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McPROUD HIGH FIDELITY
OMNIBOOK

Prepared and edited by C. G.
McProud, publisher of Audio and
noted authority and pioneer in
the field of high fidelity. Contains
a wealth of ideas, how to’s, what
to’s and when to’s, written so
plainly that both engineer and
layman can appreciate its valu-
able context. Covers planning,
problems with decoration, cabi-
nets and building hi-fi furniture.
A perfect guide. $2.50 Postpaid.

HANDBOOK OF SOUND
REPRODUCTION

by Edgar M. Villchur

This Instruction Course in prac-
tical Sound Reproduction is based
on a tested series of University
Lectures by Mr. Villchur. The
material is so efficiently organ-
ized it can be understood by the
layman...particularly the high
fidelity enthusiast.

Organized like a home-training-
course in high fidelity sound re-
production techniques, this book
will prove invaluable to the en-
gineer, student, hi-fi enthusiast,
and professional technician. Over
200 pages, 18 sections fully illus-
trated with charts and diagrams.
AUDIO LIBRARY No. 3—%$6.50

TAPE RECORDERS AND
TAPE RECORDING
by Harold D. Weiler

A complete library of vital tape
recorder information in one vol-
ume! Virtually a home-training
course in magnetic recording.
Covers everything from the basic
theory of magnetic tape recording
to microphone techniques and
professional handling of recorded
tapes. Here is a book that provides
the “trade secrets” for successful
recording for the hobbyist, the
professional man who requires
tape recording in his work, and
the recording engineer. A com-
plete manual for anyone who uses
a magnetic tape recorder. 13 sec-
tions of important and valuable
information.

AUDIO LIBRARY No. 1

Standard Edition—$2.95

ELECTRONIC MUSICAL
INSTRUMENTS

By Richard H. Dorf

In one big volume, you can now
learn all about the intricacies of
commercial electronic organs,
including the Allen, Baldwin,
Connsonata, Hammond, Min-
shall-Estey, Lowrey Organo, and
others, together with many smaller
instruments. Constructional de-
tails on the author’s Electronor-
gan and the simpler Thyratone
show you how to build one of
these fascinating instruments for
yourself. A compilation in book
form of the author’s articles in
Radio Electronics, brought up to
date and with many additions.
Price $7.50
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Foreword

For over eleven years Aubio magazine and
its predecessor, Aupio ENGINEERING, have
been considered the authority on all things
pertaining to high fidelity — amplifiers, pre-
amps, phono systems, tape recording and
playback amplifiers, loudspeaker systems
and enclosures, and so on — and many of the
ideas and innovations first presented to
readers in the pages of the magazine have
become so well accepted by the serious audio
experimenter to the extent that they have
been incorporated in commercially built
equipment. For example, to name a few, the
“Standard” speaker system — originally pre-
sented in 1949, has been the pattern for
dozens of factory-built models using the ra-
diation from both sides of the cone in a room-
corner housing; the loudness control — now
de rigueur in all good amplifiers — first ap-
peared in Z in 1948; the Baxendall tone
control was popularized in this country by
several articles about it in the magazine, and
now all the components are available to
manufacturers in printed-circuit form for
economical construction of the finished
product.

The large majority of Aupio’s readers are
hi-fi enthusiasts. Many of them wait from
month to month for something new to con-
struct — some apparently build every ampli-
fier or preamp described. The three previous
Audio Anthologies have each brought in a
single volume most of the basic hi-fi material
for the preceding 30-month period, and this
Fourth Audio Anthology carries on this
tradition.

The continued interest of our readers
makes it possible — even pleasant — to strive
to bring them the latest and most reliable
of hi-fi information. And their continued
clamor for this additional compilation of hi-fi
articles has been our inspiration in its prep-
aration. To all of these readers we respect-
fully dedicate this Fourth Audio Anthology.

C. G. McPROUD, Editor
Aupio

Mineola, N. Y.
August, 1958



How to Plan Your Hi-Fi System

C. R. TIEMAN

The author offers a method for making comparative listening tests in order to evaluate perform-
ance of audio equipment on a quantitative basis as a logical means for choosing components.

HEN ONE'S INTERESTS turn toward

the acquisition of a high fidelity

audio system, he is introduced to
a comparatively new world of elusive
values, and he most likely will find that
to lay a sound plan for either construet-
ing or zssembling his system is a very
interesting but involved task.

Aside from the barrage of claims and
counter-claims of the equipment mann-
facturers, advice from all quarters is
likely to appear to be in serious conflict.
The heginner may be unable to plan ef-
fectively hecause the values of which so
many speak glibly are subjective in na.
ture and depend upon personal tastes
and interests. Naturally, these different
interests as expressed by different ad-
visors can be mutually conflicting, and
he has not been able to establish his own
standards or recognize his own particu-
lar needs. The measures of system ef-
fectiveness are related to personal tastes.

The purpose of a plan is to provide
the system which most nearly satisfies
the listener’s interests at a minimum cost.
We all have heard of the fellow who,
after spending much time, effort, and
money to acquire a suitable system some-
how fails to be satisfied; and after a
while, has actually acquired enough
equipment to assemble several systems.
If your aim is not to “tinker,” then some
time spent in planning a system will pay
off handsomely in the long run.

Regardless, whether we wish to design
circuits or assemble a system from com-
pleted eomponents, we first must estah-
lish some planning ohjectives or goals
toward which to work. The second step
is to choose individual eomponents which
will satisfy these objectives at a mini-
mum of cost. The first and most impor-
tant step is to set one’s sights: if you
aim too high, the budget suffers direetly;
and if you aim too low, the results will
ultimately be uunsatisfactory. Within the
confines of the space here, we will spend
most attention on the first step in plan-
ning, that of getting the objectives or
goals outlined to satisfy personal tastes.

High fidelity means different things to
different people, and a “good” system
for one person may be a “bad” system
for another. We may all have seen at
least three kinds of enthusiasts which
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could be grouped about as follows: the
“sound engineer,” the “music eritic,”
and the “interested listener.” The “sound
engineer” is the fellow who, above all,
needs a variety of gadgets so that he can
exercise complete control over the signal
and compensate for any situation. In ad-
dition, he may require a multiplicity of
inputs to his amplifier to give him flexi
bility in changing from tuners to miero-
phones, or to any one of several record-
ers. He enjoys the thrill of being able
to shape or modify the musical output
to taste. Individuals in this category tend
to emphasize the importance of the am-
plifier, preamplifier, and the auxiliary
circuits; but so far as listening is con
cerned, frequently their needs are satis-
fied with an 8-inch speaker of moderate
quality.

The sccond fellow is the perfeectionist
who demands the ultimate in perform-
ance and scrutinizes each individual unit
to make sure that it is the best available
within the state of the art. These people
emphasize the importance of hearing
every last note and overtone the music
offers. The are impatient with the slight-
est noticeable distortion, and ask for ac-
curate compensation for both the record-
ing and the ear; somc are concerned
with the effeets of the temperature and
humidity of the room in which the musie
is played. Occasionally a few perfec-
tionists tend to join a cult of “fanatics”
who demand improvements beyond what
the ear is able to hear. Another subelass
of the “musie eritie” is the person who

feels that the symphony concert wmust he
duplicated in the home in hoth tounal
range and volume. He requires the 30- to
§0-watt system, while the average single
speaker home system will be well served
with a 10- to 20-watt system.

The “interested listener” is the one
who aspires to have a musical system of
2 quality that is muech better than is
afforded by the average commercial radio
and TV equipment, hut he horrows from
the “sound engineer” and the “musie
critic” for what they can contribute to
his listening pleasure. He wishes to use
his system to satisfy his personal needs
whieh may range from a dance party or
hackground musie, to occasional serions
attention to musical masterpieces.

Importance of Individual Taste

Because high fidelity means different
things to different people, the first thing
that a hi-fi sales agent will want to dis-
cover when you visit his shop, is what
your individual tastes are, and what you
expect to do with the proposed system.
Naturally, he will get to the point re-
curding the size of your proposed
bndget, for he can cite systems that can
be assembled for less than $100, as well
as those which will cost over $1,000.

To the salesman, one may quite inno-
eently state that he would just like to
have a simple system that accurately re-
produces what the microphone picked up
in the first place. To this remark, an ex-
perienced hi-fi “expert” may present a



disquisition on why this is very difficult,
if not impossible. In addition, one expert
proclaimed that some persons do not
want to hear music as it originally
sounded, hut they prefer the modifica-
tions that are afforded by the electronic
system. The guiding prineiple, they say,
is: “let your ear be the judge,” and if
you get the impression that the original
orchestra is present as the recording is
played, then the system is “good”—this
is the feeling of “presence.” Some ex-
perts further assert that aeccurate quan-
titative analysis of sound reproduection
for the listener is futile, because the list-
ening pleasure derived from the sound
system is largely subjective, and is
purely a matter of personal taste.

Standard practice for evaluating sys-
tem performance is to make a series of
listening tests to aseertain the differences
in the ways in whieh the same recording
can sound from different systems. If the
local hi-fi shop does not have some ar-
rangement whereby different systems
may be compared, then the beginner
would be faced with some rather diffi-
eult choices, for it is virtually impos-
sible in the final analysis to evaluate
listening performance from advertising
literature.

After a few listening tests, one ean
readily appreciate the advantages as
well as the limitations of the subjeetive
method of measuring listening pleasure
or system performance. Qualities seem
to be present in some systemns that are
not adequately described by the specifi-
eations. I found it virtually impossible
at the outset to make any judgments on
the basis of a few isolated demonstra-
tions and without some coaching regard-
ing what features were good or bad. The
untrained ear can overlook a variety of
desirable as well as undesirable features
in a systemn. Without some experience,
one can readily become confused when
evaluating system performanee by play-
ing recorded music because one is ex-
posed to a myriad of sounds in rapid
suecession that cover a wide range of
frequencies and volumes, and a wide
range of waveforins. Certainly, peculi-
arities or idiosynchrasies of the speaker,
enclosure, amplifier, or turntable could
be missed by the beginner; and poor per-
formance could be judged as adequate.
Experience and some instruction are, in-
deed, needed.

Because we rely on the ear to such a
great extent, we must consider the ear as
much a part of the entire system as the
amplifier or the speaker. It is the ear
that is either sensitive or insensitive to
certain tones, or levels of volume. There
is no point in paying attention to sounds
that only the dog or the canary can hear,
or that can be deteeted on an oscillo-
scope. The hi-fi equipment transforms
the signals derived from a tuner or a
recording into acoustic waves which ex-
cite the listener’s ear. Henee, the first

step in understanding one’s needs and
planning objectives is to learn some-
thing about what the ear actually hears.

The hearing characteristie of the aver-
age listener is shown in Fig. 1. These
curves are called the Fletcher-Munson
curves of equal loudness, and they illus-
trate how the ear—the physical termina-
tion of the hi-fi system—aets for various
sound levels and various frequencies.
Note particularly that as the loudness
level of sound is deereased, the sensi-
tivity of the ear at low frequencies
changes with respeet to the mid-fre-
queney range: a sound at 0 db at 1000
eps is just as loud to the ear as a sound
at 30 c¢ps having an intensity 60 db
greater. This is a faetor of 1,000,000 in
terms of acoustic power. However, the
same two frequencies at the 100 db level
both have the same loudness insofar as
as the ear is concerned.

This characteristic of hearing plays a
very important part in the hi-fi system,
for it means that at a reduced level of
sound a given musieal selection will ap-
pear to lose its low tomes; conversely,
boosting the volume will inerease the ap-
parent intensity of the lower tones.

For high fidelity reproduetion we wish
to maintain a balance between the highs
and lows so that the sound resembles the
original produetion to get the feeling of
“presence.” But the original, such as a
symphony orchestra, may in the concert
hall be at a level of 80 to 90 db. In the
home, the level is normally reduced to a
range from 60 to 70 db; hence, the home
system must accentuate the lows by a
substantial amount—almost 20 db for a
35-cps note—to compensate for the ear’s
characteristies.

Accentuating this loss of low, tones
with reduced volume is the reduetion in
performanee of many components at low
frequencies, and the difficulty of radi-
ating such waves from speakers and their
enclosures. Some speakers, for instance,
may have a characteristic drop in power
radiated below 100 eps, so that by the
time the signal gets to 35 cps the radi-
ated power is off by 10 to 20 db.

The rule “let your ear by the judge”
is a fundamental one, hut one that shouli
he exercised with considerahle ecaution
and understanding of the way the ear
reacts.

The basic need for control over the
level of volume, and the amplifieation of
the low frequencies in relation to the
highs is certainly established experimen-
tally if you econduet several listening
tests. Adequate control over “selective”
amplifieation is ordinarily provided by
the “bass” and “treble” controls of the
preamplifier or the first few stages of
amplifieation.

Value of Listening Tests

The principal value of a series of list-
ening tests lies in simultaneous compari-

son of different systems against each
other. The facilities of several hi-fi shops
are such as to allow one to synthesize a
wide variety of systems simply by throw-
ing a few switches. With such a faeility.
one may listen to systems ranging from
the least to the most expensive.

For the purpose of planning, we
recommend that one should approach the
first series of listening tests in such a
way as to establish his own preferences
rather than attempt to make a selection
of equipment. This author believes that
component selection should be deferred
until one has firmly in mind the stand-
ards of performance he feels are worth
the cost in time and money. Only when
one has an idea of the performance he
seeks can he assemble a system in which
the components make their full contri-
bution and are still held to the minimum
eost.

As a practical matter one is usually
well acquainted with what might be
cilled the “lower level” of performance
because of familiarity with TV and
radio. Based on this starting point, the
tests described here were initiated to de-
termine the best system performance
available, and how various high fidelity
systems eompared with the best. Wide
ranges of price and performance were
found, and technique was sought to
place them in a suitable line of succes-
sion for comparison. Asseinbled ampli-
fiers ranging from $100 to $150 gave
very high quality performance; speakers
and their enclosures ranged fromn less
than $40 to over: $700, and the tonal
range and generally pleasing quality of
the sound varied widely. Turntables, on
the other hand were almost universally
of one make and model in the places
visited, so there was no particular choice
avilable in this item.

The techniques used to determine per-
sonal preferenee eommensurate with the
pocketbook was to make use of the sev-
eral amplifiers recommended as best by
the salesman, and then suhstitute speak-
ers and cnclosures to make up successive
systems, because the speakers displayed
the widest range of price and perform-
ance. We are, in effect, attempting to
match the hi-fi equipment to the ear at
best we can within budget restrietions.

Stressing the need for listening tests,
and the inability of technieal specifica-
tions to convey a measure of listening
performance, one consultant asserted,
“Now, m these multiple speaker units
you will notice more depth of tone, a
quality which we cannot adequately de-
seribe by our instruments, but which is,
nevertheless present. That depth is a
psychologieal effeet eaused probably by
the sound eoming from an area rather
than from a point souree.”

Although not always the case, it is
usually true that the systems with higher
price tags gave a higher level of per-



formance. How much quality is gained
by an additional outlay of money is im-
portant for the planner to have in mind
before becoming obsessed with any one
particular system, or with the struggle
to achieve the ultimate.

After reviewing several synthetic sys-
tems, one begins to realize that high-
quality audio reproduction ecan be
achieved. In fact, some of the more ad-
vanced systems will give a performance
that is virtually indistinguishable from
the original. The second signifieant point
is that the cost of a high-quality system
is likely to be a little more than had
originally been estimated. The choice of
components that will lie ahead will be
rather delicate because the mistakes can
be costly.

Although the actual measures of per-
formance of a hi-fi system are subjec-
tive, the person who has gained a lim-
ited amount of listening skill should be
in a position to make comparative tests
and to place his subjective reactions on
a quantitative basis. If such erude meas-
ures ean be made, then one can rate dif-
ferent systems. With these ratings to-
gether with the cost data, one can then
construct the “cost-effectiveness” curve
which ean be an invaluable aid to system
planning. In the beginning we recom-
mend that the rater confine his attention
to the general impression of “listening
pleasure” or “presence” and take up
more detailed refinements at a later time.
Initial tests of this kind are sufficient
to convice some “interested listeners”
that the systems of moderate quality are
adequate for the purpose, but others will
lay aside all thoughts of intermediate
steps and plan for the highest standards
of performance that are possible.

PERFORMANCE RATING
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Fig. 2. Curve of cost vs. performance as

constructed from the data in Table |,

covering the test of the least costly
systems.

Typical Test Results

The results of two tests are tabulated
in Tables I and II, and are plotted in

TABLE |

COMPARISON OF SPEAKERS AND AMPLIFIERS — TEST No. 1

ENCLOSURE AND SPEAKER  TOTAL PERF ORMANCE RATINGS

Type Cost Spkr No. Cow COs? L.F.  M.F. H.F.Overdl
A 18.00 i 41,60 59.60 é 8 8 4
A 18.00 2 45.00 63.00 é 8 8 7.5
A 18.00 3 54,50 72.50 5 8 8 7
A 18.00 4 76.50 94.50 é 8 8 7.2
A 18.00 5 57.60 75.50 é 8 8 7.2
A 18.00 L 54.00 72.00 L 8 8 7
A 18.00 7 40.00 58.00 5 8 7 6.5
A 18.00 8 20.50 38.%0 5 8 7 45
A 18.00 9 27.00 45.00 5 8 7 45
A 18.00 10 25.00 43.00 5 8 7 45
A 18,00 1 79.50 97.50 6 8 8 7
A 18.00 12 114,00 132.00 7 9 9 8
K 50.00 13 74.50 124.50 8 9 8 8.8

Williomson-type omplifier ($190.00), record chonger (368.00), ond
mognetic pickup not chonged during test

Speckers tested Included single-cone extended-ronge models, ond
two- and three-way integral models.

