














































































































































































































































































































































































































































































































































































274 F-M SIMPLIFIED 

tion 5, front, of switch 1 to VoA• Four types of equalization are provided: 
AES, RIAA, LP, and NAB. This is the conventional line-up, although fre­
quently a fifth network entitled "Foreign" is incorporated also. 

The 12AX7 tube, as we have already noted in Chapter 10, is specifically 
designed for low-level audio amplification, having low-noise and low-hum 
characteristics. In the present circuit, interference from the latter source 
is avoided completely by powering the filament of V8 (and Vo and V10 as 
well) with d-c. This voltage is obtained from the power supply. 

Power Supply. Two separate full-wave rectifiers in the power supply 
develop four different positive voltages ( 420, 340, 140, and 135 volts) and 
one negative voltage (-36 volts). The latter potential is produced by hav­
ing all of the circuit current pass through R 85 . Its purpose is to heat the 
filaments of the three 12AX7 tubes, Vs, V0 , and V1 0• 

Extensive filtering is employed in both full-wave circuits. It is particu­
larly important in a high-fidelity system to keep the level of a-c hum far 
below the lowest usable level of the audio signal. 

The front part of section 1, switch S 1 , brings in a different pilot bulb for 
each different function of the receiver. Thus, there is one bulb for the A-M 
position, one for F-M, one bulb when the phonograph is being played, and 
one bulb each for the positions of tape, auxiliary input No. 1, and auxiliary 
input No. 2. These bulbs are physically positioned one above the other 
behind the front panel and serve to remind the set user of the position in 
which the receiver is set. 

The complete alignment procedure for this receiver is given in Table II. 
The various steps are straightforward and follow the general alignment 
sequence previously given. Adjustments are labeled by the capital letter A 
and extend from A1 to A23. 

In the F-M I.F. alignment instructions, the table indicates that the 
output of the signal generator is connected to the ungrounded tube shield on 
V 2 (6U8). To unground this shield, it is lifted and then made to rest on the 
glass envelope of the tube in such a way that no contact with the bottom 
grounded sleeve occurs. In this position, the shield is floating and when it 
receives the generator signal, it capacitatively couples this to the tube 
elements through the glass envelope. This is a simple way to inject the 
signal into a circuit and it works exceptionally well. 

PROBLEMS 

1. In what respects is an A-M F-M tuner different from a complete A-M F-M 
receiver? 

2. Which stages in Fig. 12.2 serve both A-M and F-M signals? Which stages 
serve one signal only? For the latter question, indicate which signal. 
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3. If resistor R11 in Fig. 12.2 opened up, what effect would this have on receiver 
operation? 

4. What test instruments are needed to align the receiver in Fig. 12.1? 
5. How are the F-M R.F. tuning circuits adjusted in Fig. 12.2? 
6. Describe in detail the operation of the R.F. amplifier in Fig. 12.4. 
7. What features exist in the Heath F-M tuner that are not found in the Granco 

receiver? 
8. Describe the complete alignment procedure for the Heath tuner. 
9. What purpose is served by the following components in Fig. 12.4: R2 , C 3 ; 

R3 ; R4, C4 ; R5• 

10. What stages in Fig. 12.4 are controlled by the A.V.C. voltage? Where is the 
A.V.C. voltage obtained? 

11. How is F-M receiver sensitivity usually stated? Explain the meaning of this 
notation. 

12. Draw a block diagram of the tuner shown in Fig. 12.5. 
13. What is the purpose of the A.F.C. stage in Fig. 12.5? Where does this stage 

obtain its regulating voltage? Trace out the path. 
14. Explain how the tuning meter in Fig. 12.5 operates on A-Mand F-M. 
15. Indicate the function served by each section of selector switch S1 in Fig. 12.5. 
16. Describe the F-M alignment procedure for the tuner in Fig. 12.5. 
17. What is the purpose of C7, L7 in Fig. 12.5? How does it achieve this? 
18. Describe the operation of the F-M detector used in Fig. 12.5. 
19. What form of A.V.C. is employed in the A-M section? F-M section? 
20. Identify all of the R.F. and I.F. tuning circuits associated with the F-M 

section of the receiver in Fig. 12.5. 
21. What can the receiver in Fig. 12.8 do that none of the tuners could? What 

stages enable it to do these additional functions? 
22. Identify the loudness control circuitry in Fig. 12.8. What purpose does this 

control serve? 
23. Explain how the treble and bass controls operate in the receiver of Fig. 12.8. 
24. Where is the record equalizing network found in the circuit of Fig. 12.8? 

Identify the components of this network. 
25. Identify the following, using Fig. 12.8. 
(a) The section of switch S1 which determines whether B+ is applied to the F-M 

section or the A-M section. 
(b) The components of the de-emphasis network at the output of the F-M de-

tector. 
(c) All of the circuit components of the A-M local oscillator. 
(d) Every tube in the receiver which has audio current flowing through it. 
(e) The stabilizing components in the F-M detector. 
26. Indicate how you would visually align the F-M I.F. and detector stages in 

Fig.12.8. 



Chapter 13 

SERVICING F-M RECEIVERS 

Extension of A-M Servicing Methods. The serv1cmg of F-M re­
ceivers conforms to the same basic procedures currently in use for A-M 
sets but modified sufficiently to meet the differing characteristics of the 
F-M receiver. A comparison of corresponding stages in both types of re­
ceivers shows that, except for the second detector and limiters (if any), 
there is no functional difference between them. Remember that we are con­
cerned at the moment only with the function of each stage and not 
its design. From the serviceman's point of view, function is all-im­
portant and design is secondary. The serviceman, called upon to repair a 
set, is interested only in what each stage does in order that he may properly 
apply his servicing instruments. 

The F.C.C. has assigned F-M to the higher frequencies, 88 to 108 me. 
,vhen the serviceman, who has long been accustomed to working with re­
ceivers at the considerably lower A-M broadcast frequencies, is confronted 
with an F-M receiver, he will find himself considerably handicapped, unless 
he is familiar with the modified operation of radio components at frequen­
cies of 100 me. Let us, therefore, examine the behavior of the most common 
radio components as the signal frequency rises to the region of 100 me. 

Resistance: At the low frequencies, the resistance of a cQDductor is 
given by 

l 
R=p­

A 

where R = resistance of wire, in ohms 
p = specific resistivity 
l = length of conductor 

A = cross-sectional area of conductor 

As the frequency of the current through the wire increases, it will be 
found that the resistance offered by the same length of wire will also in-

276 
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crease. To understand the reason for the increase, let us consider what 
occurs within a length of wire when a current flows through it. It is known 
that current flow has associated with it a magnetic field or, what is the 
same thing in this instance, circular magnetic lines of flux. These are every­
where encircling the current. The definition of inductance depends upon 
these flux linkages and is expressed by the formula 

Flux linkages encircling conductor 
Inductance (henries) = . . . x 10-s 

Current producmg these lmkages (m amps) 

Consider now the end view of a small, round section of wire that has a cur­
rent flowing through it (sec Fig. 13.1). Each small section of current flowing 

Fm. 13.1. Current flow through a wire and the magnetic lines of force encircling 
the wire. 

through the wire has magnetic lines of flux encircling it, but the sections 
of current at the outer edges of the wire have fewer lines of flux around them 
than the currents at the center of the wire. This is because the flux pro­
duced inside the wire by the central currents does not encircle the outer cur­
rents and hence does not influence their flow. The flux produced by. the 
currents flowing at the surface of the wire does, however, encircle the cur­
rents at the center and, consequently, exerts an influence upon them. From 
the definition just noted for inductance, it is seen that, since more flux link­
ages encircle the center of the wire, the inductance of the wire at the center 
will be greater than that at the surface. As the frequency of the currents 
increases, the inductance at the center of the wire offers more opposition 
(reactance) than the outer sections of the wire where there is less inductance. 
Hence, the current, seeking the path of "least resistance," will tend to con­
centrate more at the surface (or skin) of the conductor as the frequency 
rises. This concentration has, in effect, reduced the useful cross-sectional 
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area of the conductor. The resistance, due to this decrease in effective area, 
will rise, a phenomenon generally known as "skin effect." 

Another fact of interest to the serviceman is that, at the high frequen­

C 

Fm. 13.2. The equivalent cir­
cuit of an ordinary resistor at 

the higher frequencies. 

cies, the equivalent circuit of so-called 
"pure" resistances becomes as shown in Fig. 
13.2. The resistive and inductive effects of 
resistor are due, of course, to the previous 
explanation. The capacitance arises from 
the capacitance between the terminals and 
the capacitance between parts of the resis­
tor itself. 

Inductance: Inductance changes slightly 
from low to high frequencies, due again to 

the effect of the flux linkages and the currents. As the frequency goes up, 
the distribution of the currents in the wire will change and, because induc­
tance depends upon this distribution, it too will change. The result is a 
slight decrease. 

At low frequencies, those employed for A-M sound broadcasting, the 
inductance of the tuning coils is comparatively high. Hence, a wire several 
inches long that might be used to connect the coil to a tube or capacitor 
would not add any significant amount of inductance. So long as the coil 
inductance is in the henry or millihenry range, no ordinary length of con­
necting wire will add sufficient inductance to alter the coil characteristics 
appreciably. When the signal frequencies reach 100 me, however, the in­
ductance of the tuning coils approaches the point where even the small con­
necting link of wire can become important. 

Note, then, that connecting wires become important at the higher fre­
quencies, not because their inductance changes to any appreciable extent, 
but because the important components in the circuit become smaller. Even 
such things as the plates of capacitors introduce inductance into the circuit, 
and we find that trouble arises because of the interaction of the magnetic 
fields set up between ganged capacitors connecting to different circuits. It 
is common practice to shunt paper and electrolytic condensers with small 
mica capacitors in order to neutralize any inductance existing in these units. 

Capacitance: The increased importance of stray capacitance in a high 
frequency circuit can be attributed to the same reasons as the importance of 
connecting wires. The stray capacitance does not increase, but rather the 
desired capacitance decreases, hence, assigning a more prominent role to any 
stray capacitance. In addition, there is leakage conductance which must 
be considered together with capacitance. Capacitors and insulators may, 
because of certain conditions, allow small amounts of currents to flow 
through them. They act then as high resistances, or poor conductors. The 
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conductance is low and is labeled "leakage conductance." This has a direct 
influence on the type of insulating material which can be used successfully 
in high frequencies circuits, especially for tube sockets. Moisture and other 
atmospheric conditions may reduce considerably the effectiveness of these 
insulators at the higher frequencies and the result is poor operation of the set. 

Trouble Shooting Procedures. The serviceman, when faced with the 
problem of trouble shooting or repairing an inoperative F-M set, will find 
that all his experience gained from servicing A-M receivers is applicable 
here, too. Thus, for example, signal tracing, starting from the speaker and 
working forward, is the best method of servicing an F-M receiver just as 
it is for any A-M circuit. In addition, despite the fact that an F-M re­
ceiver is designed for the reception of F-M signals, A-M signal generators of 
the proper frequency range will serve for the signal tracing. The alignment 
procedures for the commercial models described earlier included alignment 
with an A-M signal generator. If a set can be aligned with an A-M signal 
generator, it most certainly can be tested with one. 

Following recognized procedure, after the defect has been localized in a 
particular stage, voltage and-with the power off-resistance and continu­
ity checks will lead the serviceman to the faulty component. The only real 
difficulty which the serviceman will encounter and one which is due to lack 
of experience is the localizing of defects in the R.F. stages at the front end of 
the set. Component failure, here, especially if one of the coils or other R.F. 
components are faulty, will prove especially troublesome. However, if the 
serviceman if familiar with the basic operation of high frequency circuits, as 
outlined in the preceding section, and uses all special instructions issued by 
the manufacturer, he should be able to surmount successfully any difficulties 
that may arise. At all times, in replacing components and/or connecting 
wires, duplicate exactly what has been taken out. It is a common practice 
among present-day servicemen to replace faulty components with whatever 
part happens to be on hand. Although this procedure may work in A-M re­
ceivers, it will be less successful in F -M sets. This is also true of television 
receivers, which function at the same approximate band of frequencies. 

Preliminary Tests: In receiving a set which is inoperative, there is sel­
dom any reason for the serviceman to suspect that the tuned circuits are out 
of alignment. The more complicated receivers become-and the trend is in 
that direction-the less likely it is that someone owning a receiver will 
venture to meddle with it to the extent of adjusting the circuit alignments. 
Possibly the only meddling that is done nowadays is to remove the tubes to 
have them tested at a near-by radio store. Here, the possibility of improper 
replacement is quite likely and it may save the serviceman hours of work 
if he first checks the tubes and the sockets they are in. 

As a routine measure, the serviceman should check all tubes in the set. 
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Tube failure is one of the major reasons for sets becoming inoperative. It is 
also one of the easiest checks to make. 

Many, if not all, of the present F-M receivers are combination A-M and 
F-M sets. This gives the serviceman another means of localizing trouble in 
the receiver. If it is found, for example, that the set is perfectly normal on 
the A-M bands, but inoperative when the switch is turned to F-M, then the 
trouble must be contained in some part of the receiver which is exclusively 
used for the F-M. It indicates, for example, that the audio amplifiers and 
the power supply may be eliminated immediately. Again, since most sets 
(for the sake of economy and compactness) have but one set of I.F. ampli­
fiers, the chances are good that these are also in working order. It may be, 
of course, that one of the F-M-1.F. coils is shorted, but this is not a com­
mon occurrence and may, at first, be discounted. Thus, through the simple 
process of testing the set on A-M, we have eliminated anywhere from four 
to six tubes and as many stages. A glance at the circuit diagram of the set 
will show which circuits are common to both signals and which are not. 
Combination receivers are becoming increasingly numerous because of the 
many popular types of services available. The additional circuits may make 
the overall circuit more complex and yet, on the other hand, they can make 
the task of trouble shooting easier. A common defect will show up in all 
circuits; a special defect will be confined to one particular path. 

Phonograph attachments are common in modern F-M receivers. These 
phonographs generally feed through the entire audio section of the set. As a 
simple test of the audio system, the serviceman has only to touch the phono­
graph needle and note whether any sound is heard from the loudspeaker. 

Visual Check. An important step in the servicing of any electronic 
circuit is a careful visual inspection of the unit. Do this first with the power 
off and, if nothing wrong is found, with the power on. Here are some of the 
things to look for: 

1. Are all the tubes lit or is one or more unlit? If all are unlit, then a 
fuse may be blown or the various filaments may be connected in series and 
one set of filaments is open. 

2. Are there any charred components, particularly resistors? 
3. With the power on, do any of the components overheat or smoke? 
4. What effect does rotation of the various front panel controls have 

(with the power on)? 
5. If printed circuitry is employed, are there any visible breaks in the 

wiring? 

These are but a few of the questions that a serviceman might ask him­
self as he visually examines a receiver. Additional questions will undoubt-
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edly suggest themselves. Make as thorough an investigation as you can; 
you will find that it will frequently assist you materially. 

General Servicing Procedure. For the purposes of testing a receiver 
to determine the cause and location of any defect, it is helpful to divide the 
set roughly into the following six categories: 

1. Power supply. 
2. Audio amplifiers. 
3. F-M detector or discriminator. 
4. I.F. system 
5. H.F. oscillator and mixer. 
6. R.F. section of receiver. 

The foregoing classification is true for all superheterodyne receivers. 
Since no TRF types of commercial F-M sets are being manufactured at pres­
ent, the analysis will apply to all receivers that the serviceman is called on 
to repair. 

