Banquet at Laurence G. 
Hanscom Field, Bedford, Mass., 7:30 P.M. 

Speaker: Col. G. T. Gould, Jr., Director, 
Communications & Electronics Division, 
Hq. Air Research and Development Com¬ 
mand. 

Thursday Morning, 
January 10 

Application to Optics I, Edward O’Neil, 
Boston University. 

Application to Optics III, Lt. G. B. Par¬ 
rent, Jr., Air Force Cambridge Research 
Center. 

Lunch 

Thursday Afternoon, 
January 10 

Electro-Optical Systems in Cascade, Otto 
Schade, Radio Corp, of America. 

Application to Radio Astronomy I, R. N. 
Bracewell, Div. of Radio Physics, Common¬ 
wealth Scientific and Industrial Research 
Organization, Australia. 

Application to Radio Astronomy II, Har¬ 
old Ewen, Ewen-Knight, Inc. 

Thursday Evening, 
January 10 

Discussion Group on the Application to 
Antenna Problems. 

Group Leader: R. C. Spencer, Sylvania 
Electric Products Corp. 

Friday Morning, January 11 
Antennas I, John Ruze, AFCRC—Ra¬ 

diation Engineering Laboratory. 
Antennas II, W. II. Steel, Div. of Phys¬ 

ics, Commonwealth Scientific and Industrial 
Research Organization, Australia. 

Antennas III, speaker to be announced. 

Lunch 

Friday Afternoon, January 11 
Classified contributed papers on special 

antenna problems. 

Third National Symposium on Reliability and 
Quality Control in Electronics 

Sponsored by IRE, AIEE, ASQC and RETMA, Hotel Statler, Washington, D. C., January 14-16, 1957 

Left to right—Some members of the committee planning the Third National Symposium on Reliability and 
Quality Control in Electronics: {front row) M. E. King, Finance; A B. Mundei, ASQC Representative; M. M. 
Tall. General Chairman; Victor Wouk, PGRQC Representative; {back row) R. M. Jacobs, Publicity; Robert 
Murrell Registration; I. E. Culbertson, Facilities Co-Chairman; J. W. Greer, General Co-Chairman, and 
I. W. Schoen.nger, Facilities Co-Chairman. C. M. Ryerson. Program Chairman, is absent from the picture. 

tour. In order to qualify for tickets, persons 
must furnish their full names, home ad¬ 
dresses, company affiliations and addresses, 
and a statement of U. S. citizenship. All 
tours will start and end at the Statler Hotel. 

Monday, January 14 

9:15 A.M. 

Presidential Room 

Keynote Address: Review and Prediction 
in Reliability, J. M. Bridges, Office of the As¬ 
sistant Secretary of Defense. 

10:00 A.M. 

Principles for Design and Man¬ 
agement of Reliability 

Programs 

The Third National Symposium on Re¬ 
liability and Quality Control in Electronics 
will be held at Hotel Statler, Washington, 
D. C. on January 14-16. Arrangements will 
be adequate for only 1500 attendees so ad¬ 
vance registration is urged. Fees, which in¬ 
clude admission to the banquet and a copy 
of Transactions, are scaled as follows: ad¬ 
vance registration for members of PGRQC 
and ASQC, S15.00; advance registration for 
all others, SI7.00; door registration, $20.00; 
extra banquet tickets, $9.00; extra copies of 
Transactions, $5.00; and tour tickets 
(maximum, two), $1.50. Advance registra¬ 

tions should be made with R. G. Murrell, 
Registration Chairman, Melpar, Inc., Falls 
Church, Virginia. 

Committee chairmen handling the details 
of the symposium are: M. M. Tall, General 
Chairman; J. W. Greer, Co-Chairman; 
C. M. Ryerson, Program; M. E. King, Fi¬ 
nance; P. K. McElroy, Transactions; 
A. Warsher, Speakers and Hospitality; I. W. 
Schoeninger, Facilities; R. M. Jacobs, Pub¬ 
licity. 

For security reasons, tour tickets are 
available only to advance registrants and 
are adequate for only forty persons on each 

Presidential Room 

L. W. Ball, United Geophysical Labs., 
moderator. 

Organizing for Reliability, Ralph Kuehn, 
IBM. 

Communication Channels for Reliability 
Operations, Royal Weller, Naval Air Missile 
Test Center. 

Quality Assurance and Reliability in Pro¬ 
duction, E. G. D. Paterson, Bell Telephone 
Labs. 

Steps Supplier Should Take to Manufac¬ 
ture Reliable Products, L. J. Paddison, Sandia 
Corporation. 
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Mathematical and Advanced 
T HEORY 

Congressional Room 

C. R. Knight, Aeronautical Radio Inc , 
moderator. 

Optimum Network Syntheses, Louis Wein¬ 
berg, Hughes Aircraft Company. 

Reliability for Parallel Redundant Sys¬ 
tems, T. L. Burnett, IBM. 

Statistical Developments in Life Testing, 
Benjamin Epstein, Wayne State Univ. 

Estimation of Reliability Functions, G. R. 
Herd, Aeronautical Radio Inc. 

2:00 p.M. 

Congressional Room 

Trends in Airborne Equipment Reliabil¬ 
ity, moderated by R. Seldon, Chance 
Vought Aircraft Inc. 

Panel discussion with the following pan¬ 
elists: H. D. Voegthen, Hughes Aircraft Co.; 
H. R. Powell, Sperry Gyroscope Company; 
E. R. Linne, General Electric Company; 
E. F. Dertinger, American Bosch Arma 
Corp.; G. G. Brown, Inland Testing Labs.; 
and C. L. McCabe, Convair. 

Presidential Room 

System Reliability Analysis, moderated 
by G. Armour, General Electric Company. 
Panel discussion with the following panel¬ 
ists: C. E. Beams, General Electric Com¬ 
pany; R. II. Briggs, Westinghouse Elec. 
Corp.; J. W. Dunifon, General Dynamics 
Corp.; R. R. Carhart, Lockheed Aircraft 
Corp.; C. R. Knight and G. R. Herd, Aero¬ 
nautical Radio Inc.; A. T. Pollock, Philco 
Corp., Philip Reiter, Signal Corps Supply 
Co.; C. M. Ryerson and M. M. Tall, RCA; 
S. M. Truex, Office of the Secretary of De¬ 
fense; Dean \ oegtlen, Hughes Aircraft Co.; 
and H. A. Voorhees and J. E. Culbertson, 
Western Electric Co. 

7 :30 P.M. 

Movie: “Environmental Favors in Reli¬ 
ability of Electronic Equipment.” 

8:00 P.M. 

Quality Acceptance Practices 

Congressional Room 

L. J. Jacobson, International Resistance 
Co., moderator. 

Introduction to Quality Acceptance Prac¬ 
tices, L. J. Jacobson. 

Qualification Acceptance Practices in 
Specifications, M. A. Acheson, Sylvania 
Electric Co. 

Qualification Acceptance Practices in 
Complex Mechanisms, G. Bowler and W. 
Kauffman, Hughes Aircraft and Radio 
Corporation of America. 

Qualification Testing, A. Warsher, Ben¬ 
dix Aviation Corp. 

Reliability Reports 

Presidential Room 

R. H. DeWitt, Office of the Assistant 
Secretary of Defense, moderator. 

Numerical Reliability Requirements, D. H. 
Wagner, Burroughs Corp. 

Quantitative Reliability Acceptance Test¬ 
ing, W. T. Sumerlin, Philco Corp. 

Guided Missile Program Management, 
E. A. Bender, OASD. 

Military Reliable Tube Program. M. Lan¬ 
dis, Secretariat of the Advisory Group on 
Electron Tubes. 

Tuesday, January 15 

9:00 A.M. 

Commercial Electronic 
Reliability 

Congressional Room 

J. W. McRae, Sandia Corp., moderator. 
Mobile Commercial Communications Re¬ 

liability, A. A. McDonald, Motorola, Inc. 
Commercial Airborne Reliability, W. A. 

MacCrehan, Bendix Radio Co. 
Microwave Reliability, R. Lukens, Philco 

Corp. 
An Evaluation of Transistor Life Data, 

J. D. Johnson and B. Van Swearingen, IBM. 
Airborne Communication Malfunction 

Evaluation, A. Hull, United Airlines, Inc. 

Reliability of Component 
Parts 

Presidential Room 

L. Podolsky, Sprague Electric Co., mod¬ 
erator. 

Specification and Measurement of Com¬ 
ponent Reliability, I. K. Munsen, Radio Cor¬ 
poration of America. 

Reliability of Metallized Paper Capacitors, 
W . Lamphier, Sprague Electric Co. 

Reliability in Capacitor Manufacture, 
IL S. Herrick, Erie Resistor Corp. 

Resistor Reliability Prediction, D. S. Gil¬ 
bert, WCRE-W'ADC. 

Nuclear Radiation Effects on Parts, R. J. 
Milliron, W'CRE-WADC. 

2:00 p.M. 

Quality Control in 

Production 

Congressional Room 

A. E. Mündel, Sonotone Corp., moder¬ 
ator. 

Simulation Techniques to Verify Reliabil¬ 
ity, S. J. Callabro, Federal Telephone and 
Radio Co. 

Cause-and-Effect Studies with Many Vari¬ 
ables, D. Shainin, Rath & Strong, Inc. 

Time Samples Measure Equipment Per¬ 
formance, D. Hill, D. Voegtlen and R. 11. 
Meyers, Hughes Aircraft Co. 

A Low-Cost Sequential Sampling Meth¬ 
od, R. M. Jacobs, RCA. 

Techniques for Rei table 
Design 

Presidential Room 

R. M. Sewell, XAESU, moderator. 
Standard Parts Can lie Versatile, G. Neu-

schaefer, NYX'S Material Lab. 
Reliability and Maintenance Design Con¬ 

siderations, J. R. Smith, X'EL. 
Design Standardization and Reliability, 

J. Muncy, National Bureau of Standards. 
A Method of Circuit Standardization, 

G. T. Ross, RCA. 
A Summary of Reliability Literature, 

C. J. Moore, NAESU. 

6:00 p.M. 

Presidential Room 

Banquet. 
Master Formulations and the Professor 

Factor, D. E. Noble, Motorola, Inc. 

8:00 P.M. 

Congressional Room 

Panel on Basic Definitions Used in Re¬ 
liability, moderated by C. M. Ryerson, RCA. 

Panelists: J. H. Allen, Bendix Pacific; 
L. W. Ball, United Geophysical; E. V. Ber-
singer, Minneapolis-Honeywell; R. R. Car¬ 
hart, Lockheed; L. M. Clement, Crosley 
Avco Div.; E. F. Dertinger, Arma; R. H. 
DeWitt, OASD; J. Dorfman, Raytheon; 
D. A. Hill, Hughes Aircraft; C. E. Mc¬ 
Laughlin, WADC; E. J. Nucci, Bureau of 
Ships; and L. J. Paddison, Sandia Corp. 

Wednesday, January 16 

8 A.M. AND 1 :00 P.M. 

Tours of Andrew Air Force Base Head¬ 
quarters Airways and Communications 
Service, Naval Ordnance Laboratory, and 
the David Taylor Model Basin. 
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Abstracts of IRE Transactions 

Aeronautical & Navigational 
Electronics 

Vol. ANE-3, No. 3 
September, 1956 

Editorial—J. V. N. Granger 
Impact of Guided Missiles on the Military 

Future—M. F. Schoeffel 
An Improved Medium-Range Navigation 

System for Aircraft—C. G. McMullen 
Most navigation systems proposed have 

been so radical as to require a revolution for 
their implementation. The system described 
herein would employ existing ground and air¬ 
borne equipment with the addition of a small, 
new unit in the aircraft. This unit would em¬ 
ploy only well-known circuits and techniques. 
The working of the system is explained, and 
data are presented on the accuracy to be ex¬ 
pected. 

Design Features of the ASN-7 Navigational 
Computer—S. I. Frangoulis 

ATC Transponder—The Design and Appli¬ 
cation of a Magnetostriction Delay Line for 
Coding Purposes—V. L. Johnson 

In order to meet operational requirements 
high pulse position accuracy is required for the 
reply-code pulses transmitted by the ATC 
Transponder. The use of a magnetostriction de¬ 
lay line as the primary delay element for posi¬ 
tioning the constituent pulses of the reply code 
groups is discussed. The design of a magneto¬ 
striction delay line for this purpose is discussed 
and a method for remote selection of the reply 
codes is presented. 

The Role of the Design Engineer in the 
Field Support of Complex Airborne Electronic 
Equipment—H. W. Brown, Jr. 

The success of a complex airborne electronic 
equipment is highly dependent upon a well-
planned and timely implemented field support 
program. The design engineer, however, plays 
a very fundamental and basic role and the ful¬ 
filment of his responsibilities is of major impor¬ 
tance. In following good engineering design 
practice he must consider the requirements im¬ 
posed by the field. Among these are packaging, 
the incorporation of self-testing circuitry and 
test points, and accessibility of adjustments 
and components, all of which contribute to ease 
of maintenance, thus reducing the turn around 
time of nonoperating equipment. Of equal im¬ 
portance is his analysis of field failure reports, 
reflecting where necessary any improvements 
into the design of the equipment. 

The Probe Excited Airframe as a High Fre¬ 
quency Antenna—W. L. Curtis. T. G. Dalby’, 
and F. S. Holman 

An electrically isolated probe mounted on 
an airframe extremity has been investigated as 
a means of exciting the airframe as a high-fre¬ 
quency antenna. The probe maintains most of 
the advantages of isolated structure or cap 
type antennas over fixed wires, and it docs not 
require a break in basic airframe structure. 
Measurements have been made of radiation 
patterns and impedance of such a probe mount¬ 
ed at a number of positions on a B-47 airplane. 
Impedance characteristics at low frequencies 
depend strongly on the length of the probe and 
its location on the airframe, but not to any 
great degree on the shape of the airframe itself. 
At higher frequencies, however, the impedance 
indicates clearly the effects of various resonant 
modes of the airframe. Radiation pattern char¬ 
acteristics of these antennas are due primarily 
to excitation of the airframe and arc modified 

The following issues of “Transactions” have recently been published, and 
are now available from the Institute of Radio Engineers, Inc., 1 East 79th 
Street, New York 21, N. Y. at the following prices. The contents of each issue 
and, where available, abstracts of technical papers are given below. 

Sponsoring Group 
Group IRE Non¬ 

Publication Members Members Members* 

Aeronautical & 
Navigational 
Electronics Vol. ANE-3, No. 3 $1.05 $1.55 $3.15 

Audio Vol. AU-4, No. 5 .60 .90 1.80 
Broadcast Trans¬ 
mission Systems PGBTS-5 1.05 1.55 

Medical Electronics PGME-6 1.25 1.85 3.75 
Microwave Theory 
& Techniques Vol. MTT-4, No. 3 1.25 1.85 3.75 

* Public libraries and colleges may purchase copies at IRE Member rates. 

by the probe itself only to the extent that the 
probe location influences the airframe modes 
which are excited. 

The Radar Display as a Linear Filter-
Daniel Levine 

When an intensity-modulated cathode ray 
tube is fed by an electronic gamma-correction 
circuit to compensate for the tube power law, 
the over-all system may be interpreted as a lin¬ 
ear filter. It is shown that if the electron distri¬ 
bution within the beam is Gaussian, then (for 
at least some applications) the corresponding 
equivalent filter has a Gaussian amplitude char¬ 
acteristic and zero phase shift. Thus, a recent 
radar tube, the 5FP14A, has a frequency re¬ 
sponse given by exp [-7.O7/2] when used on a 
range of 30 nautical miles. (Here/is expressed 
in megacycles.) A similar result applies to this 
tube when used as a flying-spot scanner. 

If the radar video amplifier is to produce no 
degradation of this display it must be flat to a 
frequency \.2v/w, where v is the sweep velocity 
and w the spot size. The desirable pulse dura¬ 
tion is equal to the time required to sweep past 
a Spot. Simple modifications of these relations 
are necessary if ground-range sweeps are used. 

Engineering Techniques in the Simulator 
Evaluation of Flight Information Displays— 
Frank Klimowski, Jr. 

Display evaluation by simulator methods is 
analyzed from the point of view of reducing the 
operational delays in producing an experiment¬ 
al display, providing an experimental system, 
and obtaining performance data. The tech¬ 
niques recommended to relieve the problem 
arc: display synthesis, programmable facilities, 
automatic processing of syllabuses, flexible 
function generation and function sequencing, 
and the use of de analog computers for real 
time performance measurements. 

Correspondence 
Contributors 
PGANE News 

Audio 

Vol. AU-4, No. 5, September-
October, 1956 

Musical Audio Engineering and Research 
Today—D. W. Martin 

PGA News 
Engineers and Music—C. II. Chandler 
Engineers working in the field of audio, es¬ 

pecially if they deal directly with musicians, 

may find themselves at a serious disadvantage 
because of a lack of musical knowledge. The ac¬ 
quisition of such knowledge, on the other hand, 
can increase their professional prestige, improve 
the quality of their work, and open new hori¬ 
zons for personal enjoyment. The author of this 
paper, a musician of varied experience as well as 
an engineer, shows that a very useful back¬ 
ground in music is not hard to obtain. This ar¬ 
ticle specifies in concrete terms the information 
which should be acquired for basic musical un¬ 
derstanding, and gives suggestions as to how 
this information may be obtained. 

Energy Distribution in Music—J. P. Over-
ley 

A knowledge of the manner in which the 
acoustic power encountered in music varies 
with respect to frequency can be a useful tool in 
the design of components to be used in audio re¬ 
inforcement or reproduction systems. This pa¬ 
per deals with the amplitude of fractional-second 
energy peaks, without reference to the rate of 
their occurrence. It is these peaks which must 
be considered when distortion is of primary 
consideration; average power is useful only' in 
predicting temperature rise (where applicable) 
of single-handling components. Throughout the 
discussion emphasis is placed upon the differ¬ 
ence between average and peak energy consid¬ 
eration. 

The source material from which the distri¬ 
bution analysis is drawn consisted of recent 
commercial vinyl recordings played on a care¬ 
fully equalized reproducing system. Ten vari¬ 
ous types of music are classified and a distribu¬ 
tion curve for each is drawn. The methods used 
in arriving at a typical curve are shown by 
breaking the spectrum into octaves with a band 
pass filter. 

The distribution information mentioned 
above is applied to the design of a three-chan¬ 
nel loudspeaker system as an example of use. 
Other possible applications are mentioned. 

An Audio Flutter-Weighting Network — 
F. A. Comerci and E. Oliveros 

Listener preference rankings of selected 
samples of programs containing many types of 
flutter will be compared to measurements of the 
same flutter using a meter weighted with re¬ 
spect to flutter rate in accordance with the 
threshold of perceptibility. It will be shown 
that the correct weighting curve varies with the 
level of flutter, and modification should be 
made to the flutter meter in order to obtain ob¬ 
jective rankings of program containing the same 
type of flutter. 
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Learning, A Major Factor Influencing Pref¬ 
erences for High-Fidelity Reproducing Sys¬ 
tems—R. E. Kirk 

Frequency range preference of 210 college 
students for monaurally reproduced music and 
speech was determined by an A-B-A preference 
test. Two groups of subjects then listened to 
music reproduced over a restricted frequency 
range and a relatively unrestricted frequency 
range respectively for six and one-half weeks. 
The results of a post-frequency range prefer¬ 
ence test indicate that: 1) learning plays an im¬ 
portant role in determining preferences for 
sound reproducing systems; 2) continued con¬ 
tact with a particular system produces shifts in 
preference for this system; and 3) the average 
college student prefers music and speech repro¬ 
duced over a restricted frequency range rather 
than an unrestricted frequency range. 

Contributors 

Broadcast Transmission Systems 

PGBTS-5, September, 1956 
(Seventh Region Technical Conference, Salt 

Lake City, Utah, April 11-13, 1956) 
Modern Techniques for the Determination 

of Service Areas of Television Broadcast Sta¬ 
tions—A. E. Cullum, Jr. 

Propagation conditions at frequencies allo¬ 
cated to television broadcasting require a sta¬ 
tistical analysis of field intensity measurements 
in order to determine the coverage of a televi¬ 
sion broadcast station. Methods have been de¬ 
veloped for the sampling of the field intensity 
at a height of 30 feet above ground along a true 
radial. Method of analysis of the field data and 
interpretation of the results are presented. Re¬ 
sults of several surveys are shown. Good corre¬ 
lation is obtained between predicted field in¬ 
tensity contours and measured field intensity 
contours. 

Community Television Systems—A. S. 
Taylor and Bruce Hamilton 

Part of the genius of modern technological 
society is the dynamic ingenuity with which so¬ 
lutions are found to problems thought to be 
impossible. When the FCC Table of Television 
allocations was released to the public, there was 
much cynical scoffing at the television assign¬ 
ments in communities of less than 2500 persons. 
Yet, today there isa rapidly growing and soundly 
financed industry providing excellent television 
service to communities of but a few thousand 
persons. The explosive and belligerent develop¬ 
ment of re-radiator systems operating without 
FCC approval is a phenomenon involving towns 
of less than 2500 persons, for the most part. 
Low population density is no longer an excuse 
for the failure to provide either the luxuries or 
necessities of modern living. 

A Cordless Microphone System—A. B. 
Chamberlain 

A cordless (radio) microphone system, suc¬ 
cessfully used by CBS Television, consisting of 
a small microphone, miniature FM transmit¬ 
ter, special receivers, and a diversity antenna 
system is described. The need for continued de¬ 
velopment work to produce smaller, more rug¬ 
ged and reliable components, having as an ob¬ 
jective a system with performance and depend¬ 
ability equal to that obtained from standard 
studio microphones, is stressed. A system of 
this type could materially lessen the need for 
microphone booms in television and motion 
picture studios. 

Also emphasized is the fact that even more 
important than improved performance and re¬ 
lief from microphone boom problems, is the 
freedom of movement given the performer, 
made possible by the cordless microphone, a 
new latitude without which programs such as 
Ed Murrow’s Person to Person show could not 
be successfully produced. 

(Tenth Annual Spring Television Confer¬ 
ence, Cincinnati, Ohio, April 13-14, 1956). 

Technical Standards for Color Television— 
J. W. Wentworth 

A Transistor Video Amplifier Having 80 
Volts Output—V. H. Grinich 

A transistor video amplifier which has suf¬ 
ficient output signal, swing, and bandwidth to 
drive a standard picture tube is described. The 
amplifier consists of three junction transistors 
in the following configurations (starting at the 
input end) : grounded-collector, grounded-
emitter, and common-base. A resistive feed¬ 
back path is provided from the output of the 
grounded-emitter stage to the amplifier input. 
Adequate dynamic range is obtained by means 
of the common-base stage which gives an output 
voltage swing that is twice the breakdown volt¬ 
age of the transistor. The feedback employed 
not only improves the linearity and high-fre¬ 
quency response but also aids in obtaining de 
restoration. Because of the current and voltage 
variable reactance effects in junction transis¬ 
tors, the frequency response of the amplifier is 
a function of the operating point. Circuit 
models that are used in the analysis and de¬ 
sign of such amplifiers are discussed. 

Standardized Transmitting Aerials for 
Medium-Frequency Broadcasting—S. F. 
Brownless 

The Postmaster-General's Department has 
developed a range of aerial systems suitable for 
National Broadcasting Service transmitting 
stations of powers from 200 watts to 50 kilo¬ 
watts in the frequency range 540-1600 kc/s 
The aerial systems fall into two classes: “high” 
aerials having special anti-fading properties, 
usually near half-a-wavelength in height, and 
“low” aerials less than a quarter-wavelength 
in height. This paper traces the development of 
the designs, with special emphasis on low aerial 
systems suitable for construction by Depart¬ 
mental staff. Here the application of practices 
well-established at vhf leads to structures 
believed to be novel for M.F. braodcasting. 
Charts and diagrams are given from which 
aerial structures suitable for any particular 
application may be readily selected. 