Encloture types: A is bass reflex in kit form, unfinithed plywood
K is Korlson-type, In kit form.

graphical for in Figs. 2 and 3. These
curves show a distribution of points up
and down the scale of performance or
effectiveness, plotted against the costs of
the respective speakers and enclosures.
The performance generally rises with
cost. The total system costs could be de-

TABLE 1
COMPARISON OF SPEAKERS AND ENCLOSURES — TEST No. 2

PERFORMANCE RATINGS
M.F. H.F, Overall

TOTAL
COST (R

ENCLOSURE AND SPEAKER
Type (Finished Unit)

(o) With amplifier and preamp ot $190.00. Speckers Include two- and
three-way types
BACK-LOADED HORN 244.50 7 ¢ 9 8.5

BACK-LOADED HORN 276.00 7 9 9 8.5

CORNER HORN 300.00 10 9 9 9.3
CORNER HORN 720.00 10 10 10 10
INFINITE BAFFLE (Dual Spkrs)  100.00 8 4 ¥ 8.3

INFINITE BAFFLE (Two-way) 126.00 : | 8 9 7

(b) With amplifier ond preomp ot $203.00,
INFINITE BAFFLE (5 Spkn) 256.00 7 9 10 8

INFINITE BAFFLE (9 Spkri} 450.00 9 10 (] 9.5

Same changer (368.00) ond magnetic pickup used throughout.

rived by adding the amplifier and
changer costs in each case. The most ex-
pensive system was $978, while the least
costly was $296, but the lower figure
could have been reduced by using less
expensive amplifiers without affeeting
acoustical performance.

The distribution of points shown is
peculiar to only one rater. If some other
rater was to evaluate the same systems,
he would probably place the points in
different positions, but he would most
likely get eurves of about the same shape
after averaging the points. In conferring
with other listeners, however, the most
expensive system was consistently rated
as the top in quality. This unit was arbi-
trarily scored as 10, thereby establishing
a standard at the top of the scale. At
the lower level, the table model radio
and 4 radio phonograph were scored at
about 3 and 3.5 respectively, but these
scores are not shown in the data or
curves. These 1atter ratings set a lower
limit or standard of “low-cost” perform-

ance. The region of high-fidelity begins
with an over-all rating of about 6. The
over-all rating was derived from three
separate components, one to evaluate
low-frequeney response and freedom
from distortion, one for medium fre-
quencies, and the third for the highs.

The two curves show the extremes
available for home listening. The com-
binations between these extremes are
many, and the measures that can be
taken to reduce the costs of the systems
of highest quality are not exhausted in
these two initial tests. For instance, one
would like to see whether a system could
be assembled having a performance be-
tween 9 and 10, but at a substantially
lower cost than those listed in the tables.
By using the “do-it-yourself” kits for the
more complex systems, if they are avail-
able, such costs can be reduced; but one
may he forced to forego the styling and
fine finish of the speaker enclosure and
the auxiliary cabinets. Cost reduction by
a factor of two is a reasonable expecta-
tion.

At this point, one may have enough
information to stir his enthusiasm, but
not enough to be sure of his precise needs
so that the system ean be laid out. There
is still another step the beginner may
take before making any major decisions.
This step is not essential for one who
has made up his mind but is recom-
mended for those who wish to develop
better judgment. This step is to con-
struet an “interim system” which will
permit the experimenter to observe over
a period of time the factors of impor-
tance to him which affect the perform-
ance of the system. With a judicious
choice of components, one could apply
any items purchased for the secondary
system to the more advanced one. This
experimental approach has the advan-
tage of allowing one to study his re-

(Continued on page 14)
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Fig. 3. Curve of cost vs. performance con-
structed from the data in Table Il, cover-
ing the test of the most costly systems.
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System Simplicity in Audio

R. G. CHAPLICK

The trend toward duplication—or even triplication—of controls in a
high fidelity system is looked upon by this author as unnecessary, use-
less, and inconvenient. Furthermore, he tells you what to do about it.

HE MAJOR AIM of this article is to
Tadvocate “system simplicity” and to

show that it can be employed to im-
prove an audio system. Components re-
cently featured in audio magazines show
a trend towards increasing complexity.
Although these gadgets are impressive
looking, they require great skill to man-
ipulate the myriads of knobs, My opin-
ion is that many systems have overgrown
and that the average audio enthusiast
can achieve superior results by system
simplification. Before system simplieity
can be discussed intelligently, the object
of an audio system should be known.
My definition of a good musie system is
one that reproduces sound realistically—
neither adding nor taking away, “Hold-
ing, as it were, a mirror up to nature.”
There must be no overemphasis of high or
low frequencies. Concert-hall realism is
not achieved by shaking windows with
low frequencies or by hurting ears with
high frequencies. I must add to the dis-
cussion of a good sound reproducing sys-
tem, the plea that the listener attend as
many live concerts as possible. Reproduc-
tion of sound may be pleasing but can
never be more “real” than the actual per-
formance. Moreover, the listener should
have more opportunities to “keep his ear
calibrated” by comparing the output of
his system with “the real thing.”

The current trend in the purchase of
audio equipment is the selection of in-
dividual components by the audiofan
who then assembles them into a system.

FM TUNER
ON/OFF TUNING

| (T S S T Cai o S s 1
i {
DISC PASSIVE DISC FIXED FIXED HEARING !
FIX
REPRODUCER ‘ EQUALIZER of | [PRELIMINARY] [pixe AN 1 conto g bowes
0 s [ AMRLELER | 1= = g ] COMPENSATION [T AMPLIFIER
ON/OFF I CHARACTERISTICS :

__________ e
ONE ON/OFF SWITCH — — — ==

FOR ALL EQUIPMENT | o :
TAPE |

REPRODUCER- t | crossover | |

RECORDER : NETWORK | |

|

I MIKE GAIN LINE GAIN | | |

ON/OFF ! |

| |Louoseeaxer | |

| SYSTEM |

Fig. 2. Block diagram of ideal arrangement for an audio system.

Figure 1 is a block diagram of a system
produced in this manner. This proced-
ure has many disadvantages. First, there
is no assurance that the components are
electrically compatible. Seeond, there are
too many controls which nullify or dupli-
cate each other, Third, there are just too
many controls. My conclusion after four
years of buying or building eomponents
is that he who wishes to assemble a
good system should obtain the guidanee
of a professional electro-acoustic engi-
neer, one who can criticize objectively,
who ean test a system thoroughly, and
who is not interested in selling any par-
ticular brand of equipment. The latter

POWER AMPLIFIER

BIAS ADJUST ¢’ _______ =T
| INpUT BALANCE & | Logszzzxik
outpuTsALANCE &

ON/OFF

O 6, 6,6, 6,6, .6, 6

DISC REPRODUCER L ) PREAMELIFIER
ON/OFF RUMSBLE FILTER
LOUDNESS CONTROL,
TURNOVER
FM TUNER ) ROLLOFF
ON/OFF__TUNING SELECTOR
BASS
TREBLE
e | volume
REPRODUCER- LEVEL CONTROLS
RECORDER [*— ON/OFF
i_ MIKE GAIN LINE GAIN
[ ON/OFF

Fig. 1. Block diagram of system before simplification.

requirement is the most important. Then,
a new system can be engineered to meet
any needed specification, or an existing
system can be simplified and improved.
In either case the eonsultant will be able
to prevent many errors and to provide
system engineering.

The ideal simplified system should be
defined before I tell how my own system
was simplified and improved. The general
objective is to reproduce sound realisti-
cally at any level. The frequency response
will cover the audible range, the power
output will be adequate for the needs
of the listening room, and the distortion
will be inaudible. Controls and adjust-
ments will be kept to a minimum, and
where equalization is needed, fixed pas-
sive networks will be employed. From
these generalities a block diagram (Fig.
2) of the ideal system can be made.

With the advice of the consultant, I
devised the audio system deseribed in the
following paragraphs. Component eir-
cuit diagrams are omitted since conven-
tional circuits are used. The number of
controls was reduced to a minimum,
Broadeast control room techniques were
employed, and each unit was equipped
with its own power supply and fuse.
Individual parts of a unit were oriented
for minimum hum. Standard telephonic
techniques were employed in designing
the wiring of the units. Source outpnt



voltages were set at fixed valves to meet
input requirements of the Control Unit.
The stepped Hearing Contour Compen-
sator reduces the level by an amount
shown on the compensator setting. The
single gain control is therefore usable
over its entire rotation, not just the first
ten or twenty degrees.

An audio system is divided into three
parts: sources, sinks, and controls. In
turn, each of the three parts has sub-
divisions whose specifications and meth-
od of simplification now can be discussed
individually.

Sources

Disce Reproducer. Disc reproduction is
designated exclusively for 333 rpm LP
dises in manual operation. Since all of
of the program material which interests
me is available on LP discs, only a single
turntable speed is needed. I frequently
wonder why turntable manufacturers do
not produce a good single speed, 33Vs-
rpm turntable. Elimination of the un-
wanted speeds, pulleys, and idlers is a
form of simplification. A good quality
magnetic cartridge completes the disc
reproducer.

FM-tuner. The tuner has af.c. and a
tuning indieator. Only two controls are
necessary—the on-off switch and the tun-
ing control. The output voltage was set
at an average peak level of 0.5 v. rms.
Equalized high-quality headphones can
be plugged in for night listening.

Tape Reproducer-Recorder. This unit
has NARTB equalization. Two gain con-
trols are used in the “record” mode of
operation: One in the “microphone”
channel, one in the “line” channel. A
VU meter is used. There is no gain con-
trol in “playback.” Provision for both
tape and input monitoring by headphone
or loudspeaker is made. An Ampex 600
meets these requirements.

Sinks

Power Amplifier. The frequency re-
sponse of the basic amplifier is flat
within +1 db from 20 to 20,000 eps.
When the adult human ear is shown to
hear beyond 20,000 cps, then I'll start
worrying about extending the frequency
response. Fixed compensation for loud-
speaker characteristics have been added.
The amplifier is designed to furnish one-
half the 25-watt maximum power at 0.6
v. rms input, allowing three decibels of
reserve power for possible overswing.
The internal genmerator impedance has
been adjusted by test for optinum damp-
ing of the associated loudspeaker system.
A pulse from an RC circuit was used in
this test, and the amount of inverse feed-
back was varied until best damping was
secured.

Loudspeaker System. A warble oscil-
lator and a calibrated microphone were
used to set the proper balance between

high- and low-frequency loudspeakers
and to set the equalization for loud-
speaker and room acoustics. This equali-
zation is permanent since room acoustics
change very little from day to day.

Controls

A commercial preamplifier was re-
worked into a “Control Unit.”” Two of
the sources listed above were mixed by
means of a resistive network into the
preliminary amplifier at the proper
levels according to the output voltage
of each. Because each source has its
own power supply, its output signal ean
be removed by simply cutting off the
power. Thus the selector switeh could be
eliminated. However, a switch was pro-
vided for tape playback to eliminate a
feedback ‘loop during recording. Tape
recording may be monitored by head.
phones or by loudspeaker.

Preliminary amplifiers with separate
high- and low-frequency controls for
dise equalization have a common fauit.
Although the low-frequeney control is
intended to effect only the low frequen-
cies it also effects the highs, and vice
versa in the case of the high-frequency
control. Therefore, unless accurate eali-
bration has been made of all possible
combinations of those controls, front
panel markings are far from accurate.
Dise equalization has been simplified to
a one-knob control. Five equalization
curves hased on published curves of rep-
resentative dise manufacturers are suffi-
cient for all dises (old records being
taboo). Cireuits were designed to switeh
resistors rather than eapacitors to mini-
mize the effect of switehing transients.
The RC values were calculated and then
corrected by frequency measurements to
yield the proper equalization. The “Rum-
ble Filter” was removed entirely since a
transeription turntable is used and un-
reasonable_“bass boost” is avoided.

The matn feature of the control unit
is the replacement of conventional “bass”
and “treble” controls by a “Hearing-Con-
tour Compensator.” The Hearing-Con-
tour Compensator improves the realism
of high-quality sound reproduction by
compensating for the difference in level
between the musie produced in the con-
cert hall and that reproduced at a neces-
sarily lower level in the living room. It
compensates for the variations in human
hearing sensitivity to sounds of different
loudness. The variations in hearing have
been measured and have been found quite
uniform for persons of normal hearing.
They are shown in the Fletecher-Munson
Curves of equal loudness. The principle
of the Hearing-Contour Compensator
operation is based on a study of the
differences between Fletcher-Munson
Curves, rather than on contour at any
one acoustic level. Averages have been
selected hased on a series of subjective
tests which ineluded listening alter-

nately to original sounds and then to the
same sounds recorded and reproduced.
Most of this testing was made with the
orchestra of the Metropolitan Opera in
New York and the U. S. Navy Band in
Washington, D. C. The Hearing Contour
Compensator performs in fixed ealibrated
steps of 0, 10, 20, 30 and 40 db. These
figures indicate the difference in db be-
tween original and reproduced program
levels. Appropriate attenuation is de-
signed into the compensator. In case
speech is reproduced, music equalization
is completely wrong, since speech should
be reproduced at about the same level
as it was originally produced. For speech
reproduction a switch is provided which
retains the attenuation but removes the
compensation.

It is important to digress at this point
in order to speak again of the value of
frequent listening to good orchestras
under good concert hall conditions.
Many “hifi” fans will find this an illu.
minating experience; a few may be dis-
couraged and some will staunchly main-
tain that the orchestral sounds are much
inferior to those reproduced by their
“hifi” systems. This will prove the re-
vised adage “be they ever so homely there
are no ears like your own.”

The number of controls in the system
was reduced from twenty-one to ten.

CONTROLS
Before Simplification After Simplification

FM tuning control
Rumble filter

FM tuning control

Turnover Di i
Rolloff isc equalizer
Selector

Volume Gain

Loudness Hearing Contour

Compensation
2 level controls
Bass
Bias adjust
Input balance
Output balance
Line gain
Microphone gain
S on/off switches

Line gain
Microphone gain
4 on/off switches

This simplification of my audio system
has had several broad results. I now have
a positive knowledge of the average
acoustic output of my speaker, whether
at full volume or low, and the balance is
correct for every level. There is no de-
pendence on acoustic memory and no
extreme overemphasis. Reproduced musie
sounds close to that I hear in the concert
hall. The use of the Hearing Contour
Compensator permits the use of the fol-
lowing operating technique. After a
source is selected, a suitable listening-
room loudness level is chosen. The Com-
pensator is adjusted to the necessary
setting (- 10, - 20 phms, ete.) to furnish
this loudness level. The gain control is
then rotated clockwise fully, fading in
the desired sound smoothly with no
acoustic shock to the listeners. °



Adequate Audio Power
in the Home

JAMES MOIR

A discussion of the factors affecting the power required for satisfactory repro-
duction of typical program material and the methods of calculating it.

STIMATES OF THE AUDIO POWER re-
Equired to produce adequate loud-

ness from the domestic loudspeaker
are characterised by a very wide diver-
gence of opinion even among authorities,
figures ranging from 100 milliwatts to
50,000 milliwatts (50 watts) having heen
quoted hy different writers. It is interest-
ing to examine the probhlem and to at-
tempt to produce some reliable data.
As a preliminary it is necessary to clear
our ideas as to what is meant by the
‘audio power’ for it is evident that the
same basic power may be expressed in
several ways. Thus the same amplifier
may be quoted as having an output of
ten or twenty watts both figures being
accurate statements of the performance.

Expressing the Pcwer

In a mains frequency power circuit
the supply voltage and current have the
substantially sinusoidal waveform of
Fig. 1 and without ambhiguity the power
dissipated as heat in a resistance load of
R ohms will be given by (0.707 V):/R
where V is the peak value of the ap-
plied voltage. To eliminate the necessity
of always multiplying the meter indica-
tion by 0.707, commercial meters used
in the heavy engineering field are scaled
to indicate, not the peak value, V, but
the rms (root mean square) value v=
0707 V. Within the usual engineering
tolerances the value of voltage or cur-
rent will be indicated quite accurately
by ordinary commercial meters and the
rcading will be independent of the
physical size of the meter.

The multiplying factor, 0.707 applies
only to a sinusoidal waveform but in the
communications field sine waves are gen-
erally confined to test equipment, speech
and music signals having the much
“sp.kier” waveform indicated by Fig. 2.
There 1s no equivalent numerieal faetor
relating peak and rms vahies that can
be applied to such irregular waveforms
and thus the output of an awmplifier may
be expressed either in terms of its peak
power, V¢/R, or as rms power (0.707
V)2/R the later figure being the power
dissipated as heat in a resistor of R
ohms by a sinusocidal voltage having the
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_T_" Power dissipated
:: as heot
V 2 = (707v)? vains
%
V = PEAK VALUE
v = RMS VALUE
=.707v

Fig. 1. Relation of peak and rms values
of voltage for a sine wave.

same peak voltage as the speech wave.
It should be appreciated that this is not
the rms power in the speech wave but
a figure whieh may he perhaps ten times

higher.
On sinusoidal waveforms the rms
power will only be one half (ie

(0.707)% = 0.5) the peak power and thus
the same amplifier may be rated in either
peak power or rms power, the peak

power figure being twice the rms power
figure. As there is a fixed ratio between
the two ratings there appears to be no
good reason for departing from the prac-
tice of quoting the rms power output the
standard practice in other engineering
fields.