Power Supply: Trouble in the power supply produces either a completely 
inoperative set or else low volume in the receiver output. Under these condi­
tions, the first place to test is the B+ terminal of the power supply. A par­
tial short-circuit in any portion of the receiver may result in an excessive 
current drain on the power supply and lower the B+ voltage considerably. 
The audio output becomes weak and distorted. A total short-circuit will 
burn out the rectifier tube and cause any protective fuses to blow. Never 
replace a blown fuse until the cause of the damage has been determined. A 
hoarse, raspy audio output is another indication of trouble in the power sup­
ply, this time a faulty, electrolytic filter capacitor. This should not be con­
fused with a scratchy output, which is a result of an incorrectly centered 
speaker cone. 

Audio Amplifier System: The simplest and most rapid method of testing 
the audio amplifiers is by applying an audio signal and noting whether an 
output is obtained. With the same strength signal, the output should be­
come louder as the test voltage is moved back away from the speaker. The 
output will be loudest when the signal is applied to the grid of the first audio 
amplifier. A more sensitive indicator is an output meter connected across 
the voice coil leads. 

F-M Detector or Discriminator: The various types of commercial F-M 
detectors currently in use were analyzed in Chapter 9. To trace an A-M 
signal through the detector, we must connect the indicator (a voltmeter or 
ammeter) in such a way that response to an A-M signal is possible. In the 
diagram of a Foster-Seeley discriminator, Fig. 13.3, connection of the meter 
across either load resistor will result in a deflection if the A-M signal voltage 
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I 
B+ 

Frn. 13.3. A Foster-Seeley F-M discriminator. 

is being passed through the circuit. Each half of the discriminator is re­
sponsive to A-M and, when the circuit is functioning properly, the d-c volt­
meter connected across either resistor will show a reading. It is usually 
most convenient to connect one end of the voltmeter to ground and the 
other end to the junction of the two load resistors, such as point A, Fig. 
13.3. The ground terminal of the signal generator is connected to the re­
ceiver chassis. The output lead is connected through a 0.05-mf capacitor to 
the plate or grid of the preceding limiter. If the frequency of the signal is 
varied, by rotating the knob of the signal generator, the meter deflections 
will increase and decrease. 

5000 c2 MMFI 
IK 

Rs 

B+ 

6.8K 

6.8K 

Gan 

C 300 4 I MMF 

AUDIO 
OUTPUT 

Frn. 13.4. A balanced ratio detector. 
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The linearity of the detector to F-M signals can be determined by con­
necting the voltmeter across both load resistors and observing whether equal 
( and opposite polarity) deflections are obtained for frequencies located 
equal distances above and below the I.F. mid-value. The linear response 
should extend ±75 kc from this I.F. point. 

In the ratio detector, reproduced in Fig. 13.4, the voltmeter is con­
nected between the point marked A and ground. Since point A is nega­
tive, the negative lead of the d-c voltmeter is placed here. The signal 
generator is then attached between the grid and ground of the last I.F. am­
plifier. If the circuit is operating normally, the meter will show a deflec­
tion. As the amplitude of the signal is slowly varied, the voltmeter will 
follow the changes in step. In addition, if the signal generator is set at the 
mid I.F. value and then varied from 75 kc below this point to 75 kc above, 
the indicator will show only a small change. This is true, providing the cir­
cuit is correctly aligned and the voltage output of the signal generator does 
not change with frequency. If either diode is inoperative, there will be no 
meter deflection. 

It is well to remember that if the secondary of the F-M detector (or 
discriminator) is detuned, distortion will result. If the primary is detuned, 
the signal output will be weakened, usually accompanied by some distortion, 
also. 

F-M Detector Checking with Sweep Generator. For those service 
shops that possess sweep generators, the F-M detector may be checked by 
observing its response or S-curve. Connect a sweep signal generator to the 
grid of the tube preceding the F-M detector. Set it to sweep 450 kc above 
and below the I.F. Connect an oscilloscope across the output terminals of 
the detector. The appearance of the S-curve on the oscilloscope screen will 
tell the complete story concerning the operating condition of the detector. 
When the transformer coupling network connecting the F-M detector to the 
previous stage is not properly tuned or centered, the S-curve will appear 
either as shown in Fig. 13.5A or B. In either case, the sound output will be 

FIG. 13.5A. Secondary tuning core ad­
justment of discriminator transformer 

improperly set. 

Fm. 13.5B. Primary tuning core ad­
justment of discriminator transformer 

improperly set. 
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distorted. To correct this condition, adjust the iron cores of the F-M de­
tector primary and secondary windings. The primary controls the linearity 

IOJ'MC 

I 

of the S-curve, and the secondary adjustment 
governs the centering of the S-curve. 

Another defect made evident by the 
S-curve occurs when the bandwidth of the 
tuning circuit is too narrow. (See Fig. 13.6.) 
When this happens, the output becomes dis­
torted when the incoming signal is fully modu­
lated. The sounds become "hissy" or "raspy." 
The solution for this, assuming that the cir­
cuits were not originally designed this way, is 

Fm. 13.6. Bandpass of dis- to realign them. 
criminator too narrow. 

Whenever the complete response curves are 
viewed on the oscilloscope screen, marker signals obtained from a separate 
A-M signal generator should be used to identify the mid I.F. and the end 
frequencies of the linear section of the curve. 

In the Foster-Seeley discrimina­
tor the two diodes should be matched 
fairly closely. If one discriminator 
diode has low emission, the S-shaped 
curve will now assume the appear-
ance shown in Fig. 13.7. This condi- Fm. 13.7. 
tion results in poor noise rejection at 
low signal inputs and sound distortion at high signal inputs. When both 
discriminator diodes have low emission, the sensitivity of the receiver is 
poor. 

6SJ7 

Fw. 13.8. If "R" should open up, the 
limiter may become noisy with moderate 

signals. 

Checking Limiters. When a 
receiver that has been operating 
normally suddenly becomes noisy, 
the discriminator tubes and align­
ment should be checked. If the re­
ceiver contains a limiter stage, this 
too should be checked. Limiters 
become noisy when their grid-leak 
circuits open, or the voltages ap­
plied to the electrodes rise above 
normal. In many circuits, the low 
voltages for the screen and plate 
are obtained by the voltage divider 

arrangement shown in Fig. 13.8. If R should open, the voltage applied to 
the screen will rise. Under these conditions it will require considerably 
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stronger signals to bring the tube to saturation, and the limiting action of 
the tube is impaired. Ordinarily, most limiter tubes will saturate with sig­
nal voltages of 2 volts or more. The best method of testing the limiter is to 
measure its grid, screen, and plate voltages and compare the values ob­
tained with those specified by the manufacturer. 

A noisy ratio detector can usually be traced to an open electrolytic ca­
pacitor. This capacitor, together with its shunting resistor, stabilizes the 
ratio detector against amplitude modulation of the received carrier. If the 
capacitor becomes defective, noise will ride through and be heard. The serv­
iceman will find that sets using the ratio detector will receive weaker signals 
with less background noise than the same signal in a set possessing the 
Foster-Seeley discriminator. In the latter receiver, noise disappears only 
when the preceding limiter is driven to saturation, but no such "threshold" 
effect is apparent in the ratio detector. However, in all instances, when the 
noise or interference is stronger than the signal, the noise will prevail. 

I.F. System: The placement of the indicator when the I.F. system is 
tested will depend upon the type of F-M detector used. For the conven­
tional discriminator, which has one or two limiters preceding it, it is possible 
to place the indicating meter in the grid circuit of the last limiter, if there 
are two, and test the 1.F. system. The signal generator is connected to the 
grid of the mixer tube, and the frequency of the signal set at the I.F. If all 
the intervening stages between the mixer and the limiter (where the meter 
is located) are in proper operating condition, the meter will deflect. If no 
indication is obtained, the signal generator will have to be brought back to 
the grid of the first tube preceding the limiter. In this way, only one stage 
is under test. If the meter deflects, indicating that the stage under test is 
functioning properly, the generator is moved back one stage and the signal 
applied again. In this manner, we gradually work back to the point where 
the trouble exists in the I.F. system. However, as a preliminary test, the 
signal is fed through the entire I.F. system, since if no trouble exists in this 
portion of the receiver, valuable time is not spent testing each stage. 

While testing the 1.F. system, it is possible also to determine whether 
the circuits are in alignment. Maximum deflection of the meter should be 
obtained when the test signal is at the I.F. value. Shifting the frequency 
an equal number of kilocycles above and below this point should produce 
equal readings on the meter. 

Note that the foregoing procedure is followed only for F-M sets employ­
ing conventional discriminators with their attendant limiters. In receivers 
possessing the ratio detector and in which no limiter is employed, the volt­
meter is connected to the point where the A.V.C. voltage is obtained from 
the detector. The positive lead of the meter is attached to the chassis. Any 
signal fed into a properly operating I.F. system will result in a voltage at 
this point in the detector. 



286 F-M SIMPLIFIED 

The I.F. system of present F-M sets is generally a combination of A-M 
and F-M transformers with a single tube for each stage serving both A-lVI 
and F-M. With the exception of the I.F. switch and the F-M, I.F. trans­
formers, parts giving normal indications on A-M will test normal on F-M. 
Hence, if the 1.F. system is found to be in operating condition on A-M but 
not on F-M, it would be best to check these particular components first. 

R.F. Section: To test the R.F. stages of the receiver, we still retain the 
A-M signal generator, provided its range extends to the necessary frequen­
cies. ,Again, as before, the position of the indicating meter will depend upon 
the type of F-M detector in the circuit. The explanation given above will 
apply equally here. For the signal tests, use an R.F. signal generator with 
an amplitude-modulated output. The ground lead of the signal generator is 
connected to the chassis ground; the output lead is connected through a 
0.05 mf-capacitor to each of the test points, as explained below. 

The input of the R.F. section of the receiver consists of an R.F. ampli­
fier, a mixer, and an oscillator. In some sets, no R.F. stage is included; in 
others, such a stage is employed only for the F-M signals. 

In the testing of an F-M receiver, the input circuits are tested last. 
Hence, if the foregoing step-by-step procedure has indicated that all of the 
other sections of the receiver are functioning properly, then, in the testing 
of the R.F. circuits, it is best to start at the oscillator. The reason is that 
the oscillator is the one stage, in the front end of the receiver, which is most 
critical in operation and most likely to be at fault. By measuring the volt­
age between the control grid and cathode of the oscillator, we can determine 
whether the stage is functioning. Measure this voltage with a high-resistance 
voltmeter, otherwise the value read can be misleading. The voltage at the 
control grid (with respect to the cathode) may have any value between -2 
volts and -10 volts. Consult the service manual issued by the manufacturer 
for the proper value. Too low a value may be due to a bad tube or lowered 
operating potentials. Measure the plate and screen voltages and, if these 
are within the correct range, change the tube. The oscillator grid voltage 
should be measured on all bands since it is very possible that the oscillator 
will function on some frequencies and not on others. Reasons for this may 
be a defect in the switching system or the plain fact that a tube will oscillate 
readily at the low frequencies and yet fail to do so at the higher frequencies. 

If the oscillator is operating satisfactorily, place the signal generator at 
the signal grid of the mixer tube. Adjust the front dial of the receiver and 
the signal generator for the same frequency setting. If the set, at this point, 
is operating satisfactorily, the indicator should show a deflection. If no re­
sponse is obtained, change mixer or converter tubes, measure voltages at the 
electrodes and/or make resistance checks to locate the defective component. 
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Once the defect has been traced to a single stage, a routine analysis will, in 
almost all instances, reveal the trouble. 

In probing around the underside of the chassis, the serviceman must be 
careful not to rearrange any components-especially small coils. It is im­
possible to emphasize too strongly the criticalness of these high frequency 
circuits, a fact which is usually fully appreciated only after such a circuit 
has been built or rearranged and it becomes inoperative. Many of these cir­
cuits, especially the oscillator, contain compensating capacitors. Their pur­
pose is to compensate for changes in the electrical characteristics of other 
capacitors and/or the coils. If one of these special capacitors becomes de­
fective, i.e., open, the circuit is detuned. If the serviceman is unaware of 
this situation, he may conclude that the circuits merely require alignment 
and rectify the situation by readjusting the circuits. For the moment, the 
set will function. However, after a short while it will be found that the set 
drifts during each warm-up period, and this drift may easily be sufficient to 
shift the circuits out of range of the signal. The station can be brought in 
by manually retuning the set-but this will have to be done at least once 
each time the set is turned on and possibly more. 

No special mention has been given to the testing of any R.F. amplifiers 
since the procedure is identical with what has already been given. Gener­
ally, instead of feeding the signal directly at the grid of the R.F. amplifier, 
the signal is fed in at the antenna terminals. The method for connecting the 
signal generator, especially with F-M receivers possessing balanced input, 
is identical with the methods outlined for the alignment of the receivers. 

A set, in transit from the factory to the retailer and from the retailer to 
the customer, is often subjected to many jarring blows and knocks that can 
cause wires to short together, poorly soldered connections to break, trimmer 
capacitor plates and iron core slugs to bend and stick, plus a host of other 
damaging mishaps which will render a set inoperative. Sometimes these 
happen to a set when it is moved about in the home, although generally sets 
are handled fairly carefully by their owners. 

It may be instructive, before we end this chapter, to examine some typi­
cal troubles encountered in F-M receivers which often baffle the inexperi­
enced serviceman. 

Case 1. An A-M, F-M receiver was operating satisfactorily on A-M 
and phono, but was dead in the F-M position. This set used the same tubes 
for both A-M and F-M, and consequently the tubes, as a source of trouble, 
could be eliminated. The audio system was similarly eliminated since the 
phonograph fed its signal through this system. Checking the oscillator grid 
voltage disclosed that it was zero in the F-M position. Obviously, the F-M 
oscillator was not functioning. In checking the various components in this cir-
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cuit (coils, resistors, and capacitors) it was found that the plates of the 
trimmer capacitor used in this circuit were shorting together through a 
cracked mica sheet which served as the capacitor dielectric. 

By replacing the trimmer capacitor and realigning the oscillator, the set 
returned to normal operation on F-M. 

Case 2. It should be fairly evident by this time that high frequency cir­
cuits such as we find in the front end and in the I.F. stages of an F-M re­
ceiver are more critical than low frequency circuits. Rough handling in 
shipment have been the cause of poor sensitivity of many an F-M set. If 
the output of a set is weak, check the alignment of the circuits. With a sig­
nal generator and a VTVM, this job should not take more than 15 to 20 min­
utes and it may save hours of needless search for a nonexistent defective 
component. 

Case 3. A receiver operated normally on A-M and F-M, but was inter­
mitten or hummed constantly on phono. In A-M or F-M sets, the phono is 
usually connected into the circuit just ahead of the volume control. This 
control, in turn, attaches to the control grid of the first audio amplifier. 
Since the hum appeared only in the phono position of the selector switch, 
the trouble must have existed between the phono input and the volume con­
trol. 

In the present instance it was found that the trouble was due to a poorly 
soldered ground connection on the phone jack. With the ground lead off, the 
phono was floating, picking up some of the stray 60-cycle voltage present in 
nearly all sets. These stray 60-cycle fields are due to poorly shielded power 
transformers or filament wires that extend into every section of a set where­
ever a tube is located. 

Poorly soldered ground connections cause servicemen no end of grief. 
Whenever a set is troubled with intermittent operation, hum pickup, or noisy 
operation, and the defect is difficult to locate, take 10 minutes or so to go 
over many of the soldered connections in the set with a hot soldering iron. 
Check, too, at the same time to see whether any bare wires are accidentally 
touching each other or the sides of the chassis when they are not supposed 
to be grounded. The time thus spent will be well worth your while. 