Medical Electronics 

PGME-6, October, 1956 
Foreword 
Dynamic Negative Admittance Components 

in Statically Stable Membranes—O. H. 
Schmitt 

Electro-Ionics of Nerve Action—K. S. Cole 
Viruses and Macromolecules Studied with 

the Electron Microscope and Ultracentrifuge— 
R. W. G. Wyckoff 

The Use of Ionizing Radiation to Study 
Virus Structure—Ernest Pollard 

Microwave Theory & Techniques 

Vol. MTT-4, No. 3, July, 1956 
Foreword 
Tables of Constants for Rectangular Wave¬ 

guides (In Decimal Frequencies)—Sperry 
Gyroscope Company 

E. L. Ginzton 
Microwaves—Present and Future—E. L. 

Ginzton 
Rapid Measurement of Dielectric Constant 

and Loss Tangent—D. M. Bowie and K. S. 
Kelleher 

The problem of evaluating dielectric con¬ 
stant and loss tangent by the short-circuited-
waveguide technique has been encountered 
continually in recent years in the study of arti¬ 
ficial dielectric media and radome materials. 
In general, practical measurements have in¬ 
volved materials with low loss and dielectric 
constants less than 10. The analytical method 
normally applied to data on such materials 

requires laborious computation. The available 
graphical methods have not completely elimi¬ 
nated computation and have provided answers 
of unsatisfactory accuracy. 

The present paper describes rapid graphical 
techniques for evaluating dielectric constant 
and loss tangent from the quantities normally 
measured with the slotted line, using samples 
of arbitrarily chosen length. It begins with 
equations previously derived for the case of 
low-loss media. By use of a new parameter, the 
relationship between dielectric constant and the 
measured shift in standing-wave minimum is 
plotted in such a way that all possible values of 
dielectric constant within any predetermined 
range are read directly from the graph with no 
computation whatsoever. A graph can be readi¬ 
ly prepared to apply over a full range of fre¬ 
quency to all sizes of rectangular waveguide. 

With the dielectric constant known, a 
simplification in determining the loss tangent 
is possible, using half-wavelength samples. 
The loss tangent is obtained by direct recourse 
to a graph of loss tangent as a function of the 
standing wave ratio. 

Propagation in Ferrite-Filled Transversely 
Magnetized Waveguide—P. H. Vartanian and 
E. T. Jaynes 

A solution to the problem of propagation 
of higher modes in a transversely magnetized 
ferrite-filled rectangular waveguide has been 
found. The solutions to the problem are ex¬ 
pressed in the form of four rigorous nonlinear 
algebraic equations which characterize the 
problem and are ready for numerical solution. 
Dependence of the fields in the direction of mag¬ 
netization is the same as for classical modes. 

Currents Excited on a Conducting Sur¬ 
face of Large Radius of Curvature—J. R. 
Wait 

The nature of the electromagnetic field of 
an antenna in the vicinity of a surface of large 
radius of curvature is discussed. Assuming a 
spherical surface, the solution for a dipole 
source in the form of the Watson residue series 
is transformed to a more rapidly converging 
series which is preferable at short distances. 
Using this result, numerical data is presented 
in graphical form for the currents induced on 
the spherical surface. The curves are applicable 
to both a stub and slot antenna mounted on 
the conducting surface. 

A Note on Noise Temperature—P. D. 
Strum 

The effective noise temperature of the out¬ 
put impedance of a lossy passive network at an 
arbitrary noise temperature connected to one 
or more resistive loads at arbitrary noise tem¬ 
perature lies between the highest and the lowest 
of these noise temperatures, as determined by 
the losses between the output terminals and the 
loads. The determination of the effective noise 
temperature of a gas-discharge noise generator 
over a wide frequency range is simplified by the 
substitution of a loss measurement for the more 
difficult noise temperature measurement. For 
minimum-noise radar applications care must 
be used in considering the excess noise of crys¬ 
tal mixers and gas-discharge duplexers. The 
influence of galactic radiation on a receiving 
system is such that there is an optimum fre¬ 
quency in the region of 200 to 600 me for mini¬ 
mum “operating noise figure.” Typical exam¬ 
ples of radio-astronomy measurements are 
amenable to analysis of the type given. Finally, 
several corrections to measured noise figure are 
analyzed. 

Compact Microwave Single-Sideband Mod¬ 
ulator Using Ferrites—J. C. Cacheris and H. A. 
Dropkin 

This paper describes a single-sideband mod¬ 
ulator for shifting the frequency of an x-band 
signal by means of a rotating magnetic field 
transverse to a ferrite differential half-wave 
section. The device is one of the first practical 
applications of the double-refraction properties 
of ferrites. 
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Improvements over an earlier model include 
reduction in size and continuous operation 
without drift. An efficient and compact mag¬ 
netic structure has been designed for producing 
the rotating magnetic field. Excessive heating 
of the ferrite and voltage breakdown of the 
coils is eliminated by a forced-air cooling sys¬ 
tem. 

The modulator shifts the microwave-carrier 
frequency of 9375 me by plus or minus 20 kc. 
With a rotating field of approximately 200 
oersteds the microwave insertion loss is 1.0 
db. The undesired sideband suppression is 
above 40 db while the carrier suppression is 
23 db. For a frequency bandwidth of 500 me, 
the insertion loss remains below 5 db. 

A Semi-Infinite Array of Parallel Metallic 
Plates of Finite Thickness for Microwave 
Systems— R. I. Primich 

An array of parallel metallic plates of finite 
thickness are useful in microwave lenses. The 
effect of finite thickness in the idealized situa¬ 
tion of a semi-infinite array of perfect conduc¬ 
tivity, is treated theoretically and experiment¬ 
ally for normal incidence of a uniform plane 
wave on the plane interface separating the 
medium from free space. The theoretical dis¬ 
cussion involves the approximate variational 
method and a procedure is given for estimating 
the order of magnitude of the error in the final 
result. It is shown that it can be advantageous 
to use plates of finite thickness since the reflec¬ 
tion from the interface can be reduced from 
that existing for infinitely thin plates. 

The Characteristic Impedance of Trough 
and Slab Lines R. M. Chisholm 

A variational method is used to develop an 
expression for the characteristic impedance of 
a “trough line” consisting of a circular cylinder 
mounted inside and parallel to the walls of a 
semi-infinite rectangular trough. The “slab line” 

consisting of a circular cylinder between in¬ 
finite, parallel plates is treated as a special case 
of the trough line in which the bottom of 
the trough is taken to be infinitely remote 
from the circular cylinder. The solution has not 
been restricted to cylinders that are mounted 
exactly half way between the parallel walls of 
the trough; a simple formula is presented for 
calculating the tolerances which must be 
placed on the “centering” of the center con¬ 
ductor for a given allowable error in the char¬ 
acteristic imitedance. 

The expression for the characteristic impe¬ 
dance is presented as the sum of three terms. 
The first is a “zero order” logarithmic term, 
the second a “second order” correction term 
which vanishes as the center conductor be¬ 
comes infinitely small, and the third is an “off-
center” correction term which arises when the 
cylinder is not exactly half way between the 
parallel walls of the trough. The second order 
correction term amounts to about 0.3 ohms 
when the characteristic impedance is of the 
order of 50 ohms. A fourth order approximation 
using the same method changes this by about 
0.001 ohm. 

A Simplified Calibration of Two-Port 
Transmission Line Devices—F. L. Wentworth 
and D. R. Barthel 

During the evaluation measurements of 
several two-port junction devices over a wide 
band of frequencies the authors found that the 
method of shorts as described in three previous 
papers was too laborious to be practical. By 
reinterpreting and combining the ideas of 
earlier authors a valuable simplification was 
obtained. Since this paper is based upon the 
previous articles, no fundamental proofs will 
be given except to show the necessary exten¬ 
sions involved. 

Impedance and Polarization-Ratio Trans¬ 

formations by a Graphical Method Using the 
Isometric Circles—E. F. Bolinder 

The isometric circles for the direct and in¬ 
verse linear fractional transformations can be 
used for transformations of impedances and 
polarization ratios. In the loxodromic case an 
inversion is performed in the isometric circle 
of the direct transformation, follow'ed by a 
reflection in the symmetry line of the two cir¬ 
cles, and a rotation around the origin of the 
isometric circle of the inverse transformation. 
In the nonloxodromic case only the first two 
operations have to be applied. Three illustra¬ 
tive examples are given: the first shows the 
transformation of the right half of the complex 
impedance plane into the unit circle (Smith 
Chart); the second gives a circular geometric 
proof of the Weissfloch transformer theorem; 
the third shows an example of cascading, loss¬ 
less, two terminal-pair networks. 

A Broad-Band Dual-Mode Circular 
Waveguide Transducer— R. D. Tompkins 

This paper describes a broad-band dual¬ 
mode waveguide transducer designed to couple 
two orthogonal TEu circular waveguide modes 
in separate rectangular waveguide ports. A 
compact, rugged, economical junction was de¬ 
veloped to operate 8600 mc-9600 me with a 
vswr of less than 1.15 at the rectangular port 
and a mode isolation of 50 db or greater. 

Developmental models are described to 
indicate the evolution from theory to the final 
model. Some problems encountered in attaining 
a small physical size are discussed in detail. 
The new junction has application to mode 
multiflexing, circular waveguide ferrite de¬ 
vices, circular polarization, and as a circular 
waveguide magic-T. 

Correction 
Correspondence 
Contributors 
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ACOUSTICS AND AUDIO FREQUENCIES 
534.232 3266 

Emission of Sound by a Rotating Dipole— 
L. N. Sretenski. (Akust. Zh., vol. 2, pp. 93-98; 
January/March, 1956.) A theoretical paper. 

534.232:621.395.623.7 3267 
The Generation of Sound Pulses for Acous¬ 

tic Measurements by means of Loudspeakers 
—H. Niese. (Hochfrequenztech. u. Elektro-
akust., vol. 64, pp. 84-90; November, 1955.) 
The production of pulses with desired wave¬ 
forms is discussed. A special loudspeaker with 
a spherical radiation pattern has been de¬ 
veloped to simulate the sound from an orches¬ 
tra. 

534.24:534.861 3268 
Wobbling of an Audio Note due to a Rotat¬ 

ing Target—M. V. J. Row and S. R. Rao. (J. 
Inst. Telecommun. Engrs., India, vol. 2, pp. 
100-102; March, 1956.) Analysis is presented 
of the frequency rise and fall of an initially-
steady tone after reflection of the sound wave 
from a rotating target. The theory is relevant 
to effects which might be produced by a fan 
operating in a studio. 

534.26 3269 
Diffraction by a Cylinder of Finite Length— 

W. E. W illiams. (Proc. Camb. Phil. Soc., vol. 
52, part 2, pp. 322-335; April, 1956.) The 
diffraction of a plane sound wave by a hollow 
cylinder is considered. Laplace transforms 
are used, and the problem is reduced to the 
solution of two complex integral equations. 
The solution is finite for all values of the 
cylinder length, including those corresponding 
to resonance conditions. 
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534.31 3270 
The Transient State resulting from the 

Excitation of a String by a Bow B. Bladier. 
(C.R. Acad. Sei., Paris, vol. 242, pp. 2704-
2707; June 4, 1956.) 

534.79 3271 
A Re-determination of the Equal-Loudness 

Relations for Pure Tones D. W. Robinson 
and R. S. Dadson. (Brit. J. A ppi. Phys., vol. 
7, pp. 166-181; May, 1956.) Report of an in¬ 
vestigation carried out at the National Physical 
Laboratory. Subjective measurements were 
made at frequencies in the range 25 cps-15 kc 
and at sound pressure levels up to about 130 
db above 0.0002 dyn/cm2. A new determination 
was made of the normal threshold of hearing 
in free field; the results are highly consistent 
with the equal-loudness contours. Discrepan¬ 
cies between results obtained previously by 
various workers are to some extent explained. 

534.844 3272 
Note on the Statistical Treatment of the 

Reverberation Process—W. Kraak. (Hochfre¬ 
quenztech. u. Eleklroakusl., vol. 64, pp. 90-93; 
November, 1955.) The validity of formulas 
derived by Eyring (J. Acoust. Soc. Amer., vol. 
1, pp. 217-241; January, 1930) for a nonuni¬ 
form distribution of absorptive material is 
confirmed. 

534.86:621.375.4.029.3 3273 
Transistor Preamps Starke. (See 3323.) 

534.862.6 3274 
Calculation of the Audibility of Nonlinear 

Distortion originating in an Electroacoustic 
System—A. V. Rimski-Korsakov. (Akust. Zh., 
vol. 2, pp. 51 61; January/March, 1956.) The 
probability is calculated of the products of non¬ 
linear distortion in a sound-reproducing chan¬ 
nel exceeding the masking level due to the 
fundamental signal and the threshold of 
audibility in the auditorium. In the particular 
case of a signal with a fiat frequency spectrum 
distorted by a square-law nonlinearity, the 
threshold of perceptibility of the distortion 
corresponds to a harmonic coefficient of be¬ 
tween 2 and 3 per cent. 

621.395.614:546.431.824-31 3275 
Nondirectional Ceramic Sound Receivers— 

A. A. Anan’eva. (Akust. Zh., vol. 2, pp. 10-27; 
January/March, 1956.) The characteristics 
of cylindrical and spherical BaTiOj micro¬ 
phones were investigated experimentally at 
frequencies up to several hundred kc. Experi¬ 
mental results are presented graphically, in 
tabular form and in 78 oscillograms of the 
polar characteristics. 

ANTENNAS AND TRANSMISSION LINES 
621.372.2 3276 

Propagation of Waves along an Infinitely 
Long Helix—N. N. Smirnov. (C.R. Acad. Sei. 
U.R.S.S., vol. 108, pp. 243-246; May 11, 
1956. In Russian.) The dispersion equation is 
discussed theoretically. 

621.372.22:621.372.51 3277 
Impedance Transformers J. Willis and 

N. K. Sinha. (Wireless Engr., vol. 33, pp. 204 
208; Septemlier, 1956.) Experimental work is 
reported on nonuniform-transmission-line de¬ 
vices previously discussed theoretically (1614 
of 1956). A compensated coaxial-line-resistor 
termination designed to give negligible reflec¬ 
tion over a wide band is described. Observed 
and calculated reflection patterns for two 
types of tapered line are compared. Attenuation 
effects are negligible in practical cases. 

621.372.43 3278 
The Optimum Tapered Transmission-Line 

Matching Section -R. W. Klopfenstein, E. F. 
Bolinder, and R. E. Collin. (Proc. IRE, vol. 44, 
pp. 1055-1056; August, 1956.) Comments on 
1953 of 1956 and author’s reply. 

621.372.8 3279 
Production of Slow Electromagnetic Waves 

by means of Cylindrical Current Sheets— 
F. Bertein and W. Chahid. (C.R. Acad. Sei., 
Paris, vol. 242, pp. 2918 2920; June 18, 1956.) 
Brief discussion of possible modes with waves 
slowed by complex helix structures: the mathe¬ 
matical analysis assumes a continuous con¬ 
ducting surface. 

621.372.8 3280 
Propagation of Electromagnetic Waves be¬ 

tween Two Circular Cylindrical Surfaces in the 
Presence of Longitudinal, Periodically Spaced 
Diaphragms E. G. Solov’ev. (Radiolekhnika, 
Moscow, vol. 11, pp. 57-60; January, 1956.) 
Analysis is given for an E wave traveling cir¬ 
cumferentially between a pair of coaxial 
cylindrical sheets with diaphragms spaced 
along the coaxial midsurface. Comparison of 
the results with those obtained earlier (978 of 
1956) indicates that for wavelengths very much 
longer than the diaphragm space period, the 
phase velocity is reduced by the diaphragm 
system and a large number of space harmonics 
are produced; the higher their number the 
lower their phase velocity. This suggests use of 
systems of this type for delay lines. 

621.396.676:621.396.933 3281 
TACAN Radio Bearing and Distance Sys¬ 

tem for Aerial Navigation -(See 3386.) 

621.396.677:621.396.97 3282 
Vertical Radiation and Tropical Broadcast¬ 

ing—Dickinson. (See 3536.) 
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621.396.677.8:621.396.65.029.63 3283 
A Decimetre-Wavelength Radio-Link Net¬ 

work providing High-Quality Program Chan¬ 
nels using Pulse Phase Modulation: Part 2 
Aerial Installations -E. Schüttlöffel. (Tele-
funken Zig, vol. 29, pp. 12-20; English sum¬ 
mary, p. 63; March, 1956.) Parabolic reflector 
antennas with dipole exciters are used, with 
auxiliary deviating reflectors at one point. 
Part 1: 3534 below. 

AUTOMATIC COMPUTERS 

016:681.142 3284
Bibliography of Literature on Mathematical 

Simulation (Analogue Computers) (1947-
1054)—(Avlomalika i Telemekhanika, vol. 17, 
pp. 279 288, 268-383; March/April, 1956.) 
About 500 items are listed, including books, 
conference reports, and papers. About 70 refer¬ 
ences are to Russian literature. 

681.142 3285
Electronic Differential Analyser of the G.M. 

Krzhizhanovski Energetics Institute of the 
U.S.S.R. Academy of Sciences I. S. Bruk and 
X X. Lenov. (Avlomalika i Telemekhanika, 
vol. 17, pp. 217-227; March, 1956.) The ana-
lyzer comprises 38 operational amplifiers, 4 
multipliers, and 4 function transformers with a 
harmonics generator. The basic circuits are 
described. Differential equations up to the 
19th order have been solved; equations up to 
the 25th order could be handled. 

681.142 
Magnetic Shift-Register Correlator—R. C. 

Keiner and M. II. Glauberman. (Electronics, 
vol. 29, pp. 172 1 75; August, 1956.) “Printed 
decimal digits 0 to 9 are easily recognized by 
a magnetic-shift register using digital-to-
analog converters at each stage. Recognition 
is obtained using a waveform-fitting function 
instrumented with the shift-register for cor-
relation.” 

681.142 3287
Triangular-Wave Analog Multiplier—R. A. 

Meyers and H. B. Davis. (Electronics, vol. 29, 
pp. 182-185; August, 1956.) 

681.142 3288
High-Density Williams Storage -S. X. 

Wong. (IRE Trans., vol. EC-4, pp. 156-158; 
December, 1955. Abstract, PROC. IRE, vol. 44, 
p. 580; April, 1956.) 

681.142:621.383.2 3289
Bit Storage via Electro-optical Feedback— 

A Milch. (IRE Trans, vol. EC-4, pp. 136-
144; December, 1955.) The use of a device 
including a photoemissive cathode and a 
luminescent anode as a computer component 
is discussed. 

CIRCUITS AND CIRCUIT ELEMENTS 

621.3-71 3290
Review of Industrial Applications of Heat 

Transfer to Electronics -J. Kaye. (Proc. IRE, 
vol. 44. PI>. 977 991 ; August, 1956.) Techniques 
for controlling the temperature conditions of 
operation of electronic equipment are reviewed 
with particular reference to conditions in fast 
aircraft and missiles. Particular examples dis¬ 
cussed are 1) an air-cooled 25-kw tube (IRE 
Trans., vol. ED-1, pp. 9-26; April, 1954), 
2) cold-plate techniques for cooling miniature 
and subminiature equipment, 3) valves de¬ 
signed for operation at surface temperatures 
near 500° C., and 4) evaporation cooling of 
miniature transformers by means of fluoro¬ 
chemicals. The importance of the subject of 
heat transfer to designers of electronic equip¬ 
ment is stressed, and training programs at the 
Massachusetts Institute of Technology are 
mentioned. 

621.316.546:621.3.018.756 329 1 
Fast-Rise Pulse Generator with High 

Pulse Repetition Frequency—C. G. Dorn. 
(Rev. Sei. Instru., vol. 27, pp. 283-284; May, 
1956.) Description of a single-pole multi¬ 
position switch in which mercury is ejected 
through a rotating nozzle on to a series of con¬ 
tact pins, thus generating pulses having a rise 
time <0.002 ns, at repetition rates >10 kc, 
with peak pulse power of 50 w. 

621.316.82 3292
On Concavity of Resistance Functions— 

II. M. Melvin. (J. Appl. Phys., vol. 27, pp. 
658-659; June, 1956.) A short proof is given 
of a theorem presented by Shannon and 
Hagelbarger (1635 of 1956). 

621.318.424 3293
Ferromagnetic Coupling between Crossed 

Coils—U. F. Gianola and D. B. James. (J. 
Appl. Phys., vol. 27, pp. 608-609; June, 1956.) 
Discussion of the operation of devices com¬ 
prising e.g., a toroidal and a solenoidal coil 
wound on a common cylindrical saturated 
ferromagnetic core; gating, coincidence, and 
signal storage applications are mentioned. 

621.319.4 3294
Self-Healing in Metallized Paper Capaci¬ 

tors— C. B. Charlton. (TMC Tech. J., vol. 6, 
pp. 27-41; March, 1955.) The physical and 
manufacturing techniques involved in the 
production of truly self-healing single-layer 
metallized-paper capacitors are described. 

621.372.4 3295
Decomposition of the Derivative of the 

Impedance for a Two-Terminal Network -
L. Lunelli. (Alta Frequenza, vol. 25, pp. 152-
159; April, 1956.) Extension of theory pre¬ 
sented previously (3183 of 1955). 

621.372.54 3296
Design Data for Ladder Networks—IC. 

Green. (.Marconi Rev., vol. 19, pp. 78-88; 
2nd Quarter, 1956.) Design data for networks 
with up to nine branches and attenuation 
curves for networks with up to eleven branches 
are presented in expansion of previous work 
(1267 of 1953 and 2563 of 1955). 

621.372.54.029.6 3292
Directional Channel-Separation Filters— 

S. B. Cohn and F. S. Coale. (Proc. IRE, vol. 
44, pp. 1018-1024; August, 1956.) Networks 
are discussed which combine the properties of 
directional couplers with those of conven¬ 
tional filters; such networks are useful for 
channel combining and separating in micro¬ 
wave communication systems and in installa¬ 
tions where a single antenna is shared by sev¬ 
eral systems. Designs using waveguides, 
coaxial and strip lines and lumped-constant 
circuits are indicated; the performance of some 
experimental filters is described. 

621.372.542.21 3298
Low-Pass Filters for Metre Waves— 

O. Guarracino. (Alta Frequenza, vol. 25, pp. 
161-168; April, 1956.) Filters intended for 
suppression of harmonics in m-X measure¬ 
ments, and having cutoff frequencies of about 
100-300 me, comprise three EC II sections 
with lumped-constant components. The con¬ 
struction and method of adjustment arc de¬ 
scribed. 

621.372.543.2 3299
A Low-Pass Band-Pass Frequency Trans¬ 

formation—K. B. Irani. (Commun. News, vol. 
16, pp. 99-104; April, 1956.) A simple trans¬ 
formation is presented for converting a low-pass 
insertion-power ratio into a band-pass ratio; the 
technique facilitates the design of band-pass 
filters when the attenuation curves on either 
side of the pass band are required to be asym¬ 
metrical. 

621.372.56.029.6:621.318.134 3300 
A Unidirectional Attenuator with Delay 

Line and Ferrite Element for the 4-Gc/s Fre¬ 
quency Band—\V. Eichin. (Nachrichtentcch. Z., 
vol. 9, pp. 168-172; April, 1956.) The attenu¬ 
ation afforded bv various devices comprising 
ferrite tubes surrounding helical lines and in 
turn surrounded by tubular magnets was in¬ 
vestigated experimentally; results are pre¬ 
sented graphically. The attenuation obtained 
with the final design was about 1 db in the 
forward direction and 20 db in the blocking 
direction. 

621.372.6:621.318.134 3301
Frequency Doubling and Mixing in Ferrites 

—J. E. Pippin. (Proc. IRE, vol. 44, pp. 1054-
1055; August, 1956.) Analysis is presented 
indicating the particular polarization and fre¬ 
quency conditions under which frequency 
doubling and mixing will occur in ferrite 
devices of the type discussed by Ayres el al. 
(2138 of 1956). 

621.372.6.012 3302
The Derivation of the Six-Terminal-Net-

work Curve, its Graphical Interpretation and 
its Application in determining the Transforma¬ 
tion Properties of Loss-Free Six-Terminal 
and Eight-Terminal Networks—H. Lueg. 
(Arch, elekl. Übertragung, vol. 10, pp. 151-
162; April, 1956.) 