Measuring the Power

There need be no amhiguity in measur-
ing the power output of an audio ampli-
fier for sinusoidal test signals can be em-
ployed and special meters are not re-
quired, though it should be noted that
the power specifieation is meaningless
unless the distortion level is also quoted.

However our present interest is not
in what power an amplitier can deliver
but in what power it does deliver when
used in the home. This is a much more
troublesome problem, for speech and
music waveforms are irregular, and
have a high ratio of peak to rms power
due to the intervals between words or
phrases when no signal is present. Heat-
ing (a function of the rins voltage 0.707
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Fig. 2. Waveforms of typical vowel sounds, (From Fletcher, “Speech and Hearing.”)



TABLE 1

Preterred Maximum Sound Level
db above 1071% watts/cm?

Public
Musicians
( __‘
Men Women
Symphonic Music .. 78 78
Light Music ...... 5 74
Dance Music .. .... 5 73
Speech . ......... 71 7

Programme Engineers
Engineers
—M—
Men Women

88 90 87 88
79 89 84 84
79 89 83 84
74 84 77 80

V) is of little eonsequence in either
amplifiers or loudspeakers and in eon-
sequence it is more reasonable to measure
the peak values of signal voltage and
express the speech power in terms of
its peak value, V?/R.

The measurement of the peak voltage
of such irregular waveforms is by no
means easy. Pointer-type meters of any
kind have movenents of sufficient in-
ertia to prevent them reading peak val-
ues and the indieations may easily be
in error by a factor of ten times. Large
well damped meters of high nominal
accuraey nvariably have heavy moving
systems and are particularly inaccurate
when used to “measure” audio voltages.
Measurements using pointer-type instru-
ments of the programme voltage across,
into a loudspeaker are therefore ecom-
pletely valueless. Three types of instru-
ment are in c¢urrent use for measuring
sound power, the sound-level meter, the
high-speed level recorder and the eath-
vde-ray oscillograph.

The sound-level meter -has the disad-
vantage of a pointer-type meter but
as the mechaniecal eonstants of the meter
are -closely specified the error due to
instrument inertin may be roughly esti-
mated. A tvpical meter may give read-
ings that are helow true peak by 20
db, the error being small when the signal
is steady and rising to 20 db on speech
signals where the gaps between words
and sentences may be comparatively
long.

The high-speed level recorder employs
a tube-operated servo system to drive the
pointer and will generally indicate val-
ues that are 510 db below true peak
readings.

The cathode-ray oscilloscope nas no
significant error due to inertia and can
indicate true peak values on the most
complex waveform, but care must be
taken to operate with sufficient bright-
ness to show up the faint high-speed
traces charaeteristic of peaks of short
duration.

Failure to indicate whether peak or
rms power is bheing quoted and the use
of unsuitable power measuring equip-
ment undoubtedly accounts for differ-
ences of from 10 to 100 times in the
amount of power thought to be necessary
for domestie reproduction. This is a
large error but even greater discrepan-
cies can occur if the maximum loudness
is not carefully specified.

What Constitutes Adequate Loudness

Difference of opinion as to what eon-
stitutes “‘adequate loudness” is responsi-
ble for considerable digerepancies he-
tween writers’ estimates and the im-
portance of clearing the air will be fairly
ohvious when it is realised that a differ-
ence of 10 db in specifying the maximum
loudness level thought to be desirable
will result in a change in the required
amplifier output power of ten times.
Published figures seem to indicate that
the differences of opinion embrace a
power range of something nearer 40 db
(a power difference of 10,000 to 1) so
it is ahsolutely neeessary to have our
thoughts clear on this point.

At first sight it appears reasonable to
approach the prohwmn by reviewing the
volume ranges encountered in original
speech and music on the assumption
that “a perfect reproduction” will re-
quire the same volume range. The most
difficult case, an original performance
by a large symphony orchestra may in-
volve a power ratio of 80 db (100 million
to 1) but this range is generally only
encountered for a few tenths of a seecond
in several hours, a more frequently oc-
curring range bheing nearer 74 db.

At the receiving end it is reasonable
to assume that the listener should ad-
just his volume control to bring the
minimum signal to somewhere near the
room noise level and as an average value
for the domestic noise level is ahout 40
phon it implies that peak levels in the
region of 114 db (or phon) are required.
Though this appears to be a very rea-
sonable deduction, experience suggests
that it is wise to make a check and this
has been done both in England and in
Ameriea. The B.B.C. have made a very
careful study of the sound levels pre-
ferred by their monitoring staff and by
the general public and Table I lists some
of their data taken from a paper by
Somerville and Ward.

In these tests the listeners were pro-
vided with a high-quality reproducer
system of ample power handling ca-
pacity and were asked to set the loudness
to the level they considered preferable.
The acoustic level at a point about 18
inches from the listener’s head was then
checked with a standard type of sound-
level meter. It is surprising to note that
none of the listeners wished to have
sound levels greater than 90 phon a re-

sult supported by similar tests in Amer-
ien which indicated a preference for
levels about 8-9 phon lower than the
B.B.C. results suggest.

Sound levels approaching 114 phon
oceur in concert halls and there is not
the least evidence that these are anything
but satisfying, but the available evidence
does suggest that these levels are not
optimum in the home. The reason for
this difference is not clear, but in the
writer’s experience a level of 110 phon
sounds “louder,” though “smaller” and
more oppressive in a small room than
the same level in a concert hall.

A major discrepancy between the
various estimations of “power required”
may thus be attributed to the choice of
maximum loudness thought desirable. An
estimate based on the very reasonable
assumption that concert-hall loudness
levels are necessary in the home will
suggest a power some at least 20 db
(100 times) higher than another esti-
mate based nn achieving only the maxi-
munr preferred loudness level of 90 phon.
As it will be seen from Table I that the
general public only require a maximum
loudness level of about 80 phon, a “log-
ical” engineering estimate of the power
necessary will be ahout 30 db (1000
times) higher than is really required.

This preference for lower levels in
the home is providential because some
consideration for the neighbours is
necessary. In flats, terraced houses or
houses built in pairs, a house-to-house
insulation of 55-60 db can be achieved
fairly easily by simple building tech-
niques but science and the average
builder are not yet in close touch, with
the result that 45-50 db is the figure
more usually achieved in semi-detached
pairs of houses having a 9-in. party
wall. Peak sound levels in the region of
110 phon will result in the neighbours
enjoying your choice of programme at
a level of 70-80 phon and while this may
be just tolerable in the early evening
when their own noise level is in the
same region as your own it must become
a little annoying to them when later in
the evening their own noise level has
dropped to something nearer 30 phon.

Acoustic Power Requirements

The next steps in the enquiry are to
make an estimate of the actual acoustic

TABLE I

Maximum Loudness Levels produced by

typical sound sources in domestic sur-
roundings.
Small Upright Plano
Maximum in normal playing — 72 db
Player asked to play a ‘“‘loud’

selection — 82 db
Player.asked to play ‘‘as loudly

as possible’’ — 90 db
Speech
Boy normal speech — 60 db
Man ' " — 65 db
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TABLE i

Acoustic Power required to produce given
loudness levels in a room of 1540 #3 and
reverberation time of 0.5 sec. Computed

from Eq. (7) of Appendix.

80 db .00036 watt ( .36 milliwatts)
90 db .0036 ' (3.6 milliwatts)
100. db .036 "

110 db .36 "

120 db 3.6 ”

power required to produce the loudness
levels thought necessary, and then to
examine the electro-acoustic conversion
efficiency of loudspeakers for this will
enable the electrical power requirements
to be predicted.

The actual acoustic power required to
produce acceptable loudness levels is
very small indeed. A first approximation
to the figure can be obtained by con-
sidering the data on the acoustic power
required for normal conversation. The
most reliable data, that of Sivian, Dunn,
and White indicates that the instantane-
ous maximum power rises to about 700
microwatts (0.7 milliwatt) when making
an impassioned speech to a large audi-
ence., About 5 per cent of speakers will
produce powers five times higher than
the figure quoted, making their acoustic
output 3-5 milliwatts. Declamatory
speech of this kind would be intolerably
loud in domestic surroundings, rather
suggesting that the maximum acoustic
power required for any purpose is not
likely to rise much above 5 milliwatts.
Data is available on the acoustic output
of most of the common instruments but
it is not particularly useful as an indi-
cation of domestic requirements as all
the figures refer to tests in which the
instrument was played as loudly as possi-
ble. A concert grand, played loudly, has
a power output of about 350 milliwatts
but experience suggests that even a small
upright piano ean be intolerably loud in
a small room. In my own room a small
upright piano played by a moderately
competent player produced the loudness
levels shown in Table II and it is per-
haps significant that normal playing gave
maximum levels of 72 phon with a level
of 90 phon reached when the player was
asked to produce the absolute maximum
output. It should be noted that readings
were taken when the sound level was
reasonably steady and the absolute peak
levels are therefore likely to exceed the
meter readings by only 4-8 phon.

Calculation of Saund Paower Requirements

In the appendix it is shown that the
acoustic power required to produce a
sound level of 100 db can be computed
from

P=.0000116 V /T watts

where V is the room volume and 7 is
the reverberation time. Applied to one
of my own rooms having a volume of
1540 cu. ft. and a reverberation time of
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0.5 second it suggests that the power
shown in Table II1 will be required for
levels of 80-120 db, the power required
for 100 db being computed from the
equation directly, and being modified
by a factor of ten for each 10 db change
in level. The suggested maximum re-
quirement of 90 db is reached with an
acoustic power of only 3.6 milliwatts, a
figure that is in substantial agreement
with the power deduced from that pro-
duced by a human speaker at maximum
output.

Objection has been raised to any
formula that suggests that the power
required is inversely proportional to the
reverberation time, on the score that the
bursts of energy in speech are so short
that room reflections do not have time
to reinforce the direet sound from the
speaker. It has therefore been suggested
that the power required should be com-
puted on the assumption that the loud-
ness is entirely due to the direct sound.
The ecalculation is not: difficult but it
does require a knowledge of the polar
diagram of the loudspeaker over the
frequenecy range.

A sound wave leaving the speaker will
diverge in the form of a solid cone with

TABLE IV

Electrical Power required to produce a loud-
ness level of 80 db from three typical
speakers.

A—17-in., 17,000 gauss magnet.

B—12-in., high-fidelity type, 14,000
gauss,
C—8-in., radio receiver type, 8,000 gauss.
nd Voice Electro-
spesker  Lovil ol geoutic
mw percent
A 80 9.5 3.8
B 80 55 .66
C 80 240 A5

the speaker at the apex but the angle
of divergence will be a function of fre-
quency, heing greatest at low frequen-
cies (180 deg. if the speaker is in the
centre of one wall) and decreasing as
the frequency increases until it is down
to something near 25 deg. at 5000 cps.
There is therefore some difficulty in fix-
ing an effective average angle for the
whole of the audio frequency range.
Power, loudness and intelligibility are
not linearly proportional to bandwidth,
a fact that increases the difficulty in
fixing an average angle for the whole
frequeney range. In spite of these diffi-
culties it has been claimed that power re-
quirements computed on the assumption
that there is no gain in loudness from
the reverberant sound, do give good
agreement with measurement.

The earlier discussion suggests that the
maximum acoustic power required in
domestic surroundings is only in the
region of 3-5 milliwatts but in the ab-
sence of data on the electro-acoustic
efficiency of typiecal loudspeakers it is

difieult to translate the acoustic power
requirements into eleetrieal power to be
provided by the amplifier.

Electro-acoustic Efficiency of
Loudspeakers

There is very little published data on
the conversion efficiency of loudspeakers,
partly because of the difficulty of meas-
urement but also because any single
figure ean be misleading and liable to
misinterpretation. In these measure-
ments to be described, the figure quoted
as the efficiency was determined by meas-
uring the electrical power input to a
loudspeaker operating on ordinary pro-
gramme in the normal living room and
simultaneously measuring the loudness
level in the room. Care was taken to ob-
serve steady values and from this data
the acoustic power output was ealculated.
The efficiency is the ratio

Acoustic _power x 1907.
Eleetrical power

With domestic approval a sound-level
meter, oscilloscope and oscillator were
set up in the dining room as shown in
Fig. 3 and several listening and watch-
ing sessions enjoyed. As a first check
some co-operative members of the family
were asked to adjust the loudness to
their liking and as it was found that
the levels chosen were in good agree-
ment with those obtained by the B.B.C.
(Table I) it was assumed that nothing
was seriously amiss. The procedure then
employed for the power measurement
tests was to set up the CRO and sound-
level meter in close proximity to enable
hoth meter and CRO to be viewed simul-
taneously and to mark the tube face
each time the meter peaked to .80 db.
After a few attempts it was possible to
draw two parallel lines on the tube face
defining the maximum deflections pro-
duced when the sound-level meter reached
this figure. A Promenade Concert pro-
vided valuable test material, as it was
possible to watch the meter on one
phrase and check the CRO deflection
when the phrase was repeated a second
or so later. Music also has the advantage
that complex tones are held for sufficient
time to provide a steady deflection on
the meter, thus eliminating any argu-
ment about the contribution of the

LOUDSPEAKER
AMP
SOUND O
LEVEL <
METER b osc.

Fig. 3. Schematic arrangement used for
oudio power measurements.
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Fig. 4. Curves of power required for two
sound levels in relation to room volume.

reverberant sound to the total Joudness.
Audience applause is equally effective
for this purpose. The room was in semi-
darkness and a bright trace employed to
avoid missing sharp peaks of short
duration. ‘
Having defined the CRO deflection
characteristic of a sound level of 80 db,
the CRO was then switched to the cali-
hrated oscillator and the rms voltage
corresponding to the deflection noted.
Three hours checking with three different
loudspeakers provided some interesting
data whieh is reproduced in Table IV.
As the input power to each of the
speskers was adjusted to produce an
acoustic level of 80 db in the room, it
is assuined that the acoustic power pro-
duced is the same for all, a reasonable
but not a precision conclusion, in view
of the different frequency charaeteris-
ties inherent in speaker units of sunch
widely varying quality. Column 3 indi
cates the power in the voice coil com-
puted on the assumption that the effec-
tive resistance of the voiee eoil is equal
to its d.c. resistance. Column 4 eon-
tains tigures for the electro-acoustic
officiency computed from the measured
electrical input to the speaker on the
assumption that the acoustie power out-
put is given by Eq. (7) in the Appendix,
corrected to a sound level of 80 phon.
Speaker A is a large 18-in. cone
speaker having a 2V-in. voice coil work-
ing in a gap having a flux density of 17,-
000 gauss. Speaker B is a standard type
of unit typical of the better quality
12-in. high-fidelity units, while speaker
C is typical of the cheaper 8-in. units
included in radio receivers.
Speaker B, typical of the units being

used hy meost high fidelity enthusiasts
only requires an input of about 55 milli-
watts to produee a sound level of 80 db
and a power of 0.55 watt to produce 90
dbh. If coneert-hall levels of 110 db
were required in domestic enclosures a
power of 55 watts would be necessary
but this speaker would have to eall for
help from at least four of its fellows if
this power was to be handled.

Though a horn loaded unit was not
tested it is known that electro-acoustie
offieciencies of 20-40 per cent can be
reached, enabling the coneert hall level
to be obtained for an input of about 1%,
watts. As evidence of this, some recent
measuretnents in a 700-seat theatre hav-
ing a volume of 120,000 cu. ft. showed
that the feature film was being regularly
run with a maximum electriecal input to
the loudspeakers of less than one watt.

The 18-in. speaker is shown to have
an efficiency twenty times that of the
cheap radio speaker but this is insuf-
ficient to justify its use where cost is of
importance, for acoustic power can gen-
erally be produced more cheaply by the
combination of a small speaker and a
large pentode, than by an expensive
speaker and a small triode.

It is convenient to have available for
ready reference curves relating to room
volume, sound level, and electrical power
required. Figure 4 provides this infor-
mation hased on the assumptions that

1. The acoustie power is computed from
Eq. (7).

2. A loudspeaker efficiency of 1 per cent
is obtained.

3. The optimum reverberation time rela-
tion of Fig. 5 is approximated in all
cases.

In the majority of rooms above 2000
cubic feet the reverberation times of
Fig. 5 are approximated, but in smaller
houses ecurrent econstructional methods
appear to give a reverberation time of
about half a second almost regardless
of the furnishing scheme.

After reviewing the results obtained
it appears that there is great opportu-
nity for difference of opinion in esti-
mating the power required to produce
adequate loudness in swinall rooms. An
experimenter measuring the power that
gives him adequate loudness will find it
to be in the region of 50. milliwatts if
he uses a CRO, perhaps 5 milliwatts if
he uses a high-quality rectifier voltmeter,
and something less than 1 milliwatt if
he has an rms-reading thermal meter. A
devotee of Aristotle preferring medita-
tion rather than experiment might be
excused if he based his caleulations on
the assumption that the loudness level
found desirable in coneert halls would
prove to be equally desirable in the
home. He would then produce a figure
approaching 40-30 watts, but if this
was thought to be insufficiently impres-
sive, he could with all honesty guote the
same power as 80-100 watts peak, i.e.
peak volts times peak current. A differ-
ence in estimate as great as 100 watts to
.001 watt must be a record for an honest
difference of opinion in the engineering
field.

Though the reason is probably psy-
chologieal the preference for reduced
maximum loudness levels in the home is
not understood and should form an in-
teresting subject for further study.