To illustrate the foregoing remarks, here is a case that is periodically 
encountered. The set becomes noisy, especially at the high frequency end of 
the dial and when the volume is turned up high. The noise is somewhat like 
the sizzling sound obtained by frying butter in a pan. 

The source of this noise can usually be traced to an ungrounded speaker 
when the latter unit is not attached directly to the receiver chassis. To 
remedy this, run a wire from the speaker casing to the chassis, soldering the 
wires at both ends to insure proper electrical connection. 
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Case 4. Many manufacturers of A-M, F-M sets place both I.F. coils 
within the same can. Where space is limited, bare wires running from the 
various transformer windings to the connecting lugs may touch each other, 
shorting out one or both I.F. windings. When this happens, reception on 
either band ( or both) will depend upon which winding is shorted out. Thus, 
if the A-M windings are shorted, there will be reception only on F-M; no 
A-M signals will be heard. When the short occurs across the F-M winding, 
reception on this band may be either totally absent or weak. In spite of the 
short, some reception may be obtained because the shorting wire may con­
tain enough inductance at 10.7 me to permit some signal to develop across 
it and be passed onto the next stage. At the A-M, I.F. frequencies, how­
ever, the short effectively cuts out all signals. 

Case 5. A certain A-M, F-M receiver was found to develop an inter­
mittent bad hum and sometimes the set became completely inoperative. In 
this set, all filament and ground returns in the R.F. section are made through 
a single ground strap that connects the R.F. section to the chassis. This is 
frequently broken in shipment or in moving the set around. To remedy the 
condition, replace the strap with flexible copper braid. 

Case 6. Some F-M discriminators have a small capacitor connected be­
tween the top of the primary winding of the discriminator transformer and 
the center tap on the secondary. This was noted in the discussion on discrimi­
nators. If this capacitor should become shorted, B+ will be placed on the 
plates of the discriminator diodes. The result may be either a completely 
dead set or the appearance of "motorboating." Since the capacitor is gen­
erally not readily accessible, the only positive cure is replacement of the 
entire transformer. 

Case 7. In almost every receiver, small 100- or 220-mmf by-pass capaci­
tors are connected from grid to ground or plate to ground of the first audio 
amplifier. The purpose of these units is to prevent any I.F. voltage from 
entering the audio amplifier system. When one of these capacitors shorts out, 
no audio output will be obtained. When they open up, the set frequently 
becomes noisy. 

To localize this noise on a set just received, proceed as follows. Ground 
the grid of the final output amplifier. This will eliminate the noise. Next, 
ground the grid of the previous (generally the first audio) amplifier stage. 
The noise now will be heard, indicating that it is arising in the stage under 
test. 

Case 8. Low volume and poor or fuzzy tone can usually be traced to 
insufficient voltage being applied to the audio amplifiers. Electrolytic ca­
pacitors that have excessive leakage, rectifier tubes with poor emission, or 
weak selenium rectifiers will produce these symptoms. Especially sensitive 
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to voltage drops is the local oscillator. Make certain when checking a dead 
set that the voltages are within 10 per cent of those specified by the manu­
facturer. Remember, too, that when an oscillator is operating properly, it 
will develop negative biasing voltages from 2 to 10 volts, depending upon 
the circuit. Check for this voltage. 

Decrease in voltage has been noted quite frequently in sets using sele­
nium rectifiers, and the best solution to this trouble is replacement of the 
unit. 

In some districts, the a-c voltage of the local power lines is subject to 
fairly wide fluctuations during the 24-hour period of a day. If a set is 
sensitive to these variations, especially voltage reductions, it can (and will) 
happen that the oscillator within the set will cease to function when the 
line voltage is low. A complaint of set operation only during certain hours 
of the day can be checked for this cause in the shop by connecting a Variac 
between the set and the power line. Gradually lower the line voltage to the 
set and observe at what input voltage the set ceases to operate. Usually, 
most sets will continue to function down to line voltages of 100 volts. Some, 
however, will die out before this value is reached, and the foregoing com­
plaints are heard with these latter sets. Larger filter capacitors, lower­
valued filter resistors, or a change in rectifier tubes are generally helpful in 
such cases. 

Conditions will sometimes arise, when checking the various voltages in 
a set, that lead to a false conclusion regarding the component at fault. A 
case that actually occurred concerned a certain receiver that developed con­
siderable distortion when in operation 5 minutes or longer. A voltage check 
of the power tube showed a positive voltage at the control grid. The first 
thought was a leaky or shorted coupling capacitor between the plate of the 
preceding tube and the grid of the power tube. However, replacement of 
this capacitor did not correct the condition. The fault was found to lie with 
the tube itself and replacing the tube cleared up the trouble. 

A similar instance involved a set which possessed a weak, distorted out­
put followed, after several minutes, by a completely dead output amplifier. 
Checking the audio amplifier system revealed that the output amplifier did 
not possess any cathode voltage, indicating that the tube itself was not con­
ducting current. A further test showed continuity in the cathode circuit. 
Voltages on all the other elements were in order, yet the tube did not seem 
to be drawing current. It was found that the 500,000-ohm volume control 
across the control grid of this stage showed continuity only at certain posi­
tions of the movable arm. 

What was happening here was this: With the grid circuit open, electrons 
collected on the grid and, having no path through which to escape, soon 
biased the tube to cut-off. When the set was turned off, the movable arm 
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on the control moved down the resistor and, since the lower portion of the 
volume potentiometer did show continuity, the electrons which had collected 
on the grid were able to leak off. When the set was turned on again, some 
audio output was usually able to pass through the tube until it once again 
became blocked by the accumulation of electrons on the grid when the vol­
ume control arm was turned up. 

Case 9. A series of troubles are encountered periodically that are due 
to the development of leakage paths between components that should nor­
mally be isolated from each other. These leakage paths permit voltages from 
one circuit to reach other circuits from which they would normally be ex­
cluded. The results in several instances are given below: 

(A). A set was noisy, with the signals weak and fuzzy. Trouble was 
traced to leakage between the primary and secondary fixed capacitors of 
an I.F. transformer, which were imbedded in wax, and enough dirt and mois­
ture had collected to permit a leakage path to be formed between the two 
units. The faulty condition was remedied by cleaning off the wax. 

(B). Receiver had a loud hum when a station was tuned in. The control 
grid of the R.F. amplifier was connected to a 3.9-megohm resistor through 
which it received A.V.C. voltage. Apparent corrosion between the wafers 
of the tube socket allowed a 500,000-ohm to one-megohm leakage resistance 
to form between the various pins and the center terminal which is grounded. 

Cleaning off the corrosion may help although, if the corrosive action is 
well advanced, the only solution will be to change the socket. It is well to 
remember that this same thing can happen in almost any wafer socket. 

(C). A set exhibited a severe a-c hum after it had been in operation for 
several months. Bridging the existing filter capacitors with units known to 
be good had very little effect. Grounding the control grid of the audio out­
put tube removed the hum; grounding the grid of the previous audio ampli­
fier did not affect the hum. The trouble, then, was in this stage. It was 
discovered that leakage between the cathode by-pass capacitor used here 
and one of the power-supply filter capacitors was the cause of the trouble. 
Both units were contained in the same case. 

(D). Hum due to electrical leakage between the heater (or filament) 
and cathode of a tube will be encountered occasionally. The minute current 
that flows between the heater and cathode develops enough voltage across 
the cathode resistor to introduce a 60-cycle variation in the tube's current 
flow. 

A-c, d-c sets are particularly susceptible to this source of hum because 
of the series connections of the filaments. 

The solution to hum developed in this manner is replacement of the 
faulty tube. Hum can also be reduced by operating the tubes at or slightly 
below their normal filament voltages. Operating a tube with more than rated 
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voltage aggravates the problem. In high-gain audio systems, place the input 
tube as close as possible to the ground end of the filament chain. Also, if 
cathode self-biasing circuits are used, keep the value of the cathode resistor 
as low as possible. Keep the capacitance of the cathode by-pass capacitor 
as large as possible because this reduces the impedance of the cathode circuit 
to 60-cycle voltages. In a well-designed amplifier, fixed bias is frequently 
used in the first audio amplifier, permitting the cathode to be grounded di­
rectly and thereby avoiding trouble from this source of annoyance. 

PROBLEMS 
1. What effect does increase in frequency have on the ordinary resistor? Why 

is this important in F-M circuits? 
2. Why is stray capacitance more important at the high frequencies than at the 

low frequencies? 
3. How can stray capacitance be kept at a minimum? 
4. What test instruments would be considered as absolutely essential for F-M 

receiver servicing? Explain the reason for your choice. 
5. What do we mean by a visual check? What sort of things can be checked in 

this manner? 
6. What preliminary tests should be made before any actual work of servicing 

is begun? 
7. How is the audio system of a receiver tested? 
8. Outline the method you would employ to check the Foster-Seeley discrimi­

nator and the ratio detector. 
9. Would a-chum in the power supply affect an F-M receiver? Explain. 

10. How does testing of the I.F. system depend upon the type of F-M detector 
used? 

11. Must the indicating meter always be placed in the output of the F-M detec-
tor when the I.F. system is being tested? Explain. 

12. List some of the defects which could possibly affect an I.F. system. 
13. How is the R.F. section of an F-M receiver tested? 
14. What indication do we obtain from a normally functioning oscillator? 
15. In tuning over the F-M band, a hiss is heard in the speaker. At no point, 

however, are any stations heard although stations are known to be operating. What 
is probably wrong with the set? 

16. Microphonic tubes have what effect on a set? 



Chapter 14 

COMMERCIAL F-M TRANSMITTERS 

(PART 1) 

To generate F-M signals, two general methods are in use. One is the 
reactance method; the other, the phase-shift method. In the reactance 
method, the frequency of an oscillator is made to vary with modulation 
through the use of a vacuum tube. In the phase-shift method, frequency 
modulation is achieved by varying the phase of a signal obtained generally 
from a crystal oscillator. Chapters 14 and 15 describe commercial F-M 
transmitters employing reactance tubes, whereas Chapter 16 is concerned 
with transmitters utilizing the phase-shift system. 

R.F.C. 

B+ 

Fm. 14.1. A Hartley oscillator. 

Reactance-Tube Circuit. Probably the most direct method of produc­
ing a frequency-modulated wave is through the actual variation of one of 
the frequency-determining components of an ordinary oscillator. Consider 
the Hartley oscillator shown in Fig. 14.1. In this circuit, the frequency which 
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the oscillator will generate is determined primarily by L and C according 
to the familiar formula, 

I 
1 = 2'1n/W 

By varying either or both of these components, it is possible to alter the 
resonant frequency. For the production of a frequency-modulated signal, 
we would have to have either L or C vary in accordance with the spoken 
word or a musical selection. 

Frn.14.2. An elementary 
method of frequency 
modulating an oscillator. 

One crude and elementary method of obtaining 
a variation in capacitance is by the attachment 
of a condenser microphone in parallel with the 
tuning capacitor C. Such an arrangement is 
shown in Fig. 14.2. As long as no sound reaches 
the microphone, the total capacitance across the 
coil remains constant. The frequency due to this 
combination of L and C would represent the 
central or resting frequency. C, in this case, is 
the sum of the average capacitance of the micro­

phone plus the tuning capacitance. 
When the microphone is actuated by sound, the movable capacitor 

plate is forced to vibrate back and forth about its rest or center position. 
At some time, under pressure of the moving air, the capacitor plate ap­
proaches the fixed plate and the total capacitance increases. (Capacitance 
varies inversely with plate spacing.) As a consequence, the frequency of 
the oscillator decreases. l;pon being released from this position, the mov­
able capacitor plate swings past its center position and comes to rest at 
a point farther away from the fixed plate. Under these circumstances, the 
total capacitance has decreased below its average value, increasing the 
oscillator frequency. Thus the frequency of the oscillator varies in step with 
the impressed audio variations and a frequency-modulated signal is devel­
oped. True, the linearity of this converter is not very good, and the results 
would not be commercially satisfactory. However, it does illustrate the 
production of a frequency-modulated wave. 

The attachment of a capacitor microphone across the tank circuit is im­
practical, but we can· obtain a variation in either inductance or capacitance 
by means of a vacuum tube. As will be seen, the tube does not actually 
"add" or "subtract" a capacitor or coil across the tank circuit. However, 
because of its presence in the circuit, the effect produced is as though a 
variable inductance or capacitance were actually in the circuit. Conse­
quently, the frequency of the oscillator changes. If the circuit is designed 
so that the frequency variations are governed directly by the audio sounds 



COMMERCIAL F-M TRANSMITTERS 295 

reaching the microphone, we have the desired frequency-modulated signal. 
Reactive Impedance. Before we actually examine the circuit of a re­

actance tube, let us review briefly the ideas of resistive and reactive imped­
ance. Consider pure resistance first. Any physics book will demonstrate 
that what is called resistance is merely the ratio of voltage across a con­
ductor to the current flowing through it. We express this by Ohm's Law, 
R = E/1. If a given voltage produces a high current flow, then we say 
that the conductor possesses a small resistance or opposition. If a small 
current is produced, for the same voltage, then we say that the conductor 
has a high resistance. In any event, the resistance is never measured as such, 
but solely as the ratio of voltage to current. Recall any resistance measure­
ments or experiments that you have performed or seen performed. Were 
any of these ever made without the use of voltage and current? The an­
swer is no. In a limited sense, then, we may consider resistance as existing 
only when current is flowing through the circuit. Without current and volt­
age, resistance loses its significance. 

What has all this to do with reactance-modulator tubes? We shall see 
in a moment. Now let us turn our attention to inductive and capacitive 
reactance. We learn early in our study of radio that for many common fre­
quencies the opposition that a resistor offers is constant. But when we insert 
a capacitor or an inductance into the circuit, we note that the opposition 
depends upon the frequency of the applied voltage. For the capacitor, the 
opposition decreases with rise in frequency; for the inductance, it rises di­
rectly. Here, then, more so than in the case of the resistor, we see that the 
concept of opposition cannot be separated from the applied voltage and its 
ratio to the current flowing in the circuit. 

From these few facts we can draw one simple, yet highly important, 
conclusion. A circuit may appear (to some other circuit, for example) either 
capacitative, inductive, or resistive depending upon the voltage and cur­
rent conditions in that circuit and not upon whether capacitance, inductance, 
or resistance is actually present. In other words, if we take a tube and so 
connect it that the voltage between its plate and cathode is 90° lagging the 
plate current, then it will appear as a capacitor to any circuit connected to 
this tube. Why? Simply because it is the voltage-to-current ratio and their 
relative phase that are the determining factors and not the mere fact that 
certain components have been placed in the circuit. Remember these points, 
for they will greatly simplify the understanding of reactance tubes. 

A Reactance-tube Modulator. The fundamental circuit of a reactance­
tube modulator is shown in Fig. 14.3. Basically, its function is to vary the 
frequency of the oscillator in step with an applied audio voltage. For the 
moment, the audio voltage has been omitted. However, as soon as we under­
stand how a tube can cause the frequency of an oscillator to vary, we will 
incorporate an audio signal. 
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REACTANCE TUBE 

R.F. CHOKE Cz .01 

FIG. 14.3. A reactance-tube modulator. 

To begin, we note that, since the reactance tube is connected across the 
tank circuit of the oscillator, any voltage here will also be present across 
R 1 and 0 1 (see Fig. 14.3). If we make the resistance of R 1 much higher 
than the opposition of C1 (to this voltage E), then the current that flows 
through the R 1C1 branch will be governed by the resistor and be practically 
in phase with the applied voltage E. Using vectors, we could show this con­
dition as in Fig. 14.4A. 