621.373 3303
Tuned Circuits containing Negative Re¬ 

sistance—J. Gross. (J. Appl. Phys., vol. 27, 
pp. 603-607; June, 1956.) Analysis indicates 
that the combination of a current-controlled 
negative resistance with a parallel-tuned cir¬ 
cuit, or of a voltage-controlled negative con¬ 
ductance with a series-tuned circuit yields a 
bistable circuit rather than a self-sustaining 
oscillator. 

621.373.42:621.396.61:621.376.32 3304 
The Gain Characteristic inside the Pull-

In Range particularly in F.M. Transmitters and 
Wobbulators Woschni. (Sec 3560.) 

621.373.42.016.35 3305
Oscillator Frequency Stability—A. S. Glad¬ 

win. (Wireless Engr., vol. 33, pp. 209-220; 
September, 1956.) The case of an oscillator 
connected to a mismatched load by a long 
feeder is considered. In addition to hysteresis 
effects, with resonant loads a type of insta¬ 
bility occurs which takes the form of a periodic 
modulation of the oscillation frequency (see 
also 54 of 1956). Stability criteria appropriate 
to both effects are derived for various circuit 
arrangements. Results of experiments with a 
triode oscillator operating at 10 me are 
reasonably consistent with the theory. In 
general, the hysteresis type of instability pre¬ 
dominates. 

621.373.421.11 3306
Novel Circuit for a Stable Variable-Fre¬ 

quency Oscillato' -D. Makow. (Proc. IRE, 
vol. 44, pp. 1031-1036; August, 1956.) A cir¬ 
cuit designed to reduce the effect of resonator 
frequency drift uses a multiloop feedback 
arrangement with three oscillators maintained 
at frequencies such that one is the sum of the 
other two, the sum frequency being controlled 
by a quartz crystal while the other two are 
controlled by variable 1c resonators. The cir¬ 
cuit and frequency-drift/temperature charac¬ 
teristics of an experimental oscillator are shown. 

621.373.431.2:621.396.96 3307 
‘Hard-Tube’ Pulsers for Radar—II. A. 

Reise. (Bell Eah. Rec., vol. 34, pp. 153 156; 
April, 1956.) Developments in design of high-
vacuum tubes make possible the construction 
of blocking-oscillator pulse modulators com¬ 
parable in size and efficiency with line-type 
thyratron modulators, with advantages in 
stability resulting from the pulse shape. 
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621.373.5:621.314.7 3308 

Current-Derived Resistance-Capacitance 
Oscillators using Junction Transistors—D. E. 
Hooper and A. E. Jackets. (Electronic Engng., 
vol. 28, pp. 333-337; August, 1956.) Two cir¬ 
cuits using 180° phase-shift networks, suitable 
for use at very low frequencies, and one with 
a 0° phase-shift network, giving a maximum 
frequency of 30 kc are described. 

621.374 3309 
Pulse Scaler Circuit with High Resolving 

Power—U. Pellegrini. (Alta Frequenza, vol. 25, 
pp. 130-139; April, 1956.) A circuit with a 
resolving time of 5X10~* is based on a step-
by-step capacitor charge and a rapid discharge 
process. The scaling factor can be varied from 2 
to 10 without loss of stability. As a frequency 
divider, the circuit is limited to the range 200 
kc-20 me. Input pulses must be at least 2 v 
pcak-to-peak. 

621.374.3/.4 3310

High-Frequency Electronic Counter—A. V. 
Lord and S. J. Lent. (Wireless Engr., vol. 33, 
pp. 220-226; September, 1956.) A circuit suit¬ 
able for the frequency divider following the 
2-4-mc subcarrier generator in a color¬ 
television receiver' is based on a triggered 
binary cascade with feedback. The high count¬ 
ing rate is achieved by incorporating a gating 
arrangement. 

621.374.3:621.375.2 33H 
An Input Amplifier for a Pulse-Height 

Analyser -A. Folkierski. (J. Sei. Instru., vol. 
33, pp. 187-191; May, 1956.) The analyzer de¬ 
scribed can be gated by pulses coincident with 
the pulses to be measured, the error introduced 
being < 1 per cent of the maximum output 
pulse height. Variation of the input amplifica¬ 
tion enables the scale to be expanded for de¬ 
tailed examination of part of a spectrum. 

621.374.32:621.318.57 3312 
A Nine s Complement Decade Counter 

with Recorder—J. A. Phillips. (Electronic 
Engng., vol. 28, pp. 344-349; August, 1956.) 
A brief outline of decimal counting using 

weighted binary digits is given with special 
reference to systems giving complements of 
nine. A binary decade electronic counter 
arranged so as to allow the reading of nine s 
complements, which may be used to represent 
negative numbers is then described. In the 
circuit arrangement used in this counter the 
maximum counting rate remains the same as 
that of a simple binary counter. Recording of 
the number counted is made on ‘Teledeltos’ 
paper, the record and counter reset being 
carried out simultaneously.” 

621.374.33 3313 
Gate selects Pulses for Spectrum Analysis 

—A. Ross and L. Simon. (Electronics, vol. 29, 
pp. 1<9—181; August, 1956.) A circuit per¬ 
mitting isolation of pulses from 0.2 to 150 ps 
wide, at repetition rates up to 10,000 per sec., 
is described. 

621.375.2 33I4

Nonlinear Distortion and Stability of 
Reflex Circuits—Yu. A. Chernov. (Radio-
tekhnika, Moscow, vol. 11, pp. 17-31; January, 
1956.) Two single-tube and three two-tube 
hf-crystal-detector-lf reflex amplifier circuits 
are discussed. The coefficient of nonlinear dis¬ 
tortion, kf, is calculated for the various circuits 
and the results are plotted (Fig. 5) as a function 
of the parameter «A, the relative change of 
slope of the I a Fo curve from the value at the 
working point, due to the applied If signal; 
kf can theoretically be made zero by using à 
pair of identical tubes in the circuit shown in 
Fig. 4. The stability criteria are also discussed. 

621.375.2.024 331S

D.C. Decade Amplifier—W. G. Royce and 
" . D. Mathews. (Tele-Tech and Electronic Ind. 

vol. 15, pp. 90-91, 157; April, 1956.) The 
circuit incorporates RC and direct-coupled 
stages and a chopper stabilizing amplifier, 
giving a bandwidth of 0-100 kc, with a gain of 
0-60 db in 20-db steps. The equivalent input 
de drift is > 10pv; output is up to ±35 v and 
+ 20 ma. 

621.375.2.024:621.376.332 3316 
Isolating Direct-Current Amplifiers—A. 

Chevallier and B. Prokocimer. (Rev. Gén. 
Elect., vol. 65, pp. 199-203; April, 1956.) A 
circuit providing an output direct current or 
voltage proportional to an input direct voltage, 
and having no common point between input 
and output, uses a fixed-frequency crystal-
controlled oscillator in conjunction with a dis¬ 
criminator whose phase is varied by means of 
an electromechanical modulator which con¬ 
verts the input signal into a capacitance vari¬ 
ation. Several applications are mentioned. 

621.375.221.029.5 3317

Wide-Band Linear R.F. Amplifier—B. F. 
Davies. (Wireless World, vol. 62, pp. 374-378; 
446-449; August/September, 1956.) The 
amplifier described is designed for use with a 
common antenna to provide a distribution sys¬ 
tem for a ship. Frequency coverage is 150 kc-
25 me with suppression in the 400-535-kc and 
1.6-3.8-mc bands; nominal gain is 15 db. 
Performance figures are given; the level of 
intermodulation and cross-modulation prod¬ 
ucts is low. 

621.375.226 3318 
Synthesis of Amplifiers with Triple-Tuned 

Coupled Circuits—A. Smolinski. (Archiwum 
Elektrotech., vol. 4, pp. 35-64. English sum¬ 
mary, pp. 63-64; 1955.) 

621.375.23.024:621.317.725 3319 
Unity-Gain Voltmeter Amplifier—Hvder 

(See 3485.) 

621.375.3:621.318.435 3320 
Behaviour of Saturable Reactors in Mag¬ 

netic Amplifiers P. X. Das. (Indian J. Phys., 
vol. 39, pp. 129-142; March, 1956.) A 
detailed analysis is presented of the behavior 
of a magnetic amplifier in which the core ma¬ 
terial is assumed to have a square BII char¬ 
acteristic. Systems with single cores, two series-
connected cores and two parallel-connected 
cores are considered, with de sources of 1) 
infinite and 2) low impedance. Results are pre¬ 
sented graphically; supporting experimental 
evidence is mentioned briefly. 

621.375.4:621.314.7 3321 
Measurement Considerations in High-

Frequency Power Gain of Junction Transistors 
—Pritchard. (See 3566.) 

621.375.4:621.396.96 3322 
Transistor Amplifier for Radar Video_R. 

Leslie. (Electronics, vol. 29, pp. 142-145; 
August, 1956.) The design of a video amplifier 
using Si transistors, suitable for airborne radar 
systems, is discussed. High-frequency com¬ 
pensation is obtained by RC degenerative feed¬ 
back in a grounded-emitter circuit with tem¬ 
perature stabilization of emitter-current bias. 

621.375.4.029.3:534.86 3323 
Transistor Preamps—H. F. Starke. (Audio, 

vol. 40, pp. 31-32; 73; April, 1956.) Discussion 
of practical design considerations for pre¬ 
amplifiers for use 1) with gramophones with a 
boosted low-frequency response and a flat¬ 
response main amplifier, and 2) with micro¬ 
phones, the preamplifier in this case having a 
flat response. 

621.375.4.029.3:621.314.7 3324 
A 200-rnw Amplifier employing Transistors 

—(Milliard Tech. Commun., vol. 2, pp. 210-216; 
April, 1956.) The af amplifier described com¬ 
prises an input stage, a driver, and a Class-B 

stage, with over-all feedback; the maximum 
output is 215 mw, measured at 400 cps, with 
10 per cent total harmonic distortion, mainly 
third harmonic. The sensitivity at the 2.5-kSI 
input terminal is about 6 mv. Minimum total 
distortion is 1.7 per cent, at an output of about 
15 mw. 

621.376.332 3325 
Design of a Single Linear Frequency Dis¬ 

criminator—K. G. Fancourt and J. K. Skwir-
zynski. (Marconi Rev., vol. 9, pp. 61-77; 
2nd Quarter, 1956.) The discriminator described 
consists essentially of two tuned circuits with 
the parameters chosen to minimize second and 
third harmonics. Design information is pre¬ 
sented in graphs. 

GENERAL PHYSICS 
534.01:519.2 3326 

Statistical Properties of a Moving Wave¬ 
form—M. S. Longuet-Higgins. (Proc. Camb. 
Phil. Soc., vol. 52, pp. 234-245; April, 1956.) 
537/538],081 3327 

The Giorgi System of Units and the Ra¬ 
tionalization of the Equations of Electricity—• 
A. Iliovici. (Rev. Gén. Elect., vol. 65, pp. 245-
251; April, 1956.) 

537.2:621.3.011.1 3328 
New Theorems on the Electrostatic Field— 

B. Konorski. (Archiwum Elektrotech., vol. 4, 
pp. 65-157. German summary, pp. 155-157; 
1955.) The “law of least capacitance” is dis¬ 
cussed; the concept of the “intermediate 
electrode” is introduced to facilitate the formu¬ 
lation. A system of two cylinders with parallel 
axes is considered, and an examination is made 
of the variation of the total capacitance of the 
system on displacing the imaginary intermedi¬ 
ate electrode constituted by an infinitely thin 
metal sheet shaped to coincide with one of the 
equipotential surfaces. The analysis is extended 
to systems of spheres and other geometrical 
forms. Formulas giving attractive and repul¬ 
sive forces for numerous particular cases are 
tabulated. 

537.29:537.56:621.385.833 3329 
Field Ionization of Gases at a Metal Surface 

and the Resolution of the Field Ion Microscope 
—E. W. Müller and K. Bahadur. (Phys. Rev., 
vol. 102, pp. 624-631; May, 1956.) 

537.29:539.233:621.385.833 3330 
Field Desorption—E. W. Muller. (Phys. 

Rev., vol. 102, pp. 618-624; May, 1956.) 
Report of a study of the action of strong electric 
fields in removing adsorbed films of Ba, Th, 
etc., from a w surface, using a field-emission 
microscope and maintaining the metal surface 
positive. 

537.311.1 3331 
Electronic Conduction in Solids with 

Spherically Symmetric Band Structure—R. 
Barrie. (Proc. Phys. Soc., vol. 69, pp. 553-561; 
May, 1956.) Elastic scattering of electrons by 
ionized impurities, and inelastic scattering by 
the nonacoustical modes of the lattice vibra¬ 
tions in a homopolar crystal, are discussed for 
electrons whose energy is a nonquadratic func¬ 
tion of the wave number vector. 

537.311.1 3332 
Acceleration of Electrons by an External 

Force Field—E. N. Adams and P. N. Argyres. 
(Phys. Rev., vol. 102, pp. 605-606; May, 1956.) 
“The usual proof that an electron in an energy 
band reacts to an external force as though it 
had an effective mass is shown to be invalid. 
It is shown, however, that for static externally 
applied fields, modified (field-dependent) 
energy bands can be found for which the ac¬ 
celeration theorem is rigorously correct.” 

537.311.62:537.312.62 3333 
The Penetration Depth in Impure Super¬ 

conducting Tin—R. G. Chambers. (Proc. 
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Gases: 

usually quoted; a new interpretation 
phenomenon is given. 

537.56:538.56 
Model for Collision Processes in 

Small-Amplitude Oscillations of Charged Two-
Component Systems—E. 1’. Gross and M. 
Krook. (Phys. Rev., vol. 102, pp. 593 604; 
May 1, 1956.) Continuation of work reported 
previously [2633 of 1954 (Bhatnagar el al.)]. 

537.562:538.561:523.16 3346 
Large-Amplitude Plasma Streaming and 

Charge Segregation—R. W. Larenz. (Z. 
Naturf., vol. 10a, pp. 766-776; September/Oc¬ 
tober, 1955.) See 1015 of 1955; see also ibid., 
pp. 761-765. 
538.311:538.65 3347 

The Magnetostatic Force on Two Circular 
Cylindrical Conductors carrying Uniform 
Steady Currents—E. E. Jones. (J. Franklin 
Inst., vol. 261, pp. 397-408; April, 1956.) The 
magnetic field due to two parallel conductors 
in a nonuniform magnetic field is determined 
for the case when the conductor material is 
magnetic. General expressions are deduced for 
the magnetostatic force and are investigated 
for particular examples. 

538.5:621.313 3348 
Fluid Self-Excited Dynamo—L. Davis, Jr. 

(Phvs. Rev., vol. 102, pp. 939-940; May 15, 
1956.) “The possibility that a simply con¬ 
nected perfectly conducting fluid body could 
generate an increasing external magnetic field 
by acting as a self-excited dynamo is demon¬ 
strated by exhibiting a cycle of motions that 
doubles the external field each cycle. The essen¬ 
tial feature of the motion is that interior points 
become surface points.” 

538.56:544.68:535.33 3349 
Analysis of Traces of Impurities in Rare 

Gases by Ultra-high-Frequency Excitation of 

537.533.8:537.226 3344 
Secondary Electron Emission from Dielec¬ 

trics—A. R. Shul'man. (Zh. Tekh. Fiz., vol. 25, 
pp. 2150-2156; October, 1955.) Experiments 
are described in which, in order to avoid 
changes in the structure of the target due to 
electron bombardment, the primary beam was 
switched on for only 10-30 gs, so that there 
was one incident electron for about 105 atoms 
of the emitter surface, and the destruction of 
the target could therefore be neglected. The 
results obtained are different from those 

of the 

537.5 3336 
The Carrier Density in a Plasma and its 

Determination by means of the Pulse Probe— 
D. Kamke and II. J. Rose. (Z. Phys., vol. 145, 
pp. 83-115; April 9, 1956.) The pulse method 
discussed docs not depend on particular as¬ 
sumptions regarding the transition layer be¬ 
tween the unipolar (Langmuir) layer and the 
undisturbed plasma. Theory, apparatus, and 
experimental results are described. Over 40 
references. 
537.52 3337 

Statistical Study of Electron Avalanches in 
Gaseous Discharge—S. Kojima and K. Kato. 
(J. Phys. Soc. Japan, vol. 11, pp. 322-326; 
March, 1956.) For low pressures the pulse 
size distribution at potentials below the break¬ 
down value agreed with that given by the 
Townsend theory, assuming the absence of 
space charge. At atmospheric pressure the dis¬ 
charge was modified, probably by space 
charge, and pulse size tended to become uni¬ 
form. 
537.525 3338 

Starting of an Electrical Gas Discharge in a 
Uniform Alternating Field—W. Fucks, L. Graf, 
G. Mues, and II. G. Müller. (Z. Phys., vol. 145, 
pp. 1-19; April 9, 1956.) In the subcritical 
range, i.e., when the half-period of the alter¬ 
nating field is greater than the duration of an 
ionization step, the number of ionization steps 
in a half-period varies with frequency and with 
field strength. Over this range, the breakdown-
voltage/frequency characteristic is positive, 
but beyond a certain value of frequency it 
becomes negative, later undergoing a further 
inflection, so that at a frequency of 2X 10s cps 
it is again positive. Comprehensive experimen¬ 
tal results illustrating these phases and the 
influence of pressure and electrode separation 
on them are presented. 

537.525.92:537.56 3339 
‘Contact’ Phenomena in Plasma—L. A. 

Sena and N. S. Taube. (Zh. eksp. tear. Fiz., vol. 
30, pp. 287 290; February, 1956.) Disconti¬ 
nuities of potential between parts of a plasma 
which differ in electron concentration and 
temperature are considered theoretically by 
the classical contact-potential theory of metals. 
The validity of this treatment is confirmed 
experimentally. 
537.533:537.312.62 3340 

Investigation of Electron Emission from 
Superconductors—F. Bedard, H. Meissner, 

Optical Radiation—M. Servigne, P. Guérin de 
Montgareuil, and D. Dominé. (C.R. Acad. 
Sei., Paris, vol. 242, pp. 2827-2830; June 11, 
1956.) Technique is discussed in which a cell, 
filled at low pressure with the gas to be ana¬ 
lyzed, is arranged in the field of a continuous 
microwave oscillation generated by a magne¬ 
tron. 

538.561:537.533 3350 
Cerenkov Radiation from Extended Elec¬ 

tron Beams near a Medium of Complex Index 
of Refraction—H. Lashinsky. (J. Appl. Phys., 
vol. 27, pp. 631-635; June, 1956.) Extension 
of the theory presented by Danos (1628 of 
1955). If ferrites are used in place of simple 
dielectric media, the radiated power can, 
under suitable conditions, be increased. 

538.566:537.562 3351 
Variation with Electron Energy of the 

Collision Cross Section of Helium for Slow 
Electrons—J. M. Anderson and L. Goldstein. 
(Phys. Rev., vol. 102, pp. 933-938; May 15, 
1956.) Continuation of previous work on the 
interaction of microwaves in gas-discharge 
plasmas (1383 of May and back references). 
Momentum transfer between He atoms and 
electrons with energies between 0.04 and 
0.4 ev is investigated, the electron density 
being not less than about W’/cm’. Experi¬ 
mental results appear to indicate a slight 
variation of momentum transfer with electron 
energy. 

538.6 3352
Motion of a Sphere through a Conducting 

Fluid in the Presence of a Strong Magnetic 
Field—K. Stewartson. (Proc. Camb. Phil. Soc., 
vol. 52, pp. 301-316; April, 1956.) 

537.5 3353 
Basic Processes of Gaseous Electronics 

[Book Review]—L. B. Loeb. Publishers: Uni¬ 
versity of California Press, Berkeley and Los 
Angeles; Cambridge University Press, London, 
1012 pp., 1955. (Bril. Commun. Electronics, 
vol. 3, p. 214; April, 1956.) A comprehensive 
review. 

538.566:535.4 3354 
Scattering and Diffraction of Radio Waves 

[Book Review]—J. R. Mentzer. Publishers: 
Pergamon Press, London, and New York, vol. 
2, p. 301; May, 1955.) One of a series of mono¬ 
graphs on Electronics and Waves; mathematical 
methods are indicated for solving problems en¬ 
countered in the study of radar performance 
and antenna systems. 

GEOPHYSICAL AND EXTRATER¬ 
RESTRIAL PHENOMENA 

523:538.3:550.38 3355 
Hydromagnetic Dynamo Theory—W. M. 

Elsasser. (Rev. Mod. Phys., vol. 28, pp. 135-
163; April, 1956.) The equations of magneto¬ 
hydrodynamics are used to study the mecha¬ 
nism whereby cosmic magnetic fields such as 
those of the earth, of sunspots and the sun, and 
of magnetic stars are generated and maintained. 

523.16 3356
The Nature of Radiation from Radiogalaxy 

NGC 4486—I. S. Shklovski. (Astronom. Zh., 
vol. 32, pp. 215-225; English summary. May/ 
June, 1955.) The continuous optical radiation 
from' the “jet” in the core of the galaxy is 
explained quantitatively by the presence of 
relativistic electrons with energies of 10ll-10 12 

ev moving in a magnetic field of approximately 
10-4 g; relativistic electrons with energies of 
10’-10’ ev diffusing into the galaxy are prob¬ 
ably the source of rf emission. 

523.16:523.42 3357
Impulsive Radio Signals from the Planet 

Venus—J. D. Kraus. (Nature, Land., vol. 
178, p. 33; July 7, 1956.) Report of reception 
at the Ohio State University of radiation at a 

Camb. Phil. Soc., vol. 52, pp. 363-375; April, 
1956.) “A new method is described for meas¬ 
uring the surface impedance of metals at low 
temperatures and at radio-frequencies. Using 
this method, the surface impedance of normal 
tin and the penetration depth X in supercon¬ 
ducting tin have been studied at about 9 me 
frequency as a function of impurity content. 
The measured surface impedances agree well 
with the values expected, and the penetration 
depths increase with impurity content, in con¬ 
firmation of Pippard's observations [Proc. 
Roy. Soc. A. vol. 216, pp. 547-568; February 
24, 1953] at 9400 me.” 
537.311.62:538.569.4 3334 

Cyclotron Resonance under Anomalous 
Skin-Effect Conditions—R. G. Chambers. 
(Phil. Mag., vol. 1, pp. 459-465; May, 1956.) 
Results to be expected from attempts to 
observe cyclotron resonance in metals are dis¬ 
cussed. 
537.5 T 3335

Mobility and Space Charge of Ions in 
Nonuniform Field—Yu. M. Kagan and V. I. 
Perel’. (C.R. Acad. Sei. U.R.S.S., vol. 108, 
pp. 222-225; In Russian, May 11, 1956.) 
The equations developed lead to a generaliza¬ 
tion of the Child-Langmuir 3/2-power law to 
cover the case of arbitrary pressures. 

and G. E. Owen. (Phys. Ret’., vol. 102, pp. 667-
670; May 1, 1956.) 
537.533:537.534.8 3341 

Secondary Electron Emission from Metals 
under the Action of Ions and Neutral Particles 
—V. G. Tel'kovski. (C.R. Acad. Sei. U.R.S.S., 
vol. 108, pp. 444-446; In Russian; May 21, 
1956.) Experimental results obtained by bom¬ 
bardment of clean metals with ions of H, He, 
N, Ne, Ar, and Mo and neutral atoms of the 
inert gases show that the coefficient of second¬ 
ary emission increases linearly at particle 
velocities up to 2X10’ cm; for proton bom¬ 
bardment a maximum occurs at a velocity of 
2.5 X 10’ cm. 
537.533.7 3342 

Investigation of Characteristic Energy 
Losses by the Retar ding-Field Method G. 
Haberstroh. (Z. Phys., vol. 145, pp. 20-43; 
April 9, 1956.) The energy distribution of 
electrons and the angular distribution of their 
paths after passage through thin foils of Al, 
Ag, Ge, and AhOj are studied. 

537.533.8 3343
Dependence of Secondary Electron Emis¬ 

sion upon Angle of Incidence of 1.3-MeV Pri¬ 
maries—R. A. Shatas, J. F. Marshall, and 
M. A. Pomerantz. (Phys. Rev., vol. 102, pp. 
682-686; May 1, 1956.) 
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wavelength of 11 m. The observations were 
made using an interferometer array of hori¬ 
zontal X/2 elements with reflectors. The peak 
power in a burst is estimated to be about 40 w 
per cps of bandwidth; this is about 0.003 of 
the value estimated for a burst from Jupiter. 
On the basis of power considerations, the 
mechanism involved could be of lightning¬ 
discharge type. A record obtained on May 30, 
1956 is reproduced and discussed ibid., vol. 
178, pp. 103-104; July 14, 1956. 