APPENDIX

If it is assumed that ‘‘loudness’’ is re-
lated to the steady-state sound intensity
the power required to produce any speci-
fied intensity ean be computed from the
standard -exponential relation between
sound-energy density and the time interval
during which power is being supplied to
the enclosure. The sound-emergy density
in ergs/ec at any time t sees. after the
power is turned on, is given by

4P

= —C - C8et/4¥V
& CSa« = )

(1)

(Continued on following page)
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ADEQUATE
AUDIO POWER

(Continued from preceding page)

where

I’ = rute of cmission of the souree,
ergs/sec.

C = velocity of sound, em/see.

& = total surface area of absorbing
surfaees, sq. ems.

a = average coefficient of absorption
of all surfaces.

I” = total volume of roow, cu. ems.

When steady state conditions are reached,
theoretically after infinite time, but praec-
tically after T sees. where 7' is the rever-
beration time of the enclosure, the brack-
eted term is equal to unity and the sound
energy density is given hy
ir N
¥= CSa &
It is more convenient to have a relation
involving the reverberation time T and the
volume of the enclosure ¥V rather than §
and ¢ and this can be obtained from the
normal Sabine relation for reverberation
time T=kV/Sa, from which Sa=kV/T
Substituting kV/T for Sq in Eq. (2) gives

4PT
04 )

from which the source power in Ergs/sec.
is given by

E=

CkVE
Lz iT (4)

If some standard intensity is adopted, the
arithmetic is simplified and as 100 db is

a convenient figure this will be inserted.
It corresponds to a sound intensity of 10-6
watts/sq. em. and a sound energy density
of 3x104 ergs/cu. em. Substituting this
value in Eq. (/) and including all constants,
the acoustic power in watts required from
the source to produce a maximum intensity
of 100 db is given by

3.4x104x16 x10-4x3x10-+ V
S T T/ —x7 (6

=4.1x10-10 V/T
or converting to ft. units

P=116x10-5 V/T =.0000116 ,Ti watls (7)
For any loudness level other than 100 db
the power required will be doubled for
each 3 db increase in intensity that is con-
sidered necessary. The threshold of pain is
reached at an intensity level of about 120
db requiring a power 100 times that given
by the equation and presumably fixing the
absolute maximum value of power that
anybody might ever consider necessary.
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HOW TO PLAN

(Continued from page 7)

quirements more closely and to develop
a better understanding of actual rather
than fancied needs; it may also serve
to stimulate more interest in still better
performance. Another experimental ap-
proach is to take advantage of the free
home trials offered by local shops. As
much as you may like a piece of equip-
ment in the store, sometimes it may not
“wear well” at home.

A little rummaging around in the attic
in my own case produced components
that were adequate for the interim ap-
proach. For the dance party require-
ment, there developed a need for power
output—undistorted—that was well be-
yond the ability of the secondary system.
The audience was found to absorb sub-
stantial amounts of acoustic power, and
in addition, create an ambient noise level
which had to be overcome by the speaker
output. The lack of low-frequency tones
in the secondary system became appar-
ent because the lows often carry the
rhythm needed for dancing. For listen-
ing to concert music, the volume level
had to be reduced to keep peace in the
family, so the loss of lows was again
accentuated. The lack of extreme highs
caused no comparaable deep concern, so
the extended high-frequeney coverage
will be included in the final system if it
can be gained for a modest cost.

If you have been able to establish a
standard of performance that the hi-fi
system must eventually meet, then it is

time to turn attention toward the second
step in the planning cyele, that of select-
ing the individual components in such a
way that the over-all cost is minimized
without sacrificing the performance
standard. In prineiple, at least, the be-
ginner could extend the technique of
listening tests so as to arrange the com-
ponents to suit his need. We know of no
better way to choose a speaker, but se-
lecting a particular amplifier depends to
some extent on how mueh the experi-
menter borrows from the “sound engi-
neer” and the “musie critie.” Many would
be satisfied with a simple substitution
test using the chosen speaker and enclo-
sure, and make use of a home trial. Se-
leeting an amplifier in itself can be a
detailed study the scope of this discus-
sion; in fact, much has already been
written on this subjeect.

Thus, if one can arrive realistically at
some conclusions regarding his require-
ments in relation to what he can afford,
the task of selecting the units for the
system is reduced to manageable pro-
portions; and one’s limited energies and
funds are not misdirected into unpro-
ductive channels. These two approaches
are advocated as aids to planning: The
comparative evaluation of system per-
formance by actual listening tests, and
the improvement of personal judgment
through experience with an experimental
or interim hi-fi system. A



Building Simplicity into the
Hi-Fi System

ROSS H. SNYDER

Interconnection of the many elements of a hi-fi system demands some clear thinking if
complete satisfaction is to be obtained. In particular, the method of connecting a tape
recorder in the system for most convenient operation is outlined clearly by the author.

IGH-FIDELITY COMPONENTS for home
entertainment systems have been
developed in such numbers and va-

riety that rigorous application of good
vver-all systems’ design has been almost
impossible. The popularity of high-fidel-
ity equipment has increased at such a
pace that designers of components of all
kinds have been faced with the necessity
of building in a sort of makeshift uni-
versality which made it possible, in gen-
eral, for the purchaser of an assemblage
of these components to plug together a
system which would function, but usually
at something less than optimum.

Too Many Knobs

The commonest defect of an assembled
system is multiplicity of controls, many
of which perform duplicate functions.
The likelihood of imperfect performance
is great when such systems are operated
by people whose interest is mainly in the
music, not in the equipment upon which
it is played. Typically, a radio tuner will
have on its face a control for the selec-
tion of FM, AM, Phonograph, Tape,
TV, etc. It will also have a volume con-
trol. Frequently such a tuner is selected
especially because it has relatively few
controls, and is connected into an elab-
orate audio control box, which will pos-
sess phonograph inputs, phonograph
equalizer controls, power switch, volume

or loudness control (or both), and sep-
arate bass and treble tone controls.
These control boxes are usually con-
nected to power amplifiers which have,
themselves, at least a gain control, and
sometimes another set of tone controls
and selectors. These are happily rare
now that the basic “flat” amplifier is the
norm. With a basic flat amplifier, adjust-
ment of the main amplifier gain control
is required only at the time of installa-
tion, and it is supposed to be set by the
installer so as to provide correct gain
for the audio control box with which
it is used. There is a tendency for many
users to adjust the power amplifier gain
so that the control box volume control
is rotated about one-third at comfort-
able room level. Those control boxes
which contain loudness controls are usu-
ally contributing considerable “bass
boost” at this rotation, and this effect is
removed only when thunderous volume
is being delivered into the living quar-
ters by the equipment. The function of
the loudness control should be to remove
all artificial bass boost at a sound level
equal to that which would be heard if
the listener were in the room where the
recording was made. Complete instruc-
tions on this adjustment are more and
more being included in the Instruction
Manuals which accompany high-quality
equipment, and if the listener is so
minded, the facility for proper func-
tioning of his loudness control is at
hand.
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AUDIO SYSTEM

GAIN
LINE > RECORD RECORD _.,% RECORD
eur © /2/1 AMELIEIER AMPLIFIER EQUALIZER HEAD
CONTROL

r—

PLAYBACK
AMPLIFIER
EQUALIZER

‘ PLAYBACK
HEAD

Fig. 1. Block diagram of a typical high-quality tape recorder designed for home use.

The Maximum Hum Control

But the handling of cascaded volume
controls, one on the tuner and one on
the control box, for example, is not so
simple. The way is always open, if not
for the high-fidelity enthusiast in the
family who is responsible for the pur-
chase and installation of the equipment,
at least for other members of the family
to adjust the equipment for maximum
hum, or for maximum distortion. A tend-
ency will be found, for example, to oper-
ate the volume control on the tuner at a
medium setting, and then, upon interrup-
tion, for the listener to turn the volume
down temporarily at the audio control
bor. Following the interruption, the
listener may find it most convenient to
raise the volume level again, this time
using the tuner control. Thus, those am-
plifier tubes which follow the tuner vol-
ume control, may well be driven far into
distortion, while the volume level of
sound in the room is not particularly
high, having been reduced by the control
box knob. If the knob on the control box
is a loudness control, this function will
also be disturbed. On the other hand, if
the procedure is reversed, and the level
of sound reduced at the tuner, then later
raised at the audio control box, the
“maximum hum” situation will exist.
The level of sound through those ampli-
fier stages which exist after the tuner
volume control, but before the audio con-
trol box volume control, may be suffi-
ciently reduced as to be comparable to
the internal hum level, and raising the
amplification with the control boxr knob
after the unnecessary reduction will re-
sult only in an tncrease of hum and un-
pleasantness. The remedy is, of course,
to eliminate one of the volume controls,
or at least to remove it to a screwdriver
adjustment at the back of one of the
components, and to leave in the hands
of the listener only a single knob for the
control of level. In this manner, ade-
quate level in lines between components
may be set at the time of installation, for
the best compromise between low distor-
tion and good signal-to-noise ratio. The
difficulty of predicting what amplifier will
be used with a tuner of given design is,
of course, the reason for incorporating
the control into the tuner in the first
place. The thought was that it’s better
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Fig. 2. Block schematic of one model of deluxe FM-AM tuner with magnetic phono preamplifier
and tone controls.

to provide more controls than necessary,
rather than to eliminate one which may
be needed. But it was a bad thought.
Volume controls, as an industry prac-
tice, probably should be left off radio
tuners, unless these tuners also incor-
porate phonograph preamplifiers and
tone controls, and are intended to serve
as complete control centers as well as
tuners. If unnecessary controls are pro-
vided, the installer ought to remove
them. More than one maunfacturer fol-
lows good practice in this, and others
should, for the greater convenience of
users and for less opportunity for un-
pleasant sound in the home. Only those
few listeners who wish to eliminate all
functions from their systems excepting
radio, and who wish no tone controls
of any kind will need gain control on
the basic tuner. Those may be of suffi-
cient technical skill to devise a conven-
ient volume control for themselves.

“How Many Selectors?"’

The duplication of selector controls ap-
pears to be a harder problem. On those
radio tuners which are designed as an
adjunct to an audio control box, there
is no justification for the provision of
anything other than an AM-FM con-
trol, possibly with broad and sharp posi-
tions on AM, and AFC or no-AFC posi-
tions. Incorporation of selector positions
for phonograph, tape, TV, and other
sound sources may appropriately be pro-
vided only on tuners which also possess
magnetic phonograph pickup preampli-
fiers, and are designed to function as
conmbined tuners and audio control
boxes. The ultimate simplification in
control is probably provided by those
tuners which have been designed for
two-channel stereophonic service, and
bring each of the two outputs, AM and
FM, to separate jacks, for delivery to
the audio control box. Such tuners may
readily be connected into audio control
boxes so that selection of phonograph,
AM, FM, tape, etc., may be made on one
knob on the audio control box, and there
only. Realistically, no selector controls
other than those for AM or FM should
be incorporated into tuners which are
designed as adjuncts to audio control
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boxes, but only into the tuners which
are designed as combined audio control
centers and tuners. The very least which
we should ask is that the knobs on the
front panel of these tuners should be
arranged so that if the a.c. switch and
volume control are removed, the panel
remains balanced and symmetrical.
Many home high-fidelity system owners
insist that all knobs be left on the panel,
even though some are superfluous or
rendered functionless, in order to pre-
serve balanced appearance; it should be
made possible to preserve both good ap-
pearance and good operation.

The Underfed Tape Recorder

As the high-quality magnetic tape re-
corder becomes a staple in the list of
components in a high-fidelity home sys-
tem, a provision for its incorporation in
simple plug-in form becomes a necessity.
The logical place for the incorporation
of plugs which are intended to connect
to the tape recorder input and output is
in the audio control box, or into the
tuner which is intended to function as
an audio control center.

A block diagram of a typical high-
quality magnetic tape recorder is shown
in Fig. 1. In those recorders which use
a common magnetic head as both record
and playback, the selector switch is so
ganged as to perform essentially the
same function as that shown. Typically,
the line input of the recorder presents a

high-impedance load, which may be
bridged across a number of available
points inside the audio control system,
and requires no more than 0.5 volts rms
to drive the recorder to maximum re-
cord level. This is a simple requirement
to meet, although consideration for it
has often been omitted from commercial
components. The output from a typical
magnetic recorder is of low internal
source impedance, and relatively high
level, which will adequately drive any
of many possible points in the audio con-
trol system.

There are several typical arrange-
ments for tape recorder connection. Fig.
2 illustrates a widely sold deluxe FM/
AM tuner with magnetic phonograph
preamplifier and tone control, designed
to function not only as a tuner, but also
as an audio control center. At least four
input jacks are provided, one of which
is intended for tape. An output is also
designated for connection to the tape
recorder. The signal which is delivered
for recording to the tape recorder is,
unfortunately, unsatisfactory. The user
may reasonably be supposed to be lis-
tening, over his loudspeaker, at the same
time he is producing a tape recording.
The tuner selector may, then, be set for
FM, for example, the loudness control
adjusted to comfortable level. The out-
put to the tape recorder, then, located
after the gain control, is extremely low
in level, and is exaggerated in bass, be-
cause of the effect of the loudness con-
trol at these low listening levels. Typical
peak voltages obtained from this array
will measure around 50 millivolts. Not
only does this provide inadequate drive
for the recorder, but it also produces
a tape which is artificially heavy in bass.
The output to the tape recorder could
hardly have been located at a worse po-
sition. So far as proper level and proper
equalization for the production of a flat
tape recording are concerned, the tape
recorder jack might better be connected
between the loudness control and the
selector switch. A cathode follower
would be advisable, of course, as isola-
tion, and in order to assure that the load
of the tape recorder and the capaci-
tance of the interconnecting cable would
not affect the over-all performance of
the system, or of the recorder.
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Fig. 3. Arrangement of popular-priced FM/AM tuner with phono preamp and tone controls.



The Case Of The Howling Tape Recorder

With the configuration of Fig. 2, how-
ever, still another source of unpleasant-
ness for the listener is offered. Assum-
ing that a recording has been made, the
listener may now switch the selector con-
trol on his tuner to the fourth position,
into which the output of the tape re-
corder has been plugged. Referring to
Fig. 1, if the tape recorder selector
switch has been left in the “record”
position, a feed-back path is created
from loudness control through cathode-
follower to tape recorder input, to tape
recorder output, to selector switch, to
loudness control. The result is usually a
loud howl. This effect can be avoided,
of course, if the listener is careful al-
ways to turn his tape recorder switch
to “playback” before he changes the po-
sition of his tuner selector control, but
it would surely be good design to pre-
vent so likely a cause for unpleasantness.

Figure 3 1s of a lower cost tuner than
that in Fig. 2. This unit does not have
the fault of presenting to the tape re-
corder an artificially unbalanced signal,
since the volume control is not a loud-
ness control, but it does have the same
fault as the tuner of Fig. 2 in being likely
to be so used as to present a very small
signal to the input of the tape recorder,
due to the listener’s having set his vol-
ume control for comfortable listening,
rather than for adequate level for record-
ing. This configuration also possesses,
still, the possibility of feedback “howl.”

Figure 4 outlines the configuration of
a popular deluxe one-piece power ampli-
fier and audio control box. In this case,
the output to the tape recorder is of
adequate level, but has been subjected to
“tone control” whose purpose is pri-
marily that of adjusting the sound for
most comfortable listening, rather than
for flatness. There is good reason for
tone controls, of course. But a flat sig-
nal should nevertheless be presented to
the tape recorder. Tone controls are for
playback, and not for recording. It should
be assumed that the listener will wish to
adjust his tone controls, every time he
listens, for conditions which exist at
the moment, and which may not always
be the same. To feed a signal through
the same set of tone co.trols twice is to
“double” the effect of the tone controls
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upon playback. On only one generation,
with such a process, a 12 db-per-octave
bass boost slope may be obtained, or a
very sharp high-frequency cut-off be in-
troduced.

Double Dipped Tone Controls

Even if the “tone controls” are set at
the “flat” position, which often is not
marked accurately on the control panel,
this position usually is a little off true
flatness. Typical of the “flat” position
on tone control systems is the curve
shown at (A) in Fig. 5. This curve, it
is true, i1s “+ 2 decibels from 50 cycles
to 8,000 cycles.” But, suppose the tape,
which has been recorded to this degree of
“flatness,” is now played back, through
the system shown in Fig. 4. Even though
the tone controls be left unaltered, the
playback curve differs from flatness by
twice the amount of Curve A, forming
Curve M. This, flat now only by * 4
decibels from 50 to 8,000 cycles, is
sharply rolling off at both low and high
frequencies, with severe “bumps” in re-
sponse. Small deviations from flatness in
the tone control system, which are en-
tirely negligible so far as the original
function of the controls is concerned,
now become major sources of unpleas-
antness, which may be blamed upon the
tape recorder, even though, in this ex-
ample, the tape recorder was assumed to
be perfectly flat in frequency response.
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Fig. 4. Block diagram of deluxe one-piece power amplifier and audio control unit.

If the tone controls had been set for only
a little departure from the nominally
“flat” position, the results would have
been even worse.

Figure 6 illustrates a high-quality com-
mercial audio control box which pro-
vides the tape recorder with a flat signal
of adequate level. With this control box,
the possibility remains for feedback, if
the listener chances to select “tape” on
the control box before switching the re-
corder to “playback,” but all other con-
siderations of good practice are ob-
served. The general configuration of the
commercial system in Fig. 6 is shown
in Fig. 7. Great flexibility in the ar-
rangement of loudness or volume con-
trols, tone controls, sharp high or low
cut-off filters, and so forth, may easily
be designed without essentially changing
this arrangement. Only the feedback
problem remains.