Examine the voltage that is developed across capacitor C1. We know 
that with every capacitor the current and the voltage (across that capacitor) 
are out of phase (see Fig. 14.4B). In this instance, since the current through 
the series branch is practically in phase with the total applied voltage E, 
and, at the capacitor, the current and Ee (the capacitor voltage) are 90° 
out of phase, we can add Ee to the vector diagram of Fig. 14.4A to obtain 
the result shown in Fig. 14.40. Ee lags the current and is placed behind it. 

It E I r, E 

-A- -e- -c-
FIG. 14.4. (A) Phase relationship between oscillator tank voltage and current 
through R1 and C1 . (B) Current and voltage phase for a capacitor. (C) The phase 

of Ee with respect to E and / 1 . 
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Returning to Fig. 14.3, let us investigate the position of Ea in the circuit. 
By its attachment between the grid and ground, it constitutes the grid volt­
age. Hence, whatever phase relationship Ea might have to the rest of the 
circuit, the same relationship will exist for the grid voltage of V1. And, 
since the grid voltage directly controls the plate current, we can derive a 
relationship between Ea, Ev (the grid voltage of Vi) and the plate current. 
0 2 serves only to prevent the B+ voltage of V 1 from being grounded by 
L. It is a relatively large capacitance and its impedance at the operating 
frequency is low. 

Whenever the grid becomes positive, the plate current increases; when­
ever it goes negative, the current decreases. Both vary directJy and both 
are in phase. Adding the plate current 
(Ip) to the vector diagram that has been 
developed already, we obtain the dia­
gram of Fig. 14.5A. The plate current, 
being in phase with Ea, is placed 90° be­
hind voltage E. If we look carefully at 
this phase relationship between E and 
Ip, we are immediately aware of one 
fact. Because of the phase relationship, 
Ip acts as if it is coming from an in­
ductance. Since Ip comes from the tube, 
then as far as voltage E is concerned the 

++ I L 

.,... •B· 

Fm. 14.5. (A) The phase angle be­
tween E and IP of V1 . Its resem­
blance to the phase relationship 
between E and / 1, in the oscillator 

tank circuit (B) is evident. 

tube possesses inductance and presents inductive reactance to the outside 
circuit. Thus, through the peculiar combination of R1C1 and the tube, we 
are able by a simple procedure to have the plate current of the tube lag the 
oscillator tank voltage E and appear inductive. 

To progress one step further. Voltage E is developed across L and C of 
the oscillator tank circuit. If we plotted the relationship between the volt­
age to the current flowing through the inductance of the tank circuit, it 
would appear as shown by the vectors in Fig. 14.5B. E leads the inductive 
current of the tank circuit in exactly the same manner as it leads the plate 
current of V 1• Again the similarity of the tube to an inductance is evident. 

Because of the placement of V 1 across the oscillator tank circuit, IP must 
flow through the oscillator coil and add to the inductive current already 
flowing through the coil L. That it will add is due to the voltage E. This 
voltage is present across both the tube and the tank coil. Since both induc­
tive currents arise from the same voltage, they will be in phase. The result, 
due to the presence of the tube, is the same as though another inductance 
had been placed across the tank circuit. Actually, the tube represents this 
added inductance, arising from the plate-current phase relationship to the 
tank voltage. An equivalent circuit is shown in Fig. 14.6. 
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B+ 

FIG. 14.6. Equivalent circuit of Fig. 14.3. 

TO NEXT 
STAGE 

When coils are placed in parallel, their total inductance becomes less 
than each individual inductance. From the formula for frequency 

1 

I= 271"yLC 

it is evident that decreasing L will produce a higher frequency. Hence, by 
the addition of a tube across the tank circuit we have succeeded in shifting 
the oscillator frequency. The new frequency now represents the new resting 
point of the oscillator. No other change will occur as long as the operating 
voltages remain steady. 

Producing F-M. Thus far we have succeeded only in moving the fre­
quency of our oscillator from one point to another. There has been no fre­
quency modulation. This is to be expected since no audio voltages have 
been applied. This is done in Fig. 14.7, which is essentially the same as the 

-~II 

REACTANCE - TUBE 
MOOULATOR 

IOOKn 

OSCILLATOR 

FIG. 14.7. A complete reactance-tube modulator. R may be connected across the 
50-mmf capacitor to provide a d-c path to ground for any stray electrons trapped 

on the grid. 
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diagram of Fig. 14.3. However, by employing a pentagrid tube we obtain 
a separate grid (grid 3) for the insertion of the audio voltage. Grid 1 
causes the plate current to appear inductive to the oscillator tank voltage E. 

When no audio voltage is being impressed on the tube, the plate current 
is steady. Upon the application of an audio voltage, the plate current is 
varied in step with the voltage. On positive half cycles, grid 3 becomes 
positive, allowing more electrons to flow. On the negative audio voltages, 
the plate current decreases below its normal value. The rapidity with which 
the current rises and falls is entirely governed by the frequency of the audio 
voltages. People with high-pitched voices will produce faster variations in 
the 6BE6 plate current than persons having low-pitched voices. 

At the oscillator, these variations in plate current (Ip) will have the 
effect of changing the amount of inductive current flowing through the coil 
L. We know that the oscillator tank voltage remains constant. Nothing 
has been done to change it. Therefore, with the voltage constant and a 
variation appearing in the inductive current of the tank circuit, we can come 
to only one conclusion. The inductance must be fluctuating. By changing 
the inductance, we can alter its opposition to the current flow, and this could 

I 50Kfi 

250 E L 
Kfi 

~ F~ 
AUDIO 

AMP. 
B+ 

15Kfi 

B+ :i:-01 
Fm. 14.8. A balanced modulator. 
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account satisfactorily for the various inductive currents. A moment's re­
flection will indicate that a variation in inductance must be followed by a 
variation in frequency. Consequently, the audio voltages will produce fre­
quency modulation. 

In passing, we may note that when the audio voltage is at its positive 
peak, the maximum inductive current will flow from the tube through coil 
L. At these moments, the overall or apparent value of L will be smallest 
(presenting the lowest inductive reactance and hence permitting the largest 
flow of inductive current). The frequency of the oscillator will be at its 
highest point. (See previous formula.) During the opposite half of the 
cycle, when the audio voltage is negative, the frequency is at its lowest 
point. Remember again that it is the varying effect of the tube across the 
tank circuit that is responsible for all this. The actual coil and capacitor 
of the circuit never change. 

We have been concerned thus far with a reactance tube that produced 
a varying inductive current. It is possible to achieve the same results by 
having the tube appear as a capacitance. This will be done in the next sec­
tion when a balanced, reactance-tube frequency modulator is investigated. 

Balanced Modulators. The degree of frequency shift can be increased 
and the linearity improved through the use of a balanced modulator, such 
as illustrated in Fig. 14.8. Two tubes act as reactance units, their grids 
connected across opposite ends of the audio-signal transformer, whereas 
their plates are attached to one common point. The purpose of this arrange­
ment is to produce opposite effects in the tubes which will aid each other. 
Let us see how this is accomplished. 

One tube, V1 , is connected as in the previous circuit. From this we 
know that the plate current produced by the tube will lag the tank voltage 
E and appear inductive. For V2 , however, we find a slightly different ar­
rangement. We still have a capacitor (3 mmf) in series with a resistor, but 
their impedance values are reversed. The capacitance, because of its very 
small capacitance, presents a much greater opposition to the flow of cur­
rent through this branch than the 1500-ohm resistor. Hence, the current will 
be almost entirely capacitative and will lead the applied voltage E by 
practically 90°. This is shown vectorially in Fig. 14.9A. The voltage that 
is developed across R1 is in phase with the current because, in all resistors, 
current and voltage are in phase. We may add ER to the vector diagram, 
as in Fig. 14.9B. Since the grid obtains its input voltage from the resistor, 
we see that Eu and ER are one and the same thing. In the vector diagram 
of Fig. 14.9B we can place Eu at the same point as ER. 

Proceeding with the analysis, we note that Ip of V 2 , being governed 
directly by Eu, is also in phase with it. Hence, we arrive at a situation 
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where, for V 2, the plate current is 90° ahead of the applied oscillator volt­
age E (see Fig. 14.9C). Thus, by rearranging the capacitor-and-resistor 
combination and altering their relative values we obtain a plate current that 
leads instead of lags the voltage E. Thus, V 2 appears capacitative. 

r, 11 1, 

ER•EG 
ER•EG 
Ip 

Eosc. Eosc: Eosc. 

-A- -a- -c-

Frn. 14.9. The current and voltage phase relationship in the grid network of V2 
(Fig. 14.8). 

Within the tank circuit, this capacitative current combines in phase 
with the capacitative current flowing through the tuning capacitor C. 
Whether the effective capacitative effect across the entire circuit increases 
or decreases depends upon the variations in the plate current coming from 
V 2• If the capacitative current increases, this would have the same effect 
as a decrease in capacitative reactance. The reason is simple. The tank volt­
age E remains constant. Hence, the only way the current through C ( or 
L) can change is through a change in the reactance in that branch. For an 
increase in capacitative current, we must have a corresponding decrease in 
capacitative reactance. In terms of capacitance this means a larger capaci­
tor because 

1 
Xe= 2wJC 

If Xe goes down, C must increase. The opposite current variation would 
mean a decrease in C. 

Now let us apply an audio voltage to this reactance-tube modulator and 
determine how the frequency changes. 

The grids of the 6BE6's are connected across opposite ends of the audio 
input transformer. When one grid goes positive, the other grid is driven 
negative. Suppose that the audio voltage applied to V 1 is positive, and 
that to V 2 is negative. Then the plate current lp1 will increase and lp2 will 
decrease. Across the oscillator tank circuit this will appear as an increased 
inductive current and a decreased capacitative current. We have seen that 
an increasing lp1 means a lower effective inductance across the tank circuit. 
We have also determined that a decreasing capacitative current has the 
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apparent effect of a decrease in C. Hence, as a result of the application of 
the audio voltage, both the effective values of L and C have decreased. From 

1 

f = 211"\ILC 

we note that the frequency rises. But since both L and C are effected, the 
overall frequency change is much 

OSCILLATOR greater than we could have ob­
Rt1iitf.f'T tained with the single-tube ar­

rangement of Fig. 14.7. 

L C 

A.F. MOO. 
SIGNAL 

FIG. 14.10. An approximately equivalent 
circuit of the balanced modulator of Fig. 
14.8. V1 is represented by a variable in­
ductance while V2 by a variable capaci-

tance. 

We could go through the same 
analysis for the opposite situation 
when the audio input voltage re­
versed. However, from what has 
already been given there is no need 
for this. The frequency variation 
is now in the opposite direction, 
toward the lower frequencies. Be-
tween the positive and negative 
audio voltage peaks, intermediate 
frequency shifts take place at each 
point directly proportional to the 
amplitude of the applied voltage. 

An approximately equivalent 
circuit of the balanced modulator of Fig. 14.8 is shown in Fig. 14.10. 

The Complete Transmitter. Our progress, to this point, in the form­
ing of an F-M signal has consisted solely in examining the action in a re­
actance tube and the associated oscillator. In practice, the oscillator fre­
quency is somewhere in the neighborhood of 5 me. Through the application of 
an audio signal to the reactance tube, we can vary the oscillator frequency 
about 4 kc. The output, then, from the oscillator will be 5 me ± 4 kc. It is 
not practical to attempt to obtain a greater frequency deviation because of 
the non-linearity that rises. Hence, if we desire to reach the ±75 kc au­
thorized by the F.C.C., frequency multiplication must be achieved in the 
stages that follow the oscillator. 

A block diagram of a complete reactance-tube F-M transmitter is shown 
in Fig. 14.11. We are already familiar with the rcactance tube and the 
oscillator. Frequency multipliers are needed to develop the final, signal­
frequency variation ±75 kc. The power amplifier, of course, is used to raise 
the signal level to the rated power of the unit, be it 5 kw, 10 kw or even 
50 kw. Note that until we reach the power amplifier stages we have rela­
tively low power stages. This permits the use of small, inexpensive receiving 
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Fm. 14.11. The block diagram of an F-M transmitter using a reactance-tube 
modulator. 

type tubes, with a substantial saving in cost. In A-M transmitters, the 
modulation occurs at or near the final power amplifier. This necessitates 
large modulating voltages, with their attendant high-power tubes. The cost 
of such an arrangement is usually considerable. 

A second addition to each reactance-tube transmitter is a frequency­
centering system. The fundamental frequency that is received from the 
oscillator is the result of the normal resonant frequency of the oscillator 
tank circuit plus or minus whatever effect the reactance tube may cause by 
virtue of its attachment across the oscillator. It is well to keep in mind that 
the simple attachment of the reactance tube ( even when no audio signal is 
present) produces a frequency shift in the oscillator. Of course, the change 
is fixed, not varying as when the audio is active. As an example, the oscil­
lator may have a frequency of 4.995 me. By attaching the reactance tube, 
we may raise the frequency to 5.000 me. This now represents the normal 
oscillator output frequency and it is around this value that the audio signal 
will swing the frequency. 

Once the normal or center oscillator frequency has been established, it 
is extremely important that it remain fixed. Every station is assigned to 
one frequency and thereafter it becomes their responsibility to maintain the 
center or normal frequency at this point. Failure to do so will not only 

REACTANCE 
Tuet 

MOOULATOR 

F-M$1GNALTO 
ro1..1.0N1NG 
MULTPL1£AS 

Fm. 14.12. A block diagram of a discriminator control system which keeps the 
master oscillator at its assigned center frequency. 
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cause interference to stations on other bands, but undoubtedly result in 
revocation of their operating license by the F.C.C. 

A simple method that has been successfully used to keep an oscillator on 
frequency is the system shown in Fig. 14.12. This network is arranged to 
produce an output voltage from the discriminator if the oscillator frequency 
shifts. By applying this voltage to the reactance tube, we can vary its plate 
current and, through this, its effect on the oscillator. If the discriminator 
voltage is properly applied, it will counteract any tendency on the part of 
either the oscillator or the reactance tube to change the center transmitter 
frequency. Note that the correction is applied only to maintain a fixed 
center frequency. It does not, in any way, interfere with the frequency­
modulation excursions above and below the resting frequency. 

Frequency Multipliers. The output from the modulated oscillator is 
usually within the frequency range of 4.7 to 6 me. The frequency variation, 
due to the modulation, is generally near 4.2 kc. This is the initial maximum 
swing, destined to become ±75 kc at the output of the transmitter. Under 
present frequency allocations, the output carrier is confined to the range 88 
to 108 me. Hence, we must increase the relatively low oscillator frequency 
to some value between 88 and 108 me. Suppose, as an illustration, we 
wish to broadcast on 90 me. The most common arrangement is to utilize 
two triplers and a doubler, thus providing the minimum number of frequency 
multipliers with the proper amount of frequency multiplication. The total 
amount, then, by which the oscillator frequency is increased is 18 times. 
Since we require a 90-mc output, we find that an oscillator operating at 5 
me will do nicely. Again, with an eighteenfold multiplication, an initial 
frequency swing of 4.1667 kc must be obtained for the loudest audio signal. 
Thus, ±4.167 kc, increased 18 times, gives the maximum ±75 kc permitted 
by the F.C.C. 

A frequency multiplier is essentially nothing more than an ordinary 
amplifier with the output circuit tuned to a harmonic of the input frequency. 
In the circuit of Fig. 14.13, the resonant tank, L and C in the output of V 1 , 

would be tuned to three times the input frequency. Any voltage that is 
developed across the tank and transferred to the next stage would be the 
third harmonic voltage. All other harmonics in the circuit would develop 
very little voltage across the tank impedance and only a negligible amount 
would reach the following stage. By successively choosing the desired har­
monic, we can raise the original oscillator frequency to any desired value. 