523.16:523.42 3358

Class II Radio Signals from Venus at a 
Wave-length of 11 Metres—J. D. Kraus. 
(Nature, Land., vol. 178, pp. 159-160; July 21, 
1956.) Reception of radiation with a different 
waveform from that discussed previously 
(3357 above) is reported; this radiation, desig¬ 
nated class II, is of a more sustained nature, 
lasting for a second or longer and varying at 
an af rate, e.g., 125 cps. A record of a series of 
pulses observed on June 4, 1956 is shown. 
The radiation appears to have a bandwidth of 
at least 2 me. On studying tape recordings, 
signals resembling echoes were noted; these 
may be due to reflection from the moon. 

523.16:537.562:538.561 3359 
Large-Amplitude Plasma Streaming and 

Charge Segregation—Larenz. (See 3346.) 

523.16:621.396.11:551.510.535 3360 
On the Propagation of Radio Waves through 

the Upper Ionosphere—Ellis. (See 3514.) 

523.16 + 528.5 + 551.594.5|:551.510.535: 
621.396.11.0.029.6 3361

Review of Ionospheric Effects at V.H.F. and 
U.H.F.—Little, Rayton, and Roof. (See 3519.) 

523.5:537.56 3362 
Inadequacy of Recombination as the Source 

of Light from Enduring Meteor Trains—G. S. 
Hawkinsand A. F. Cook. (Nature, Loud., vol 
178, pp. 161-162; July 21, 1956.) Critical dis¬ 
cussion of the suggestion made by Öpik (3592 
oi 1955) that the column of light produced by 
a meteor is due to recombination of the 
meteoric ions and free electrons. 

523.72:523.78 3363

Observations of Solar Radio Radiation dur¬ 
ing the Eclipse of June 30th, 1954: Part 1— 
O. Czyzewski, J. de Mezer, and A. Strzalkowski. 
(Acta Geophys. Polon., vol. 3, pp. 155-160; 
1955. In English.) Observations made at Cra¬ 
cow, using apparatus operating at about 1 m X 
with a parabolic aerial of diameter 5 m, are 
reported. Records for July 12th and 13th are 
shown for comparison with those for the 
eclipse day. 

550.385:523.7 3364

A Note on the Annual Variation of Geomag¬ 
netic Activity and M-Regions—J. N. Tandon. 
(J. Geophys. Res., vol. 61, pp. 211-213; June, 
1956.) “Results of an investigation are given 
associating recurrent 27-day geomagnetic ac¬ 
tivity with M-regions of the sun, around years 
of sunspot minima. The association of M-
sequences with various solar features of the 
disk and corona is also indicated.” For a longer 
account of related work, see Indian J. Phys., 
vol. 30, pp. 153-168; April, 1956. 

551^* 3365 
Charge Transfer in the Upper Atmosphere 

—S. N. Ghosh. (J. Geophys. Res., vol. 61, pp. 
193-200; June, 1956.) Collision processes in¬ 
volving charged solar particles entering the 
upper atmosphere are discussed. Charge¬ 
transfer reactions involving solar Hf and Cat 
ions are likely to excite spectrum lines of these 
elements and of the atmospheric gases; in the 
case of Hf, at auroral levels. The ratio of the 
density of Of to 02* ions and the effective re¬ 
combination coefficient for the F layer are 
derived. 
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551.510.3 3366

On a Pitot-Tube Method of Upper-Atmos¬ 
phere Measurements—Vi-Cheng Liu. (J. 
Geophys. Res., vol. 61, pp. 171-178; June, 1956.) 
A method is presented for deducing atmos¬ 
pheric density, pressure, and temperature at 
heights up to 80 km. 

551.510.3:535.325 3367

Thermodynamic Method for Measurement 
of the Refractive Index of the Atmosphere. 
Description of the Radiosonde MD1—P. 
Misme. (Ann. lélêcommun., vol. 11, pp. 81-84; 
April, 1956.) Apparatus is described which is 
capable of determining the distribution of 
temperature, pressure, and humidity variations 
with a fineness sufficient for radio-propagation 
calculations. 

551.510.5:551.593.9 3368 
The Altitude of the (OI) 5577A Line in the 

Night Airglow measured from a Rocket—O. E. 
Berg, M. Koomen, L. Meredith, and R. Scol-
nik. (J. Geophys. Res., vol. 61, pp. 302-303; 
June, 1956.) Measurements using rocket-borne 
photometers show that the layer from which the 
X 5577 line originates lies between 70 and 105 
km, with peak luminosity between 90 and 95 
km. 

551.510.5:551.593.9 3369 
Distribution of the Night Airglow (OI) 

5577A and Na D Layers measured from a 
Rocket—M. Koomen, R. Scolnik and R. 
Tousey. (J. Geophys. Res., vol. 61, pp. 304-306; 
June, 1956.) An experiment similar to that 
described by Berg et al. (3368 above) confirms 
the results for the X 5577 line and shows that 
the sodium D lines are excited in a layer of 
altitude between 70 and 95 km. 
551.510.52 3370

Determination of the Alpha-Ray Emission 
of Materials constituting the Earth’s Surface— 
V. F- Hess, V. J. Kisselbach, and II. A. 
Miranda, Jr. (J. Geophys. Res., vol. 61, pp. 
265-271; June, 1956.) It is concluded, from 
measurements, that a-ray emission is not an 
important factor in the ionization balance of 
the lower atmosphere. 

551.510.535 + 523 3371

Influence of Magnetic Field on Convective 
Instability in the Atmospheres of Stars and in 
the Ionosphere of the Earth—B. N. Gershman 
and V. L. Ginzburg. (Astronom. Zh., vol. 32, 
PP. 201-208; May/June, 1955.) The case of a 
medium with anisotropic electrical and thermal 
conductivities is considered. In a plasma 
which docs not contain a large number of 
neutral particles the calculated influence of 
the magnetic field on convection is essentially 
different from that predicted by the mag¬ 
netohydrodynamic approximation; in the 
ionosphere the influence of the magnetic field 
is small owing to the presence of a large num¬ 
ber of molecules. See also 2290 of 1955. 
551.510.535 3372

Electron Resonance in Ionospheric Waves 
- C. O. Hines. (J. Atmos. Terr. Phys., vol. 9, 
pp. 56-70; July, 1956.) Certain features of 
large-scale traveling disturbances in the F 
layer are explained as electron-resonance 
effects, whereby small initial disturbances are 
amplified. Estimates of ionospheric parameters 
based on this interpretation are in good agree-
ment with values to be expected. 
551.510.535 3373

Two Types of Development of the E» 
Layer at Ahmedabad—R. G. Rastogi. (J. 
Atmos. Terr. Phys., vol. 9, pp. 71 72 and 
plates; July, 1956.) The sequence of phe¬ 
nomena leading to the separation of E2 and Ei 
layers after high-level sunrise is summarized 
and illustrated by photographic records. The 
existence of a layer which is photoionized by 
solar radiation at a height of about 150 km 
is indicated. 

December 

551.510.535 3374

World-Wide Spread F—G. Reber. (J. 
Geophys. Res., vol. 61, pp. 157-164; June, 
1956.) Records from widely distributed 
ionosphere stations for the period of the last 
complete sunspot cycle show that the spread-F 
equator is roughly parallel to the geomagnetic 
equator, swinging +25° of latitude over the 
cycle. 

551.510.535:523.72 337s

The Solar X-Ray Spectrum and the Density 
of the Upper Atmosphere—E. T. Byram, T. A. 
Chubb, and II. Friedman. (J. Geophys. Res., 
vol. 61, pp. 251-263; June, 1956.) Data de¬ 
rived from rocket experiments give a measure 
of the (lux density of solar X rays incident on 
the E layer. From the rate of X-ray absorption 
at heights between 128 and 110 km the at¬ 
mospheric density is computed to be about 
one-third of the current Rocket Panel average 
values. 

551.510.535 + 550.385]:523.75 3376

Ionospheric Effects produced by Solar 
Flare Radiation—V. Agy. (Phys. Rev., vol. 102, 
pp. 917; May 1, 1956.) Comment of 423 of 
1956 (Sedra and Hazzaa). 

551.510.535:523.78 3377

The Effective Recombination Coefficients 
in the E and F, Layers during the Solar Eclipse 
of 25 February 1952—C. M. Minnis. (J. 
Almos. Terr. Phys., vol. 9, pp. 36-44; July, 
1956.) The contribution to the E layer ioniza¬ 
tion of each of two isolated sources of radi¬ 
ation assumed to exist near the east and west 
limbs of the sun is derived and expressed as a 
linear function of 1/a', where a' is the effective 
recombination coefficient during the eclipse. 
On equating the corresponding functions for 
Khartoum and Ibadan it is found that for both 
places o'k= 1.2X10-«cm3s-‘ as against the 
value LSXlO-’cm’s-* obtained for Khartoum 
on assuming that the intensity of ionizing radi¬ 
ation fell to zero at second contact (2298 of 
1955). For the Fi layer it is concluded that 

= 0.65X 10 ’cm’s-1 . 

551.510.535:523.78 3378

Interpretation of Ionospheric Measure¬ 
ments made during Solar Eclipses C. M. 
Minnis. (Nature, l.ond., vol. 178, pp. 33-34; 
July 7, 1956.) By combining observational 
data obtained at Khartoum and Ibadan during 
the eclipse ot 1952, a determination is made of 
the recombination coefficient in the E layer; 
the most probable value is 1.2. This result is 
at variance with the conclusions reached by 
Hunaerts and Nicolet (1412 of 1956), and im¬ 
plies absence of radiation from the corona. See 
also 3377 above. 

551.510.535:523.78 337q 

Ionospheric Observations during the Solar 
Eclipse of 30th June 1954—B. Landmark, 
F. Lied, T. Orhaug, and S. Skribeland. (Geofys 
Publ., vol. 19, pp. 1-39; 1956) Records oi'hf 
were obtained in Norway at Trom0ya (100 per 
cent obscuration), Kjeller (96 per cent) and 
Troms0 (66 per cent). Strong E, ionization pre¬ 
vented the accurate observation of /oE, but 
Zot11 Was reliable and, assuming complete cutoff 
of the ionizing radiation at totality, gave 
OE= 1.7X KDcnrtri at Trom0ya. The Fp 
layer data are consistent with a solar model in 
which 14 per cent and 5 per cent of the radi¬ 
ation was emitted from areas near the west and 
east limbs respectively; 10 per cent originated 
in an undefined area which may cover the 
greater part of the sun s disk. The changes in 
JoFs indicate a marked solar control of the F2 
layer and, assuming a recombination law, 
give aF2s3X HE’cm^’1. Measurements of D-
region absorption are consistent with the solar 
model deduced from the Fplayer data, and 
give aoNo— 13X10 ^s-1. A theoretical treat¬ 
ment is given of the eclipse changes in the D 
region. 
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551.510.535:550.385 3380 
Systematic Investigations of the Influence 

of Geomagnetic Activity on the Nocturnal 
Critical Frequencies of the F*> Layer G. 
Lange-Hesse. (Arch. Elekl. Übertragung, vol. 
10, pp. 139-144; April, 1956.) Results of a 
statistical analysis of data covering a period of 
6Î years are presented graphically. The prob¬ 
ability that a geomagnetic activity index Ct of 
magnitude 1.2gCtS2<> determined over a 
24-hour period 1800-1800, is followed by an 
ionospheric storm is 80 per cent in the summer 
of a sunspot maximum year and 60 per cent 
in winter; the corresponding figures for a 
0600-0600 Ct index in a sunspot minimum 
year are 75 per cent and 55 per cent respec¬ 
tively. See also 2942 of 1954. 

551.510.535:621.396.11 3381 
Ionospheric Absorption at Dakar— Delo-

beau and Suchy. (See 3513.) 

551.510.535:621.396.11 3382 
Calculation of Charge Density Distribution 

of Multilayers from Transit-Time Data—J. 
Shmoys and S. N. Karp. (J. Geophys. Res., vol. 
61, pp. 183-191; June, 1956.) A method is 
discussed for calculating the electron-density 
distribution in the ionosphere from data ob¬ 
tained using a rocket-borne variable-frequency 
transmitter, or pulse reflections from higher 
layers. It is not possible to obtain a solution 
free from ambiguity. 

551.594.5 3383
Characteristics of Auroras caused by 

Angular Dispersed Protons A. Omholt. (J. 
Almos. Terr. Phys., vol., 9, pp. 18-27; July, 
1956.) 

551.594.5:551.510.535 3384 
Secondary Processes due to Absorption of 

the Lyman Lines emitted from Aurorae—A. 
Omholt. (J. Atmos. Terr. Phys., vol. 9, pp. 
28 35; July, 1956.) Discussion indicates that 
the a line of the hydrogen Lyman series emitted 
from auroras may be effective in ionizing NO 
in the lower atmosphere, but not to the extent 
required for polar blackouts. Absorption of the 
Lyman ß line by oxygen atoms is not signifi¬ 
cant in ordinary auroras. 

551.594.6 3385
On the Waveform of a Radio Atmospheric 

at Short Ranges J. R Wait. (Proc. IRE, vol. 
44, p. 1052; August, 1956.) Calculated values 
for the waveform at various distances up to 200 
km from the discharge are shown graphically; 
the ionospherically reflected wave is not taken 
into account, and the discharge producing the 
atmospheric is represented by an idealized 
function. 

LOCATION AND AIDS TO NAVIGATION 
621.396.933:621.396.676 3386 

TACAN Radio Bearing and Distance Sys¬ 
tem for Aerial Navigation (Elect. Commun., 
vol. 33, pp. 2-100; March, 1956.) A symposium 
comprising the following papers: 

Development of TACAN at Federal Tele¬ 
communication Laboratories P. C. Sandretto 
(pp. 4-10). 

Principles of TACAN—R. I. Cohn and S. H. 
Dodington (pp. 11-25). 

TACAN Ground Beacon AN/URN-3— 
1!. B. Scarborough (pp. 26-34). 

Antenna for the AN URN-3 TACAN Bea¬ 
con A. M. Casabona (pp. 35-59). 

Airborne TACAN Equipment AN ARN-21 
- S. H. Dodington (pp. 60-64). 

British TACAN Equipment (pp. 65-66). 
Experimental Determination of TACAN 

Bearing and Distance Accuracy -E. De-
Eaymoreau (pp. 67-73). 

Coordinated-System Concept of Air Navi¬ 
gation—P. C. Sandretto (pp. 74-79). 

Quartz-Crystal Control at 1000 Me s— 
S. H. Dodington (pp. 80-84). 

Error Reduction in TACAN Bearing-Indica¬ 
tion Facility—M. Masonson (pp. 85 100). 

For a short description of TACAN, see 125 
of 1956. 

621.396.962.3 3387
Marconi Coherent M.T.I. Radar on 50 cm 

—E. Eastwood, T. R. Blakemore, and B. J. 
Witt. (Marconi Rev., vol. 19, pp. 53-60; 
2nd Quarter, 1956.) The Type-S.232 equipment 
for airport terminal work is described. The 
pulse length is 2 or 4 jus, and the repetition rate 
500-800 s. 

621.396.962.38 3388
Some Problems of Secondary Surveillance 

Radar Systems—K. E. Harris. (J. Brit. IRE, 
vol. 16, pp. 355-382; July, 1956.) Systems 
comprising a ground interrogator and airborne 
transponders, for air-traffic control, are dis¬ 
cussed. The choice of operating frequency is 
governed by international allocations, availa¬ 
bility of components, and required horizontal 
definition. Systems are classified as dependent 
or independent according as they do or do not 
use the primary radar transmitter as inter¬ 
rogator. The scanning and display arrange¬ 
ments may also be cither associated or dis¬ 
sociated. Side-lobe effects can be eliminated by 
either responsor or interrogator suppression. 
Other problems considered include trans¬ 
ponder saturation and methods of count-down, 
the “capture” of airborne units by one ground 
station to the exclusion of others, second-time¬ 
round signals, unlocked responses due to re¬ 
mote ground stations, and coding. 

621.396.969.3 3389
Automatic Tracking Radar Systems—P. 

Bouvier. (Onde elect., vol. 36, pp. 336-347; 
April, 1956.) The operating principles of the 
system are explained and French equipment in 
large-scale production is briefly described; the 
wavelength used is 10 cm. 

621.396.969.3 3390
Some Limiting Cases of Radar Sea Clutter 

Noise—A. H. Schooley. (Proc. IRE, vol. 44, 
pp. 1043-1047; August, 1956.) Analysis is pre¬ 
sented yielding limiting values of the effective 
radar scattering area per unit area of the sea 
surface, as a function of the radar depression 
angle, for perfectly smooth and for rough sur¬ 
faces. Some experimental data supporting the 
theory are also presented. 

MATERIALS AND SUBSIDIARY 
TECHNIQUES 

531.788.7 3391
Absolute Determination of Pressure using 

the Ionization Gauge -R. P. Henry. (Le Vide, 
vol. 11, pp. 54-63; March/April, 1956.) 

533.5:546.49 3392
Technology and Application of Mercury in 

Vacuum Technique—W. Espe. (NachrTech., 
vol. 6, pp. 155-161; April, 1956.) A survey with 
59 references. 

533.56 3393
Diffusion Pump using Freon 12 -J. Delcher, 

R. Geller, G. Mongodin, and F Prévôt. (I-e 
Vide, vol. 11, pp. 78-80; March/April, 1956.) 

535.215 3394
Infrared Response of Pyrolyzed Organic 

Films—J. F. Andrew. (J. Opt. Soc. Amer., vol. 
46, pp. 209-214; March, 1956.) Report of an 
experimental investigation of photoconduction 
in films prepared by pyrolysis of cellophane and 
orlon. 

535.215:538.569 3393
Study of Crystallized PrZnj at Low Tem¬ 

peratures—J. Lagrenaudie. (J. Phys. Radium, 
vol. 17, pp. 359-362; April, 1596.) An experi¬ 
mental investigation of photoconduction and 
photomagnctoelectric effect in this material 
is reported. The existence of traps at several 

levels is demonstrated. The results are com¬ 
pared with those for TE. 

535.215:546.811-3 3399
Relaxation of Photoconductivity of Stannic 

Oxide—A. I. Andrievski and V. A. Zhuravlev. 
(C.R. Acad. Sei. U.R.S.S., vol. 108, pp. 43-
46; May 1, 1956. In Russian.) Relaxation 
times of 20-3000 s were observed in different 
specimens; each specimen possessed several 
relaxation times, the magnitudes and numbers 
of which varied with the intensity of illumina¬ 
tion. These results are discussed. 

535.37 3397
Contribution to the Problem of Non¬ 

stoichiometry in Oxygen-Dominated Phos¬ 
phors—J. L. Ouweltjes and W. L. Wanmaker. 
(J. Eleclrochem. Soc., vol. 103, pp. 160-165; 
March, 1956.) 

535.376 3398
Field-Induced Color Shift in Electrolumi¬ 

nescent Zinc Sulfide—J. F. Waymouth and 
F. Bitter. (Phys. Rev., vol. 102, pp. 686-689; 
May 1, 1956.) 
S37.226/.228.1:546.431.824-31 3399 

Preparation of Barium Titanyl Oxalate 
Tetrahydrate for Conversion to Barium Ti¬ 
tanate of High Purity—W. S. Clabaugh, E. M. 
Swiggard, and R. Gilchrist. (J. Res. Nat. Bur. 
Stand, vol. 56, pp. 289-291; May, 1956.) 

537.226/.228.1:546.431.824-31 3400 
Anomalous Polarization in Undiluted Cer¬ 

amic BaTiOj —H. L. Blood, S. Levine, and 
N. H. Roberts. (J. Appt. Phys., vol. 27, pp. 
660-661; June, 1956.) Experimental results 
are presented and briefly discussed; observed 
deviations from normal ferroelectric behavior 
may be related to those discussed by Känzig 
(e. g. 2988 of 1955). 

S37.226/.227 3401
Structure and Phase Transitions of Ferro¬ 

electric Sodium-Cadmium Niobates—B. Lewis 
and E. A. D. White. (J. Electronics, vol. 1, pp. 
646-664; May, 1956.) Report of a detailed ex¬ 
perimental investigation. Sodium-cadmium 
niobates form single-phase solid solutions of 
perovskite type, the cadmium niobate entering 
as CdNb>Oa rather than CdsNb^r. The ferro¬ 
electric properties are associated with a doubled 
unit cell, whereas antiferroelectric sodium nio¬ 
bate has a quadrupled cell. Over a range of 
composition and temperature the ferroelectric 
and antiferroelectric structures coexist. See 
also 2087 of 1956. 

537.226/.227’.537.227 3402 
High Permittivity of Niobates and Tanta-

lates of Divalent Metals—G. A. Smohnski. 
V. A. Isupov, and A. 1. Agranovskaya. (C.R. 
Acad. Sei. U.R.S.S., vol. 108, pp. 232-235; 
May 11, 1956. In Russian.) The dielectric 
constant at 1 kc and its temperature coefficient, 
and the loss tangent at 1 kc and temperature 
20° C. are tabulated for niobates, metaniobates, 
tantalates, and metatantalates of Ca, Cd, Sr‘ 
Pb, and Ba. The curves presented show that 
Sr/fajO; is ferroelectric; the maxima of the 
e and tan S temperature curves for CdNlrzOs 
are due not to a ferroelectric phase transition 
but to electronic processes. 

537.227 3403
Spontaneous Polarization of Guanidine 

Aluminum Sulfate Hexahydrate at Low Tem¬ 
peratures—A. G. Chynoweth. (Phys. Rev., 
vol. 102, pp. 1021-1023; May 15, 1956.) The 
spontaneous polarization of this material 
[2415 of 1956 (Holden et aL)] was investigated 
by observing the pyroelectric effect, using the 
method described in 1745 of 1956. The results 
indicate that the spontaneous polarization and 
the specific heat are smooth functions of tem¬ 
perature over the range from room temper-
ture down to — 180° C. ; there is no evidence of 
a phase transition or Curie point. 
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537.227 3404 

Ferroelectricity in the Alums—R. Pepin-
sky, F. Jona, and G. Shirane. (Phys. Rev., vol. 
102, pp. 1181-1182; May 15, 1956.) Measure¬ 
ments on a large number of alums indicate that 
some are ferroelectric, others antiferroelectric. 
The dielectric-constant/temperature curve and 
hysteresis loops are presented for méthyl¬ 
ammonium aluminium sulphate dodecahydrate 
(MASD), which is typical of the ferroelectric 
alums. 

537.227 3405 
Ferroelectric Properties of Solid Solu¬ 

tions of (Pb,Ba)SnO3, Pb(Ti,Sn)O3 and 
Pb(Zr,Sn)O3—G. A. Smolenski, A. I. Agra¬ 
novskaya, A. M. Kalinina, and T. M. Fedo¬ 
tova. (Zh. Tekh. Fiz., vol. 25, pp. 2134-2142; 
October, 1955.) A report is presented on an 
experimental investigation. The main conclu¬ 
sions reached are: 1) solid solutions of 
(Ba,Pb)SnOj possess ferroelectric properties; 
as distinct from other ferroelectrics, their cen¬ 
tral ions do not possess the electron structure 
of the atom of a noble gas; 2) the transition 
temperature of these solid solutions is dis¬ 
placed towards lower temperatures as the 
BaSnOj content increases; 3) solid solutions 
of Pb(li,Sn)O3 and Pb(Zr,Sn)O3 are charac¬ 
terized by high transition temperatures even 
for a high content of PbSnOs; 4) two phase 
transitions are observed in solid solutions of 
Pb(Zr,Sn)O3. 