High Fidelity Unlimited

Figure 8 shows an ideal configuration
for incorporating a tape recorder into
a high-quality home music system.
Whether the arrangement for this con-
nection is made in a tuner which is de-
signed also as an audio control center,
or in a deluxe audio control box is un-
important. The provision for placing the
tape recorder in series with the circuit is
the key to the removal of any possi-
bility of feedback “howl.” A low im-
pedance-source signal to the tape re-
corder line should be provided—cathode
followers work well. A jack should be
provided for this output. If, then, no
connection were normally provided be-
tween this and the jack which is to bring
back the output of the tape recorder,
the possibility for series insertion of the
recorder exists. A simple jumper may
be provided as standard equipment, to
be removed when the tape recorder is
installed. With this connection the tape
recorder is either left on at all times
when the system is being used, or the
tape recorder may be provided with a
means of automatically connecting its
input to its output, directly, when the
recorder is turned off. Such an arrange-
ment is offered as standard equipment
on some tape recorders which have been
designed for home use, and is available
as a factory modification on others.



Hi-Fi Surgery

When the owner of a high fidelity sys-
tem, on which he may have spent many
hundreds of dollars, buys his tape re-
corder, it is too late for corrective action
by the manufacturer of his tuner or of
his audio control box. If the machine is
to function well as a unit, some sort of
“corrective surgery” is going to be
needed. This may range from simply un-
soldering one connection from its present
location, and soldering it to a new one,
all the way up to the incorporation of an
additional tube, and the changing of sev-

eral wires. None of these procedures is
beyond the skill of a typical hi-fi tech-
nical enthusiast, but probably ought to
be undertaken only by his serviceman
if the listener is one of the many thou-
sands of newcomers to the field whose
interest lies mainly in the music and
not in the knobs and gadgets.

A tuner like that illustrated in Fig. 2
might be modified in either of two ways.
A single wire will be found which leads
from the jack marked “output to tape
recorder” to a certain pin on one of the
tubes. This wire may be unsoldered from
the tube, and transferred to the selector
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Fig. 7. General configuration for control box or tuner control system. Possibility of feedback is still

present even wit

h this arrangement.
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Fig. 8. Ideal configuration for incorporating @ tape recorder into a high-quality home music system.
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Fig. 9. Schematic of cathode follower stage

which can be added to a tuner or control unit

to provide suitable coupling to o tape recorder
input,

switch, being soldered to that lug on
the switch which represents the “rotor”
or, if more convenient, to the “top end”
of the loudness control. A more elegant
solution would be to cut the chassis at a
convenient point, to mount a new tube,
such as a 6C4, in a tube socket, and to
connect this newly added tube as a cath-
ode-follower. The wire leading to the
“output to tape recorder” jack would,
then, be connected to the output of the
cathode-follower, while the grid of the
newly added cathode-follower would be
connected to the rotor of the selector
switch. Appropriate values for such a
cathode-follower are shown in Fig. 9.
Connection of the follower to the tuner’s
filament supply will probably present
little problem, but the selection of an
appropriate connection for the plate
should be done most carefully. A point
on the schematic diagram of the tuner
should be found at which considerable
“decoupling” has already been provided,
and at which a large capacitor is al-
ready connected. The plate of any cath-
ode-follower should be connected to a
high-voltage d.c. source which is effec-
tively “‘grounded” for audio signals. In
most cases, it will be found that the fol-
lower will function well if its plate is
connected to the same point as the high-
voltage end of one of the plate resistors
in a low-level audio amplifier stage.

If, in the case of a tuner like that in
Fig. 3, no attempt is made to install a
cathode-follower, care must be taken
that the wire which carries the signal
to the tape recorder is of the “low-ca-
pacitance” shielded type, and that the
input impedance of the tape recorder is
not so low as to “load” the volume con-
trol unduly. Otherwise, some distortion
could occur, and if the wire were of high
capacitance, the high-frequency response
of the system could be impaired.

The audio control box illustrated in
Fig. 6 offers the possibility of simple
wiring changes in order to effect the
“series” configuration of Fig. 8. It is
possible to lift the connection between
the cathode-follower and the loudness

tContinued on puge 28)



The Care and Treatment of
Feedback Audio Amplifiers

W. B. BERNARD, CDR., USN

Anyone who has noticed a lack of stability in his Williamson-type amplifier
may have wondered what caused it and how it could be corrected. The author
gives the reasons and describes the methods taken to eliminate the troubles.

come widely accepted in the design

of audio amplifiers. It may safely be
said that it is incorporated in all output
amplifiers of quality manufactured at
the present time. This widespread use
results from the benefits that ecan be pro-
duced by its application. This discussion
will be limited mainly to the application
of inverse voltage feedback to audio
amplifiers. This type of feedback acts
to reduce the output impedance of an
amplifier in addition to reducing the
distortion and noise produced. It also
extends the frequency response of the
amplifier.

The gain of an amplifier with voltage
feedback is given by the equation 4,

l NVERSE OR NEGATIVE FEEDBACK has be-

—=__  where A4 is the raw gain of the
I1-BA
amplifier (gain in the absence of feed.
back), and B is the percentage of the
output voltage that is fed back. Distortion
is reduced by the same proportion and.
if the input signal is increased to make
up for the loss of gain, the noise intro-
duced by the amplifier is also reduced
by the same factor. The loss of gain is a
small price to pay for the benefits de-
rived since voltage gain is easily ob-
tained.

The output impedance of an amplifier
with inverse voltage feedback is given
R .
_H%A‘ R, is the
plate resistance of the output tube, u is
the amplification facior of the output
tube, B is the portion of the output volt-
age fed back, and 4, is the amplifieation
of the amplifier between the point where
the feedback voltage is inserted and the
grid of the outut tube. In the case of
pentodes and tetrodes where p may be
up to 200 or 300 it can be seen that a
very small amount of feedback will give
a tremendous reduction of output im-
pedance. Figure 1 shows the result of
applying 1/15 of the output of a 6L6
to the grid of the tube. The plate resist-
ance is reduced from about 25,000 ohms

by the equation Z, 1-
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Fig. 1. Typical plate family of a 6L6
with 1/15 of its output fed back to the
input.

to less than 2000 ohms. Observation of
the curves will show that the power-out-
put capabilities of the tube have not
been diminished and a comparison with
curves for a triode-connected 6L6 will
show that it is much more linear, and
regardless of the load placed on the tube
the tetrode with inverse feedback has
superior characteristics. Inverse feed-
back applied to the triode will make the
plate characteristics more linear but
they can do nothing to increase the
power capabilities of the tube.

In practice the amount of feedback
that is needed to reduce distortion re-
duces the output impedance to a satis-
factory value. There are opinions which
diverge from this view but they are seem-
ingly in the minority and are divided
between those who think that the usual
amount of voltage feedback does not
sufficiently reduce the impedance, and
those who think that it reduces the im-
pedance too much. From the standpoint
of standardization both of these views
create difficulties because it seems that
all that it is reasonable to expect of a
speaker manufacturer is that he will
strive to produce a speaker which will
give a uniform acoustic output over a
given freuency range when the speaker
is furnished a uniform voltage input.

If we are satisfied that the amount
of inverse voltage feedback which we
are going to apply will give us a usable
output impedance—one fifth of the load

impedance or less—we may eliminate the
consideration of over-all current feed.
back and the additional complications
which it entails. We may still make use
of negative current feedback inside the
main feedback loop by such means as
unbypassed cathode resistors. Having de-
cided that negative voltage feedback is
what we need in our amplifier we must
consider how much we need and how
we should apply it.

Feedback Methods

We may say that reducing the distor-
tion to 1 per cent IM just before we
drive the output grids to clipping level
is a reasonable standard for high fidelity
purposes. There may be some argument
with this standard, but it is very eclose
to what is generally realized in the bet-
ter amplifiers today. In the usual circuits
this calls for about 20 db of inverse
feedback. In a properly designed ampli-
fier the major portion of the distortion
will be produced in the output stage;
therefore, any useful feedback system
will include the output stage. Internal
feedback loops which do not include the
output tubes should not be counted as
being effective in reducing the total dis-
tortion. Such figures are most useful
for advertising purposes.

At this point we may mention briefly
two other feedback systems. The output
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Fig. 2. Typical coupling circuit with one
time constant and its circle diagram
showing phase shift.
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tube cathodes are sometimes returned
to the ends of a secondary or tertiary
winding on the output transformer whieh
1s so phased that the voltages produced
in this winding oppose the grid to cath-
ode signal voltages. This connection is
very effective in reducing distortion and
output impedance, but has the disadvan.
tage that special output transformers
are required. It is generally used with
some type of over-all feedback system
hecause if over 6 to 10 db of feedback
is applied by this method the voltage
required from the driver stage hecomes
difficult to furnish without encountering
appreciable distortion in the driver stage.

The screen grids of the output tubes
may be tapped up on the primary of the
output transformer in the Ultra-Linear
connectjon. This connection slightly re-
duces the output power available from
a given set of tubes for a specified volt-
age supply condition, but it also allows
the screen voltage to be increased so that
this loss in power output capabilities
may be recovered. This system is also
usually used with some over-all feedback
system since only 5 or 6 db of feedback
may be applied thereby, and because it
does not reduce distortion by the same
factor that it reduces gain. It is useful,
however, to reduce the output impedance
of the tubes at very high frequencies
when phase shifts in other parts of the
eircuit reduce the effectiveness of the
over-all feedback loop for this purpose.
This connection also requires a special
transformer and such transformers are
now available at about the same price
as equivalent transformers without the
screen taps.

Over-all voltage feedback is custom-
arily obtained from the plates of the
output tubes or from the secondary of
the output transformer. Although some
commercial amplifiers have been pro-
duced which take the feedback voltages
from the plates of the output tubes,
such systems have very serious disadvan-
tages. First they do not remedy any de-
feets in the output transformer response
or distortion characteristics. Second, they
place severe requirements upon the
power-supply filtering and the balance
between the halves of the primary of the
output transformer if they are not to
inerease the hum in the output of the
amplifier. This situation results because
such a system acts to reduce, at the
plates of the output tubes, any signal
that is not present in the amplifier ahead
of where the feedback voltage is intro-
duced. If there is any hum voltage pres-
ent at the center tap of the output trans-
former, the feedback will act to reduce the
amount of hum at the plates of the tubes
to less than the amount at the center.
Therefore, there will he hum ecurrents
flowing in the halves of the output-
transformer primary. These currents are
out of phase but even so they will pro-

20

o
9 W les50
X %o

509
s
1%

Fig. 3. Circle diagrams for circuits having
more than one time constont within the
feedback loop.

duce a voltage in the secondary of the
transformer unless the currents are
equal and the halves of the transformer
primary are exactly balanced.

A special case of feedback is the con-
nection of a network from the plate to
the grid of a single stage. Such a system
does not reduce the gain of the stage
around which it is econnected but reduces
the gain of the previous stage by redue-
ing the load resistance into which the
previous stage works. Beeause such a
system may offer an abnormally low
load to the previous stage it may produce
more distortion in the driver stage than
it reduces in the output stage. In a high-
quality amplifier it should not bhe used
where the signal voltage exceeds a volt
or two.

Finally we may consider the system
where the feedback voltage is taken
from the secondary of the output trans-
former. This has the advantage that in
addition to reducing noise and distor-
tion in the remainder of the amplifier
it also reduces the distortion and the
variation of frequency response caused
by deficiencies of the output transformer.
It has the disadvantage that the amount
of feedback which can be applied may
be more limited by the considerations
of stability than is the case when the
feedback voltage is taken from the pri-
mary of the output transformer.

Possibility of Oscillation

When we previously considered the
feedback gain equation we were think-
ing of the mid-frequeney situation where
A is positive and B is negative thus
making - AB a positive number. At

frequency extremes A is no longer a
positive real number. It becomes complex
and may lie in any of the four quadrants.
B may also change phase and magnitude
with frequency. If AB bhecomes 1 or
greater in magnitude and is a positive
real number the amplifier will be sub-
Jeet to oscillation.

This situation may be avoided by in-
suring that the phase shifts around the
entire feedback loop do not add up to
180 deg. until the quantity BA is less
than one.

The difficulty of achieving the above
requirement for stability will depend
upon the design of the amplifier. At
very low frequencies each RC ecoupling
circuit may be considered as one time
constant, and a resistor shunted by an
induetance may also be considered one
time constant. The output transformer.
may be considered as one time eonstant
at low frequencies. At very high fre-
quencies a resistor shunted by a eapaci-
tance is one time constant. At very high
frequencies the output transformer is a
much more complex device and if the
speaker-system impedance inereases so
that the transformer may be considered
to be operating unloaded it may be con-
sidered to be roughly the equivalent of
two time constants.

Each time constant represents a phase
shift which may reach a maximum of
90 deg. Figure 2 shows the circle diagram
representing the action of one time con-
stant. When the phase shift is 90 deg.
the output voltage is zero so a feedback
loop containing two time constants is
stable because the gain approaches zero
when the total phase shift approaches
180 deg. Figure 3 shows the results of
having a larger number of time constants
within the . feedback loop. If we have
three equal time econstants within the
loop the voltage gain around the loop
will be reduced by a factor of 8, or 18
db, when the phase shift is 180 deg. In
this case we could have about 12 db of
inverse feedback and a safety margin of
6 db to allow for changes of gain due
to aging of components and replace-
ment of tubes. With four equal time con.
stants the loss in voltage gain at 180
deg. phase shift is 4, or 12 db. This
allows 6 db of feedback and 6 db for a
safety factor. Since we may have as
many as five time constants in an ampli-
fier we must look for some solutions to
the phase shift-gain problem if we are
to apply the 20 db of feedback that we
mentioned earlier.

Remedies

What remedies are available to reeon-
cile the conflicting requirements of dis-
tortion reduction and of maintaining
stability? The first and easiest method
which we can adopt is to stagger the
values of the time constants of the vari-



ous stages. Thus in the ecase of a three-
time-constant ecircuit if we design so
that one of the time constants is ap-
proaching 90 deg. when the other two
are just past 45 deg., let us say one eir-
cuit at 80 deg. and two at 50 deg., we
will have system which will allow the
application of 20 db of feedback with
almost 10 db of safety margin.

Since the Williamson type amplifier
is a very popular type, let us study it
in detail. An analysis of the circuit in
Fig. 4 shows that it has three time con-
stants at low frequencies—two RC cou-
pling circuits and the output trans-
former; therefore we should be able to
maintain low frequency stability with
20 db of feedback.

Because it is much easier to obtain
response at low frequencies by the use
of RC circuits than by means of trans-
formers it is evident that we should have
the longer time constants in the RC cou-
pled stages. We should try to approach
a 10-to-1 ratio between the time constant
of at least one of the RC stages and the
transformer primary inductance-plate to
plate load combination. Such a long RC
constant is difficult to obtain in the out-
put stage of the Williamson since the
output tubes are operated at a high plate
dissipation which requires that the grid
leak resistors be kept low in value to
prevent the tubes from running away
from the effects of ion currents or grid
emission. The size of the coupling eapaci-
tors is similarly limited by the consider-
ations of leakage and physieal size. The
time constant in the output grids is made
about 1/40 sec. and the constant of the
driver grid circuit is made about 1/8
sec. Exact calculations on the low-fre-
quency characteristics of the amplifier
are complicated by the fact that the pri-
mary inductance of the output trans-
fcrmer may change appreciably with a
change of signal level; therefore, the
time constant of the transformer will
change with signal level.

At very high frequencies the problem
of insuring stability is much more com-
plicated because we have five time con-
stants to deal with, two of which are
tied to the characteristics of the output
transformer. Even if it were easily pos-
sible there would be no advantage of
making all the other time constants
shorter than those of the transformer,
since it is possible that the transformer
alone could give 180 deg. phase shift
before the gain around the feedback
loop was reduced to one. It is therefore

Fig. 5.
on amplitude and phase

Effect of network of Fig. 4

= h =
AAAAA. AAAA

AAAAA.
2AAALS

.....

VWV

AAAAA
WWWY

NN m =

,
W
L AMAA—

AAAAA.

AAAAA.

L——-\QQ Qﬁﬁ Q0

YWV

Fig. 4. Simplified schematic of a Williamson-type amplifier. Network shown dotted
in plate circuit of first tube will change amplitude and phase response.

necessary to design the other stages so
that the response of the whole ecircuit
is down considerably before the reso-
nant frequency of the transformer is
reached. It is for this reason that it 1s
necessary to have a transformer with
good high-frequeney response in order
to obtain satisfactory operation in a
feedback amplifier.

Although feedback will compensate
for a great deal of loss within the band
pass of an amplifier, an examination of
the basic feedback gain equation will
show that such & loss comes off the top
of the amplification. That is, when the
“raw” gain of the amplifier is reduced
the over-all gain remains almost constant
and the gain reduction due to feedback
and with it the distortion reduction are
diminished almost as much as the raw
gain. For this reason the benefits of the
feedback will be lost to about the same
extent that the raw gain is lost. With
such a limitation it is desirable to make

two of the RC time constants somewhat
longer than those of the transformer
and give special treatment to the other
one. A step circuit connected from the
plate of the input amplifier to ground,
shown dotted in Fig. 4, can be added.
Such a network will cause the first
stage to have an amplitude and phase
response as shown in Fig. 5. This re-
sponse coupled with the response of the
other two resistance-coupled stages can
give a system that is just barely stable.
A little margin of safety can be realized
by making B a complex quantity with
phase charaecteristics the opposite of
those of 4. This may be done by shunt-
ing all or part of the feedback resistor
with a capacitor. In Fig. 4 all of the re-
sistor is shown shunted.