Grid-Leak Bias and Distortion. In order to appreciate fully the op­
eration of a frequency multiplier and its function in the F-M transmitter, 
there are several facts we must know. First, in any class C amplifier, such 
as we find in transmitters, the large grid-leak bias acting at the input of the 
tube produces a distorted wave in the plate circuit. Grid-leak bias is actu-
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Fm. 14.13. A frequency multiplier. The main grid bias is developed by Rg; Re is 
merely for protective bias. 

ally self-bias, where the amount of voltage developed across the grid-leak 
resistor, Ru, is directly dependent upon the strength of the incoming signal. 

Initially, when no input voltage is applied, no bias is present on the grid. 
Upon the application of a signal voltage, the grid is driven positive on the 
positive half cycles and current flows in the grid circuit. The coupling cap­
acitor becomes charged. During the negative portions of the signal the 
capacitor discharges, tending to maintain a voltage across Ru with the po­
larity as shown. As long as the strength of the incoming voltage is constant, 
the bias will keep the tube fixed at one operating point. 

The amount of bias voltage developed across Ru will depend upon the 
size of this resistor (for any one value of input signal). In practice, the re­
sistor is chosen to give a bias equal to approximately 2 or 3 times the cut-off 
voltage of the tube. If the latter voltage is given as 15 volts by the manu­
facturer, then the grid-leak bias will be between 30 and 45 volts. Its posi­
tion is indicated in Fig. 14.14. With this as the operating point, the incom­
ing voltage will vary above and below this value. At the positive peaks, the 
grid will be driven sufficiently positive to maintain the bias voltage across 
Ru fixed. 

Plate current flows only for that portion of the input voltage when the 

INPUT 
SIGNAL 

FIG. 14.14. The operating characteristics of a frequency multiplier. Only the 
shaded portion of the input signal is effective in producing plate current, 
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total grid voltage is more positive than the plate-current cut-off value. This 
region is shown shaded in Fig. 14.14. The plate current, during those mo­
ments when it is permitted to flow, will do so in pulses. 

The fact that the plate-current form, produced as a result of the action of 
the grid bias, is not an exact duplicate of the input signal immediately indi­
cates that distortion has been introduced. It can be demonstrated mathe­
matically that when a wave is distorted, odd and even harmonics of that 
wave are produced. If the plate tank circuit is tuned to one of these har­
monic frequencies, then the major portion of the voltage developed across 
the coil will be at this harmonic. Transfer to a succeeding stage, also tuned 
to the same harmonic, will practically eliminate all the other frequencies. 
Thus, in Fig. 14.13, tuning L and C to the third harmonic of the input will 
produce this component across the circuit. 

It will be found that multiplication seldom exceeds the third harmonic 
in any one stage. The reason is simply due to the fact that in any frequency 
multiplier, the voltage that can be obtained through the use of a harmonic 
is proportionately lower than if we used the fundamental. For the third 
harmonic, the output voltage developed across L and C would be usually 
less than ½ of the fundamental if L and C were tuned to the fundamental 
frequency. Higher harmonics will give progressively less output. 

Although the pulses that are fed into L and C do not resemble sine waves, 
the fly-wheel action of the tank redevelops them. The pulses keep the cur­
rent circulating between the capacitor and the coil and this action forms the 
necessary sine waves at whichever frequency the circuit is tuned. 

The plate tank circuit of the frequency multiplier is tuned broadly 
enough to include any frequency variations of the carrier about its resting 
point. Thus, if the input frequency to the first tripler is 5 me and is accom­
panied by a ±4.167-kc variation due to audio modulation, it will vary be­
tween the limits of 5.004167 me and 4.995833 me ( 4.167 kc has been changed 
to 0.004167 me and added and subtracted from 5 me). At each point in this 
range, the third harmonic will be produced and developed across the tank 
circuit. Hence, the output will fluctuate between 15.012501 me and 14.987499 
me. This can be expressed as 15 me ± 12.501 kc. Thus we see that both the 
carrier and the sidebands each receive the same frequency multiplication. 

With one more tripler, the foregoing values would be converted to 45 me 
± 37.503 kc. Add a doubler, and we obtain the desired frequency, 90 me, 
with ±75-kc deviation. 

After these multipliers, power amplifiers are added in sufficient number 
until the desired output power is attained. 

RCA F-M Transmitter. The present RCA F-M transmitter incorpo­
rates many of the preceding circuits and ideas in its design. It uses a slightly 
modified pair of push-pull modulators, a Hartley oscillator, two triplers, a 
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buffer amplifier, a doubler, and several power amplifiers. A block diagram 
is shown in Fig. 14.15. 

The balanced modulator differs from the previous balanced modulator 
in that the grids receive their energy from the oscillator tank circuit by 
means of a link-coupling arrangement. Previously, it will be remembered, 
we obtained the R.F. voltage for each grid by means of a resistance-capaci-
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FIG. 14.15. The outline of a modern RCA F-M transmitter. The notation above 
each block designates the tubes used in that stage. 

tance circuit coupled directly to the oscillator tank. Through this R-C 
arrangement, each grid received voltages that made them lead or lag the 
oscillator tank current by 90°. If the plate current of one modulator tube 
was 90° leading, the current of the other tube was 90° lagging. 

In the RCA transmitter, the R.F. voltage from the oscillator is trans­
ferred to Li inductively. (See Fig. 14.16.) The voltage developed across Li 
produces a current flow in the link-coupling circuit, establishing a similar 
voltage across L2 at the other end. The voltage from L2 is then coupled to 
La and L 4 inductively. 

If we examine the grid circuits of the two modulator tubes, we note that 
they form essentially a push-pull circuit. The two far ends of La and L 4 

are placed at the same R.F. potential by Cs. Thus we may consider 
Ls and L4 as being directly connected. Ci and C2 resonate Ls and L4 to 
the same frequency as the oscillator tank circuit. Since the grids are so 
connected, each receives R.F. voltages that are 180° out of phase with re-
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spect to each other. If one grid is, at one instant, positive, the other grid 
is negative. 

To obtain the required reactance from each modulator, the designers 
have arranged the link-coupling network, Li and L2 , in conjunction with the 
other coils-£, L3, and L4-so that the R.F. voltage transferred from the 
oscillator is shifted 90°. Thus, the voltage is first shifted 90° and then ap­
plied to L3 and L 4 to make each grid 180° out of phase with the other. As 
a result of this arrangement, each tube presents to the oscillator tank a dif-

MOOULATOR 

A.F.C. 
VOLTAGE 

+150V 

6AQ5 
OSCILLATOR 

Frn. 14.16. A simplified diagram of the balanced modulator and oscillator of the 
RCA F-M transmitter. 

ferent form of reactance. However, with no audio input signal at Vi and 
V 2, the balanced connection of each modulator acts to cancel the reactance 
produced by each tube at the oscillator tank. 

The audio voltage is applied through transformer Ti to each grid of the 
modulator. Since the grids are connected to opposite ends of the transformer, 
the audio voltage will be applied 180° out of phase to each grid. Application 
of the modulating voltage will upset the balance of Vi and V 2 , causing one 
tube to draw more current and the other tube less current. Across the oscil­
lator tank circuit, the result is the same as if we had varied the reactance 
(inductive or capacitative), thereby producing a frequency shift. The two 
tubes, thus, produce a greater frequency shift than if one tube alone 
had been used in the modulator. 

From L, the frequency variations are fed to V 4, the first tripler, by means 
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of capacitative coupling through C4 • The output circuit of V 4 is tuned to the 
third harmonic of the input or oscillator frequency. This, as we have already 
seen, will triple the input frequency and also the frequency variation, which 
is the F-M. Vis is another tripler, and V 6 is a doubler. The layout, to this 
point, represents the exciter unit and is completely contained within one 

Frn. 14.17. Exciter and driver sections of RCA F-M transmitter Model BTE-lOB. 
(Courtesy RCA) 

cabinet (see Fig. 14.17). Included also is a power supply and a frequency 
control unit. 

The center frequency, at the output of the exciter, is somewhere between 
88 and 108 me. The signal level at this point is on the order of 10 watts. 
This is now fed to an intermediate power amplifier where it is raised to 250 
watts. Then the signal is applied to a 4CX5000A power tube, and the out-
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put from this stage is the desired 5 kw. The signal then goes to the F-M 
antenna. 

Frequency-Control Circuits. The F.C.C. specifies that each F-M 
broadcast station must be maintained within 2 kc of the assigned center 
frequency. To insure that this condition is maintained at all times, it has 
become customary to employ automatic frequency control. This is especially 
necessary in transmitters that employ reactance-tube modulators because 
in these units the main oscillator is usually some form of Hartley oscillator. 
Unless definite precautions are taken, frequency drift will occur because of 
the effect of heat, humidity, and aging of tubes and circuit components. 
With a properly designed, frequency-correcting network, the carrier will be 
confined to the regulation limits at all times. 

The frequency control system which is employed in the RCA F-M trans­
mitter of Fig. 14.15 is based upon a comparison of two oscillators-a crystal 
oscillator and the master frequency-modulated oscillator-to obtain a mean 
center-frequency control. The frequencies from both units are each divided 
to a common frequency and then combined in a balanced phase detector. 
When the two oscillators are exactly in step, the two inputs to the phase 
detector are 90° out of phase and the detector output is zero. If the mean 
frequency of the master oscillator tends to vary from the frequency of the 
crystal oscillator, the 90° phase relationship is no longer obtained, and the 
phase detector develops a d-c output which is used as a correction voltage 
to offset the tendency of the master oscillator to vary. The correction volt­
age is applied to the control grid of a modulator tube where it directly affects 
the reactance shunted by this tube across the master oscillator tuning circuit. 
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FIG. 14.18. The automatic frequency control section of the F-M transmitter of 
Fig. 14.14. 
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A block diagram of the frequency control system is shown in Fig. 14.18. 
A portion of the output from the master oscillator is fed to a series of fre­
quency dividers where the input frequency is divided down by a factor of 
3 X 4 x 4 X 5, or 240. Since the output from the master oscillator falls 
somewhere between 4.5 and 6.0 me, the output of the frequency divider 
chain will be 1/240 of these frequencies, or 18.75 kc to 25 kc. (It is under­
stood that only one center frequency will be obtained from the master oscil­
lator and consequently only one frequency will appear at the end of the 
divider chain.) 

At the same time, a crystal oscillator, operating at some frequency be­
tween 93.75 kc and 125 kc, has its signal pass through a divider where the 
initial frequency is lowered by a factor of 5. This will produce a frequency 
of 18.75 kc and 25 kc, or the same frequency that the master oscillator 
should produce at the end of its frequency chain if it is exactly on frequency. 
The two divided signals are then passed through separate triode cathode 
followers and applied to the phase detector. 

The reason for the extensive frequency division which must be employed 
stems from the limitations of the phase detector. The crystal oscillator fre­
quency is quite stable in value. However, the instantaneous frequency devi­
ations of the carrier may extend for as much as 75 kc which, in terms of 
equivalent phase variations, will amount to thousands of degrees. The phase 
detector, on the other hand, operates over a range of only 180°. Hence, to 
employ this type of detector, the frequency deviation must be reduced, and 
this is achieved by the frequency-divider chain. Of course, not only are the 
frequency deviations reduced, but the carrier frequency as well. In fact, by 
the time the signal deviations from the master oscillator are reduced by a 
factor of 240, the instantaneous carrier variation at 100 per cent modula­
tion produces a phase variation of approximately 33° when the modulating 
frequency is 30 cycles. 

There is still another reason for using frequency division, and this con­
cerns the varying amplitude of the center-frequency component. It was 
shown in Chapter 1 that, when a carrier is frequency-modulated, power for 
the sidebands is obtained from the carrier. At times, therefore, the carrier 
amplitude will decrease to zero, making accurate synchronization impossi­
ble. The frequency division, however, acts to concentrate the carrier power 
into a smaller and smaller bandwidth, resulting at the end of the frequency 
division chain in a signal of substantially constant amplitude ( containing 
no less than 96 per cent of the power of the unmodulated carrier) for syn­
chronization purposes. 

Frequency Division. Before we analyze the phase detector, let us ex­
amine a frequency divider stage. This is most commonly a combination 
mixer and oscillator. (See Fig. 14.19.) As an indication of how it functions 
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as a frequency divider, consider the oscillator section first. The oscillator, 
consisting of L1 and C 1 in the plate circuit and L2 in the grid circuit, is 
tuned to the desired output frequency. L1 and C1 determine the fundamen­
tal frequency at which the circuit will oscillate. As is usual in such oscil­
lators, the tube operates on the nonlinear portion of its characteristic curve 
and the plate current contains many harmonics. Although harmonics are 
generally not desirable, their presence is required here for the mixing action. 

The frequency to be divided is fed to the oscillator through the capacitor, 
C2. Let us say that its value is 6.0 me. An output one-fourth of this is 
desired, so that the oscillator functions at 1.5 me. At the tube the 6.0 me 

l 

B+ 

TO NEXT f---- FREQUENCY 
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Fm. 14.19. A frequency divider similar to those used in the RCA F-M transmitter. 

will mix with either the third harmonic (4.5 me) or the fifth harmonic (7.5 
me) of the oscillator to produce a difference frequency of 1.5 me. Because 
of the harmonic relationship between the incoming signal and the oscillator 
voltage, a lock-in will occur, with the incoming signal acting to keep the 
oscillator at some sub-harmonic value. If the incoming frequency should 
shift, then the lock-in will still remain, and the oscillator frequency will be 
shifted or "dragged along." However, the incoming signal will be able to 
maintain control only within certain limits. If these are exceeded, the os­
cillator breaks loose and returns to its natural frequency. However, in this 
circuit, the frequency shift is seldom so great that the lock-in is broken. 
The oscillator circuit is designed to follow the incoming frequency over 
fairly wide limits. 

To recapitulate, the oscillator in the frequency divider is set at a sub­
harmonic of the correct incoming frequency. Then, one of the harmonics of 
the oscillator mixes with the incoming signal to produce a difference fre­
quency which is equal to the fundamental oscillator frequency. Because of 
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the harmonic relationship of the incoming signal and the oscillator fre­
quency, the two lock-in. Once locked-in, any small shift in the signal will 
produce a shift in the oscillator and thus indicate to the following frequency 
dividers that the main F-M oscillator is off the center frequency. 

Returning to the block diagram of Fig. 14.18, we see that the system 
contains four frequency dividers. Multiplying each of the frequency divi­
sions together, we obtain a total of 3 X 4 X 4 X 5 = 240. Thus, if the main 
oscillator is at a frequency of 6.0 me, the output of the final divider is 6.0 
mc/240, or 0.025 me, or 25 kc. 

SIGNAL FROM 
CRYSTAL OSC. 

n 
SIGNAL FROM 
MMTEROSC. 

FIG. 14.20. A phase detector. 

The overall purpose of the frequency divider is to bring to the phase 
detector immediate indication of any change in the main oscillator fre­
quency. However, the sole fact that the frequency has shifted is not sig­
nificant unless it is compared with a standard frequency, one that remains 
fixed. For this we employ a crystal oscillator. After the output of the crys­
tal oscillator is decreased by one-fifth, its frequency has the same value that 
the main oscillator frequency should possess after it had been divided 240 
times. Hence, if the main oscillator frequency should shift even the slightest 
amount, this becomes immediately apparent by comparison. 