537.227:546.431.824-31 3406 
Surface Space-Charge Layers in Barium 

Titanate—A. G. Chynoweth. (Phys. Rev., vol. 
102, pp. 705-714; May 1, 1956.) Effects of the 
type discussed by Kanzig (2988 of 1955) are 
investigated experimentally using technique 
described previously (1745 of 1956). From the 
waveforms of the pyroelectric current signals, 
it is tentatively concluded that space-charge 
layers up to 10-i cm thick exist at the surface 
of single crystals, and that these space charges 
also produce a field through the bulk of the 
crystal. Corroboratory evidence is provided 
by an associated photovoltaic effect and asym¬ 
metry of the hysteresis loops. Various effects 
due to these space-charge fields are men¬ 
tioned. 

537.228.1:546.431.824-31 3407 
Dielectric and Piezoelectric Properties of 

the Solid Solutions (Ba,Sr)TiO3, (Ba,Pb)TiO 3 

Ba(Ti,Sn)Oj and Ba(Ti,Zr)O3—N. A. Roi’ 
(Akust. Zh., vol. 2, pp. 62-70; January/March, 
1956.) Measurements are presented graphically 
of the following characteristics: 1) t/T, 2) 
du/Eo, 3) coercive-force/composition, where e 
is the permittivity, T the temperature, du the 
piezoelectric modulus and Eo the polarizing 
field strength. 

537.311.31:538.63:546.47 3408 
The Interrelation of the Anisotropy of the 

Hall Effect and the Change of Resistance in 
Metals in a Magnetic Field: Part 1—Investi¬ 
gation of Zinc—E. S. Borovik. (Zh. Eksp. 
Tear. Fiz., vol. 30, pp. 262-271; February, 
1956. English summary, ibid, Supplement' 
P-4.) 

537.311.33 + 621.315.6 3409 
Ionization Interaction between Impurities 

in Semiconductors and Insulators—R. L. 
Longini and R. F. Greene. (Phys. Rev., vol 102 
pp. 992-999; May 15, 1956.) The free energy 
of an imperfect crystal includes components 
which arise from the ionizability of these imper¬ 
fections and which represent chemical interac¬ 
tions between them. These ionization terms, 
which involve the Fermi level and the pa¬ 
rameters of the energy-band model, are used to 
explain systematic differences Ixffween n- and 
¿-type semiconductors in respect of lattice¬ 
vacancy concentration, substitutional-atom 
diffusion coefficients and amphoteric-impurity 

behavior, as well as the variation of solid/liquid 
impurity distribution coefficients of some semi¬ 
conductors with the rate of crystal growth, and 
the “charge-balance” effect in insulators. 

537.311.33 3410 
Surface Barriers at Semiconductor Con¬ 

tacts—R. Stratton. (Proc. Phys. Soc., vol. 69, 
pp. 513—527; May 1, 1956.) Current flow across 
a surface of discontinuity is treated according 
to the diode and the diffusion theories of bar¬ 
rier rectifiers and the results are applied to 
measurements on SiC point contacts and a 
grain boundary in Ge, respectively. The con¬ 
tact resistance found is consistent with a 
barrier caused by donor and acceptor surface 
states, whose density on SiC is about W’/cm2 
and on Ge about 5X10»/cm2. 

537.311.33 3411 
High-Frequency Conductivity in Semi¬ 

conductors—B. Donovan and N. H. March. 
(Proc. Phys. Soc., vol. 69, pp. 528-538; May 1, 
1956.) Theory is developed for nondegenerate 
semiconductors with spherical energy surfaces, 
the cases of single- and two-band models witli 
lattice and impurity scattering being consid¬ 
ered. Divergencies from available experimental 
results are discussed. 

537.311.33 3412 
The Stoichiometry of Intermetallic Semi¬ 

conductors—R. J. Hodgkinson. (J. Electronics, 
vol. 1, pp. 612-624; May, 1956.) The effects 
of small concentrations of point defects on the 
free energy of a crystal of formula AB are 
discussed. The maximum melting point of the 
compound does not occur at the composition 
corresponding exactly to the formula AB. 
The type of phase diagram arising from this 
fact is derived. Published experimental evi¬ 
dence is quoted in support of the theory. A 
crystal which is heat-treated in presence of its 
vapor will not necessarily have the same con¬ 
centration of defects as one of the same compo¬ 
sition grown from the melt at the same tem¬ 
perature. 

537.311.33 3413 
Negative Magnetoresistance Effect in 

Semiconductors—C. Rigaux and J. M. Thuil¬ 
lier. (C.R. Acad. Set., Paris, vol. 242, pp. 
2710-2712; June 4, 1956.) An interpretation of 
the effect different from that of Mackintosh 
(2805 of 1956) or Stevens (2806 of 1956) is 
presented. 

537.311.33 3414 
Characteristic Times of Electronic Proc¬ 

esses in Semiconductors—E. I. Adirovich and 
G. M. Guro. (C.R. Acad. Sei. U.R.S.S., vol. 
108, pp. 417-420; May 21, 1956. In Russian.) 
Characteristic times are calculated, assuming 
the presence of recombination centres (traps) 
of one type and of fully ionized acceptors and 
donors. Two of the calculated characteristic 
times correspond to the electron and hole 
lifetimes calculated by Shockley and Read 
(420 of 1953), two others are decay times. 

537.311.33 341S

Some Problems of the Multi-electron 
Theory of Semiconductors—S. V. Vonsovski. 
(Zh. Tekh. Fiz., vol. 25, pp. 20222-2029; 
October, 1955.) The various stages in the de¬ 
velopment of the multielectron theory are 
briefly reviewed and its advantages pointed 
out. The limitations of the theory are then 
considered, arising from 1) the use of the 
“adiabatic” approximation in which there is no 
allowance for the active dynamic participation 
of the system of ions, and 2) the exaggerated 
importance attached to the ordered disposition 
of ions. The possibilities of overcoming these 
limitations are indicated and a generalized 
multielectron model of atomic semiconductors 
is discussed. 

537.311.33 3416 
Theory of Semiconductors with An Im¬ 

purity Band—A. G. Samoilovich and M. I. 
Klinger. (Zh. Tekh. Fiz., vol. 25, pp. 2050-
2060; October, 1955.) The properties of an 
electron gas are considered for the following 
two cases: 1) a metal with a narrow conduction 
band, and 2) a semiconductor with an impurity 
band. The chemical potential is calculated for 
both cases and the electrical conductivity and 
thermo-emf are also determined, in the first 
case from the degree of filling of the narrow 
band, and in the second case from the tem¬ 
perature. The results are compared with ex¬ 
perimental data. 

537.311.33 3417 
Properties and Structure of Ternary Semi¬ 

conducting Systems (Part 2—Electrical Proper¬ 
ties and Structure of Materials of the System 
comprising Thallium, Antimony and Arsenic 
Selenides—N. A. Goryunova and B. T. 
Kolomiets. (Zh. Tekh. Fiz., vol. 25, pp. 2069-
2078; October, 1955.) In continuation of work 
reported previously [1751 of 1956 (Kolomiets 
and Goryunova) an investigation was made 
of the variation of the properties of intermedi¬ 
ate mixtures at the transition between the crys¬ 
talline and amorphous compounds. Seven 
melts with gradual replacement of Sb by As 
were synthesized and numerous experiments 
carried out. 

537.311.33 3418 
Correlation between the Heat of Formation 

of a Semiconductor and the Electron Mobility 
—V. P. Zhuze. (Zh. Tekh. Fiz., vol. 25, pp. 
2079-2092; October, 1955.) The insufficiency 
of the existing theory of electron mobility is 
pointed out ; it would be of interest to determine 
experimentally the dependence of mobility on 
some macroscopic parameter of the substance. 
Reference is made to a previous investigation 
by Blum and Regel’ (ibid., vol. 21, pp. 316-
327; March, 1951.), where fairly close correla¬ 
tion was established between electron mobility 
and the heat of formation of binary semicon¬ 
ducting compounds. Much new information 
has since been accumulated; this is summarized 
in a table giving data on 39 compounds. The 
various factors underlying the observed cor¬ 
relation are discussed. 

537.311.33 3419 
The Temprature Dependence of the Den¬ 

sity and Electrical Conductivity of Liquid 
Solutions of the System Te-Se -N. P. Mokrov-
ski and A. R. Regel'. (Zh. Tekh. Fiz , vol. 25, 
pp. 2093-2096; October, 1955.) 

537.311.33:537.226 3420 
The Present State of some Problems of the 

Theory of Semiconductors and Dielectrics, and 
Directions of Further Development of the 
Theory—S. I. Pekar. (Zh. Tekh. Fiz., vol. 25, 
pp. 2030—2043; October, 1955.) Shortened ver¬ 
sion of a paper read at a conference on semicon¬ 
ductors held in Leningrad in February, 1955. 
The headings are: 1) phenomenological theory 
of semiconductors: 2) kinetics of electrons in 
the conduction band; 3) thermal (radiation¬ 
less) electron transitions; 4) photo-transitions 
of electrons; 5) methods of calculating the 
quantum stationary states of a crystal. 

537.311.33:538.569.4 3421 
Quantum Theory of Cyclotron Resonance 

in Semiconductors: General Theory—J. M. 
Luttinger. (Phys. Rev., vol. 102, pp. 1030-
1041; May 15, 1956.) 

537.311.33:541.57 3422 
The Chemical Bond in Semiconductors— 

E. Mooser and W. B. Pearson. (J. Electronics, 
vol. 1, pp. 629-645; May, 1956.) Discussion 
presented previously (2781 of 1956) is treated 
more fully. 
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537.311.33:546.23 3423 
The Absorption Edge of Amorphous Se¬ 

lenium and its Change with Temperature— 
C. Hilsum. (Proc. Phys. Soc., vol. 69, pp. 506-
512; May 1, 1956.) Experimental results show¬ 
ing the variation of absorption coefficient with 
X over the range 0.58-0.66 « are presented. 
The absorption edge shifts with temperature 
by 2.7 Â/deg, equivalent to a change in the 
energy gap of 9.7 X 10'4 ev/deg. 

537.311.33:546.26-1:539.1 3424 
Effect of Fast Neutron Bombardment on 

Physical Properties of Graphite: a Review of 
Early Work at the Metallurgical Laboratory— 
M. Burton and T. J. Neubert. (J. Appl. Phys., 
vol. 27, pp. 557-567; June, 1956.) Variations 
of the elastic modulus and the thermal and elec¬ 
trical resistance are related to the displacement 
of the carbon atoms for their normal positions 
in the crystal lattice. Hall-effect measurements 
indicate that the neutron-induced disturbances 
are electron traps. Abstracts of papers by 
various workers dealing with the particular as¬ 
pects are presented on pp. 568-572, following 
the main paper. 

537.311.33:546.28 3425 
Paramagnetic Resonance in As-Doped 

Silicon—A. Honig and J. Combrisson. (Phys. 
Rev., vol. 102, pp. 917-918; May 1, 1956.) As 
a result of studies further to those described 
previously [753 of 1955 (Honig)] a new inter¬ 
pretation of the observed effects is advanced. 

537.311.33:546.28+549.514.5]:539.2 3426 
Adsorption of Ammonia on Silicon—L. 

Miller. (Z. Naturf., vol. 10a, pp. 801-802; 
September/October, 1955.) It has been found 
that the adsorption of NH> is a useful criterion 
in the investigation of the surface properties of 
quartz and other forms of SiOa. The presence 
of water on a quartz surface is known to in¬ 
crease the adsorption of NHs. Methods based 
on these effects are used to indicate the pres¬ 
ence of SIO2 layers on Si. Attempts to produce 
an oxide-free Si surface by hf technique were 
unsuccessful. 
537.311.33:546.280 3427 

A Note on the Theory of Dislocation in Ger¬ 
manium —T. Shindo. (J. Phys. Soc. Japan, 
vol 11, pp. 331-332: March, 1956.) Following 
on the work of Read (457 of 1955), a more gen¬ 
eral expression is found for the fraction of dis¬ 
location acceptor sites occupied, which reduces 
to that given by Read for the case when the 
number of trapped electrons is small com¬ 
pared with the number of donor centres. 

537.311.33:546.289 3428 
The Electrical Properties of Dislocations in 

Germanium—J. W. Allen. (J. Electronics, vol. 
1, pp. 580-588; May, 1956.) Different experi¬ 
mental results can be reduced to consistency 
by considering the effects of impurity-atmos¬ 
phere formation at the dislocations. Experi¬ 
ments to test this theory are suggested. 

537.311.33:546.289 3429 
Self-Diffusion in Germanium —H. Letaw, 

Jr, W. M. Portnoy, and L. Slifkin. (Phys. Rev., 
vol. 102, pp. 636-639; May 1, 1956.) “An 
accurate determination of the self-diffusion 
coefficient in germanium has been obtained. 
In the temperature range 766°-928° C., it is 
represented by D = 7.8 exp(=68 500, KT) 
em’sec. The probably errors in the frequency 
factor and activation energy are ±3.4 cm’ and 
±0.96 kcal/mol, respectively.” 

537.311.33:546.289 3430 
Scattering of Carriers from Doubly Charged 

Impurity Sites in Germanium—W. W. Tyler 
and H. H. Woodbury. (Phys. Rev., vol. 102, 
pp. 647-655; May 1, 1956.) Measurements are 
reported which indicate that Zn is a double¬ 
acceptor impurity in Ge, the acceptor levels 
lying 0.03 and 0.05 ev from the valence band. 

Hall-effect measurements show that scattering 
from doubly charged Zn sites is about four 
times that from singly charged Ga sites. Photo¬ 
conductivity measurements on n-type Ge speci¬ 
mens containing Fe or Mn impurities indicate 
that at high levels of illumination the steady-
state increase in free-electron concentration is 
roughly equal to the known concentrations of 
double-acceptor impurities. The accompanying 
mobility increases provide additional confirma¬ 
tion of the assumption that holes trapped at 
doubly charged impurity sites are responsible 
for the photosensitivity. 

537.311.33:546.289 3431 
Measurements of Surface Electrical Prop¬ 

erties of Bombardment-Cleaned Germanium — 
J. T. Law and C. G. B. Garrett. (J. Appl. 
Phys., vol. 27, p. 656; June, 1956.) Measure¬ 
ments were made of the surface recombination 
velocity and surface conductivity of a /»-type 
bombardment-cleaned Ge specimen 1) in 
vacuum, 2) after admission of oxygen, and 
3) after subsequent heating at about 400 C. 
The effects of step 2) are annulled by step 3). 
This result is interpreted as indicating that a 
bombardment-cleaned surface has already at 
least one layer of oxygen on it before any 
measurements can be made. 
537.311.33:546.289 3432 

Trap Activation Energies in N-Type Ger¬ 
manium—P. Ransom and F. W. G. Rose. (J. 
Electronics, vol. 1, pp. 625-628; May, 1956.) 
Discussion indicates that it should be possible 
to determine from measurements by the Mor¬ 
ton-Haynes method [741 of 1953 (Valdes)], in 
darkness and with various intensities of back¬ 
ground illumination, both the activation 
energy and the concentration of different traps 
in a single sample. 
537.311.33:546.289 3433 

Observations on the Growth of Excess Cur¬ 
rent in Germanium p~n Junctions—A. R. F. 
Plummer. (Proc. Phys. Soc., vol. 69, pp. 539-
547; May 1, 1956.) The excess current induced 
by water vapor has been resolved experi¬ 
mentally into two components having linear 
and saturation relations with the applied 
voltage; the possibility of identifying these 
components with channel and surface leakage 
currents is discussed but not established. 

537.311.33:546.289 3434 
The Possibility of obtaining a p-n Junction 

in Germanium by Pulse Heating M M. 
Bredov. (Zh. Tekh. Fiz., vol. 25, pp. 2104-2111; 
October, 1955.) The method proposed is 
based on the known fact that if n-type Ge is 
heated to a temperature of 800°-900° and then 
rapidly cooled, the sign of its conduction 
changes (thermal conversion). If a short 
pulse of heat is applied to the specimen, con¬ 
version should take place in the surface layer 
and a p-n junction should be formed at a 
depth corresponding to the transition between 
the converted layer and the unaffected bulk of 
the specimen. The necessary pulse heating can 
be obtained by irradiating the specimen with 
a pulsed electron beam. The theory of the 
method is discussed; the results have been 
confirmed experimentally. 
537.311.33:546.289:535.215 3435 

Photoconductivity in Manganese-Doped 
Germanium—R. Newman and H. H. Tyler. 
(Phys. Rev., vol. 102, pp. 613-617; May 1, 
1956.) “Impurity photoconduction has been ob¬ 
served in n- ami />-tyPe Mn-doped germanium 
at low temperatures. The spectra are consistent 
with the published ionization energy values 
determined from conductivity data. High-
resistivity n-type samples show high intrinsic 
photosensitivity and long response times at 
low temperatures. In such samples of the in¬ 
trinsic photocurrent could be quenched by a 
factor of ~10‘ with light in the 0.3 to 0.7 ev 
range. Intrinsic photoconductivity was found 

to vary more rapidly than linearly with a 
light intensity over a limited range.” 

537.311.33 : [546.289 + 546.681] : 535.33/.34 
3436 

L-Spectra of Gallium and Germanium—A. 
Lemasson-Lucasson. (C.R. Acad. Sei., Paris, 
vol. 242, pp. 3059-3061; June 25, 1956.) 

537.311.33:546.289:538.63 3437 
An Investigation of the Nernst Effect in 

Germanium—T. V. Krylova and IA . Mochan. 
(Zh. Tekh. Fiz., vol. 25, pp. 2119-2121; Octo¬ 
ber, 1955.) A report is presented on an experi¬ 
mental investigation. One of the conclusions 
reached is that the mobility of holes varies as 
T~ 1/2. 

537.311.33:546.289:539.16 3438 
Effects of Gamma Radiation on Germanium 

—J. W. Cleland, J. H. Crawford, Jr, and D. K. 
Holmes. (Phys. Rev., vol. 102, pp. 722-724; 
May 1, 1956.) Experiments with high-purity 
n- and p-type specimens are reported. The 
extrinsic electron concentration of „-type ma¬ 
terial decreased at a rate only about 10~a of 
that for fast-neutron irradiation. Extended 
exposure converts «-type material to /»-type. 
For /»-type material the rate of removal of 
carriers is much lower than for «-type. The 
value deduced for the cross section for atomic 
displacementsis about 1.5X10 26cm2. 

537.311.33:546.47.241 3439 
Electrical Properties of Zinc Telluride—■ 

B. I. Boltaks, O. A. Matveev, and V. P. 
Savinov. (Zh. Tekh. Fiz., vol. 25, pp. 2007-
2103; October, 1955.) An experimental investi¬ 
gation is reported; the main conclusions arc as 
follows: ZnTe is a semiconductor of /»-type, 
with an energy gap of 0.65 ±0.03 ev. Its 
electrical properties are greatly effected by 
atmospheric oxygen. There is a peculiar tem¬ 
perature dependence of the coefficient . of 
thermo-emf for specimens with a composition 
close to the stoichiometric value. The mobility 
of holes is 30-50 cm per v/cm, and varies with 
temperature in proportion to T" 3/’. The effec¬ 
tive mass of a hole is about 0.2 of the mass of a 
free electron. 
537.311.33:546.48.241.1:535.215:535.37 

3440 
Luminescence, Transmission, and Width 

of the Energy Gap of CdTe Single Crystals— 
C. Z. van Doorn and D. de Nobel. (Physica, 
vol. 22, pp. 338-342; April, 1956.) Lumines¬ 
cence with a maximum at about 8880 A was 
obtained on illuminating a CdTe single crystal 
and on biasing a CdTe p-n junction in the 
forward direction. Possible mechanisms giving 
rise to the luminescence are indicated. The 
width of the energy gap determined from 
measurements of the spectral transmission of a 
single crystal is 1.51 ev at room temperature. 

537.311.33:546.561-31 3441 
Resistance of Metal/Semiconductor Con¬ 

tact at High Contact-Potential Differences— 
N A. Gozhenko and Yu. M. Altaiski. (Zh. 
Eksp. Tear. Fiz., vol. 30, pp. 401-402; Febru¬ 
ary, 1956.) Measurements of the contact resist¬ 
ance of 1) Cu;O/Al and 2) CujO/Cu, show that 
as the air pressure is increased from zero to 
about 20 mm Hg the resistance in case 1) 
first decreases and then increases, and in case 
2) increases monotonically. The contact po¬ 
tential in case 1) is 1.18 v, in case 2) 0.22 v. The 
anomalous behavior of the contact resistance in 
case 1) is discussed. 
537.311.33:546.561-31:548.25 3442 

The Intergrowth of Cu and CU2O after Oxi¬ 
dation and Reduction—G. Jellinek, E. Menzel, 
and C. Menzel-Kopp+ (Z. Naturf., vol. 10a, 
pp. 802-803; September/Octobcr, 1955.) 

537.311.33:546.682.86 3443 
Contribution to the Study of Carrier Mo¬ 

bility in InSb -J. Tavernier. (C.R. Acad. Sei., 
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Paris, vol. 242, pp. 2707-2710; June 4, 1956.) 
Measurements were made of the temperature 
variation of resistance and Hall constant for 
a /»-type specimen in which the temperature 
of inversion of the Hall effect was not much 
below room temperature. Results are shown 
graphically. An approximate formula is derived 
giving the variation with applied magnetic field 
of the ratio of electron mobility to hole mobil¬ 
ity; a value of 15.5 kg is hence calculated for the 
magnetic field strength at which the Hall 
effect disappears at room temperature The ob¬ 
served value is 14 kg. 

537.311.33:621.317.799 3444 
Apparatus for Measurement of Hall Effect 

and Magnetoresistance in Semiconductors— 
G. Della Pergola and D. Sette. (Alta Frequenza, 
vol. 25, pp. 140-151 ; April, 1956.) The appa¬ 
ratus described permits measurements at values 
of magnetic induction up to about 1.3 wb/m!. 
Measurements on an «-type Ge specimen arc 
reported. 

537.311.33:669.046.54/.55 3445 
Zone-Melting Processes for Compounds 

AB with a Measurable Vapour Pressure under 
Influence of the Atmosphere—J. van den 
Boomgaard. (Philips Res. Rep., vol. 11, pp. 
91-102; April, 1956.) Conditions under which 
purification by zone melting is possible are 
investigated. The relation between the devia¬ 
tion from stoichiometric composition and the 
position along the rod of material is derived 
See also 2810 of 1956. 

537.312.62:538.222 3446 
Paramagnetic Effect in Superconducting 

Tin, Indium, and Thallium—J. C. Thompson. 
(Phys. Rev., vol. 102, pp. 1004 1008; May 15, 
1956.) “Measurements have been carried out 
on the longitudinal magnetization of pure 
rods in the intermediate state between normal 
and super-conduction. The observed ‘para¬ 
magnetic’ flux increase is dependent on the 
externally sustained current, external magnetic 
field, and temperature only.” 

538.22 3447 
Superexchange Interactions and Magnetic 

Lattices of the Rhombohedral Sesquioxides of 
the Transition Elements and their Solid Solu¬ 
tions—Yin-Yuan Li. (Phys. Rev., vol. 102, pp 
1015-1020; May 15, 1956.) 

538.221 3448 
Magnetic Dispersion and Absorption of Iron 

between 0 and 7000 Mc/s -E. Naschke. (J. 
Phys. Radium, vol. 17, pp. 330-337; April, 
1956.) The variation of initial permeability 
with frequency was studied by measurements 
on wire specimens in which the size of the indi¬ 
vidual domains had been increased by heat 
treatment so as to shift the ferromagnetic 
dispersion due to wall movements to a fre¬ 
quency range lower than that associated with 
electron-spin rotation. The results are discussed 
in relation to various theories on magnetic 
dispersion due to wall movements. 

538.221 3449 
Magnetization of a Magnetite Single Crys¬ 

tal near the Curie Point—D. O. Smith. (Phys 
Rev., vol. 102, pp. 959-963; May 15, 1956.) 
Experimental technique is described which 
enables an unambiguous indication to be ob¬ 
tained of spontaneous and induced magnetiza¬ 
tion of a single domain at temperatures around 
the Curie point. The magnetization/magnetiz-
ing-field (M/Hj curves in this temperature 
region are highly nonlinear; replotting in the 
form of H/T curves shows that the magnetic 
energy is proportional to M2. 