Testing Procedures

Since very few individual experiment-
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Fig. 6. ‘Scope pattern showing ringing
on 10,000-cps square wave,

ers or hobbyists who build audio ampli-
fiers have phase meters or aceess to them
and very few have audio oscillators with
a range of 1 to 100,000 cps, the preced-
ing information is of interest mainly for
background purposes. With the mini
mum equipment which one should have
available in order to adjust high-fidelity

Fig. 7. When small capacitor is added
across output circuit, oscillation increases.

systems the practical aspects of the sta-
bility problem can be worked out. This
minimumn of equipment consists of an
audio oscillator whieh produces sine and
square waves at frequencies up to 10,000
cps and an oscilloscope which will dis-
play these waveforms. Most oscilloscopes
have response up to 100,000 eps and are
thus adequate to reproduce a 10,000 eps
square wave. An oscilloscope with a slow
sweep speed of about two seconds is very
useful for the investigation of the low
frequency response of the amplifier to
transients, but essentially the same in-
formation can be obtained hy watching
a meter needle or a speaker cone when
transients are fed into the amplifier. If
only a sine wave oscillator is available
a simple clipper can be built to change
the sine waves to square waves.

Once an amplifier is finished it should
be turned on with a resistance load con-
nected to the terminals and the feedback
loop disconnected. An oscilloscope should
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be connected across the load and the
audio osecillator connected to the input
of the amplifier. The oscillator should
be adjusted to furnish a small signal
and the oscilloscope should be set up so
that a trace of a convenient size is visi-
ble on the sereen. Next the feedback net-
work should be connected. If the ampii
tude of the trace on the 'secope sereen is
reduced you have everything hooked up
correctly. If the amplifier goes into vio-
lent oseillation at some medium fre-
quency it is necessary to reverse either
the primary or the secondary leads of
the output transformer. If instead of
achieving a reduction of height of the
trace when the transformer connections
are correct vou get very high frequeney
oscillations you have an amplifier which
is unstable with the amount of feedback
used and the amount of feedback should
be reduced until steps are taken to in-
crease the stability of the amplifier.

It may also happen that the amplifier
is unstable at low frequencies which will
be evidenced by motorhoating which
may either be spontaneous or be depend-
ent upon being initiated by some tran-
sient. In this case also the amount of
feedback should be decreased until the
amplifier is stable so that means of in-
creasing the margin of stability ean be
explored.

Taking the ligh-frequency troubles
first; after stability has been restored
by deereasing feedback a 10,000-cps
square wave should be applied to the
input of the amplifier. The wave form
shown on the oscilloscope will be likely
to have the appearance of Fig. 6 which
shows violent ringing on the top of the
10,000-cps square waves. A .005 uf ca-
pacitor connected across the load resistor
gives the waveform shown in Fig. 7. The
capacitor lowers the resonant frequenry
of the output and thereby reduces the
stability of the amplifier. Figure 7 shows
that the amplifier is almost in continu-
ous oscillation. When the step cireuit

Fig. 8. Addition of network of Fig. 4 re-
duces ringing appreciably.

Fig. 9. Capacitor across output empha-
sizes overshoot of amplifier, even with
Fig. 4 network in place.

of 4700 ohms and .001uf is connected
from the plate of the first tube to ground
the waveform of Fig. 8 is produced.
There is a slight overshoot on the lead-
ing edge of the wave. This overshoot is
emphasized when a .05-nf capaecitor is

Fig. 10. Adding small capacitor across

feedback resistor of amplifier changes
pattern of Fig. 9 to this.

put across the load as shown in Fig. 9.
A 150-puf capacitor across the feedback
resistor removes the overshoot as shown
in Fig. 10. Capacitors up to .05uf make
no appreciable difference when connected
across the load.

The ecomponent values listed above
may not be exactly correet in all cases,
but they give a starting point and with
most Williamson-type amplifiers with
quality transformers the correct values
will probably not be too much different
from the ones listed. If the steps listed
above do not eure your difficulties a 47-
ohm resistor and 0.1-uf ecapacitor in
series should be connected across the
output terminals. This combination
serves to load the transformer secondary
at very high frequencies thus reducing
the phase shift introduced by the trans-



former.

As the stability of the amplifier is in-
creased the feedback may be increased
until the desired amount has been
reached. The margin of safety remain-
ing may be estimated by connecting eca-
pacitors in the order of .002 to .02uf
across the output terminals of the am-
plifier. If a capacitance of .005uf or
greater across the terminals does not
cause the amplifier to go into oscillation
at some high frequeney, the high-fre-
queney stability is probably satisfactory.

It may be that, in the process of
achieving high-frequeney stability and
increasing the feedback, low-frequency
instability has appeared. Because most
amplifiers have less potential phase shift
and also because inferior transformers
actually decrease the problem of attain-
ing and maintaining low-frequency sta-
bility the low-frequency problem is not
likely to be so acute. Generally the in-
erease of coupling capacitors and grid
leaks to the maximum desirable values
will take care of the problems.

Figure 11 shows the effect of a tran-
sient upon an amplifier which is mar-
ginally stable. After more than a second
the oseillations started by the transient
have not nearly damped out. Figure 12
shows the improvement of low-frequency
stability which was accomplished by in-
creasing the time constant of the driver
circuit grids and decreasing the time
constant of the input circuit which is
outside the feedback loop. Figures 13
and 14 show the improvement in over-
load recovery which were accomplished
by the same changes. Once a stage
within the feedback loop is driven be-
yond its dynamic range the feedback is
no longer effective because there is little
if any incremental amplification present.
That is to say that additional input
gives little or no additional output:
therefore, if there is no gain there can
be no gain reduction and consequently
no distortion reduction. It is most desir-

Fig. 11. Effect of transient on an ampli-
fier which is marginally stable.

able to prevent signals which will drive
the amplifier beyond its dynamic range
from reaching the amplifier input ter-
niinals. Despite much talk to the con-
trary there is little likelihood that the
program material played through a high-
fidelity system will include such signals
since the program material has already
been limited in amplitude and frequency
range by the previous systems through
which it has been processed. Both dise
and tape recording systems have such
limitations and, although a frequency
modulation transmitter may have excel-
lent transient and frequency response,
it is likely that most of the program
material will have been through some
line or program amplifiers which have
a response characteristic which is not
better than that of the home equipment.

Speaker Distortion

It is possible that some of the program
material will be beyond the capabilities
of the speaker system to handle. It is
most desirable to eliminate these signals
before they reach the speaker since a
speaker driven beyond its linear limits
i1s a copious source of intermodulation
The limitation of the low-frequency re-
sponse of a system can best be accom-
plished by installing a high-pass filter
between the tone control amplifier and
the output amplifier. This filter should
cut off at a frequency no lower than
20 cps and preferably higher if the
speaker system does not have an excep.
tional low-frequency response. Such a
filter not only prevents program mate-
rial which the speaker eannot handle
from reaching the speaker, but it also
prevents transients which may result
from switeching or from interference
from overloading the amplifier. It also
inereases low-frequency stability in
cases where the tone-control amplifier
gets its plate power from the output
amplifier.

Fig. 12.
Fig. 11 is caused by changing time con-
stant of driver grid circuit.

Improvement over pattern of

Fig. 13. Overload recovery of amplifier
in condition shown in Fig. 11.

As a final check of stability the ampli
fier should be operated with each of
the output tubhes removed alternately
to see if oscillation ensues. While one
of the tubes is removed the amplifier
should be driven to saturation at some

Fig. 14. Overload recovery is improved
when changes are made as indicated in
Fig. 12.

low frequeney to see whether or not
little bursts of high-frequency oscillation
occur at some time during the low fre-
quency cyele. As an acid test on my own
amplifiers I repeat this test with the
load removed, however anyone who does
this should bear in mind that he is risk-
ing the output transformer should some
high-amplitude oscillation result.
Although there are simpler amplifiers
which will produce sufficient high-fidelity
audio power to fill a living roowm, the
Williamson amplifier or the circuits de
rived from it will give results which
cannot easily be excelled. If your Wil
liamson sounds bad it might be a good
idea to check on its stabilitv bheeause
there must be a great manyv of them in
the condition of the amplifiers from
whieh I made the “before” oscillograms.
With just a little work they can he
made as good as the amplifiers from
which the “after” oscillograms were
taken. o
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High-Quality
Dual Channel Amplifier

Cdr. CHARLES W. HARRISON, Jr.

A qualitative description of a preamplifier, high impedance R-C dividing network,
and power amplifier that are intrinsically simple—yet capable of great performance.

HIGH-QUALITY AMPLIFIER must be

capable of passing rigid laboratory

measurements, meet all listening
requirements, and be simple and straight-
forward in design in the interest of mini-
mizing performance degradation and
eventual maintenance difficulties.

The circuits of the preamplifier, high-
impedance dividing network, and power
amplifier deseribed in this paper are not
fundamentally new; they represent a
synthesis of well-known component cir-
cuits of recognized excellence.

In general, the playback system was
evolved a “block” at a time after exten-
sive experimentation and listening tests.
Each unit had to “test” well, i.e., possess
appropriate frequency response, ade-
quate voltage or power output, low dis-
tortion and hum level, and then “sound”
right when used as an integral part of
the sound system. Any unit not meeting
these criteria was rejected.

The preamplifier shown schematically
in Fig. 1, consists of a type 6J7 input
tube, followed by two type 6SN7 tubes.

“Local” feedback is effective in all stages
cxcept the first; however, it is to be ob-
served that the feedback loop never en-
compasses more than two stages. Uncon-
ditional stability, low output impedance
and the minimization of distortion is
thereby assured. The type 6J7 input tube
was selected because it is reliable and
quiet in operation. It does not generate
periodic “frying” noises and the hum
level output is acceptably low. In addi-
tion the tube fits a standard octal socket
having lugs of sufficient mechanieal
strength to support one end of a resistor
or capacitor. The first stage serves exclu-
sively as a voltage amplifier. No equaliza-
tion is accomplished. It has been the
writer’s experience that most preampli-
flers featuring a frequency-selective feed-
back circuit for equalization which con-
nects to the cathode end of the bias
resistor of the input tube generate an in-
tolerable hum in any reproducing system
capable of good bass response. This
statement is sometimes true even when
complicated d.c. heater supplies are em-
ployed. It appears mandatory that one
employ a large bypass eapacitor across
the bias resistor. Preamplifiers utilizing

the method of “contact bias” are rejected
because of the excessive intermodulation
distortion developed in such circuits.
(This bias method permits the direct
grounding of the input tube cathode.)
The distortion in the 6J7 stage is low
even without feedback because the signal
voltages rarely exceed 100 mv rms. If
desired, the low-distortion input ampli-
fier stage described later may be used,
provided the entire bias resistor is heav-
ily bypassed and the volume control is
replaced by a resistor matching the
pickup impedance.

Frequency correction of 6 db per oc-
tave below approximately 500 cps is ae-
complished by the passive R-C cireuit
shown between the 6J7 and first triode of
the following 6SN7. The second triode
furnishes some amplification and permits
the application of negative feedback
around the two stages associated with
this tube. Following the volume control,
a 36 position R-C equalizer appears. The
maximum bass rise or cut is 12 to 15 db.
At high frequencies the available rise is
3 to 5 db, and the cut is approximately
12 db. No interaction exists between the
bass and treble sections of the equalizer.
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The resistor marked 50,000-100,000
should be selected on the basis of bass
equalization required. Bass progressively
increases as its value is reduced. The
equalizer is followed by a two-stage am-
plifier, using a second 6SN7. Voltage-
controlled feedback is applied around
these two stages to minimize distortion
and yield low output impedance. A cath-
ode bypass capacitor is used in the out-
put stage to eliminate degeneration at
this point which would tend to raise the
output impedance. If desired a cathode-
follower output stage may be added to
this preamplifier provided the power am-
plifier to be used in not high gain; other-
wise hum problems are sure to be en-
countered. If feedback is not required
around the first half of the 6SN7, the
second half may be wired as a cathode
follower. With slight cireuit redesign,
type 12AY7 low-noise dual triodes could
be used in lieu of the 6SN7 tubes. If an
FM tuner input is required, a two-posi-
tion shorting-type switeh should be in-
stalled adjacent to the volume control on
the left.

The hum level of this preamplifier is
extremely low. From experience the au-
thor can report that nothing is gained in
this respect by the employment of d.c.
on the tube heaters. It has been found
that less than one-third of the equalizer
positions available are needed in practice
to compensate for the various recording
characteristies in use.

This preamplifier does not feature

built-in AES, NAB, RIAA (new ortho-
phonic) response characteristics. The
philosophy of precise preamplifier
equalization which fails to take into ae-
count the frequency response of the
pickup, power amplifier, and speaker to
be employed is a mystery to the writer.
System, rather than ecomponent engineer-
ing is required. As a practical example,
suppose that the AES playback charac-
teristic is specified for a given recording
and that this response curve is built into
the preamplifier. Excellent results will
undoubtedly be obtained provided the
pickup, power amplifier, and speaker
are flat. Now let it be assumed that the
speaker (high-frequency driver in a dual
loudspeaker) is down 12.5 db at 12,000
eps, which is not at all unusual. The
program material in this frequency re-
gion is now attenuated by some 12.5 db
more than required by the AES play-
back curve. Percussion instruments will
appear to be in the background, a con-
dition not acceptable to a person who en-
Jjoys “high-highs.” To approximate the
AES play-back curve for a given sound
system may actually require a preampli-
fier having essentially flat response above
500 cps; the high-frequency pre-em-
phasis used in recording being more or
less offset by the high-frequency rolloff
of the loudspeaker and pickup being
employed. In addition to the factors men-
tioned above affecting preamplifier
equalization, the influence of listening
room acoustics must be given due weight.
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Fig. 2 Schematic of the high-impedance R-C dividing

network between the amplifier

and the inputs to the two power amplifiers.

A dual-channel amplifier has several
advantages over a single amplifier for
driving a dual loudspeaker. The use of
a distortion-producing dividing network
at high signal levels is avoided, as is ths
power-consuming attenuator normally
required .n the high-frequency channel
to obtain bass and treble balance. The
divided transmission system permits ex-
act impedance matching between ampli-
fiers and speakers and additionally per-
mits one to obtain optimum generator
impedance in driving the bass and treble
speakers. This is generally impossible
when a dividing network is interposed
between an amplifier and dual loud-
speaker. This scheme is a good way of
achieving linear transmission of low fre-
quencies (such as emanate from drums,
gun shots, explosions, and thunder)
together with linear transmission of high
frequencies (such as emanate from tri-
angles, castanets, ¢ymbals, and tambou-
rines), without severe modulation of high
frequencies by the low frequencies.

The circuit diagram of an R-C dividing
network employing cathode follower in-
put and output stages is shown in Fig 2.
Two type 12AY7 tubes are used; one in
each channel. The values of capacitors
and resistors shown result in an 800-cps
crossover. If, for example, a crossover
frequency of 500 eps is desired, the
values of the filter ecapacitors should be
multiplied by the ratio 800/500. The re-
sistors. do not change value. Similarly,
multiplying the capacitor values by
800/1500 yields a crossover frequency
of 1500 cps. Each R-C section of both
filters should be adjusted to be down 1
db at 800 cps (for 800-cps erossover) by
padding the appropriate eapacitor and
resistor so that the total attenuation for
all three sections in cascade is 3 db. The
low-frequency filter provides an attenua-
tion approaching 18 db per octave above
the crossover frequency, and the high-
frequency filter provides an attenuation
approaching 18 db per octave below the
crossover frequency. By actual measure-
ment on the R-C dividing network con-
structed by the author, the low-frequency
filter is down 11 db at 1600 ¢ps and the
treble filter is down 11 db at 400 eps.
Thus the attenuation afforded by the
three-section R-C filters is 11 db in the
first octave, the crossover frequency
being taken as reference. The input im-
pedance of the dividing network is ex-
tremely high. The output impedance of
each channel is low, permitting the use
of rather long cables to the bass and
treble power amplifiers without deleteri-
ous effect on the high frequencies. Ten
volts rms will not over-drive the dividing
network. If the network is used in con-
Junction with power amplifiers like the
one to be described in the following see-
tion the operating level need not exceed
one-half volt. Thus essentially distortion-
less operation is assured.
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Fig. 3. Schematic of the power amplifier. Values of R and C in the feedback circuit
are discussed in the text,

A schematic of the basic or power am-
plifier is shown in Fig. 3. The tubes em-
ployed are 1-6J7, 1-6J5 and 2-5881.
Using tubes selected at random the am-
plifier is capable of delivering 10 watta
at under 1 per cent intermodulation dis-
tortion; 12 watts at under 3 per cent. An
18-watt power output is available over
the frequency range 20 cps to 140 kes
(by appropriate adjustment of the input
voltage) without visible wave form dis-
tortion (estimated at under 3 per cent
harmonic distortion). The amplifier is
absolutely flat at 12 watts output from
below 20 eps to 55 kes for constant-volt-
age input, dropping to — 2 db at 125 kes;
-5db at 175 kes and - 6.5 db at 200 kes.
One half volt rms will drive the unit to
full power output. It will deliver 12
watts for 0.38 volts rms drive. These per-
formance data are based on the use of 10
db feedback.

The component values, i.e., resistors
and capacitors associated with the 6J7
voltage amplifier, were selected to mini-
mize intermodulation distortion. It was
found desirable to use a voltage divider
to obtain screen voltage and to bypass
the screen to the cathode of the tube. The
bias resistor is almost entirely bypassed;
only a small portion of the total resist-
ance being left unbypassed for the appli-
cation of negative feedback.