Phase Detector. The phase detector compares the phase between the 
frequency-divided signals from the master oscillator and the crystal oscil­
lator. When the master oscillator is on frequency, the two signals at the 
detector will possess a phase difference of 90°. The reason for this particu­
lar phase difference is that, under these conditions, the output of the phase 
detector is zero. The latter condition should occur when the master oscilla-
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tor center frequency is correct, since at this moment no correction voltage is 
needed. 

To demonstrate that the foregoing conditions exist, consider the circuit 
of the phase detector shown in Fig. 14.20. The frequency-divided signal 
from the crystal oscillator is applied to the transformer, T 1• Since the sec­
ondary is center-tapped, equal voltages appear across each half of the sec­
ondary winding. These are labeled E 1 and E2• Since the voltage polarities 
at either end of the secondary windings are opposite to each other with 
respect to the center tap, E 1 and E 2 can be represented (by vectors) as 
shown in Fig. 14.21A. Es differs from E1 and E2 by 90°, as specified above. 
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Frn. 14.21. Phase relationships between E 1, E2, and E3 of Figure 14.20. 

If now, E1 and E3 are added vcctorially, and the same is done to E2 and Es, 
we obtain the resultant vectors or voltages as shown in Fig. 14.21B. E 1 + Es 
is applied to tube V 1, while E 2 + Es is applied to V 2 • Since both resultant 
vectors are equal in length (i.e., amplitude), the same currents will flow 
through Vi, V2, Ri, R2, producing equal voltage drops across the two load 
resistors. Their combined voltage, which is fed to the control grid of the 
modulator tube, is zero because of the back-to-back placement of R1 and R 2• 

Consider, now, what happens when the frequency (and, consequently, the 
phase) of the master oscillator changes from the desired center value. Es 
will no longer be exactly 90° from E1 and E2. When the master oscillator 
frequency changes in one direction, Es will approach closer in phase to E1 
and hence cause E 1 + E3 to be greater than E2 + E 3 • (See Fig. 14.21C.) 
V 1 will now conduct more strongly than V 2 , developing a greater voltage 
drop across R 1 and feeding a positive voltage to the modulator tube. How-
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ever, when the master oscillator drifts in the other direction, the conditions 
shown in Fig. 14.21D obtain. Now V2 will conduct more strongly than Vi, 
giving rise to a greater voltage across R2 and feeding a negative voltage to 
the modulator. In each instance, the modulator will tend to return the mas­
ter oscillator to its proper center frequency. 

A 10-cycle low-pass filter is inserted in the path of the correction voltage 
from phase detector to modulator. Since the lowest modulating frequency 
used is 30 cycles, the filter removes any residual modulation that may be left. 
The only changes that are permitted to reach the modulator are those caused 
by the drifting of the master oscillator, and these occur at a frequency less 
than 10 cps. 

Off-Frequency Detector. In the same A.F.C. circuit, Fig. 14.18, there 
is a 6AS6 off-frequency detector which also receives the stepped-down mas­
ter oscillator and crystal oscillator signals. (See Fig. 14.22.) The 6AS6 tube 
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FIG. 14.22. Schematic diagram of the off-frequency detector and interlock control 
circuit. 

acts as a mixer, receiving each signal at a different grid. When the master 
oscillator is on frequency, both signals possess the same frequency and zero­
beat together, producing no a-c output. However, if a difference does appear 
between the two signals, sum and difference frequencies will be developed. 
C1 is designed to offer a low impedance to the sum frequencies, effectively 
by-passing them away from load resistor, Rr,• The much lower difference 
frequency does reach RL and is rectified by CRl. A positive d-c voltage 
will then appear across R 1 . If this voltage exceeds the fixed cathode bias 
applied to the thyratron, V 2 , the tube will conduct and the relay K 1 will be 
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energized. This opens up the relay contacts (not shown) and prevents plate 
power from being applied to stages following the exciter unless the A.F.C. 
circuit is locked in. Thus, the transmitter is prevented from radiating a 
signal unless the proper frequency is being generated. 

The foregoing automatic frequency control system represents one ap­
proach to this problem. Several other methods have been employed and it 
may be instructive to see how they operate. One interesting system employs 
a 2~phase motor; another utilizes a discriminator circuit. Both are described 
below. 

Motor Control. An outline of an F-M transmitter using motor control 
in the A.F.C. network is shown in Fig. 14.23. Capacitors C1 and C2 , which 
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Fm. 14.23. An outline illustrating the several circuits of the frequency control 
section. 

are mechanically linked to the 2-phase motor, are electrically connected 
across the master oscillator tuning coil. Any change in the settings of C 1 

and C2 will alter the frequency of the oscillator and, with this, the trans­
mitted carrier frequency. A portion of the oscillator voltage is fed to a series 
of frequency-divider stages, where a total frequency division of 240 times oc­
curs. Thus, with the main oscillator frequency somewhere between 4.5 and 
6.0 me, the output of the final frequency divider stage will decrease to the 
18.75-25 kc range. (It should be understood that, for any one station, the 
main oscillator has but one frequency. However, to cover the entire F-M 
band, 88 to 108 me, it is necessary to provide the values of 4.5 to 6.0 me for 
the oscillator.) The divider output is then fed to a balanced modulator. 

The other input to the modulators is obtained from a highly accurate 
crystal oscillator. The crystal oscillator frequency is lowered by ½, at which 
value it will be exactly 1/240th of the correct main oscillator frequency. 
This frequency is then compared in the balanced modulator with the fre­
quency obtained from the main oscillator. If any difference exists, the motor 
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is actuated and the tuning capacitors rotated until the oscillator is again 
centered at its assigned spot. 

The balanced modulator of Fig. 14.24 differs from the balanced modu­
lator of Fig. 14.8. The latter circuit modulates the frequency of an oscilla­
tor, whereas the present modulator mixes two frequencies. Both qualify for 
the designation of modulator, although their functions differ. 

Balanced M adulators. In a balanced modulator we can feed two signals 
into the grids of the tubes and obtain only one of the input signals plus the 
sum and difference frequencies of the two signals at the output. The other 
input frequency does not appear at the output. In the circuit of Fig. 14.24, 

E 
SUM AND DIFFERENCE 

-+- FREQUENCIES AND 
F SIGNAL NO. I 

Frn. 14.24. A balanced modulator. 

one signal is applied to terminals A and B, the other signal to terminals C 
and D, and the sum and difference frequencies appear across points E and 
F. It is customary to apply the higher frequency at terminals C and D and 
the lower frequency at A and B. However, in this case, both incoming sig­
nals have approximately the same frequency. 

The reason the signal at terminals C and D does not appear across E 
and F is due to its method of application. Both tubes, V 1 and V 2 , are con­
nected in push-pull, which means that their respective plate currents flow 
through the output coil or transformer in opposite directions. For V 1, the 
plate current flows down through its winding, whereas for V 2 the flow is up 
through the coil to the center point. As long as the currents are equal, their 
opposite effect will cancel. 

At the input circuit, any voltage across terminals C and D will be ap­
plied to both grids in like measure. The voltage will drive both tubes posi­
tive or negative at the same time. Both plate currents will thus be in phase, 
completely cancelling their magnetic effects in the output. 

When we apply another signal at terminals A and B, we upset the equal 
voltages that the signal at C and D is applying to the grids. When A is 
positive, B is negative and these voltages, added to those already existing 
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on the grids due to the signal at C and D, produce an unbalance. First, one 
tube will conduct more current, then the other. The result of this mixing of 
frequencies in V 1 and V 2 is the production of the sum and difference fre­
quencies across terminals E, F. We also find in the output, the frequency 
of the signal that is applied to terminals A, B. 

Now let us see how these facts are useful in the F-M transmitter. Two 
balanced modulators are needed, the output of each connected to the wind­
ings of the 2-phase motor. The output from the fourth frequency divider 
(bringing the signal from the main oscillator) is applied to each balanced 
modulator. We could, for example, feed the signal into terminals, A, B of 
each modulator. The output of the frequency divider following the crystal 
oscillator is also fed to each modulator, say terminals C, D. However, there 
is introduced (through the phase-shift network) a phase difference between 
the two crystal oscillator voltages of 90°. The need for this is due to the use 
of a 2-phase motor. In order for the motor to rotate, the two currents flow­
ing in its windings must differ by 90°-hence the phase-shift network. 

In the modulators, the two signals mix, producing sum and difference 
frequencies. Of particular interest in this instance are the difference fre­
quencies. When these currents flow through the two windings of the 2-phase 
motor, a torque is produced and the motor rotates the attached capacitors. 
If both signals have the same frequency, the difference frequency is zero, or 
d-c. Since the motor requires alternating currents, no torque is produced 
and no rotation occurs. When signals entering the modulators have identical 
frequencies, the main oscillator is obviously at the proper operating point. 

It may be wondered why the motor does not respond to the sum frequen­
cies, or the frequency of the signal that is applied across terminals A, B. 
These are also present in the output. Sum frequencies are produced as long 
as two signals are present, whereas difference frequencies occur only when 
the two signals differ in frequency. The reason the motor responds only to 
difference frequencies is due to its operational characteristics. It will not 
respond to frequencies beyond 1000 cycles. Since either input signal or the 
sum frequencies (produced through the mixing of the signals) are always 
above 1000 cycles, they cause no motor rotation. 

Discriminator Control. Another interesting method of frequency control 
relies on the operation of a discriminator. In Fig. 14.12, a block diagram 
illustrates the essential features of the system. As before, a crystal oscillator 
is the standard against which the main oscillator frequency is compared. As 
soon as deviations occur in the oscillator center frequency, an output (d-c) 
voltage is obtained from the discriminator. If the oscillator frequency drifts 
to a higher value, the output voltage of the discriminator is of one polarity. 
Should the frequency drift below its normal value, then the voltage from 
the discriminator reverses. The application of the d-c voltage from the dis-
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criminator to the control grid of the reactance tube controls the effect of the 
reactance tube on the main oscillator and, through this, the center frequency. 
The corrective voltage applied to the reactance tube is always of such po­
larity ( either positive or negative) as to bring the main oscillator center 
frequency back to its assigned position. 
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8 ~! 58 
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Fm. 14.25. A discriminator frequency-stabilization circuit. 

A frequency stabilization circuit is shown in Fig. 14.25. The resonant 
frequency of the crystal oscillator is at 2.8 me. This voltage is passed 
through a buffer amplifier and then doubled in the frequency multiplier to 
5.6 me. From the output of the doubler, the 5.6-mc voltage is applied to 
grid 3 of a 6BE6 tube, connected as a mixer. 

The 5.0-mc oscillator voltage is picked off by means of a small capacitor 
and brought to grid 1 of the 6BE6. The two signals beat together in the 
tube, forming sum- and difference-frequency voltages across the plate tank 
circuit. Of particular interest is the difference frequency, 600 kc, since this 
is the center resonant point of the following discriminator. So long as this 
frequency is the difference frequency produced in the mixer, the output volt­
age from the discriminator is zero. The reason was shown previously in 
Chapter 9. 

However, when a change occurs in the main oscillator frequency, the 
mixing will produce some other difference value. Consequently, an output 
voltage will appear at point A. If the input frequency to the discriminator 
is above 600 kc, the output voltage will be of one polarity. If it is below, the 
polarity will be opposite. From point A the voltage is fed to the grid of the 
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reactance tube. At the tube it affects the plate-current flow and, with this, 
the shift in oscillator frequency caused by the modulator connection. 

The drift of an oscillator is seldom a rapid or sudden affair. Rather, the 
shift is gradual. To produce a large controlling bias voltage from point A, 
for only small changes in frequency, the bandwidth response of the discrimi­
nator is made fairly narrow. As the selectivity of the discriminator tuning 
circuit becomes sharper, more output voltage is obtained for any given fre­
quency shift. With additional grid bias, the reactance modulator and the 
entire system become very sensitive to slight frequency changes. Of course, 
if the main oscillator frequency should suddenly shift by a considerable 
amount, we would find that a narrow-band discriminator is useless. How­
ever, this almost never occurs. 

There is one precaution that must be observed when using this network. 
The signal fed from the oscillator to grid 1 of the mixer contains frequency 
modulation. If the correcting voltage developed at the output of the discrim­
inator is permitted to follow these frequency variations, all the frequency 
modulation produced by the audio signal would be nullified. What we de­
sire to prevent are changes in the main oscillator frequency due to uncon­
trolled causes, such as heat, humidity or aging of the tubes. We do not 
want to prevent frequency shifting due to applied audio voltages. The os­
cillator must be kept at its proper resting point, or central frequency. From 
this position it will swing back and forth under the influence of the audio 
modulation. 

A low-pass filter is used to eliminate all the frequency modulation from 
the correcting voltage obtained at the output of the discriminator. In Fig. 
14.25, this filter consists of 0 1, R1, and 0 2• It cuts off at approximately 10 
cycles and effectively by-passes or eliminates all audio variations ( caused 
by the reactance tube in modulating the oscillator) and permits only the 
very slow frequency drifts of the oscillator to be effective. The center fre­
quency of the oscillator drifts very slowly, well within 10 cps. 

PROBLEMS 
1. What two general methods are employed to develop F-M signals? 
2. What is a reactance tube? Does this differ in physical characteristics from 

any other tube? Explain. 
3. Draw the schematic circuit for a simple reactance-tube modulator. 
4. Explain the operation of the modulator drawn in Question 3. 
5. A simple series circuit containing a resistor and capacitor is connected to an 

R.F. generator. When will the voltage developed across the resistor be nearly in 
phase with the applied R.F. voltage? When will this resistor voltage be almost 90° 
out of phase with the R.F. voltage? 

6. To the circuit of a Hartley oscillator add a vacuum tube which appears as a 
pure resistor to the oscillator tank circuit. 

7. Explain what causes a tube to function as a resistor, capacitor, or inductor. 
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8. How does an applied audio voltage cause the reactance tube to alter the fre­
quency of an oscillator? 

9. What are the advantages of a balanced reactance-tube modulator? 
10. Explain briefly the difference between balanced and single-ended reactance­

tube modulators. 
11. Is the F-M signal fully developed at the output of the modulated oscillator? 

Explain. 
12. The signal obtained from the output of an oscillator had a frequency of 5.(i 

me with an F-M swing of 4.0 kc. How could we obtain a carrier frequency of 100.8 
me? How much frequency swing would we produce in raising the original 5.6 me to 
100.8 me? 

13. What precautions can be observed to insure that the frequency of a reactance­
tube modulated oscillator is kept on-frequency? 

14. Explain the operation of a frequency multiplier. 
15. Explain briefly the operation of the frequency control employed in the RCA 

F-M transmitter. 
16. Explain briefly the operation of the frequency-control circuit in Fig. 14.18. 

Illustrate by means of a block diagram. 
17. How does a phase detector operate? Explain in detail. 
18. How does a frequency divider function? What is its purpose in the RCA 

F-M transmitter? 
19. Contrast a discriminator frequency control network with a motor-controlled 

circuit. 
20. Draw the block diagram of a discriminator frequency-control network and 

explain how it functions. 
21. Draw the block diagram of a complete F-M transmitter containing the fol-

lowing components. 

1. Reactance-tube modulator. 
2. A 3-stage audio-amplifier system. 
3. Two triplers and a doubler. 
4. An intermediate power amplifier. 
5. A power amplifier. 
6. A discriminator type of frequency control circuit. 



Chapter 15 

COMMERCIAL F-M TRANSMITTERS 

(PART 2) 

In this chapter we shall examine two additional methods* which have 
been employed to achieve frequency modulation directly by means of a 
reactance modulator. In one method, the modulator is a diode. In the sec­
ond system, advantage is taken of the fact that the input capacitance of a 
tube is dependent on its mutual conductance. Each approach, in its way, is 
distinctive and demonstrates the versatility of the direct method. 
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FIG. 15.1. A block diagram of an F-M transmitter in which the frequency of the 
master oscillator is varied by a diode modulator. The frequency stabilization system 

which supplies the above correction voltage is shown in Fig. 15.5. 