538.221:538.24 3450

Magnetization Curves and Domain Struc¬ 
ture—L. F. Bates and A. Hart. (Proc. Phys. 
Soc., vol. 69, pp. 497-505; May 1, 1956.) The 
theoretical work of Lee (117 of 1954) on domain 

structure has been supplemented by an ex¬ 
perimental study of the changes in domain 
patterns in a Neel-cut crystal of Si-iron occur¬ 
ring when the crystal dimensions are changed. 
Calculated magnetization curves based on the 
results show better agreement with experi¬ 
mental curves than has been obtained previ¬ 
ously, particularly for low field strengths. A 
substantial hysteresis loss occurs in strong 
fields with crystals of finite size. 

538.221:621.318.12 345! 
The Effect of substituting Al3' Ions for 

Fes+ Ions on the Magnetic Properties of the 
Compounds (6Fe2O3, BaO), (6Fe2O3, SrO), 
(6Fe2O3, PbO) C. Guillaud and G. Villers. 
(C.R. Acad. Sei., Paris, vol. 242, pp. 2817-
2820; June 11, 1956.) Experimental results 
indicate that the effect of the substitution is to 
increase the coercive force, to reduce the 
saturation moment, and to modify the shape of 
the magnetization curve. Crystals with grain 
dimensions<0.5 p are obtained by appropriate 
heat treatment. 

538.221:621.318.124 3452 
Neutron Diffraction Observation of Heat 

Treatment in Cobalt Ferrite—E. Prince. (Phys. 
Rev., vol. 102, pp. 674-676; May 11, 1956.) 
Results of experiments indicate that, when 
heat treatment is applied in a magnetic field, 
the magnetic moments are in general displaced 
from the directions which would be expected 
from considerations of crystal anisotropy 
alone. 

538.221:621.318.134 3453 
The Metallography of Ferrites—P. Le¬ 

vesque and L. Gerlach. (J. Amer. Ceram. Soc., 
vol. 39, pp. 119-120; March 1, 1956.) A note 
on the preparation and etching of ferrite 
specimens for displaying grain size, grain 
orientation, and porosity. 

538.221:621.318.134 3454 
Ordering and Antiferromagnetism in Fer¬ 

rites—P. \V. Anderson. (Phys. Rev., vol. 102, 
pp. 1008-1013; May 15, 1956.) “The octa¬ 
hedral sites in the spinel structure form one of 
the anomalous lattices in which it is possible to 
achieve essentially perfect short-range order 
while maintaining a finite entropy. In such a 
lattice nearest-neighbor forces alone can never 
lead to long-range order, while calculations 
indicate that even the long-range Coulomb 
forces are only 5 per cent effective in creating 
long-range order. This is shown to have many 
possible consequences both for antiferromag¬ 
netism in ‘normal’ ferrites and for ordering in 
‘reverse’ ferrites.” 

538.221:621.318.134 3455 
Magnetic Measurements on Individual 

Microscopic Ferrite Particles near the Single¬ 
Domain Size—A. II. Morrish and S. P. Yu. 
(Phys. Rev., vol. 102, pp. 670-673; May 1, 
1956.) Measurements made with the quartz¬ 
fibre torsion balance described previously [2155 
of 1956 (Yu and Morrish)] provide evidence 
confirming the existence of single-domain parti¬ 
cles; the critical size is in agreement with that 
found from theory (170 of 1956). 

538.221:621.318.134 3455 
The Temperature-Dependent Resistivity 

of certain Iron-Deficient Magnesium Manga¬ 
nese Ferrites—W. P. Osmond. (J. Electronics, 
vol. 1, pp. 665-666; May, 1956.) Results re¬ 
ported by Blackman and Sherry (1468 of 1956) 
are interpreted as indicating that the firing 
temperature was high enough to ensure com¬ 
plete oxygen compensation for the reduced 
FC2O3 content. 

538.221:621.318.134 3457 
The Reduction of Eddy-Current Losses in 

Manganese-Zinc Ferrites by Addition of Cal¬ 
cium —C. Guillaud, M. Paulus, and P. Vautier. 
(C.R. Acad. Set., Paris, vol. 242, pp. 2712-

2715; June 4, 1956.) An experimental investiga¬ 
tion has been made of the effect of introducing 
a small proportion of Ca, using a radioactive 
isotope to facilitate study of the diffusion. The 
Ca apparently diffuses preferentially in the 
joins betwen the crystal grains, thus increasing 
the resistance of the ferrites and reducing the 
eddy-current losses. 

538.221:621.318.134:538.652 3458 
Influence of Magnetostriction on the Initial 

Permeability of Manganese-Zinc Ferrites— 
R. Vautier. (C.R. Acad. Sei., Paris, vol. 242, 
pp. 2814-2817; June 11, 1956.) Theoretical 
considerations and experimental results indi¬ 
cate that it is not possible to predict the initial 
permeability of polycrystalline Mn-Zn ferrites 
from measurements of the longitudinal mag¬ 
netostriction. Measurements on single crystals, 
parallel to the crystal axes, may be more con¬ 
clusive. 

538.221.023 3459 
Approximate Representation of Magnetiza¬ 

tion Curves by Simple Algebraic or Trans¬ 
cendental Functions—J. Fischerand H. Moser. 
(Arch. Elektrotech., vol. 42, pp. 286 299; April 
17, 1956.) Fifteen-different functions used as 
approximations to the experimentally deter¬ 
mined BH curves are discussed, and conclu¬ 
sions are tabulated regarding the range of 
conditions over which these approximations 
are useful. 

549.514.5:531:535.21-31 3460 
The Effect of U. V. and X-Ray Radiation on 

Silicate Glasses, Fused Silica and Quartz Crys¬ 
tals A. Kats and J. M. Stevels. (Philips Res. 
Rep., vol. 11, pp. 115-156; April, 1596.) The 
results of an experimental investigation into 
the effect of irradiation on the structure of 
these SiO2 compounds are given and discussed 
in terms of nomenclature introduced previously 
(ibid., pp. 103-114; (Stevels and Kats)]. \ table 
indicates absorption bands associated with 
certain of the imperfections noted. 

621.318.134:546.3:669.05 3461 
Preparation of Alkali Ferrites, Nickelites 

and Cobaltites by Fusion Electrolysis -M. 
Dodero and C. Déportes. (C.R. Arad. Sei., 
Paris, vol. 242, pp. 2939 2941; June 18, 1956. 

6661.037 3462 
Solder Glass Sealing -R. H. Dalton. (J. 

Amer. Ceram. Soc., vol. 39, pp. 109 112; 
March 1, 1956.) The development of low-
melting-point glass ’s suitable for soldering ordi¬ 
nary glasses is described, together with some 
techniques used in making such seals. 

MATHEMATICS 
517-S 3463 

Convenient Calculation Procedure for the 
Harmonic Analysis and Synthesis of Periodic 
Waves—R. Chocholle. (Rev. Sei., Paris, vol 
92, pp. 3-14; January-March, 1954.) Simpli¬ 
fication is effected by breaking down some 
operations and by grouping together identical 
operations. 

5!7.9 3464 
A Critical-Value Problem relative to a Non¬ 

linear Differential Equation of Practical Impor¬ 
tance —A. Giger. (Z. Angew. Math. Phys., vol. 
7, pp. 121-129; March 25, 1956.) Discussion 
of the equation d20/dr2+ad9/dr-|-sin 9 = ß, 
which arises, e.g., in the analysis of the synchro¬ 
nization of oscillations. For every value of ß 
within the range 0< 131 <1 there exists a criti¬ 
cal value «o of a such that for a>a0 there is no 
periodic solution; the values of ao are calcu¬ 
lated. 

S17-9 3465 
A Solution of Tranter’s Dual-Integral-

Equations Problem -J. C. Cooke. (Quart. J. 
Meeh. Appl. Math., vol. 9, pp. 103-110; March, 
1956.) The solution of a pair of integral equa-
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tions occurring in potential problems and previ¬ 
ously studied by Tranter (695 of 1955) is 
given as an integral containing an unknown 
function whcih is determined by means of an 
integral equation of Fredholm's type. 

517.9 3466 
Round-Off Errors in Implicit-Finite-Differ¬ 

ence Methods—A. R. Mitchell. (Quart. J. 
Meeh. Appt. Math., vol. 9, pp. 111-121; March, 
1956.) “Symmetrical and asymmetrical im¬ 
plicit finite difference replacements involving a 
variable parameter a ami a variable mesh ratio 
s are considered for the heat conduction and 
wave equations, andexpressions obtained for the 
round-off errors. It is found that the stable 
backward difference replacements, four-point 
for the heat conduction equation and five-point 
for the wave equation, give rise to minimum 
round-off errors.” 

519.21:621.396.621 3467 
Notes on some Properties of Stationary 

Random Functions entering into Problems of 
Frequency Changing A. Blanc-Lapierre, P. 
Dumontet, and M. Savelli. (C.R. Acad. Sei., 
Paris, vol. 242, pp. 2799-2800; June 11, 1956.) 

MEASUREMENTS AND TEST GEAR 
529.78 3468 

Construction and Performance of New 
Quartz Clocks at the Physikalisch-Technische 
Bundesanstalt A. Scheibe, U. Adelsberger, 
G. Becker, G. Ohl, and R. Süss. (Z. angew. 
Phys., vol. 8, pp. 175-183; April, 1956 ) Fre¬ 
quency stability has been improved as a result 
of modifications in the method of supporting 
the quartz rod, the arrangement of electrodes, 
the internal thermostat, the master-oscillator 
circuit, and the frequency-divider circuit. In 
clocks PI and P3 the frequency variation 
associated with aging is <1 part in 10« in a 
month. 

531.761+529.7 3469 
Atomic Time and the Definition of the 

Second L. Essen. (Nature, I.ond., vol. 178, 
pp. 34-35; July 1, 1956.) Difficulties inherent 
in the establishment of a single unit of time, as 
advocated by Pérard (2834 of 1956), are dis¬ 
cussed. Tentative proposals are advanced, 
implementation of which would make the 
atomic standard immediately available while 
preserving a single unit of time closely linked 
with, although not defined by, that given by 
astronomical observations. 

621.317.3.029.6:621.317.7.029.6 3470 
The Technique of Microwave Measure¬ 

ments—(J. Brit. IRE, vol. 16, pp. 385-400; 
Inly, 1956.) Report of a discussion dealing with 
the measurement of power, attenuation, im-
¡redance, frequency, and dielectric properties. 

621.317.328:621.396.823:621.3.013.78 3471 
A Method of making Screen-Room Meas¬ 

urements K. E. Mortenson and ( J. Truax. 
(Elect. Engng., vol. 75, p. 326; April, 1956.) 
Digest of paper published in Trans. Amer. 
Inst. Elect. Engrs., Part 1, Communication and 
Electronics, vol. 74, pp. 746 750; January, 
1956.) A method is descrilred for determining 
the “free-space” interference field strengths of 
electrical equipment from measurements made 
in a screen room. The limitations of the method 
are: 1) the size of the equipment must be less 
than one third of the room size ami the linear 
dimensions must be less than one tenth of the 
wavelength used, and 2) the frequency used 
should bo about half the lowest resonant mode 
of the room. 

621.317.328.029.62 .63:621.396.621.54 3472 
A.V.H.F./U.H.F. Field-Strength Recording 

Receiver using Post-Detector Selectivity— 
Harvey, (See 3528.) 

621.317.33 3473 
A Slide-Wire Cylinder for the Towsend 

Circuit as a Simple Adjunct in the Precision 
Measurement of Very High Resistances II. 
Mette. (Z. Angela. Phys., vol. 8, pp. 191-193; 
April, 1956.) 

621.317.33:621.375.4:621.314.7 3474 
Measurement of the Input Resistance and 

Reactance of a Transistor Amplifier by varying 
the Impedance of an Oscillator—-A. P. Teplova, 
V. M. Tuchkevich, and A. I. Uvarov. (Z/i. 
Tekh. Fiz., vol. 25, pp. 2112-2118; October, 
1955.) A simple method is described which 
involves connecting an oscillator to the transis¬ 
tor input and varying the impedance of the 
oscillator. The theory of the method is dis¬ 
cussed and measurements at frequencies up to 
10 me are reported. 

621.317.335.2:621.318.42 3475 
Measurement of the Self-Capacitance of an 

Inductor at High Frequencies—J. P. New-
some. (Electronic Engng., vol. 28, pp. 350-352; 
August, 1956.) The methods of measurement 
discussed include on based on the determina¬ 
tion of the self-resonance frequency of the 
inductor by use of a Q meter; this is particu¬ 
larly useful for small values of self-capacitance 

621.317.337:621.372.41 3476 
Measurement of the Electrical Equivalent 

—Circuit Constants of High-Q Resonators— 
E. Frisch. (Nachrichtenlech. Z., vol. 9, pp. 182— 
185; April, 1956.) A method of determining the 
equivalent LCR values of ferrite-rod and 
piezoelectric resonators is described, involving 
frequency, and impedance measurements. 
Other methods are reviewed. 

621.317.34.018.782.4 3477 
Error Sources in Group-Delay Measure¬ 

ments on Electric Networks—A. van Week 
(Philips Res. Rep., vol. 11, pp. 81-90; April, 
1956.) “Errors in group-delay measurements 
can be caused by spurious phase modulation in 
the amplitude modulator or in the network 
under test, by a varying carrier-frequency 
level on the detector, and by overloading the 
network under test. These effects are discussed 
and counter measures are indicated.’ 

621.317.35:621.372.5.012 3478 
A Sensitive Method for the Measurement 

of Amplitude Linearity—S. I. Kramer. (Proc. 
IRE, vol. 44, pp. 1059-1060; August, 1956.) 
The method outlined is based on applying a 
linear sawtooth waveform to the input termi¬ 
nals of the device under test and passing the 
output through a differentiator; the differenti¬ 
ated waveform is observed oscillographically, 
departure from linearity being indicated by 
departure of the cro trace from the horizontal. 

621.317.373 3479 
A Simple Method of Accurate Phase Meas¬ 

urement of a Four-Terminal Network—B. 
Chatterjee. (J. Inst. Telecommun. Engrs., 
India, vol. 2, pp. 93-95; March. 1956.) Brief 
description of a method in which the change 
of phase produced by a quadripole is measured 
by inserting the quadripole in the feedback 
loop of an oscillating circuit and noting the 
resulting frequency change. 

621.317.4:539.152.1:538.569.4 3480 
A Nuclear-Resonance Meter for Magnetic 

Flux—V. Andresciani and D. Sette. (Ricerca 
Sei., vol. 26, pp. 1101-1115; April, 1956.) An 
instrument for measurement of flux values 
between 0.15 and 1.2 Wb/m’ is described; a 
transitron oscillator is used. 

621.317.42:538.632 3481 
Measurements on Magnetically Soft Ma¬ 

terials by means of the Hall Generator—I 
Assmus and R. Boll. (Elektrotech. Z., Edn .4, 
vol. 77, pp. 234-236; April 11, 1956.) Small Hall 
generators made of Group III-V alloys were 
used in several applications involving the meas¬ 
urement of magnetic field strengths in the 

range 0.1-10 oersted. The applications briefly 
described include measurement of the field 
strength in individual crystals of a silicon¬ 
iron rectangular-frame specimen, the magneti¬ 
zation of strips of metal, etc. The technique is 
particularly useful for indicating local varia¬ 
tions. 

621.317.443.029.5/.62 3482 
Advances in the Design and Application of 

the Radio-Frequency Permeameter—A. L. 
Rasmussen, A. W. Enfield, and A. Hess. (J. 
Res. Nat. Bur. Stand., vol. 56, pp. 261-267; 
May, 1956.) The instrument described previ¬ 
ously [1857 of 1954 (Haas)] has been further 
developed. The frequency range covered is 
0.05-50 me. In the range 0.1-35 me the ac¬ 
curacy of permeability determinations obtained 
from reference to a primary standard is within 
+ 2 per cent. 

621.317.444 3483 
Development of a Vibrating-Coil Mag¬ 

netometer—D. O. Smith. (Rev. Sei. Instru., 
vol. 27, pp. 261-268; May, 1956.) An alter¬ 
nating voltage proportional to the magnetic 
field of a dipole created by inserting a small 
sample of magnetic material into a magnetizing 
field is derived by means of a coil vibrating 
along the axis of the dipole at a distance up to 
2 cm from the sample. Measurements are con¬ 
tinuous and recordable; accuracy is within 1 
per cent for a dipole moment of 8.56X10 4 

A.M.«. 

621.317.7:537.54:621.396.822.029.6 3484 
The Gas-Discharge Tube as a Device for 

Noise Measurement in the Centimetre Wave¬ 
band—W. Klein and W. Friz. (J. Electronics, 
vol. 1, pp. 589-600; May, 1956. In German.) 
The production of white noise in the electron 
plasma of the selfsupporting gas discharge is 
explained on the basis of thermodynamic 
theory. The available noise power for a dis¬ 
charge with purely electronic absorption cor¬ 
responds to the full energy value of the elec-
tron temperature. 

621.317.725:621.375.23.024 3485 
Unity-Gain Voltmeter Amplifier—II. R. 

Hyder. (Tele-Tech, ami Electronic Ind., 
vol. 15, pp. 84-85; April, 1956.) Circuit details 
are given of a highly stable three-stage de 
amplifier incorporating differential first stage 
and cathode-follower output, suitable as a 
coupling unit between a high-impedance 
source and a low-impedance load; with a 
0-1-v voltmeter connected across the output, 
ranges of 1 to 1000 v are obtainable. 

621.317.725:621.385 3486 
Improved Slide-Back Valve Voltmeter— 

O. E. Dzierzynski. (Wireless World, vol. 62, pp. 
441-445; September, 1956.) 

621.317.727 3487 
A Switch-Dial Potential Divider—W. K. 

Clothier. (J. Sei. Instr., vol. 33, pp. 196-198; 
May, 1956 ) Variants of a general class of 
divider network are described in which the 
errors due to switch contacts are small, making 
them specially suitable for low-resistance ap¬ 
plications. 

621.317.729:621.396.823 3488 
Equipment for recording R.F. Interference 

due to High-Voltage Power Transmission 
Lines—J. Carteron, E. Fromy, and B. Pro-
kocimer. (Rev. Gén. Élect., vol. 65, pp. 203-208; 
April, 1956.) Equipment for ground measure¬ 
ments of the field strength due to corona effects 
comprises 1) a small vertical antenna fixed 
directly to the metal case enclosing 2) an 
amplifier with a small number of circuits tuned 
to the fixed operating frequency, 3) a quasi¬ 
peak detector, and 4) a continuous electro¬ 
mechanical recorder actuated by a de amplifier 
of the type described by Chevallier and 
Prokocimer (3316 above) in which stable 
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operation is achieved by using a high degree of 
feedback distributed between the stages. 

621.317.742 3489 
A New Technique for the Measurement of 

Microwave Standing-Wave Ratios—A. C. 
MacPherson and D. M. Kerns. (Proc. IRE, 
vol. 44, pp. 1024-1030; August 1956.) A high-
precision method using a stationary detector 
and sliding load is described. Generator, de¬ 
tector, and load are connected respectively to 
the arms of a three-arm waveguide junction. 
The variation of the detector response as the 
phase of the load is varied yields a curve similar 
to a standing-wave pattern, from which the un¬ 
known load can be determined using the pro¬ 
cedure indicated. The technique is amenable to 
rigorous theoretical analysis. 

621.317.755 34Q0 
Increasing the Accuracy of C.R.O. Meas¬ 

urements—T. H. Bonn. (Proc. IRE, vol. 44, 
p. 1062; August, 1956.) Techniques in which 
the cro is used as a null detector yield accura¬ 
cies within ±0.1 percent. 

621.317.755 3491 
An Automatic Cathode-Ray-Oscilloscope 

Beam-Brightening Device for Transient Re¬ 
cordings—O. H. Davie: J. Wood. (J. Sei. 
Instru., vol. 33, p. 203; May, 1956.) Comment 
on 860 of 1956 and author's reply. Modifica¬ 
tions to the original device are suggested. 

621.317.755:537.52 3492 
The Production of a Short-Duration Pulse 

of High Velocity Electrons—D. H. Le Crois-
sette. (Electronic Engng., vol. 28, pp. 356-358; 
August, 1956.) A pulse of duration 0.2 ms. 

used for initiating ionization in a gas-filled 
system, is obtained by making an electron 
beam traverse a hole in a steel plate; the 
operation is synchronized with an oscillograph 
timebase, thus permitting the simultaneous 
display of the ionizing pulse and the resulting 
discharge build-up. 

621.317.761 3493 
The “Frequency Microscope,” a Recording 

Frequency-Measuring Instrument with Very 
High Sensitivity—G. Ohl. (Arch. Elekl. Über¬ 
tragung, vol. 10, pp. 145-150; April, 1956.) A 
precision method of using a drum-type chrono¬ 
graph is described. The beat produced by two 
signals with nearly equal frequencies is used to 
trace a sequence of marks on the drum, the 
rate of rotation of which is controlled by a 
quartz crystal and is adjustable in discrete 
steps. The heterodyne frequency can be ac¬ 
curately determined by the graphical method 
described. 

621.317.761:621.314.7 3494 
Transistor Frequency Meters—L. R. Blake 

and A. R. Eames (Electronic Engng., vol. 28, 
pp. 322-327; August, 1956.) Based on the 
switched-capacitor method, using a transistor 
switch, the meter described covers the range 
0.3-100 kc in six subranges, giving an accuracy 
within 0.5-1 per cent. The indication is inde¬ 
pendent of signal level or waveform. 

621.317.763.029.6 3495 
The Generation of Multiple TEm„ and TM„,O 

Modes between Parallel Plates and in Rec¬ 
tangular Waveguides by Interference, and its 
Application to the Measurement of Wave¬ 
length J. I. Caicoya. (Rev. Telecomunicación, 
Madrid, vol. 11, pp. 2-30; March, 1956. In 
Spanish and English.) Detailed analysis is pre¬ 
sented for the reflection of microwaves at plane 
surfaces and the generation of multiple modes 
by interference The basic experimental system 
comprises a pair of parallel rectangular plates 
with variable separation, arranged symmetri¬ 
cally with respect to a reference plane, and a 
third parallel rectangular plate whose position 
is adjusted independently to effect the auxiliary 
reflection required to produce interference. 

Horns with variable angular position are used 
as signal source and detector. Wavelength is 
determined from the settings for zero de¬ 
tected energy. The instrument has a wide 
operating frequency band. 

621.317.784.029.3 3496 
Electronic Wattmeter with Wide Frequency 

Range—T. J. Schultz. (Rev. Sei. Instru., vol. 
27, pp. 278-279; May, 1956.) A dynamometer 
movement is employed, the input to the two 
coils being supplied by independent power am¬ 
plifiers using voltage and current negative 
feedback. Frequency’ response is level to within 
±017 db between 20 cps and 20 kc. 

621.317.799:537.311.33 3497 
Apparatus for Measurement of Hall Effect 

and Magnetoresistance in Semiconductors— 
Della Pergola and Sette. (See 3444.) 

621.317.799:621.385.029.6:621.396.96 3498 
Magnetron Tester detects Lost Pulses— 

P. Koustas and D. D. Mawhinney. (Electronics, 
vol. 29, pp. 164-168; August, ' 1956.) Radar 
magnetron output pulses of incorrect fre¬ 
quency, or inadequate amplitude or width, are 
detected by a coincidence meter in which the 
output is sampled and analyzed, and are 
compared with a signal derived from the mag¬ 
netron modulator circuit. 

621.319.4(083.74) 3499 
New Variable Capacitors with Zero Initial 

Capacitance—G. Zickner. (Z. Angew. Phys., 
vol. 8, pp. 187-191; April, 1956.) Two types 
of standard capacitor are described in which 
the capacitance between two fixed plate sys¬ 
tems is varied by means of a rotatable screen. 
These capacitors have three terminals, and are 
hence only suitable for use in certain types of 
circuit, such as bridges. The time stability is 
equal to that of fixed standard air capacitors, 
and the capacitance is more precisely defined 
than in capacitors with only one set of plates 
connected to the case. 

OTHER APPLICATIONS OF RADIO 
AND ELECTRONICS 

531.768:534.86 3500 
Calibration of Vibration Pickups at High 

Frequencies using a Michelson Interferometer 
—S. M. Davies. {Nature, Pond., vol. 178, p. 
161; July 21, 1956.) 