The phase splitter, employing a 6J5, is
an excellent method of coupling a single-
ended plate circuit to a push-pull grid
circuit. (A phase splitter, as well as a
cathode follower, is defined for later
usage as “one-half” stage.) This eircuit is
self-balancing, and distortion is low. Any
unbalance effects at high frequencies are
generally negligible.

The output stage features the use of a
Peerless type 256Q 20-20 plus trans-
former. Note that the bias resistor for
the push-pull type 5881 tubes has a value
of 125 ohms. The 5881 tube is similar to
Western Electric type 350B and are in-
terchangeable. Both have “power fila-
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ments” in that 1.8 amperes at 6.3 volts
is required for cathode heating.

Feedback is applied around the “2.5”
stages; the required voltage being taken
from the secondary winding of the out-
put transformer. The values of R and C
in the feedback circuit must be selected
by test. The value of R controls the
amount of feedback (usually expressed
in db), and C controls the high-fre-
quency ringing, i.e., for the purpose
of damping out any small oscillations
that may appear on the leading edge of
a square wave. The equipment needed to
determine the proper value of R and
optimum value of C is: a vacuum tube
voltmeter and a sine and square wave
generator. It is customary to load the am-
plifier by a resistor equal to the nominal
load impedance of the amplifier when
choosing the correct values of R and C,
rather than use the loudspeaker as load.
Optimum generator impedance can be
obtained by varying the value of R in the
feedback path and conducting simultane-
ous listening tests. As R is increased the
value of feedback is decreased.

This power amplifier is basically
simple and utilizes the minimum number
of stages required to do the job effec-
tively. Although feedback is applied
around “2.5” stages the amplifier is

stable with feedback values up to at least
30 db. Many of the popular circuits of
today feature the application of large
values of feedback around “3.5” to 4
stages. This is an invitation to serious
trouble. Marginal stability obtains and
at some signal levels violent subsonic and
supersonic oscillations may be generated.
Even though these frequencies may not
be heard, i.e., they fall outside the audio
spectrum, the power delivering capabil-
ity of the amplifier is largely consumed.
Thus little “clean” power is available in
the frequency range of interest. This
principle is too frequently overlooked
in practice. The power amplifier will de-
liver a clean signal over its entire fre-
quency range even without feedback,
This is not true of one well known circuit
which utilizes 20 db of feedback. A sine
wave input at 60 ke is likely to appear
at the load terminals as a series of tri-
angles!

The writer is of the opinion that an
otherwise essentially distortionless am-
plifier does not require the application
of large values of feedback. The use of
20, 40 or 90 db feedback is nonsense.
Values of 10 to 15 db voltage-control
feedback are adequate for two important
reasons:

(a) Instability tendencies are reduced.

(b) The experimentally observed bass
loss in the frequency region of
speaker resonance i3 minimized.

It is interesting to note that the de-
signers of theater sound equipment re-
strict the use of feedback to the 10 or 15
db level.

There may be protests to the effect
that the equipment deseribed in this arti-
cle is not an “all triode”’ playback sys-
tem. It would seem meaningless to insist
on the exclusive use of triodes in ampli-
fiers until records are available bearing
the label “We guarantee all electronic
equipments used in making this record-
ing were fitted throughout with triode
vacuum tubes.” Note also that AM,
FM, and TV stations will never measure
up to the standards of the perfectionist
who insists on the utilization of triode
vacuum tubes in every tube application.
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Fig. 5. Above, the preamplifier; below,
the power ampliffer. "“Building block”
construction makes for flexibility.

Fig. 6. Above, the power supply is a
simple and neat construction; below, the
dividing network chassis.

Fig. 7. Above, left, bottom view of the preamplifier with the base plate removed to
show layout of parts and wiring. Fig. 8. Above, right, bottom view of power am-
plifier with base plate removed.

Fig. 9. Underside
of dividing net-
work chassis.

The power supply illustrated schemat-
ically in Fig. 4 is entirely conventional.
It delivers 290 volts d.c. at 200 ma and
6.3 volts a.c. at 6 a. To minimize hum in
the playback system, the heater winding
is operated at a positive potential of
about 29 volts, the center tap of the
winding being heavily bypassed to
ground. Although often omitted from
commercial equipment, the bypass ea-
pacitor is a circuit element vital to the
successful operation of this hum redue-
tion scheme. Because of the relatively
low d.c. voltages required for operation
of the preamplifier, R-C dividing net-
work and power amplifier, one may ex-
pect that 450-volt electrolytic filter ca-
pacitors, if used throughout the equip-
ment, will have exceptionally long life.

The writer believes in building equip-
ment with the best parts available. All
coupling capacitors should be rated at
600 volts, and if 0.1 uf and less in ca-
pacitance should have a leakage resist-
ance of at least 1500 megohms. The bass

and treble controls in the preamplifier
should be of the shorting type and fea-
ture silver contacts and steatite insula-
tion. Capacitors used in the equalization
circuits should be 5-per cent tolerance
silver mieas (except possibly in the larg-
est sizes). Resistors in these -ecircuits
should be within 5 per cent of specified
values, or better. Very precise values of
resistance and capacitance are required
in the filters of the dividing network. In
the push-pull portion of the power am-
plifier the capacitors and resistors used
should be selected for balance. The most
reliable volume controls that can be ob-
tained should be used, in log-taper form.
In general, resistors rated at 1 watt dis-
sipation are adequate, except in the fol-
lowing instances: The 33,000-ohm resis-
tors in the dividing network are 2 watt
types as is the 2400-ohm resistor in the
power amplifier, and the 125-ohm bias

27



resistor in the power amplifier is a 10
watt type. It is a good idea to use wire-
wound plate-load resistors in the low-
signal-level stages. Although a Peerless
transformer and choke are not essential
circuit elements in the power supply, the
writer built and tested the amplifier with
a Peerless 256Q output transformer, and
has no data on how another transformer
type may operate in this circuit! Small
broadeast-type connectors may be used
conveniently for inter-chassis connec-
tions where audio voltages are involved.
Four-conductor cables terminating in
male plugs are useful for power connec-
tions and the chassis connectors being
standard four-hole sockets.

The writer’s present dual-channel play-
back system consists of a turntable,
pickup and arm, a preamplifier (Fig. 1),
an R-C dividing network (Fig. 2), two
identical power amplifiers (Fig. 3), two
power supplies (Fig. 4), and the dual
loudspeaker described in an earlier
paper.! The equipment corresponding to
each schematic presented here was con-
structed on separate chassis as shown
photographieally in Fig. 5 and 6. This
building-block technique was employed
so that new innovations may be checked
with minimum constructional labor. The
preamplifier was built on an aluminum
chassis having dimensions of 7x12x3

inches. The arangement of parts may be
seen in Fig. 7. If Vector socket-turrets
are used the circuit can be built in a
5x10x 3 inch base. The employment of
aluminum material that is not painted
permits one to make the numerous low-
resistance ground connections required
by the circuit configuration. It is very
important to keep ground leads short in
high gain circunits. The dividing network
and power supply fit nicely on a chassis
measuring 5% x 914 x 114 inches. The
orientation of parts in the dividing net-
work is shown in Fig. 8. The power am-
plifier can be built on a 7x12x 3 inch
black-crackle finish steel chassis with
room to spare. A bottom view of this
unit appears in Fig. 9. Since high signal
levels obtain in this circuit a ground bus
may be used (grounded to the chassis at
each end) without development of hum
difficulties. The writer finds the use of
a ground bus a constructional advantage.

At present four parallel-connected
bass drivers are in use in the bass section
of the speaker described in reference 1.
The driving-point impedance of the ar-
ray is 2 ohms. Accordingly, the second-
ary of the output transformer in the
bass amplifier is connected for this load,

1 Charles W. Harrison, Jr., “Coupled
Loudspeakers,” Aupio ENGINEERING,
Vol. 37, No. 5, pp. 21, May, 1953.

and R and C selected for 10 db feedback
and minimization of ringing, respec-
tively. The value required for R is 330
ohms, and for C. 0.005 uf. The high-fre-
quency driver in use is a Western Elec-
tric type 594A having an impedance of
24 ohms. A resistor of 48 ohms is con-
nected across the voice coil so that the
impedance of the parallel combination
is 16 ohms. The output transformer of
the treble power amplifier is connected
for this load. In this case R is 1500 ohms
for 10 db feedback, and the optimum
value of C = 1360 uf2.

A schematic for the 24 volt d.c. field
supply required for the operation of the
WE 594 A driver is not included in this
article because this driver is not gen-
erally available. Several other makes of
high-frequency reproducers are available
with permanent magnet fields, however.

Acknowledgment

Technical contributions to this article
were made by CDR. S. E. Ramey, CDR.
R. R. Potter, CHRELE. J. C. Bradbury
all of the U. 8. Navy; and Captain Jack
Kadey of Capital Air Lines. Photog-
raphy is by Mr. Lyle Trenchard.

2 For a load of 4 ohms, B is 1000 ohms
and C is 1500 ppuf.

BUILDING SIMPLICITY

{Continued from page 18)

28

control, and to re-route the wire which
carries the output of the cathode-follower
directly to the “output to tape recorder”
jack. One of the “AUX" input jacks
may have its wire disconnected from the
selector switch, and connected directly
to the “loudness” control. New labels
should be made, showing this last jack
as the “torfe control input” or such other
language as suits the user. With these
wiring changes, the cathode-follower out-
put of the selector switch is connected
directly to the input of the tape re-
corder, whose output is then connected
directly to the volume control, tone con-
trols, power amplifier, and loudspeaker.
The recorder may then be turned on
whenever the system is in use, so as to
feed all signals through to the amplifier
and loudspeaker, or it may be equipped
with a switch which connects its input
to its own output whenever the recorder
is turned off, so as to be effectively out
of the circuit except when in use.

A careful examination of the sche-
matic diagram of any equipment to which
a tape recorder is to be connected will
usually reveal a point in the circuit
where level is high, and not subject to

variation with the volume control set-
ting, and a point which has not been
subjected to tone control. Usually, this
point occurs immediately after the selec-
tor switch. If a cathode-follower happens
to be in the circuit immediately follow-
ing the selector switch, so much the
better—the output to the tape recorder
may then satisfactorily be connected
here, rather than directly to the selector
switch, provided the volume control was
not placed earlier in the circuit than the
point selected for the output to the tape
recorder. Usually, this configuration will
result in a system which can “howl” if
the monitor selector on the tape recorder
is set at “input” when the control box
selector is set for “tape,” but the system
will be capable of making high-quality
tapes, with adequate level, and with flat
frequency response. “Howl” can be posi-
tively eliminated only by adopting the
“series” type of connection for the tape
recorder.



Stereo Monaural Companion
Amplifier for the "Preamp
- with Presence”

LOUIS BOURGET

Built around a new phase-splitter circuit, this stereo amplifier will provide adequate
power for the average installation with better than average performance through-
out the entire audio spectrum. The phase splitter itself is worthy of notice, also.

o3t or US have heard the impres

sive stereo tape demonstrations

given at virtually every audio ex-
hibit held within the last two years.
Those of us who have long dreamed of
owning a really complete music system
may now take heart. The cost is rela-
tively modest for the features provided
and the entire system may be assembled
progressively so that you may start with
any existing souree—say a phonograph
player or AM/FM tuner—and eventu-
ally have a eomplete high fidelity system
accommodating the following input
sourees :

. Phonograph

. AM/FM tuner

. Monaural tape

. Stereo tape

. AM tuner—for stereo AM/FM
broadeasts in metropolitan arecas.

O WO DD =

The sterco amplifier with dual speak-
ers or speaker systems is also very effee-
tive when used in parallel from a single
preamp for “spreading out” the sound
source. The musie appears to emanate
from an area centered between the two
speakers when they are in phase and
operated at the same intensity level.
The bass range is eonsiderably improved
—from better speaker coupling to the
room air and an apparent filling in of
room nodes.

Once you become accustomed to the
versatility and superior sound distribu-
tion of a twin-channel system it is un-
likely that you will settle for less.

The dual amplifier, shown in Fig. 1
with its power supply and the preamps,
was designed to operate from two Me-
Proud preamplifiers  (“Miniaturized
Preamp with Presence””)! which have
been modified for playback of commer-
cially recorded tapes. The amplifier in-
corporates some features usually found

! Aupto, May, 1955.

Fig. 1. The complete amplifier system, consisting of the stereo dual-channel power
amplifier, two Miniaturized Preamps with Presence, and the power supply.

only in laboratory type equipment:

1.

The output tubes are balanced for
both dynamic and static conditions,
sustaining full power delivery at low
frequencies.

. The phase splitter is balanced for

both dynamic and static conditions.
It is not frequeney conscious. When
balance is made at any audio fre-
quency it will be correct for a fre-
quency range wider than the audio
spectrum.

Hum is of such low order that it
becomes difficult to measure with ae-
euracy.

. Thermal hiss is low enough to permit

the source materinl and preamp to
act as the dominant influence with-
out later stages causing masking of
subtle high frequency detail.

The tube types used are moderate in
cost and are operated under condi-
tions which shoukl give reasonably
long life expectancy.

The amplifier power output (per
channel) is based on the power require-
ments of the majority of existing speak-
ers (or speaker systems) used in the
home, to the extent that the speaker
will reach excessive distortion linits
ahead of the amplifier. Power heyond
this requirement could well be a waste
of money. To determine this power in
watts for each half of the douhle nmpli-
fier led us to test a quantity of loud-
speakers.

This study was made over a period of
six months and included everything
from eight-inch speakers to large three-
way systems using fifteen-inch speakers
for the woofer section. All of the speak-
ers tested could be driven to excessive
distortion levels before the amplifier
capability was exceceded. It is interest-
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Fig. 2. Over-all schematic of one of the dual-channel amplifiers. Both sections are identical, oand are built on a single chassis.

ing to note that ten clean watts when
available down to 30 eps proved entirely
adequate to reach one or more of the
following conditions:

1. Limiting distortion of the speaker
suspension system at low frequen-
cies.

. Excessive distortion with spurious
frequency generation at the middle
and high frequencies.

3. Loudness levels judged intolerable

for home use.

[

The maximum power rating given by
most speaker manufacturers is not in-
tended as their recommended operating
condition, but may preferably be inter-
preted in most cases as the danger level
for the speaker mechanism. Fortunately
the human hearing tolerance level is
usually exceeded first except at ex-
tremely low frequencies and we are not
often tempted to damage expensive re-
producers.

To determine the power level at which
suspension limiting takes place is fairly
simple and makes use of a device fre-
quently employed in the test laboratory.
It consists of a dummy resistive load
{of adequate power rating) mounted in
a box with a quick changeover switch
from voice coil to dummy load. Jacks
are also provided for a calibrated oscil-
loscope and an a.c.-VTVM for rms val-
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ues. These are connected in parallel so
that they remain across the amplifier
output on either resistive-load or voice-
coil position. Comparison of the levels
at which peak limiting occurs provides
the answer at low frequencies. At middle
and high frequencies a simple technique
1s used. The ear is remarkably sensitive
to the apparent change in pitch due to
frequeney doubling or halving when
overload point is reached for the loud-
speaker from a sine-wave input source.
Protective ear plugs are desirable here,
as you may otherwise exceed the
“threshold of pain” and this is as un-
wise as welding without goggles. The
human hearing apparatus is also oper-
ating in a more diseriminating manner
when subjected to sound intensities well
helow the maximum tolerance level by
the use of ear protective plugs.

All of this may seem a little beside
the point in leading up to a description
of the dual amplifier but if it were
omitted many people might wonder
about our manner of drawing such con-
clusions.

In this dual amplifier either side will
deliver 20 watts before clipping. The
extra power above 10 watts per side
allows for tube aging and is considered
an economy in terms of useful tube life
at normal listening levels.

Voltage Amplifier and Phase Splitter

The voltage amplifier and three-tube
phase splitter employ the newer
6SN7GTB which has been much im-
proved for TV and governmental equip-
ment. The circuit is shown in schematie
form in Fig. 2.

The first stage is conventional except
for the 0.1-meg. input potentiometers
which are deliberately made less than
the 0.5-meg. input commonly used in
many amplifiers. This prevents the con.
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Fig. 3. Simplified schematic of the phase

inverter circuit, which is capable of ex-

cellent balance throughout the entire
avdio spectrum.



trol from becoming a differentiating ecir-
cuit at middle and lower settings due
to the RC network, formed by stray
capacitance from wiring and terminals,
which normally cause spiking of square
waves on many amplifiers. The “Preamp
with Presence” (like all modern pre-
amps) has low output impedance and no
difficulties are posed.

The phase splitter is an improved
variation of eircuitry used by the writer
since the late 1940’s.2 A cathode follower
provides simultaneous audio signal volt-
age to the cathode of one driver and the
grid of the opposing driver, as shown in
the simplified schematie, Fig. 3. Note
the use of a plate-voltage dropping re-
sistor—well bypassed—in the cathode-
follower plate circuit. This is important
to establish operation of the follower
on the same part of the dynamic char-
acteristie as the phase opposed drivers.
Also observe that the energized-grid-
and cathode-cireuit capacitances of the
drivers (including strays) are effectively
in parallel across the low input imped-
ance of the cathode follower. This means
that the shunt RC product is held to
a small value and is virtually identical
for the two drivers—a condition which
makes it possible to obtain perfectly
balanced driving voltages across more
than the complete audio spectrum. The
phase-splitter balance eontrol is a 10,-
000-ohm wire wound potentiometer in
the cathode-to-ground cireuit of the
follower. Balance will be obtained with
the arm set about 1000 ohms up from
ground.

Balancing the Phase Splitter

If you have no test equipment avail-
able, the phase splitter may be balanced
as follows: conneet a temporary short
lead from grid to grid of the 6Y6 final
—pull out one of the 6Y6 tubes and
balance for null on low level music. Re-
move the short and plug the 6Y6 back
in its socket.