Direct F-M with Diode Modulator. A block diagram of a transmitter 
using a diode modulator is shown in Fig. 15.1. The audio circuits, to the 
point where their signal is applied to the modulator control tube, are con­
ventional. An audio feedback discriminator, which is peculiar to this cir-

* Commercial F-M transmitters using both modulation methods to be described are 
in operation today. 
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cuit, tends to stabilize the audio stages by applying a small amount of 
inverse feedback voltage. The operation of this circuit is simple and will 
be analyzed after the operation of the modulating system has been investi­
gated. 

The oscillator, using a 1614 beam-power tetrode, is connected as an 
electron-coupled Colpitts oscillator and tripler circuit. (See Fig. 15.2.) The 
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Fro. 15.2. The modulator and oscillator circuits of the transmitter shown m 
Fig. 15.1. 

grid circuit generates a frequency ½ that of the transmitted carrier fre­
quency. This frequency is tripled in the plate circuit of the oscillator tube 
to 1/2 the output frequency. The grid circuit of V 4 is tuned by the grid in­
ductance, L 2 , by the coarse and fine variable capacitors, C1 and C2 , and by 
the capacitative reactance of the modulator tube, V3• In the plate circuit, 
L5 in conjunction with L6 forms a tuned coupling circuit having a very large 
coefficient of coupling. Tuning here is accomplished by the grid tuning ca­
pacitors of the following R.F. tripler stage. The final frequency multiplica­
tion (3 times) is achieved in the plate circuit of the following tube, V 5 (not 
shown). The frequency, at this point, is equal to the carrier frequency au­
thorized to that station. 

Beyond V 5, intermediate and power amplifiers increase the power of the 
signal until it has attained the full value at which the station operates. 

Modulating Circuits. The modulator circuit consists of two tubes, a 
1614 beam-power tetrode and a 6AL5 duo-diode. The 1614 is connected as 
a triode and operates as a class A audio frequency amplifier. The 6AL5, 
with both sections connected in parallel, is placed in series with the plate 
of the 1614. Hence the instantaneous current through the diode depends 
upon the current flowing through the 1614. Since the 1614 is operating as a 
class A amplifier, its plate current and that of the diode will always be pro­
portional to the applied audio signal. 



324 F-M SIMPLIFIED 

The diode, in addition, is connected across the grid inductance of the 
oscillator. (See Fig. 15.3A.) This means that the interelectrode capacitance 
existing between cathode and plate of the diode and the tube's internal plate 
resistance are also shunted across the oscillator tank circuit. (See Fig. 
15.3B.) By varying the value of this plate resistance, we change the overall 
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FIG. 15.3. (A) The diode modulator is connected across the grid inductance of the 
oscillator. (B) Equivalent circuit of diode showing its electrical effect on oscillator 

tank circuit. 

reactance of the network, which, in turn, causes the frequency of the oscil­
lator to change. Thus, the audio voltage at the grid of V 2 , by varying the 
current flowing through this tube and the diode, will also vary the reactive 
effect of the diode on the oscillator. 

To prevent amplitude modulation as well as frequency modulation, the 

R_.., 
FIG. 15.4. Resistive and reactive current in diode modulator. 

6AL5 is operated at a point where the change in resistive current through 
the tube is very small in proportion to the change in capacitative current. 
A plot of the current through the 6AL5 tube is shown in Fig. 15.4. It will 
be noted that, between the points A and B, a very small change in resistive 
current, IR, occurs for a relatively large change in the resistive effect of the 
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tube. At the same time, between these two points, the change in capacitative 
current, le, is quite large. Hence, by operating the diode between points A 
and B, we secure frequency modulation accompanied by only a negligible 
amount of amplitude modulation. 

Audio Feedback Discriminator. The purpose of the audio feedback 
discriminator is to provide an inverse feedback voltage for the audio am­
plifier, V 1 , in order to stabilize its operation and to reduce distortion. The 
discriminator circuit is, in essence, a Foster-Seeley F-M detector. The pri­
mary and secondary windings of the discriminator transformer are tuned 
to the frequency of the master oscillator, V 4 • A small coupling link, L3 , 

transfers the signal from the oscillator grid coil to the discriminator trans­
former. When the oscillator is unmodulated, the output of the discriminator 
will be zero. This action is in accordance with the operation of a discrimi­
nator circuit. However, when an audio voltage is being applied to the cir­
cuit, the oscillator signal becomes frequency-modulated, and a similar audio 
voltage is obtained from the discriminator. This voltage possesses the proper 
phase to be applied to the grid of V 1 as an inverse feedback voltage. 

Frequency Stabilization Circuits. We come now to the frequency sta­
bilization circuits, these being necessary in all reactance-modulated F-M 
transmitters. In the previous chapter, one system using motor control, one 
system employing a discriminator, and one system using a phase detector 
were described. The present system represents still another approach, 
using a series of pulses and a pulse-counting circuit to keep the transmitter 
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FIG. 15.5. A block diagram of the frequency stabilization system employed in the 
F-M transmitter of Fig. 15.1. 
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on frequency. When the master oscillator drifts to one side of its assigned 
frequency, the output pulses of the circuit have one polarity; when the 
drift is to the other side of the assigned frequency, the pulse polarity 
reverses. 

A block diagram of the entire frequency stabilizer section is shown in Fig. 
15.5. The master oscillator feeds a portion of its signal to two separate mixers 
through a buffer amplifier. The same amount of voltage is applied, in phase, 
to each mixer. At the same time a crystal oscillator, operating at the exact 
frequency to which the master oscillator should be set, also feeds its voltage 
to each of the mixers. However, the crystal oscillator output must first pass 
through two resistance-capacitance phase shift networks so designed that 
the crystal oscillator voltage reaching mixer No. 1 is advanced 45° in phase 
while the voltage reaching mixer No. 2 is retarded by 45°. The two voltages, 
then, are actually 90° out of phase. 

Within each mixer, the signals from the crystal and master oscillators 
mix, and if the two are not equal in frequency, the difference and sum of 
these frequencies will be generated. Of interest in this discussion are the dif­
ference frequencies since the sum frequencies are by-passed to ground. 

Any output frequencies developed in the mixers will be equal, but the 
phase of the voltage from mixer No. 2 will differ from that of mixer No. 1 
by 90° because of the phase difference in the applied crystal oscillator volt­
ages. 

Let us examine this latter point in greater detail. When the master os­
cillator is operating at its proper center frequency, then its frequency and 
that of the crystal oscillator will be equal. Under these conditions, no dif­
ference frequency voltage will be obtained at the output of either mixer. 
However, when the two oscillator frequencies do not agree, the following 
will happen. 

1. When the oscillator frequency is higher than the crystal reference 
frequency, the output of mixer No. 2 will lead the output of mixer No. 1 by 
90°. 

2. When the oscillator frequency is lower than the crystal reference fre­
quency, the output of mixer No. 2 will lag the output of mixer No. 1 by 90°. 

Fig. 15.6 illustrates these phase relationships, with the output of mixer 
No. 1 kept constant while the output of mixer No. 2 lags or leads by 90°. 
During modulation of the master oscillator, the applied audio-modulating 
voltage will swing the oscillator frequency above and below its operating 
point. This means that during the positive half of an audio frequency cycle, 
when the carrier shifts (in this circuit) in the low frequency direction, the 
output of mixer No. 1 will lead the voltage output of No. 2. During the 
negative half of the audio cycle, the output of mixer No. 1 will lag the out-
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put of mixer No. 2. If the center operating frequency of the master oscillator 
is properly set, no correction voltage will be developed by the frequency 
stabilization network. However, if the master oscillator is not properly cen­
tered and has instead drifted to one side, then a difference frequency will 
appear in the mixer plate circuits even when no audio voltage is being ap­
plied to the circuit. When, now, an audio voltage is applied, the outputs 
of the mixers will not lead and lag for an equal length of time as they did 
when the master oscillator was on frequency. This will result in a correction 
voltage being developed by the stabilization system which will act to return 
the osrillator to its proper center frequency. 
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Fw. 15.6. The phase relationship between the outputs of mixers 1 and 2 when the 
master oscillator is not operating at its assigned center frequency. 

The output of each mixer is fed to a separate amplifier. The output of 
mixer No. 1 is fed to amplifier No. 1. This tube is biased practically to cut­
off and acts to square off the applied sine wave, giving it the shape shown 
in Fig. 15.7. This wave is then applied to the center of the following pulse 
discriminator. 

The output of mixer No. 2 is passed through amplifier No. 2 and then 
used to trigger a multivibrator. Although it is beyond the scope of this text 
to go into the operation of multivibrators, it can be said that this circuit, 
containing two tubes, transforms the sine-wave output of amplifier No. 2 
into a series of square waves. These square waves are then passed through 
a resistance-capacitance network which converts them into a series of posi­
tive and negative pulses. It is these pulses which are received by the same 
pulse discriminator to which the amplified output of mixer No. 1 is applied. 

Note that the pulse discriminator receives equal and oppositely phased 
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pulses from the multivibrator. This is required because of the manner in 
which these voltages are applied to the pulse discriminator. 

Pulse Discriminator. The purpose of the pulse discriminator is to com­
bine the output of the multivibrator with the amplified output from 
mixer No. 1 in such a manner that voltage pulses appear on one side of its 
output circuit when the master oscillator is above its correct center operating 
frequency and on the other side of the output circuit when the oscillator 
frequency is below its correct operating frequency. If the master oscillator 
is on frequency, then during audio modulation, the number of pulses appear-
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Fm. 15.7. The pulse discriminator circuit. 

ing on one side of the discriminator during one half cycle of audio voltage 
will be exactly equal to the number of pulses appearing on the other side of 
the discriminator, during the next half cycle. However, this will not be true 
if the master oscillator has drifted. 

The pulse discriminator consists of two diodes, the cathode of each being 
biased by a positive 255 volts. The maximum possible signal voltage avail­
able from amplifier No. 1 is also +255 volts, and therefore the voltage due 
solely to amplifier No. 1 cannot cause the discriminator to pass current. 
The same is true of the voltage pulses obtained from the multivibrator. 
However, when both voltages appear at the same time and add in the posi­
tive direction, current will flow. The voltage will add together on one side 
of the discriminator when one mixer voltage leads, and on the other side of 
the discriminator ·when the voltage from the other mixer leads. 

Note that, whenever one of the diodes conduct, only the voltage pips 
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riding atop the wave from amplifier No. 1 appear in the output. If the volt­
ages oppose each other, nothing appears at that side of the discriminator. 

The positive pulses appearing on either side of the discriminator are 
kept separate from each other and are passed through separate pulse ampli­
fiers and a pulse limiter. These stages bring all pulses to the same ampli­
tude, removing any variations that might possibly exist between them. The 
pulses are then applied to a pulse integrator circuit in such fashion that half 
of the integrator responds to the pulses appearing on one side of the 
circuit and half of the integrator responds to the pulses appearing on the 
other side of the circuit. The currents flowing through the first half of 
the integrator charge a capacitor in one direction while the currents flowing 
through the second half of the integrator charge the same capacitor in the 
opposite direction. The voltage developed across the capacitor is then ap­
plied through a cathode follower to the modulator control tube where it can 
alter the center or resting frequency of the modulated oscillator. 

When the master oscillator is on frequency, the average voltage developed 
across the capacitor over one audio cycle is zero. For all other conditions 
either a positive or negative resultant voltage will appear across the ca­
pacitor which, when applied to the modulator control circuit, will act to 
bring the master oscillator back on frequency. 

In spite of the apparent complexity of this circuit, it is simple to operate 
because it requires no adjustments once it has been placed in operation. 
There are no tuned circuits, frequency dividers, or locked-in oscillators. 
Most tubes operate from cut-off to saturation, reducing to a minimum the 
effect of any variation in tube characteristics. Actually, under these condi­
tions, the only positive manner in which a tube can interfere with the proper 
circuit operation is by complete failure, and generally tubes are removed 
from the circuit, during periodic inspections, long before this occurs. 

F-M BY TUBE CAPACITANCE VARIATION 

In still another approach to direct frequency modulation, advantage is 
taken of the fact that the input capacitance of a tube is dependent upon its 
mutual conductance. The mutual conductance, in turn, will vary as the plate 
current varies and, going one step farther, this will depend upon the grid 
voltage. Thus, tying all these facts together, we have a direct connection 
between the grid voltage of the tube (in this instance, the modulator tube) 
and the input capacitance of the tube. If, therefore, we apply an audio 
voltage to the modulator grid, we can cause the input capacitance of the 
tube to vary at an audio rate. By connecting the tuned circuit of an oscil­
lator across the grid of the modulator tube, we effectively shunt this input 
capacitance across the oscillator and cause the generated frequency to vary 
in step with the applied audio voltage. The result is frequency modulation. 
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The basic and actual circuits of a suitable modulator and oscillator are 
shown in Fig. 15.8. The oscillator uses a 12J5GT triode arranged to operate 
as a conventional Hartley. Connected across part of the oscillator tank in-
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Fm. 15.8A. A simplified diagram of the modulator and oscillator used in a trans­
mitter where F-M is obtained by varying the input capacitance. 
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Fm. 15.8B. The complete schematic of the modulator and oscillator. Shown, too, is 
the buffer which follows the oscillator. 

ductance is the modulator tube, a 6AB7 /1853 pentode. This particular tube 
was chosen because it possesses a high gm value and because this gm can be 
made to vary linearly with grid voltage. The latter qualification is necessary 
to insure that the frequency modulation produced is directly proportional 
to the applied audio-modulating signal. 

It can be shown by a rather lengthy mathematical analysis that the in­
put capacitance of an amplifier tube is given by 

c. = Cgk + Cgp(l + A) 
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where Ci = input capacitance of amplifier tube 
Cuk = grid-to-cathode capacitance of tube 
Cup = grid-to-plate capacitance of tube 

A = gain of the tube 
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For all practical purposes, Cuk and Cup are constant and will not change ap­
preciably with tube current. The gain, on the other hand, will vary with tube 
current because, for a pentode, the gain, A, can be shown to be equal to gmZL 
where Ym is the mutual conductance of the tube and ZL is the load impedance 
into which the tube works. Hence, the foregoing equation can be rewritten 
in the form 

Ci= Cgk + Cgp(l + YmZL) 

Note that C, is not only affected by the Ym of the modulator tube, but 
also by Zr,, the load impedance of this tube. In order to have C, affected 
only by Ym, the plate load is made resistive by using a resonant circuit, 
which is resistive at its resonant frequency. A resistor is shunted across the 
resonant circuit in order to have it tune broadly and therefore remain in 
resonance over the range of frequencies covered by the oscillator when it 
is frequency-modulated. With this circuit modification, the equation for the 
input capacitance of the modulator becomes: 

Ci= Cgk + Cgp(l + YmRL) 

where Rr, now represents the load impedance. 
Since the 6AB7/1853 modulator tube is pentode, the Cup of this tube is 

very small, on the order of 0.015 mmf, and its effect, in comparison to Cuk 
(which is 15 mmf) would be almost negligible. To overcome this, a 5-mmf 
capacitance is shunted across the tube, from plate to grid providing sufficient 
input capacitance variation with changes in audio signal. Another capacitor, 
this one variable, connects the grid of the modulator tube to the tuning in­
ductance of the oscillator. Its purpose is to provide a fixed frequency swing 
for a given change in audio voltage. To prevent too much R.F. signal from 
appearing on the modulator grid, this variable capacitance is connected to 
a tap on the tank inductance. 