621.316.825:621.317.39 3501 
The Use of Semiconductors in investigating 

Natural Phenomena—A. F. Chudnovski. (ZA. 
Tekh. Fiz., vol. 25, pp. 2122-2133; October, 
1955.) Brief descriptions are given of the fol¬ 
lowing measuring instruments based on the use 
of thermistors: 1) probe for measuring the tem¬ 
perature distribution in soil; 2) electropsy¬ 
chrometer for remote measurements; 3) 
“thermospider” for measuring the average 
temperature of the soil surface; 4) thermo-
anemometer; 5) instrument for determining the 
absolute air humidity; 6) instrument for direct 
measurements of small temperature differences 
and absolute humidity of the air; 7) micro¬ 
electrometer for measuring the surface tem¬ 
perature of leaves and stalks of plants. General 
considerations underlying the operation of 
these instruments are discussed. 

621.383.2:621.385.832:531.76 3502 
Physical Bases of Electron-Optical Chron¬ 

ography—E. K. Zavoiski and S. D. Franchenko. 
(C.R. Acad. Sei. URSS., vol. 108, pp. 218-221; 
May 11, 1956. In Russian.) Very short flashes 
of light can be measured by means of an elec-
tronoptical image converter in which the elec ¬ 
tron beam is deflected by a rapidly rotating 
electric or magnetic field. In the limiting case a 
circle of radius 5 cm is traced in 10“s; as¬ 
suming a resolution of 300 lines/cm the shortest 
measurable time interval is 10“ 14 s. 

621.384.611 3503 
Cyclotron with Sectional Magnet—E. M. 

Moroz. (C.R. Acad. Sei. URSS, vol. 108, pp. 
436-439; May 21, 1956. In Russian.) The 
principles of opreation of a cyclotron using a 
magnet comprised of wedge-shaped sectors are 
discussed. 

621.384.612 3504 
Influence of Radiation on Synchrotron 

Oscillations of Electrons in Systems with 
Strong [alternating-gradient] Focusing—A. N. 
Matveev. (C.R. Acad. Sei. URSS, vol. 108, pp. 
432-435; May 21, 1956. In Russian.) 

621.387.424 3505 
An Oxygen-Quenched Geiger-Müller 

Counter—D. Srdoë. (J. Sei. Instru., vol. 33, 
pp. 185-186; May, 1956.) 

621.398 3506 
Determination of Visual Interpolation 

Errors in the Plotting of Curves from Commu¬ 
tated Data—L. Katz. (IRE Trans., vol. TRC-
1, PP- 15-24; February, 1955.) The frequency 
and sampling-rate requirements of telemetering 
systems are discussed, in relation to the errors 
to be expected in interpolating between the 
measured points. 

621.385.833 3507 
Optique électronique I : Lentilles élec¬ 

troniques [Book Review]—P. Grivet, M. Y. 
Bernard, and A. Septier. Bordas, Paris, 1955, 
pp. 184 (Proc. Phys. Soc., vol. 69, p. 587; 
May 1, 1956.) A research monograph in which 
the theoretical exposition is supplemented by 
practical detail. “ . . . the best short account 
of electron lenses that has yet appeared.” 

PROPAGATION OF WAVES 
621.396.11 3508 

On the Lateral Deviation of Radio Waves 
coming from Europe—K. Miya and S. Kanaya. 
(Rep. Ionosphere Res. Japan, vol. 10, pp. 1-8; 
March, 1956.) Measurements of reception in 
Japan with antennas pointing in various direc¬ 
tions indicate that propagation often takes 
place along paths deviating from the great 
circle. The observations support the theory 
advanced previously (235 of 1956) that for¬ 
ward scattering at the earth’s surface is in¬ 
volved. 

621.396.11:523.5 3509 
Some Properties of Oblique Radio Reflec¬ 

tions from Meteor Ionization Trails—O. G. 
Villard, Jr., A. M. Peterson, L. A. Manning, 
and V. R. Eshleman. (J. Geophys. Res., vol. 61, 
pp. 233-249; June, 1956.) Observations were 
made over a 960-km path using one transmitter 
on frequencies of 23.2, 46.4 and 92.8 me and a 
second transmitter located at various distances 
along and offset from the main propagation 
path and operating on adjacent frequencies. 
The percentage of the total time during which 
reflections were received was in accordance 
with theoretical expectations. Re-radiation 
from low-density trails was highly directional; 
the relatively infrequent high-density trails 
gave long-duration echoes which were much 
less directional and were subject to fading. 
Contours of constant correlation were highly 
elongated in the direction of the propagation 
path. See also 236 of 1956. 

621.396.11:551.510.535 3510 
Reflection of Radio Signals by the Ionos¬ 

phere —P. Poincelot. (Ann. Têlécommun., vol. 
11, pp. 70-80; April, 1956.) The propagation of 
plane waves in a stratified medium is analyzed 
1) for linear variation of ionization with height, 
and 2) for an exponential variation. Results 
for continuous waves are obtained first, and 
pulse propagation is then studied, using group-
velocity theory; numerical examples arc 
given. The influence of the longitudinal com¬ 
ponent of the earth’s magnetic field is dis¬ 
cussed. Sec also e.g., 3725 of 1955. 
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621.396.11:551.510.535 3511 
Orientation of Aerial of Ionospheric Station 

—Z. Ts. Rapoport. (Zh. Eksp. Tear. Fiz., vol. 
30, pp. 407-408; February, 1956.) The effect 
is calculated of the orientation relative to the 
magnetic meridian of the electric vector of the 
wave incident normally on the ionosphere 
(angle ß) on the ratio of the average energy 
flux of the reflected ordinary wave (S2) to that 
of the extraordinary wave (Si). The curves 
showing (S2/Sß as a function of ß are plotted 
with I K21, the polarization index of the 
ordinary wave, as parameter. 
621.396.11:551.510.535 3512 

Ionospheric Focussing and Image Zones— 
B. D. Khurana. (J. Inst. Telecommun. Engrs., 
India, vol. 2, pp. 96-99; March, 1956.) “The 
desired target region of reception in short¬ 
wave broadcasting is covered by firing the radio 
waves from a suitably designed transmitting 
antenna, into the ionosphere, at predetermined 
angles. Analysis shows that in addition to the 
target region, some extra zones on the earth’s 
surface also come to receive an appreciably en¬ 
hanced signal strength. This so-called 'focus¬ 
sing' results from the curvature of the reflecting 
layers. The ‘first order image zones' have 
been determined for the regional short-wave 
transmitters of AIR [All India Radio], and 
plotted on the great-circle map, as an illustra¬ 
tion.” 
621.396.11:551.510.535 3513 

Ionospheric Absorption at Dakar—F. Delo-
beau and K. Suchy. (J. Atmos. Terr. Phys., 
vol. 9, pp. 45-50; July, 1956. In French.) 
Selective and nonselective absorption charac¬ 
teristics have been determined from measure¬ 
ments at Dakar. Nonselective absorption is 
proportional to D-layer electron density and 
follows the density variations with sunspot 
number. Variations of selective absorption are 
related to the observation that the collision 
frequency at mid-height of the E layer varies 
inversely as the sunspot number. 

621.396.11:551.510.535:523.16 3514 
On the Propagation of Radio Waves through 

the Upper Ionosphere—G. R. Ellis. (J. Almos. 
Terr. Phys., vol. 9, pp. 51—55; July, 1956.) 
“The low-frequency limit for the propagation 
of radio waves through the ionosphere is dis¬ 
cussed. It is shown that reflection and absorp¬ 
tion of extraordinary waves can occur well 
above the F region near the level where 
f=fn, if the wave frequency is less than fnF2, 
and if the electron density near this level is not 
negligible. In these circumstances the low-
frequency limit will be determined by/oFa, and 
observations of cosmic radio emission at fre¬ 
quencies much below 1 me are unlikely. 

621.396.11:621.396.91 3515 
Time Signals for the Determination of 

Longitude—W. H. Ward. (Proc. IRE, vol. 44, 
pp. 1064-1065; August, 1956.) In connection 
with determinations of longitude to be made 
during the International Geophysical Year, 
radio propagation velocities are required to be 
known with high accuracy. A method for de¬ 
termining this velocity is outlined, involving 
two pairs of transmitting and receiving stations 
and one land-line link. 
621.396.11.029.45/.5 3516 

Amplitude and Phase Curves for Ground-
Wave Propagation in the Band 200 c/s to 500 
kc/s_j. R, Wait and H. H. Howe. (Nat. Bur. 
Stand. Circulars, pp. 17; May 21, 1956.) Values 
of the field strength and phase at distances 
from 1 to 1500 miles are computed, assuming 
a very short vertical radiator and ground con¬ 
ductivity values of 4, 0.01, and 0.001 mho/m. 

621.396.11.029.6 3517 
Marconi s Last Paper, “On the Propagation 

of Microwaves over Considerable Distances”— 
T. J. Carroll. (Proc. IRE, vol. 44, pp. 1056-

1057; August, 1956.) An English translation is 
given of this paper, which was written in 1933 
and describes experiments on the reception 
of 500-mc signals at distances up to 258 km, 
almost nine times the optical distance. 

621.396.11.029.6 3518 
Reflection of Ultra-short Waves at Layer 

Inhomogeneities of the Troposphere—V. N. 
Troitski. (Radiolekhnika, Moscow, vol. 11, 
pp. 7-16; January, 1956.) Reflection at oblique 
incidence is considered for a layer in which 
permittivity e(z) varies with height in accord¬ 
ance with the formula c(z) = €0Ne"(l +e") 1 

— M4e°'(l+e")-2. where to is the permittivity 
at the boundary and M, N, and a are charac¬ 
teristic parameters of the layer. The variation 
of the reflection coefficient with layer thickness 
is investigated. See also ibid., vol. 11, pp. 3-20; 
May, 1956. 
621.396.11.029.6:551.510.535: [523.16 
+ 523.5+551.594.5 3519 
Review of Ionospheric Effects at V.H.F. 

and U.H.F.—C. G. Little, W. M. Rayton, and 
R. B. Roof. (Proc. IRE, vol. 44, pp. 992-
1018; August, 1956.) The present state of 
knowledge on the following effects is sum¬ 
marized; radar echoes from aurora, radar 
echoes from meteors, the Faraday effect and 
radar echoes from the moon, radio noise of 
auroral origin, absorption of radio waves by the 
ionosphere, refraction of radio waves by the 
ionosphere, and the scintillation of radio stars. 
182 references. 
621.396.11.029.62 3520 

V.H.F. Diffraction by Mountains of the 
Alaska Range—(Proc. IRE, vol. 44, pp. 
1049-1050; August, 1956.) Report of reception 
at Lake Minchumina of 200-mc television 
signals from Anchorage, 200 miles away on the 
far side of the mountain ridge. Measurements 
of field-strength distribution made from an 
airplane established a fine-structure diffrac¬ 
tion pattern. Time variations of field strength 
and direction of arrival can be explained by 
changes in meteorological conditions over the 
paths of signal components scattered and/or 
diffracted by widely separated peaks. The 
results give substantial support to knife-
edge theory. 

621.396.11.029.62:551.510.535 3521 
Oblique-Incidence Measurements of the 

Heights at which Ionospheric Scattering of 
V.H.F. Radio Waves occurs—V. C. Pineo. (J. 
Geophys. Res., vol. 61, pp. 165-169; June, 
1956.) From the differences in propagation 
times for pulses propagated along tropospheric 
and ionospheric paths between stations 810 
km apart it is tentatively concluded that the 
operative scattering layers are at heights of 
86 km and 70 km for the night-time and mid¬ 
day hours respectively. 

621.396.11.029.63 3522 
Propagation Tests at a Frequency of 1000 

Mc/s over Various Paths—F. Vecchiacchi. 
(Alta Frequenza, vol. 25, pp. 100 129; April, 
1956.) Detailed report of tests made in northern 
and central Italy during the period 1951-1954. 
All the paths tested afforded optical visibility; 
the two longest were 189 km and 196 km re¬ 
spectively. The results indicate that wide¬ 
band communication can l>e maintained for a 
high percentage of the time. Field-strength 
fluctuations were much greater in summer than 
in winter, but on almost every day in summer 
there was a period of a few hours during which 
the amplitude of the fluctuations was reduced. 
Winter periods relatively free from fluctuations 
are associated with rainy w’eather. 

621.396.812.029.62 + 621.397.62 
+ 621.396.677.3 3523 
Long-Distance Television Reception in the 

USSR—W. Sorokine. (Télévision, pp. 85-88; 
March/April, 1956.) Long digest of reports of 

amateur band-1 reception published in Radio, 
Moscow, November-December, 1955. Details 
and diagrams are given of one of the receivers 
and antennas used. 

RECEPTION 
621.376.23:621.396.822 3524 

Some Points in the Theory of Square-Law 
Detection of Background Noise—A. Blanc-
Lapierre, P. Dumontet, and M. Savelli. (C.R. 
Acad. Set., Paris, vol. 242, pp. 2911-2913; 
June 18, 1956.) The spectrum X’W+SKO is 
studied, X(0 being a stationary random Lap¬ 
lace function and S(i) its transform in certain 
linear filters. 

621.396.62:621.396.812.3 3525 
The Statistics of Combiner Diversity— 

II. Staras. (Proc. IRE, vol. 44, pp. 1057-1058; 
August, 1956.) An analytic method for evalu¬ 
ating the combined statistical distribution in 
terms of a tabulated function is discussed; 
results are presented graphically for the com¬ 
bined signal up to ten-fold diversity. 

621.396.62.029.62:621.376.33 3526 
Switched-Tuned F.M. Unit J. M. Beukers. 

(Wireless World, vol. 62, pp. 427-434; Septem¬ 
ber, 1956.) A modified form of the receiver de¬ 
scribed by Amos and Johnstone (2096 of 1955) 
incorporates a reactance tube controlled by 
the error voltage from the ratio detector and in 
turn controlling the oscillator so as to provide 
afc. Constructional details are given. 

621.396.621.54 3527 
Communications Receiver Type-BX 925A— 

J. IL van Wageningen. (Commun. News, vol. 
16, pp. 92-98; April, 1956.) A single-heterodyne 
receiver for telegraphy or telephony is de¬ 
scribed; it has two stages of rf and two stages 
of IF amplification. Special features include the 
combination of mechanical band-spread with 
high-speed tuning by motor, and the provision 
of a crystal-controlled calibration oscillator. 

621.396.621.54:621.317.328.029.62/.63 3528 
A V.H.F./U.H.F. Field-Strength Recording 

Receiver using Post-Dectector Selectivity— 
R. V. Harvey, G. F. Newell, and J. G. Spencer. 
(B.B.C. Engng. Div. Monographs, pp. 1-26; 
April, 1956.) Design and performance details 
for a pretuned receiver for bands III and IV 
are discussed. A separate signal-frequency 
unit is used for each band, followed by a com¬ 
mon IF unit working at 10.7 me. The output 
signal-noise ratio has been increased by re¬ 
stricting the bandwidth of the circuits following 
the detector, enabling a higher sensitivity to 
be obtained. The receiver has been designed 
for unattended operation over periods up to 
one month with a calibation stability within 
±ldb. 
621.396.621.54:621.385.5 3529 

The Presentation and Application of the 
Characteristics of the Pentagrid Converter 
Valve —Wilshire. (See 3590.) 

621.396.621.54.029.45/.51:621.375.234 3530 
A Very-Low-Frequency Receiver with High 

Selectivity—C. S. Fowler. (J. Brit. IRE, vol. 
16, pp. 401-404; July, 1956.) A superhetero¬ 
dyne receiver for the frequency band 6-36 kc 
is described. High selectivity is obtained by 
using mixed positive and negative feedback to 
control the Q factor of the IF tuned circuits. 

621.396.82:621.397.62(083.74) 3531 
IRE Standards on Methods of Measure¬ 

ment of the Conducted Interference Output of 
Broadcast and Television Receivers in the 
Range of 300 kc/s to 25 Mc/s, 1956—(Proc. 
IRE, vol. 44, pp. 1040-1043; August, 1956.) 
Standard 56 IRE 27.SI, supplement to 54 IRE 
17.S1. 

621.396.823:621.317.729 3532 
Equipment for recording R.F. Interference 
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due to High-Voltage Power Transmission 
Lines Carteron, Froniy.and Prokocimer. (See 
3488.) 

STATIONS AND COMMUNICATION 
SYSTEMS 

621.396.3:621.396.43:523.5 3533 
Janet [communication system]—W. T. 

Cocking. (Wireless Engr., vol. 33, p. 203; 
September, 1956.) Brief note on a long-range 
radiotelegraphy system developed by the 
Canadian Defence Research Board, in which 
the propagation path is provided by ionized 
meteor trails. Frequencies between 30 and 60 
me are used, and transmitters with a power 
output of about 800 w are used with Yagi 
antenna systems having a gain of about 10 db. 
Messages for transmission are recorded in 
readiness, and the actual transmission starts 
automatically when ionization occurs at the 
appropriate reflection point relative to trans¬ 
mitter and receiver. For another account, see 
Wireless World, vol. 62, pp. 404 405; Septem¬ 
ber, 1956. 

621.396.41:621.396.65.029.63 3534 
A Decimetre-Wavelength Radio-Link Net¬ 

work providing High-Quality Program Chan¬ 
nels using Pulse Phase Modulation (Part 1— 
Transmission Requirements, Planning and 
Results —G. Brühl. (Telefunken Ztg., vol. 29, 
pp. 5-12; March, 1956. English summary pp. 
62 63.) Description of the 500-mile Austrian 
network, which comprises 25 stations in six 
main sections. Carrier frequencies between 
2.06 and 2.3 kmc are used; three 15-kc program 
channels and six 3.2-kc speech channels are 
accommodated. The over-all signal/noise ratio 
is >66 db. 

621.396.71.029.55(43) 3535 
Federal German Post Office Overseas 

Radio Transmitting Station at Elmshorn—E. 
Meinel. (Nachrichlentech. Z., vol. 9, pp. 115-
158; April, 1956.) The station comprises 16 sw 
transmitters, including four 20-kw ssb and two 
50-kw dsb telephony transmitters and ten 
20-kw transmitters for telegraphy; 21 rhombic 
antennas and several horizontal dipole arrays 
are used. The equipment and services are 
briefly described. 

621.396.97:621.396.677 3536 
Vertical Radiation and Tropical Broadcast¬ 

ing—A. H. Dickinson. (J. Brit. IRE, vol. 16, 
pp. 405 411; July, 1956.) An estimate, based 
on five years' operating experience, is presented 
of the requirements in respect of antenna de¬ 
sign, transmitter power and operating fre¬ 
quencies for sw broadcasting stations in the 
tropics to serve the large areas outside the 
main population centres. Antennas comprising 
16-element binomial arrays [2335 of 1952 
(Adorian and Dickinson)] used in conjunction 
with 5-kw transmitters should be able to 
serve areas of 90,000 miles.’ Co-channel sta¬ 
tions should be separated by 1500 miles. Each 
station requires two or three frequencies in the 
2.5-, 3.5-, 5- and 9-mc bands, in order to cope 
with ionosphere variations, but the number of 
frequency changes should be kept to a mini¬ 
mum for the convenience of listeners. 

SUBSIDIARY APPARATUS 
621.311.6 3537 

A Balanced, Unregulated, Dual Power 
Supply—K. N. Hemmenway. (Proc. IRE, vol. 
44, p. 1053; August, 1956.) A circuit is de¬ 
scribed for simultaneously providing positive 
and negative voltages which remain equal in 
face of line voltage variations; practical details 
arc given for a unit supplying ±300 v at 38.9 
ma. A graph shows the performance of the 
unit used with a de amplifier providing a bal¬ 
anced load. 

621.311.6:621.314.63:537.311.33:535.215 
3538 

Semiconductor Solar-Energy Convertors 
—A. Hähnlein. (Nachrichtenlech. Z., vol. 9, pp. 
145-150; April, 1956.) A concise review of the 
physical fundamentals includes brief discus¬ 
sions of radiant-energy absorption in semicon¬ 
ductors, the effect of p-n junctions and the 
energy conversion efficiency. 

621.311.61:621.314.1:621.314.7 3539 
Efficient and Reliable Transistor High-

Voltage Power Supply—G. E. Driver. (Nu¬ 
cleonics, vol. 14, pp. 74, 76; March, 1956.) 
The system comprises a 9-v battery, a trans¬ 
istor oscillator, crystal rectifier, and corona¬ 
type regulator; the output is about 20 at 
900 v. 

621.314.634 3540 
Life-Test Results on Selenium Rectifiers— 

G. C. Chernish. (Tele.-Tech, and Electronic 
Ind., vol. 15, pp. 68-69, 169; April, 1956.) 
Tests on a representative selection of Se recti¬ 
fiers for radio and television equipment show 
variations in shelf life, useful life, and tem¬ 
perature characteristics; the need for drastic 
derating is suggested. 

TELEVISION AND PHOTOTELEGRAPHY 
621.397.242:621.397.743 3541 

A 21-Mc/s Local Television Network— 
H. J. Schmidt. (Nachrichlenlech. Z., vol. 9, pp. 
173-177; April, 1956.) The modulators, ampli¬ 
fiers, and demodulators used in the coaxial-line 
network linking the studios, control rooms, 
and transmitters located in various parts of 
Hamburg are discussed. A dsb system with 
positive AM is used. 

621.397.5:535.623 3542 
Notes on a Colour-Television System with 

Two Amplitude-Modulated [sub]-Carriers -
J. Wolf. (Elektronische Rundschau, vol. 10, 
pp. 101 104; April, 1956.) Factors relevant to 
the choice of color subcarriers for a European 
system are discussed; it is shown that fre¬ 
quency interlace is not an essential prerequi¬ 
site for the transmission of color information 
within the luminance band. A simple method 
of fixing the ratio between color subcarrier 
and line frequency in the two-subcarrier 
system described by Haantjes and Teer (1224 
of 1956) is indicated with reference to a suitable 
circuit. 

621.397.5(083.74) 3543 
Television in the World Today —C. J. 

Hirsch. (Elect. Engng., vol. 75, pp. 321-325; 
April, 1956.) The various television standards 
in use are tabulated and briefly discussed. 

621.397.6:621.397.7:535.623 3544 
Pedestal Processing Amplifier for Televis¬ 

ion Studio Operation—R. C. Kennedy. (RC.l 
Rev., vol. 17, pp. 297-302; June, 1956.) “The 
pedestal processing amplifier is a device 
capable of removing the synchronizing pulses 
from either a color or monochrome television 
signal so as to permit simultaneous presenta¬ 
tion of pictures from separate locations. It 
utilizes a new type of sync separator which 
provides a sync signal having constant ampli¬ 
tude for input signal variations of ± 14 deci¬ 
bels.” 

621.397.61 3545 
A Flat-Bed Facsimile Telegraph Trans¬ 

mitter—W. D. Buckingham. (Elect. Engng, 
vol. 75, pp. 356-359; April, 1956.) Experimen¬ 
tal equipment is described in which the message 
sheet may be of any desired length, and is ad¬ 
vanced slowly while scanning is effected by the 
forward sweep across the sheet of a light spot 
of diameter 0.01 inch. The light is produced by 
a special type of tungsten arc lamp. A cylindri¬ 
cal reflector is used for concentrating the light 
reflected from the message sheet on the photo¬ 
cell. 

621.397.61:535.623 3546 
Colorimetry, Film Requirements and Mask¬ 

ing Techniques for Color Television—H. N. 
Kozanowski and S. L. Bendell. (J. Soc. Mot. 
Pict. Telev. Engrs., vol. 65, pp. 201-204; 
April, 1956.) Basic requirements for trans¬ 
mission of color films are discussed and im¬ 
proved equipment for electronic masking and 
hue control is descrilwd. 

621.397.611.2:621.397.8 3547 
The Possibility of a “Normal" Resolution by 

Television Transmitting Tubes with Energy 
Storage Ya. A. Ryftin. (Zh. Tekh. Fiz., vol. 
25, pp. 2214-2232; October, 1955.) “Normal” 
or maximum attainable, resolution is defined 
and an analysis is made of the causes which 
lower the operational quality of storage tubes. 
The possibility of obtaining “normal” resolu¬ 
tion with this type of tube is discussed and 
some practical sugestiona arc made. A rough 
estimate is given of the extent to which exist¬ 
ing storage tubes fail to provide full quality 
service with 625-line scanning. 