While much has been written about
two-tube “self-balaneing” phase split-
ters, some rather important defects are
generally ignored or glossed over. The
phase-inverted side causes the signal
to go through one more tube than the
“direct side.” This usually leads to
higher distortion and unequal phase
rotation with attendant halance difficul-
ties at frequency extremes. No one would
be so optimistic as to expect high-qual-
ity performance from a final stage with
one flat tube. Obviously the same thing
applies to the drivers. When one tube
is badly off in a pair of phase-opposed
drivers, a self-balancing eircuit only
insures that the flat tube will be driven
harder, with inevitable inerease of dis-
tortion. The answer is simple. Tubes in

*Patent 2,618,711 issued November 18,
1052,

Fig. 4. Top view of the amplifier chassis. The jacks at the rear are for the outpuls,
while power is fed to preamps from octal sockets toward the front.

high class equipment should be tested
periodically and replaced when neces-
sary. In this amplifier the use of the
improved 6SN7GTB tuhes at plate cur-

rents of only 1.3 ma in each triode see-
tion serves to insure long trouble-free
performance from a ereuit which may
he set precisely for balanced operation.

Fig. 5. Bottom view of amplifier chassis. Input controls are on front aprcn, with
balance controls accessible from top of chassis just below them. Hum balance control
is at center, individual bias controls are just above terminal strips. Filament emission
balancing controls, plate current jacks, and toggle switch are on right and l2ft aprons.
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Fig. 6. Schematic of modifications to one of the preamps to permit direct connection
from tape head as well as to eliminate tone and loudness controls from the circuit
for recording.

The Output Stage

The choice of 6Y6 output tubes was
made after testing many different beam
tubes in both triode and pentode con.
neetion. These tubes huve the advantage
of high power output at moderate plate
supply voltages. In addition, the opti-
mum plate to plate load impedance is
lower than for most beam tubes and
permits better low-frequency perform-
ance from a given amount of iron and
copper in the output transformer.

The 6Y6 output tubes are operated at
300 to 325 plate volts and an OD3/-
VR150 gas tube is used as a series drop-
ping deviee to maintain the sereen volt-
ages precisely 150 volts lower than the
plate supply. The 15,000-ohm resistor
from screen circuits to ground keeps

uabout 12 ma of gas-tube current flowing
and stabilizes operation.

Improved low-frequency performance
is assured by both dynamic and statie
balancing of the output stage. Most
amplifiers—where balance adjustments
are provided at all—permit balancing of
only static eathode current values. This
is usually arranged as either a variable
cathode bias or grid bias ecircuit which
permits reducing the plate current of
the “high” tube to match the lower tube.
Unfortunately this type of balancing
generally leads to even poorer condi-
tions of dynamie balance at medium and
high level plate eurrent excursions.

In the stereo/monaural amplifier,
hoth output tubes in either push-pull
pair have identical, fixed bias grid volt-

Fig. 7. View of two preamps showing modifications, including addition of toggle
switch to the one at the right.
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ages. A cathode current jack and switch
permits comparing the cathode currents.
The common bias eontrol is adjusted to
produce 38 ma of cathode current for
the lowest tube’s plate current with the
filament control P, set for zero resist-
ance. If the “high” tube is in the socket
which has the filament control, it is only
necessary to reduce the filament voltage
slowly until 38 ma plate current is ob-
tained. If the high tube is in the wrong
socket, merely interchange the output
tubes and proceed as described. Ob-
viously we are balancing by means of
reducing the emission of the “hotter”
tube. Extensive testing has verified that
this method results in improved dynamie
balance and sustains the delivery of full
power at low frequencies.

Much credit for the high performance-
vs.-cost ratio of the amplifier must go
to Triad’s Model S-35A output trans-
former. In this circuit the transformer
holds up remarkably well, down to 20
cps and costs about half of what you
might normally expect to pay for these
results. Figure 4 shows the chassis lay-
out and Fig. 5 shows the underside
wiring.

Equalization

The 9000-obhm wire wound resistor
and .001-uf capacitor from plate to
plate of each output stage, serves to
neutralize any ringing tendency with
the value of negative feedback employed.
Feedback is taken from a voltage di-
vider aeross the voice-coil winding of
the output transformer and is otherwise
eonventional.

The amount of inverse feedbaek used
is deliberately held to about 10 db. The
amplifier is easily driven to full output
from less than one volt of input signal
so the two volume controls serve mainly
as ‘level-setting” devices. These are
linear 0.1-meg. controls and are set
about one quarter of full rotation when
used with the Miniaturized Preamp
with Presence.

Preamp Modifications

While the Preamp with Presence kit
is no longer available as a commercial
unit, it is still possible to employ con-
ventional construction practices and
build the unit without the prefabricated
etehed wiring panel and the sheet-metal
chassis parts, although there is more
work involved. However, with a few
modifications to the preamp ecircuit it
may be made to operate directly from
tape heads, and it is likely that other
types of circuits could be modified simi-
larly to obtain the same results. Figure
6 indicates the changes in the miniatur-
ized preamp. The TAPE position replaces
the For (foreign) phono position of the
original circuit, and slight changes in the
wiring of section C of Sw, permits con-
necting both phono and tape head to in-



put jacks permanently with the switch-
ing selecting the input as well as chang-
ing eyualization. Note that another phono
Jack has been added (J ;) and that the feed
to the tape recorder has been changed
to operate from the output of the entire
unit—in parallel with the input to the
power amplifier. A pair of resistors has
heen added to the radio input to reduce
the signal level fed to the selector switeh,
and a DPDT toggle switech has beeu
added to eliminate the tone and loud-
ness controls when it is desired to record
radio programs or dub from plono-
graph records. This change is inecor-

Fig. 8. Top view of power supply chassis.

porated in only one of the preamps
unless the user plans on recording
stereo in addition to playing back stereo
tapes. Figure 7 shows the two preampli-
flers together, the one on the right hav-
ing been modified with the toggle switch.

Power Supply

The power supply is designed around
a 300-volt, 300-ma television power
transformer which powers both ampli-

Fig. 9. Underside of power supply
chassis.
fiers through parallel filter systems.

Separate low-resistance chokes and sepa-
rate filter capacitors were employed to
minimize common coupling in the filter
system. Most TV transformers have
more than one 6.3-volt filament winding.
In our case, the two windings were care-
fully checked for correct phasing null
with a pilot lamp and then wired in
parallel. The bias supply uses a small
filament transformer “backwards” to
furnish 120 volts to a selenium rectifier
and RC filter network. This provides
almost instant bias as soon as the power
switeh is turned on and there is no
danger of the tubes heating up ahead
of the bias supply. Figures 8 and 9
show top and bottom views of the power
supply, and Fig. 10 is the schematie.

While every audiofan or engineer is
entitled to his prejudices, we feel that
the versatility and performance of this
amplifier makes it worthy of considera-
tion for those who plan on having a
complete music system.
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Fig. 10. Schematic of power supply.

AMPLIFIER PARTs List
(Each amplifier section requires the follow
ing parts; hence two complete sets are re
quired, exeept for the chassis.)

b 2 3

C,, C. 0.25 uf, 400 v. paper
C. 10-10-10-50/450-450-450-25
eleetrolytic; Sprague
TVL-4723
C, .001 uf, 1000 v, paper;

Sprague 10TM-D1

Iy I, Closed circuit phone jacks

P, 0.1-meg potentiometer,
linear; TRC Q11-128

P, 10,000-ohm potentiometer,
audio taper, IRC Q13-116

P, 5000-ohm potentiometer,
linear; IRC Q11-114

P, 2-ohm potentiometer, wire
wound; IRC W-2

P, 100-ohm potentiometer,
wire wound; IRC W-100

R 220 ohms, %4 watt

1
R, R, R,, R, 100K ohms, 2 watts, 5%
R, 470 K ohms, 1 watt
R 1500 ohms, % watt

4
R, R, 1.0 megohm, % watt
R, 3900 ohms, 1 watt, 5%
R,, R, 100 K ohms, 1 watt, 5%
R, 15,000 ohms, 2 watts
R, 9000 ohms, 10 watts, wire
wound
R, 1000 ohms, 1 watt
R 4700 ohms, 1 watt
R, 47,000 ohms, 1 watt

5000 ohms, 5 watts
10,000 ohms, 1 watt

Sw, DPDT toggle switeh
T, Output transformer, Triad
S-35A
v, v, 6SN7GTB
o 7, 6Y6
v, 0D3/VR-150
Chassis 10x12% 3 in.

Sockets for 6SN7’s are Vector 10MB12T
(4 required)

Power SuppPLY ParTS LIST

80-40/475, electrolytic;
Sprague TVL-2850

C, 30-30/150 eleetrolytic;
Sprague TVL 2422 (insu-
lated from chassis)

c" CI

C, C; .01 uf, 400 v. paper

L, L, Choke, 3 Hy, 160 ma, 75
ohms; Triad C13-X

R, R, 100 K chms, 2 watts

R, 47 ohms, 2 watts

R, 2400 ohms, 2 watts

Sw, DPST toggle switeh

14 TV power transformer for
300/325 volts d.c. output
at 300 ma; 6.3 volts at 12
a; 5 volts at 3 a.

7o Filament transformer, 6.3
vat1 a

v, 5U4GB

Rect. 50-ma, 130-volts selenium
rectifier

Chassis 7% 11%3 in.
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Stereosonic Magnetic Recording

Amplifier

ARTHUR W. WAYNE

Describing a specific amplifier designed for a Ferrograph Tape Deck, but
one which could be adapted fairly easily to accommodate any other type
of stereo deck with heads of similar impedances and drive requirements.

netic recording system are few and

simple. They are:

(1) A tape transport deck

(2) (a) A loudspeaker and (b) a

box or baffle for it.

(3) An amplifier

(4) A reasonable amount of intelli-

gence in the use of (1) (2) and
(3).

Requirement (4) is easily disposed
of, as it is obvious that every reader of
Aupio will more than satisfy it; and of
the remaining three items, the only ones
in reach of the ordinary amateur con-
struetor are (2) (b) and (3). So far as
(2) (b) is concerned, suggestions will
be made in Appendix 2 for the con-
struetion of a resonant enclosure suitable
for use with one particular make of
speaker only: and, as there are few
amateurs with the necessary facilities
for acoustic deterininations, where other
loudspeakers are preferred, the maker’s
recommendations should be sought.

This leaves us with (3); and a strietly
practical deseription of a commereial
amplifier, intended for stereosonie or
single-channel use at will, and eminently
suited for amateur construction, follows.

With a genuine high-fidelity output
of 15 watts per channel, rising to 25
watts peak, and a comprehensive tone-
control system, it provides a quite use-
ful amount of noise for the smaller P.A.
operator as well as for the home.

The basic amplifier, the Shirley Labo-
ratories Ltd. FS101, shown in Fig. 1
was deliberately developed with “listen-
ability” in mind, a subtle facet of hi-fi,
not always completely covered by con-
temporary design. Most modern ampli-
fiers have approximately equal charac-
teristics, but there is no doubt that, to
paraphrase “Animal Farm,” some am-
plifiers are more equal than others. Now,
we engineers are a parochial lot, much
given to blinding ourselves by science,
and with a touching faith in figures:
moreover, we labour under the extra-
ordinary delusion, perhaps in company
with the biologists, that these figures

THE BASIC REQUIREMENTS of any mag-
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tell the whole story. Even here we don’t
play fair, for we talk glibly about
square waves and sine waves, and all
the other sorts of waves, without ex-
plaining that thesc are functions, part
of a general system of analysis of which
our familiar audio problems are a very
small part indeed. (Even the concept of
a square—cubie?—wave in three dimen-
sions seems a little diffieult, and we do
hear in three.)

The FS103 is designed to work with
the “Ferrograph” type C88 stacked-
head deck, now heecoming available in
the U.S.A.; and it has been demon-
strated in eonjunction with this deck at
various Audio Shows in New York and
elsewhere, where it appeared to arouse
interest. For the amateur who wishes to
experiment, Appendix 1 gives details of
some possible modifications, one or two
of which are in use on versions of the
amplifier manufactured for specialized
purposes. It is not proposed to discuss
the theory of magnetic recording, as
this has been fully covered in this jour-
nal and elsewhere.

Over-all Circuitry

In the over-all schematic Fig. 2, the
figures and letters in the circles refer to
the tag strips on the underside of the
C88 deck. All funection switching on
Ferrograph equipment is provided on
the decks themselves, which makes the
task of the constructor -considerably
simpler than it would be if the switch
units were incorporated in the amplifier.
At the same time, it renders possible the
provision of heavier and hence more
reliable switeh banks, those on the C88

—_— -
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being very substantial. The terminal
strip locations are shown in Fig. 3, and
the spare positions on the switches may
be used for a variety of funections, as
dictated by the will of the constructor.
Where a letter and a digit appear in a
circle, e.g. 3L, OU, this is to be taken
that the letter indicates “L” for the left-
strip and “U” for the upper strip, the
digit referring, of course, to the number
opposite the tag. The ecircuit description
of the amplifier proper will be of one
channel only, the left one in the diagram,
the second channel being a mirror image
of the first. The transpositions are
obvious.

On replay, the input from the head is
taken, through a standard co-ax socket,
to T, the head-lift transformer, and via
J, to the grid of voltage amplifier V,, a
low-noise pentode. The output from the
anode of this valve is by the way of
C.s C,5 R,z and J, to the top of P,
the gain control. C,, and R,, supply a
small amount of treble 1ift, the signifi-
cance of which will he considered later,
and R;, and C, are an RC bass lift net-
work, providing most of the necessary
compensation for the tape losses. Fur-
ther amplification is by V,, another low-
noise pentode, the output from which is
through C,, and the tone-control net-
work P,-P,-R,s-Ry,-Ry;4-C,-C,,-C-C s
C,;- When the controls are at their mid
positions, there is a boost of approxi-
mately 2.5 db at 50 cps. In theory, such
a network should be fed from a low im-
pedance source to avoid high frequency
losses, but in faet, the difficulty does not
oceur, capacitor C,, compensating up to
about 45 keps. However, it is very easy
to reduce the source impedance by the
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Fig. 1. Front panel arrangement of the completed stereo recording and playback
amplifier.
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Fig. 2. Over-all schematic of the amplifier described.




simple expedient of connecting a 10-
megohm resistor between the grid of V,
and the junction of C,, and C,,. A 47,-
000-ohm resistor from the grid of V; to
the arm of P, will tend to prevent any
interaction with V,. The maximum bass
lifts and cuts are 18 db at 20 cps rela-
tive to 800 cps, the treble lift and eut
at 20,000 cps being 14 db and 18 db
respectively.

V,. is another voltage amplifier, with
feedback via potentiometer R,;, R, in
the eathode circuit, phase correction be-
ing provided by C,. Actually, C,, is
more in the nature of an insurance
against r.f. when the output tubes are
viciously overdriven, it being quite su-
perfluous under normal conditions. Ad-
ditional feedback is obtained by the
omission of a bypass capacitor for R,,.
It is difficult to apply feedback over the
whole of the amplifier because of (a)
the provision of the two inputs at dif-
ferent levels and (b) the equalizing and
tone-control networks; but the circuits
of V, and V; are so calculated as to
introduce negligible distortion in these
stages. V,, is d.c.-coupled to V,p, the
phase splitter, whi¢h operates with equal
loads, R, and R,, in the anode and
eathode cireuits, thus providing the out-
of-phase driving voltages for V, and
V,, feeds being via C, and C,, and the
grid stoppers R, and R;. For hair-split-
ting in addition to phase splitting, R,
should be about 12 per cent lower in
value than R,,, but in practice, very
little difference in output voltage from
the two sides will be observable. ¥V, and
V, are operated in class AB1 with
common cathode resistor R;, bypassed
by C,. Should it be desired to use the
output valves in pure class A the anode-

C, Cy 0.25 puf, 500 v. paper
Cl’ C" C’!

s Cssy Uy 25 uf, 25 v. electrolytic
Cyy, Ci 3200 yuf, mica or ceramie
Ch Cs) Cay Cla

C"! Cl‘) Ctl!

CM’ Cl?! C.’B’

C:s: Cn; CM)

Cy, C., Cs, .05 uf, 500 v. paper
Cy Cy; .012 uf, 500 v. paper
Cy Cu 500 puf, mica or ceramic
Ci» Cy 30 puf, miea or ceramic
C.» Cs Csiy Ci; 1000 puf, mica or ceramic

155 Cesy Cysy Cis .01 pf, 500 v. paper
Cl'ly Clﬂ) 20y 3y

ey Cis 200 wuf, mica or ceramic
Cisy Cyy 1500 pyuf, mica or ceramic
Cll’ CI'! CIJ)

w Op 16 uf, 350 v. electrolytic

., 2200 ypf, mica or ceramic
C::, Cis 3000 u,uf, Silver Mica
59 100 pf, 450 v. electrolytic
C. 60 uf, 450 v. electrolytic
' 2.5 mh,
L, 10 Hy. 250 ma, 200 ohms
Pl; Pn P:y
P, P, P, 2 megohms, audio taper
P, P, P, P, 50,000 ohms, linear, pre-
set
Py, Py 10,000 ohms, linear, pre-
set
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to-anode load must be altered to 11,000
ohms, R; dropped to 75 ohms, and C,
omitted, when the valves will become
self-balanecing under most conditions,
owing to feedback in R;. R, and R, are
sereen-grid stoppers, to remove a possi-
ble source of unwanted r.f. oscillation
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