621.397.62 + 621.396.812.029.62 + 621.396.677.3 
3548 

Long-Distance Television Reception in the 
USSR—Sorokine. (See 3523.) 

621.397.62:535.623 3549 
Color Purity in Ungated Sequential Dis¬ 

plays—G. S. Ley. (IRE Trans., vol. BTR-1, 
PP- 36-43; January, 1955. Abstract, Proc. 

vol. 43, p. 383; March, 1955.) 

621.397.62:535.623 3550 
The Practical Aspects of the Color Sub¬ 

carrier Synchronization Problem—W. J. Gruen. 
(IRE Trans, vol. BTR-1, pp. 44-51; Janu¬ 
ary, 1955. Abstract, Proc. IRE, vol. 43, p. 
383; March, 1955.) 

621.397.62:621.376.33 3551 
Sampling Detector for Intercarrier TV 

Sound —K. Schlesinger. (Electronics, vol. 29, 
pp. 138-141; August, 1956.) One half of a 
double triode is connected as a feedback oscil¬ 
lator, locked through the inductance of its 
tank circuit to a driver stage fed by the 4.5-mc 
fm sound carrier. It is coupled through a com¬ 
mon cathode connection to the sampling 
triode, which is arranged to function at zero 
passage of the carrier voltage, thus yielding 
maximum fm detection while ignoring residual 
AM. 

621.397.62:621.396.82(083.74) 3552 
IRE Standards on Methods of Measure¬ 

ment of the Conducted Interference Output of 
Broadcast and Television Receivers in the 
Range of 300 kc s to 25 mc/s 1956. (Proc. 
IRE, vol. 44, pp. 1040 1043; August, 1956.) 
Standard 56 IRE 27.S1, supplement to 54 
IRE 17.S1. 

621.397.621.2:535.623:621.385.832 3553 
Effect of Magnetic Deflection on Electron 

Beam Convergence [in colour-television tubes] 
—P. E. Kaus. (RCA Rev., vol. 17, pp. 168-189; 
June, 1956.) “The image curvatures of deflec¬ 
tion yokes are calculated and minimized using 
third-order perturbation theory. It is found 
that the mean image curvature is too large to 
dispense with dynamic convergence when a 
point focus is needed. Proper field shaping, 
however, can produce a good line focus over the 
whole screen without dynamic convergence.” 

621.397.621.2:535.623:621.385.832 3554 
Recent Improvements in the 21AXP22 

Color Kinescope R. B. Janes, L. B. Headrick, 
and J. Evans. (RCA Rev., vol. 17, pp. 143-
167; June, 1956.) The location and formation 
of the phosphor dots on the face-plate of this 
three-gun tube [2771 of 1955 (Seelen et a/.)] are 
effected in a special optical device called a 
“lighthouse. Modifications of this device 
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leading to improved color performance of the 
tube are described. 

621.397.621.2:535.623:621.385.832 3555 
Kinescope Electron Guns for producing 

Noncircular Spots —Knechtli and Beam. (See 
3593.) 

621.397.7:621.397.6 3556 
Standardization of Television Equipment at 

Radiodiffusion-Television Française—L. Gous-
sot. (Onde Élecl., vol. 36, pp. 352-368; April, 
1956.) Video-frequency equipment is consid¬ 
ered to bave reached a stable state of develop¬ 
ment; present practice is described. Component 
specifications and characteristics are detailed 
in an appendix. 

621.397.5:535.623 3557 
Color Television Engineering [Book Re¬ 

view]—J. W. Wentworth. McGraw-Hill Book 
Co., Inc., New York and London,. (Engineer¬ 
ing. Land., vol. 181, p. 208; April 13, 1956.) 
“The outstanding value of the book is its clear 
presentation of fundamental color theory and 
the marriage of this theory with that of tele¬ 
vision engineering.” 

TRANSMISSION 
621.376.32:621.396.61:621.396.41 3558 

Exciters multiplex F.M. Carriers H. G. 
Stratman. (Electronics, vol. 29, pp. 148-150; 
August, 1956.) The equipment consists of a 
fm exciter which provides a main carrier of 
frequency 100 me, using a serrasoid modulator 
circuit [ 342 of 1949 (Day)], and a similar unit 
generating an audio-modulated subcarrier of 
frequency 32.5 kc to perform the multiplexing 
operation. The total audio distortion is <0.2 
per cent, with a crosstalk figure of about X55 
db. 

621.396.61:621.375.232.4 3559 
Linear 15-kW Amplifier with Grounded-

Grid Stage—A. Di Marco. (Rev. Telegr. Elec¬ 
tronica, Buenos Aires, vol. 44, pp. 125-128; 
March, 1956.) A description is given of a two-
stage amplifier for a transmitter. The second 
stage is cathode-excited, while the first stage 
is designed for class-ABl operation. The gain 
is 50 db. A vertical-panel construction system 
is used, giving good accessibility. 

621.396.61:621.376.32:621.373.42 3560 
The Gain Characteristic inside the Pull-In 

Range particularly in F.M. Transmitters and 
Wobbulators- E. G. Woschni. (Hochfrquenz-
tech. it. Eleklroakusl.. vol. 64, pp. 63-73; No¬ 
vember, 1955.) Continuation of earlier work on 
the occurrence of pull-in ranges in fm trans¬ 
mitters and wobbulators controlled by react¬ 
ance tubes (ibid., vol. 63, pp. 119 125; Decem¬ 
ber, 1954). The dependence of the pull-in range 
on the residual attenuation is analysed. A 
formula is derived expressing the gain variation 
in terms of the maximum gain at the middle of 
the pull-in range and of the fractional detuning. 
Values of lock-in range and gain obtained ex¬ 
perimentally are in some cases substantially 
higher than calculated values; the discrepancies 
are attributed to distortion introduced during 
the frequency-modulation process. 

TUBES AND THERMIONICS 

621.3-71 3561 
Review of Industrial Applications of Heat 

Transfer to Electronics -Kaye. (See 3290.) 

621.314.63:621.314.7 3562 
Low-Frequency Circuit Theory of the 

Double-Base Diode J. J. Suran. (IRE Trans, 
vol. ED-2, pp. 40 48; April, 1955.) A study is 
made of the operating mechanism of the single¬ 
junction semiconductor device with two ohmic 
contacts; large-signal operation is treated by 
applying small-signal theory to successive re¬ 
stricted regions of the characteristic, part of 
which exhibits negative resistance. Circuit pa¬ 

rameters are related to the physical constants 
of the device. 

621.314.7 3563 
The Four-Terminal-Network Parameters 

of the Junction Transistor in the Three Basic 
Circuit Arrangements—-G. Meyer-Brötz. (Tele-
funken Zig., vol. 29, pp. 21-28; March, 1956. 
English summary, pp. 63-64.) 

621.314.7 3564 
Experimental Study of Point-Contact 

Transistor—S. Iwase. (Rep. Elect. Commun. 
Lab., Japan, vol. 3, pp. 27—33; November, 
1955.) An account is given of the Ge surface 
treatment, and of experiments on the electrical 
forming of the transistor with different point¬ 
contact materials. Best characteristics are ob¬ 
tained with a collector containing 0.25 per 
cent-1 per cent of a Group-V impurity; the 
emitter substance should not be the same as 
the collector. 
621.314.7 3565 

A Junction Transistor with High Current 
Gain—J. W. Granville. (J. Electronics, vol. 1, 
pp. 565-579; May, 1956.) The production and 
performance of a new transistor with a p-n-
junction emitter and an n-n “-junction collector 
are described and compared with the corre¬ 
sponding aspects of point-contact transistors. 
The nn+ junction is made by alloying a Sn-
Sb alloy to the Ge, while the p-n junction is 
made by alloying In to the Ge. High noise 
factors, of the order of 60 db, were observed in 
experimental p-n-p* transistors; possible meth¬ 
ods of eliminating this and other drawbacks 
are mentioned. Use of Si instead of Ge could 
lead to improved performance. 

621.314.7:621.375.4 3566 
Measurement Considerations in High-

Frequency Power Gain of Junction Transistors 
—R. L. Pritchard. (Proc. IRE, vol. 44, pp. 
1050-1051; August, 1956.) Reasons are given 
for the particular choice of methods used in the 
work described previously (3774 of 1955); the 
theory is extended to two types of neutraliza¬ 
tion used in common-emitter transistor ampli¬ 
fiers. 
621.383.2 3567 

The Time Lag and other Undesirable Phe¬ 
nomena observed in Vacuum Photo-tubes at 
Weak Illumination: Part 2 M. Sugawara. (J. 
Phys. Soc. Japan, vol. 11, pp. 271-278; March, 
1956.) A specially constructed cell, having a 
second, semitransparent cathode which can be 
insulated, is used to show that abnormal re¬ 
sponse characteristics in standard photocells 
can be explained by the adherence of photo¬ 
emissive material to the inner surfaces of the 
cell. Part 1: 2905 of 1956. 

621.383.2:535.215.08 3568 
Apparatus for the Study of Spectral Re¬ 

sponse of Photoelectric Surface H. Mitsu¬ 
hashi and T. Nakayama. (J. Phys. Soc. Japan, 
vol. 11, pp. 308-311; March, 1956.) Constancy 
of the test source intensity is secured by a 
servomechanism controlled by comparison with 
a standard source. The photoelectric response is 
also recorded automatically. 

621.383.2:621.396.822 3569 
Flicker Noise in Vacuum Photoelectric 

Diodes R. J. J. Zijlstra and C T. J. Alke-
made. (J. Appl. Phys., vol. 27, pp. 656-657; 
June, 1956.) Noise in photocells with 
Cs-CsjO-Ag and with Csj-Sb photocathodes 
was measured over the frequency range Icps-
1 kc. Results are presented graphically ; they are 
consistent with the assumption that the fre¬ 
quency-dependent flicker noise sui>erimposcd 
on the shot noise is generated in a cathode 
layer whose resistance fluctuates with time. 

621.383.2:681.142 3570 
Bit Storage via Electro-optical Feedback-

Milch. (See 3289.) 

21.385:621.3.015.3 3571 
Theory of Transient Processes in Electronic 

Devices and in Circuits containing such De¬ 
vices—G. A. Grinberg. (Zh. Tekh. Eiz., vol. 26, 
pp. 2183-2192; October, 1955.) A mathematical 
analysis is given of the rise of the current in an 
electronic device on application of a pulse 
voltage. The case of a plane diode with a direct 
voltage suddenly applied is considered in detail. 

621.385.002.2 3572 
Techniques for the Mrnufacture and In¬ 

spection of Reliable Electronic Valves—J 
Brasier. (I.e Vide, vol. 11, pp. 66 77; March/ 
April, 1956.) U.S.A, procedure for preparing 
specifications for reliable valves is indicated; 
the distinction between specifications applica¬ 
ble during actual manufacture and those 
applicable during a subsequent inspection is 
emphasized. French official specifications and 
the manufacturing steps taken to satisfy 
them are described and illustrated. 

621.385.029.6 3573 
Plasma-Frequency Reduction Factors in 

Electron Beams—G. M. Branch and T. G. 
Mihran. (IRE Trans, vol. ED-2, pp.3-11 ; 
April, 1955.) Long-beam microwave tubes are 
discussed. The plasma-frequency reduction 
factor due to the presence of the drift-tube walls 
is calculated for a variety of beam and drift¬ 
tube cross sections, and the results are pre¬ 
sented in a series of graphs. One particular 
result is that for an annular beam the reduction 
factor depends primarily on the width of the 
annulus. 

621.385.029.6 3574 
Modern Reflex Klystrons—R. Hechtel. 

(Arch. Elekt. Übertragung, vol. 10, pp. 133-138; 
April, 1956.) The construction and performance 
characteristics of an experimental klystron 
with an output of 4-5 w in the 3.6-4.2-kmc fre¬ 
quency band are compared with those of the 
U.S.A, types RK 5976 and 431 A. 

621.385.029.6 3575 
Travelling-Wave Valves for 4-cm Waves: 

Research and Development at the Centre 
National d’Études des Télécommunications-
A. Bobenrieth and O. Caben. (Onde Élect., 
vol. 36, pp. 307-317; April, 1956.) The design 
and production of tubes to the specifications 
of the French Post Office are described. Char¬ 
acteristics of an experimental model are given ; 
saturation power is >1 w at 7.0-7.5 kmc, 
varying only slightly with frequency, for in¬ 
puts of about 0.3 mw. 

621.385.029.6 3576 
Recent Developments of O-Type Carcino¬ 

trons P. Palluel. (Onde Élect., vol. 36, pp. 
318-335; April, 1956.) A range of six models 
developed by the Compagnie Générale de 
TSF covers the range 1-15 kmc; details are 
given of construction and performance. See 
also 1904 of 1956 (Palluel and Goldberger). 

621.385.029.6 3577 
When is a Backward Wave not a Backward 

Wave?—J. E. Rowe and G. Hok. (Proc. IRE. 
vol. 44, pp 1060-1061; August, 1956.) A 
critical discussion of some methods of analyzing 
the large-signal operation of traveling-wave 
tubes. 

621.385.029.6:621.396.822 3578 
Noise in Traveling-Wave Tubes—A. G 

Mungall. (IRE Trans, vol. ED-2, pp. 12-17; 
April, 1955.) Noise measurements on tubes for 
operation at 3.2 cm X are reported. The effects 
of anode-to-helix separation, space charge, field 
distribution, and gas pressure are studied. A 
modified theory of space-charge smoothing of 
microwave shot noise is suggested. Possible 
improvement of noise figure by use of a triode 
gun in place of a diode is discussed. 
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621.385.029.6:621.396.822 3579 
The Noise Factor of Traveling-Wave Tubes 

—G. Hok. (Proc. IRE, vol. 44, p. 1061; Au¬ 
gust, 1956.) Discussion indicates that no theo¬ 
retical lower limit for the noise factor is found 
when a simple mathematical model with ap¬ 
propriate means for shaping the beam is chosen. 

621.385.032.2 3580 
Effect of Cathode Roughness on the Maxi¬ 

mum Current Density in an Electron Beam— 
G. W. Preston. (/. Appl. Phys., vol. 27, pp. 
627-630; June, 1956.) Analysis indicates that 
the current density in a focused beam may be 
greatly reduced due to roughness of the cathode 
surface; the minimum beam diameter attain¬ 
able is unaffected by change of cathode tem¬ 
perature or proportional changes in the poten¬ 
tials of all electrodes. 

621.385.032.21:537.5 3581 
High-Frequency Oscillations in the Space 

Charge of some Electron Emission Systems— 
K. T. Dolder and O. Klemperer. (J. Electronics, 
vol. 1, pp. 601-611; May, 1956.) “The occur¬ 
rence of multiple electron sources in electron 
emission systems was investigated'for thermi¬ 
onic filamentary cathodes in the form of a 
straight wire, of a hairpin, and of a helical 
spiral. The experimental results are all consist¬ 
ent with the view that the occurrence of multi¬ 
ple sources is the result of standing electron 
space charge oscillations close to the cathode 
surface. The frequencies of these oscillations 
are believed to be between 10* and 10’ cps." 

621.385.032.212:621.396.822 3582 
Electron-Beam Noisiness and Equivalent 

Thermal Temperature for High-Field Emission 
from a Low-Temperature Cathode—R. W. 
DeGrasse and G. Wade. (Proc. IRE, vol. 44, 
pp. 1048-1049; August, 1956.) Analysis indi¬ 
cates that the noise-equivalent temperature of 
a field-emission cathode at 0°K is directly 
proportional to the strength of the field at the 
cathode, E, and inversely proportional to the 
square root of the work function 0. For a 
tungsten cathode with 0 = 4.5 eV and 
E = 3.5X10* V/m the equivalent temperature 
is 2640°K. A small change in either E or 0 
has a very large effect on the emission. 

621.385.032.216 3583 
Electrolytic Transport Phenomena in the 

Oxide Cathode—R. H. Plumlee. (RCA Rev., 
vol. 17, pp. 190-230; June, 1956.) Experiments 
are described in which chemical changes were 
detected in BaO cathodes following emission of 
electrons. The evaporation of Hj, H2( >, O2, CO, 
and CO2 from the cathode was found to depend 
on field strength, temperature, state of cathode 
activity, lapse of time, and previous duty 
period. Some correlation was also found be¬ 
tween residual gas pressures and cathode ac¬ 
tivity. It is deduced that the cathode coating 
contains impurities incorporated as anions in 
labile equilibrium with their molecular dis¬ 
sociation fragments present in the vacuum at 
low partial pressures. 

621.385.032.216 3584 
Emission and Conduction Measurements 

Oxide Cathodes—A. Kestelyn-Loebenstein. 
(Appl. Sei. Res., vol. B6, pp. 105-116; 1956.) 
An experimental investigation of cathodes with 
Ni base is reported; the observed characteris¬ 
tics are fundamentally different from those for 
W-base cathodes (Le Vide, vol. 9, pp. 148-154; 
July/September, 1954.) The shape of the char¬ 
acteristics is not consistent with a pore-conduc¬ 
tion mechanism, but a second conduction 
mechanism whose onset depends on field 
strength is indicated; this is thought to have 
its seat in the Ni/coating interface. 

621.385.032.216 3585 
Capillary Cathodes produced by Compres¬ 

sion and Sintering—G. Mesnard and R. Uzan. 
(Le Vide, vol. 11, pp. 44-53; March/April, 
1956.) Cathodes with a porous nickel or 
tungsten surface, containing mixed Ba and Sr 
carbonates, are discussed and their perform¬ 
ance is compared with that of cathodes in which 
the alkaline earth carbonates are mixed 
homogeneously with nickel or tungsten powder. 
See also 1842 of 1955 (Uzan and Mesnard). 

621.385.032.216:537.311.33 3586 
The Electron Donor Centers in the Oxide 

Cathode— R. H. Plumlee. (RCA Rev., vol. 17, 
pp. 231 -274; June, 1956.) The chemistry of 
the oxide cathode, and of electronically active 
solids in general, is considered in terms of the 
electronic chemical potential, which is deter¬ 
mined by the Fermi level of the material. A par¬ 
ticular impurity group is identified as the im¬ 
portant donor-centre type. For a brief note on 
this work, see J. Appl. Phys., vol. 27, pp. 659-
660; June, 1956. 

621.385.15 + 621.383.27] : 621.396.822 3587 
Flicker Noise in Secondary-Emission Tubes 

and Multiplier Phototubes—R. C. Schwantes, 
H. J. Hannam, and A. van der Ziel. (J. Appl. 
Phys., vol. 27, pp. 573-577; June, 1956.) Noise 
measurements on Type-EFP60 secondary¬ 
emission tubes and Type-5819 photomulti¬ 
pliers are reported; the existence of a flicker¬ 
noise component varying as 1// at frequencies 
up to 10* cps was established for the tubes but 
not for the photomultipliers. The results are 
discussed in terms of fluctuations of the work 
function of the emitting surfaces. 

621.385.33.026.446 3588 
Technology of the 120-kw Transmitting 

Triode Type-RS 526—E. Uredat. (Telefunken 
Zig., vol. 29, pp. 47-54; March, 1956. English 
summary, p. 65.) The construction of this 
water-cooled triode is described and compared 
with that of the 80-kw air-cooled triode Type-
RS 726 and the 120-kw triode Type-RS 826 
cooled by evaporation of water. The character¬ 
istics of the three triodes are tabulated. 

621.385.5 3589 
Current Partition in Electron Valves with 

More than One Positive Electrode, for Low 
Current Densities— H. Göllnitz. (Hochfre¬ 
quenzlech. u. Eleklroakusl., vol. 64, pp. 95-102; 
January, 1956.) Current partition in pentodes 
is examined by calculating the electron 
trajectory for the limiting case dividing elec¬ 
trons passing through the suppressor grid from 
those reflected by it, for an arbitrary angle of 
incidence of the electrons. The calculation is 
facilitated by considering only paths through 
the saddle points of the suppressor-grid field. 

621.385.5:621.396.621.54 3590 
The Presentation and Application of the 

Characteristics of the Pentagrid Converter 
Valve—H. R. Wilshire. (Proc. IRE, Aust., 
vol. 17, pp. 113-122; April, 1956.) “The con¬ 
version transconductance (gj of pentagrid 
converter tubes (1R5 and 6BE6) is a function 
of the signal grid bias, direct screen voltage, 
screen grid oscillator voltage, oscillator grid 
current and, in some circuits, the oscillator 
voltage at the cathode. This paper discusses 
the measurement and display of the variation 
of gc with these five parameters with the object 
of obtaining optimum performance in the 
converter stage of radio receivers. ” 

621.385.832 3591 
Theory of Deflection—A. M. Strashkevich 

(Radio-leckhnika, Moscow, vol. 11, pp. 64-69-
February, 1956.) The general properties 01 
axially antisymmetric fields which can be used 
in the deflectron [3290 of 1952 (Schlesinger)J arc-
considered. The condition is derived for equal 
sensitivity of deflection of an electron beam in 
two mutually perpendicular directions and an 
example of a system satisfying this condition 
is given. 

621.385.832:535.376.07 3592 
Variations of the Properties of Luminescent 

Screens under Electron Bombardment in 
Cathode-Ray Tubes—K. H. J. Rottgardt and 
W. Berthold. (Z. Naturf., vol. 10a, pp. 736-
740; September/October, 1955.) The lumi¬ 
nescence decay curves and the dependence 
of luminescence intensity on anode voltage are 
compared for Al-coated ZnS:Ag screens 1) 
before and 2) after bombardment by 16-kv 
electrons. The results indicate that the ob¬ 
served reduction of luminescence is associated 
with disturbance of the crystal lattice. See also 
2485 of 1955. 

621.385.832:621.397.621.2:535.623 3593 
Kinescope Electron Guns for producing 

Noncircular Spots—R. C. Knechtli and W. R. 
Beam. (RCA Rev., vol. 17, pp. 275-296; June, 
1956.) Designs are described in which either the 
electron crossover or an interposed aperture is 
shaped so as to produce a spot of desired non¬ 
circular form. One example is a line-crossover 
gun suitable for the parallel-line-screen color 
kinescope discussed by Bond el al. (848 of 1952). 

621.387:621.318.57(083.74) 3594 
IRE Standards on Electron Tubes; TR and 

ATR Tube Definitions, 1956—(Proc. IRE, vol. 
44, pp. 1037-1039; August, 1956.) Standard 56 
IRE 7. S3. 

MISCELLANEOUS 
061.4:621.37/.39 3595 

Radio Show Review—(Wireless World, vol. 
62, pp. 468-480; October, 1956.) Report of de¬ 
sign trends observed at the 1956 National 
Radio Exhibition. Greater standardization of 
television receivers is noted; transistors arc 
used in portable broadcast receivers and sound¬ 
reproducing equipment. Band-Ill and dual¬ 
band antennas were featureri. Transistors with 
cutoff fiequencies up to 10 me were shown. For 
another account see Wireless Engrg., vol. 33, 
pp. 229 234; October, 1956. 

061.6:621.396 3596 
Physics at the Radar Research Establish¬ 

ment, Malvern R. A. Smith. (Proc. Roy. Soc. 
A, vol. 235, pp. 1-10; April 10, 1956.) An ac¬ 
count of the organization and research program. 

621.3:378.9 3597 
B.B.C. Engineering Training Centre— 

(Engineer, Lond., vol. 201, pp. 609-610; June, 
1956.) A brief description of the organization, 
equipment, and curriculum of the Centre at 
Wood Norton Hall. 

621.3.002.2:551.58 3598 
Consideration of Climatic Influences in the 

Development and Construction of Electronic 
Equipment—E. Ganz and K. Michel. (Bull. 
Schweiz. Eleklrotech. Ver., vol. 47, pp. 441-458; 
May 12, 1956. In French.) Factors discussed 
include temperature, pressure, humidity, icing, 
air pollution and ultraviolet radiation; both 
large-scale geographic and local environmental 
variations are considered. No simple tropicali-
zation process is universally satisfactory; the 
particular conditions must be studied in each 
case. Climatological knowledge should be more 
systematically disseminated. 