The audio voltage is applied to the grid of the modulator tube, and as it 
varies the current through the tube the Ym will change and with it the value 
of the input capacitance. The center frequency of the oscillator is set at some 
value between 3.66 and 4.5 me, so that with a frequency multiplication of 
24 (3 doublers and a tripler) the transmitted carrier frequency ends up be­
tween 88 and 108 me. The 75-kc deviation for 100 per cent modulation is 
75/24 or 3.12 kc at the oscillator frequency. 

The sequence of low-power stages beyond the modulated oscillator con­
sists of a series of three doublers and a tripler, at which point the signal 
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Fm. 15.9. A block diagram of the R.F. stages of an F-M transmitter employing 
the modulating circuit of Fig. 15.8. 

frequency is between 88 to 108 me. (See Fig. 15.9.) The signal is now trans­
ferred to a buffer and an intermediate power amplifier where its power is 
increased to 250 watts. Beyond this point, power amplifiers raise the signal 
power to 1, 3, 10, 20, or 50 kw, depending upon the authorized power for 
the particular station. 

MOOULATOA 

f"REQUENCY 
DIVIDERS 

f'c/256 

114,4-140.6KC 

CRYSTAL 
OSCILLAT::>R 

3.66-4.5MC 

MASTER 
OSCILLATOR 

3,66-4.SMC 

I4.3-17.6KC 

FREQUENCY l4.J-17.6KC 
O!VIOERS 1--------' 

f'/8 

TO FREQ. MULTIPLIERS 
ANO POWER AMPS. 

LOW-PASS 
FILTER 

PHASE 
DETECTOR 

Fm. 15.10. A block diagram of the frequency stabilization system employed in the 
F-M transmitter of Fig. 15.9. 
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Frequency Stabilization System. To maintain the master oscillator 
within 2000 cycles of its assigned frequency (as required by the F.C.C.) 
a frequency stabilization system is incorporated into this transmitter. A 
block diagram of this system is shown in Fig. 15.10. The frequency output 
from a buffer immediately following the frequency-modulated oscillator is 
fed to a frequency-divider chain where the 3.66 - 4.5 me frequency is divided 
256 times to a frequency between 14.3 - 17.6 kc. (It is understood that only 
one center frequency will be obtained from the master oscillator and conse­
quently only one frequency will appear at the end of the divider chain.) 

At the same time, a crystal oscillator, operating at some frequency be­
tween 114.4 kc and 140.8 kc, has its signal pass through two frequency­
divider stages where the initial frequency is lowered by a factor of 8 (2 X 4). 
This will produce a frequency between 14.3 and 17.6 kc, or the same fre­
quency that the master oscillator should produce at the end of its fre­
quency chain if it is exactly on frequency. The two divided signals are 
then passed through separate buffer amplifiers and low-pass filters and 
applied to the phase detector. The latter stage is identical with the phase 
detector described in Fig. 14.20. 

PROBLEMS 
1. Explain the function of each block in Fig. 15.1. 
2. How is modulation achieved in this F-M transmitter? Describe in detail, 

using simple schematic circuits. 
3. What is the purpose of the audio feedback discriminator in the transmitter 

of Fig. 15.1? 
4. Draw a block diagram of the frequency stabilization system used in this 

transmitter. 
5. Explain briefly the operation of the frequency stabilization system. 
6. In what way does the F-M transmitter of Fig. 15.9 make use of the fact that 

the input capacitance of a tube is dependent upon the mutual conductance of that 
tube? Explain fully. 

7. Draw a simple schematic circuit of the modulator and master oscillator of 
this transmitter (Fig. 15.9). 

8. What type of frequency stabilization system does the F-M transmitter of 
Fig. 15.9 employ? Illustrate with a block diagram. 

9. Would it be possible to interchange the frequency stabilization system em­
ployed in the transmitter of Fig. 15.1 for the unit used in the transmitter of Fig. 
15.9? Explain fully, indicating what changes might be required in the stabilization 
circuit frequencies or components, if any. 

10. What factors govern the input capacitance of an amplifier tube? Give the 
mathematical relationship that pertains. 



Chapter 16 

COMMERCIAL F-M TRANSMITTERS 

(PART 3) 

F-M Through Phase Modulation. It was previously seen that, indi­
rectly, frequency modulation is produced when a carrier is phase-modulated. 
The development of F-M by this method is extensively employed because 
it is possible to have a crystal oscillator produce the transmitter frequency. 
The crystal oscillator not only provides a high degree of frequency stability 

FIG. 16.1. Phase 
modulation repre­
sented by vectors. 
A.0 is the maximum 
phase shift of the 

carrier. 

and accuracy, but it eliminates the need for any fre­
quency-controlling network, such as required in trans­
mitters producing F-M directly. In the latter system, 
it will be recalled, it is not possible to use a crystal in 
the main oscillator because the F-:M is produced here. 
In phase-modulated systems, the F-M is developed 
beyond the oscillator and crystal control is feasible. 

Before we investigate the operation of any phase 
modulator, let us briefly review the production of F-M 
by phase shifting or phase modulation. Phase modula­
tion is produced when the carrier wave, as represented 
by vector OA in Fig. 16.1, is made to shift back and 
forth as it spins around at its fixed frequency. As 
a result of this shifting, we obtain the same effect 

as if the frequency were instantaneously being varied. The variation, super­
imposed on the regular, fixed frequency of the carrier, represents the fre­
quency modulation. 

The indirect F-M produced depends (1) upon the maximum angle that 
the carrier wave is shifted, as shown in Fig. 16.1, and (2) on the frequency 
at which the shifts take place. Mathematically, we can say that 

A.F ( the frequency swing) = f · A.0 

334 
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where f = frequency at which the carrier wobbles or shifts back and forth 
t:,J) = maximum angular shift of carrier in radians 

This relationship should be kept in mind throughout the ensuing discus­
sion. We will have recourse to it again later in the chapter. 

Phase Variation. A change in the phase of a signal can be produced 
by passing the signal through a network containing resistance and re­
actance. When a voltage is applied to a capacitor and a resistor in series, 
for example, the current leads the applied voltage by an amount dependent 
on the relative values of resistance and capacitative reactance. This current 
develops a voltage across the resistor which leads the applied voltage. If 
the series combination is considered to be the input, and the output voltage 
is taken from across the resistor, a definite amount of phase shift is intro­
duced. If the fixed-frequency signal from a crystal oscillator is passed 
through this network, its phase at the output is shifted by an amount de­
pending on the ratio of the reactance to the resistance. If the resistor can 
be varied, the phase angle of the network changes to correspond with the 
newly established ratio of reactance to resistance. When the resistance is 
varied with an applied audio signal, the phase angle of the output changes 
in direct proportion to the audio-signal amplitude and produces a phase­
modulated signal. 

C 

AUDIO 
INPUT 

1 

B+ 

-=-
Fm. 16.2. A simple phase modulator. 

OUTPUT 

1 
P-M to F-M. The basic circuit of a phase modulator based on this ap­

proach is shown in Fig. 16.2. Here, the variable plate resistance of a triode 
replaces the resistor mentioned above. The plate resistance of the triode 
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changes with grid voltage and therefore serves as the variable resistor. 
Since the plate resistance of the triode varies with the audio signal applied 
to the grid circuit, the phase between the input to the circuit and the output 
changes with the audio signal. As the grid swings positive, the plate resist­
ance drops and the phase angle of the output increases; when the grid swings 
negative, the plate resistance rises and the phase angle decreases. The 
change of plate resistance with various values of grid voltage is exactly 
proportional to grid voltage over a small range. If the phase angle of the 
network is changed between wide limits, the amplitude of the output 
changes. This means that the modulator can produce only a limited phase 
deviation without distortion. In general, it is reasonably good only over 
a range of less than 25 ° of phase shift. 

Constant-Impedance Phase-Shift Modulator. In order to overcome 
to some extent the change in output signal amplitude as the phase varies, a 
constant-impedance network is employed. A phase modulator having such 
a network is shown in Fig. 16.3. The cathode resistor, Rk, is connected es-
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Fm. 16.3. Constant-impedance phase-shift modulator. 

sentially in parallel with the plate resistance of the tube. Rk remains fixed, 
but the tube plate resistance varies with the audio signal. Since the two 
are in parallel, the total resistance will vary with the audio signal. How­
ever, since only one resistor changes value, the total change will be less 
than if one resistor alone is employed, as in the previous circuit. It will also 
be found that the resistance variation with signal level will be more linear. 

The inductor, L, in Fig. 16.3 serves to prevent any change in the total 
impedance, keeping the amplitude of the output constant. For any change 
in frequency, a change in capacitative reactance is canceled by an opposite 
change in inductive reactance. 
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Gm Phase Modulator. Another approach to phase modulation which 
depends on variations in transconductance is shown in Fig. 16.4A. The 
output of a crystal oscillator is fed to a modulator, V 2 , in which feedback 
exists between plate and control grid. This feedback network, consisting of 
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Fm. 16.4. (A) Actual circuit of 61\I phase modulator. (B) Equivalent circuit. 

L1, R1 , and C1 , is tuned somewhat above the operating frequency of the 
oscillator. Thus, this network presents a capacitive reactance to the crystal 
signal. Coil L2 , the output load of the crystal oscillator, also is selected to 
present a capacitive reactance at the oscillator frequency. That is, its 
resonant frequency is above the oscillator frequency. Under these condi-
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tions, it can be shown that the tube itself appears as a series combination of 
a coil and a variable resistance. (See Fig. 16.4B.) (The latter action, of 
course, is due to the signal feedback between plate and grid of V 2,) 

The values or magnitudes of the internal resistance and inductance of 
V 2 depend upon the mutual conductance of the tube. The latter, in turn, is 
governed by the audio modulating voltage applied to the control grid of V 2 • 

Ee 
Ee Ee 

(Al (Bl (Cl 

Frn. 16.5. How the voltages vary (with modulation) in the circuit of Fig. 16.4. 

The vector diagrams of Fig. 16.5 illustrate what happens in this circuit. 
E, is the input voltage to the modulator from the oscillator. E0 is the output 
voltage from the modulator. Er is the voltage developed across the resistive 
portion of the internal impedance of V 2, while EL is the voltage developed 
across the inductive segment of V 2• Finally, E 0 represents the sum of the 
voltages developed across L2 and across L1, R 1 , and 0 1 . When no modulating 
voltage is present, the vector condition represented by Fig. 16.5A holds. 
When the grid is driven more negative, Er increases and the vectors shift to 
the condition shown in Fig. 16.5B. Finally, when the grid is driven more 
positive, Er decreases (indicating that the internal impedance of the tube 
decreases), and the various voltages assume the relationship shown in Fig. 
16.5C. 

Note the changing phase relationship between E 0 and E, in Fig. 16.5. 
This can vary between O and 180°. Finally, observe that, even with this 
wide a phase change, E 0 remains fairly constant in amplitude. This is a 
major advantage of this method of phase modulation and considerable use 
is made of this circuit in mobile communications equipment. Distortion is 
very low, less than 2i;'o. 
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Reactance-Tube Phase Modulator. It is possible to produce phase 
modulation by connecting a variable reactance across the resonant load 
circuit of an R.F. amplifier (Fig. 16.6). The variation in the phase angle 
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Fro. 16.6. Reactance-tube phase modulation. 
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of a parallel resonant circuit shown in (A) is plotted in respect to the fre­
quency. As the frequency of the applied voltage increases, the capacitance 
in the circuit begins to be predominant, and the resultant total current leads 
the applied voltage. When the frequency of the applied voltage is lower 
than the natural resonant frequency of the tuned circuit, the inductance 
has a lower reactance than the capacitor and, consequently, draws the 
major share of the current. Therefore, the total current lags the applied 
voltage. 

If the frequency of the resonant circuit is varied and the applied voltage 
kept constant, the same variation of phase angle is produced. The curve in 
(A) also applies, except that the center frequency is that of the applied volt­
age, whereas the frequencies on either side are those to which the resonant 
circuit is tuned. The circuit can be tuned by changing the value of either 
the inductance or the capacitance. Changing either at an audio rate with a 
reactance modulator produces phase modulation. The shape of the phase 
variation curve depends on the Q of the tuned circuit. This, in turn, de­
pends almost entirely on the construction of the inductor. Therefore, injec­
tion of capacitance usually is employed to avoid changes in the shape of the 
curve. 

The reactance modulator, in (B), is designed to inject a variable capaci­
tance across the resonant-circuit load of an R.F. amplifier. Note that plate 
voltages for the modulator and the amplifier are supplied in common. The 
injection capacitance changes the tuning of the tank circuit in response 
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to the variations in audio signal. This, in turn, changes the phase angle of 
the current drawn by the tank. Consequently, the phase angle of the output 
from the tank circuit also varies. The curve in (A) shows that the change 
in phase is proportional to the detuning over a small range approximately 
between the limits of -25° and +25°. This circuit, therefore, cannot pro­
duce much phase deviation. It has the advantage of permitting the use of 
a reactance tube with a crystal oscillator-amplifier combination. However, 
the wide deviations associated with the reactance modulator when used 
with a self-excited oscillator cannot be obtained. 

Nonlinear Coil Modulator. A coil can be constructed which will have 
the property, when both radio and audio frequencies are passed through it, 
of introducing phase modulation into a carrier. Such a coil is called a "non­
linear coil modulator" (Fig. 16.7A). The output from the R.F. amplifier 
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Fm. 16.7A. Nonlinear coil modulator. 

is passed through a plate load consisting of the resonant circuit C1 , and Li, 
and the special nonlinear coil, L2 • L2 is wound on a special permalloy core 
together with winding L3 which carries the audio signal from the audio 
system. The rest of the circuit is a conventional R.F. amplifier. The non­
linear coil circuit produces a frequency deviation of nearly 1 kc at the 
output. This phase modulator circuit is relatively efficient in terms of the 
amount of initial phase deviation. 

Normally, when a current is passed through an air-core coil the current 
flow has the same wave shape as the applied voltage. However, if a mag­
netic core is inserted into the coil, the situation changes. When a magnetic 
field exists in a magnetic material, there is a definite magnetizing force 
corresponding to that field. As the field increases in strength, the material 
becomes magnetized until a point is reached where the increase in the mag­
netizing force produces no increase in the magnetic field set up. When the 
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material is fully magnetized and the magnetic flux cannot increase, a state 
called saturation is reached. 

When current flows in a coil, it sets up a magnetic field that magnetizes 
the core material placed in the immediate vicinity. As the current in­
creases, the corresponding magnetic field increases, as does the magnetiza­
tion of the core. Because of saturation, however, there is a definite point 
beyond which any additional current causes no additional magnetization. 
Special alloys, such as permalloy, when used as cores reach the saturation 
point at very low values of the magnetizing field. A coil wound around 
a permalloy core reaches saturation with a very small amount of applied 
current. When a sine-wave voltage is applied to such a coil, the magnetic 
flux increases rapidly until the core saturates; after this, the flux becomes 
relatively constant. 

The relation between the applied mag­
netizing current and the voltage developed 
across the coil is shown in Fig. 16.7B. 
When the current begins to increase to­
ward its maximum value, the magnetiza­
tion of the core rises rapidly, with a rapid 
increase in flux. While the current flow is 
above saturation (A to B), there is no 
change in the flux, since the core is satu- Frn. 16.7B. Voltage pulses de-
rated. The same situation occurs on the veloped across nonlinear coil. 
negative half-cycle between points C and D. 

The induced voltage depends on the rate of change of the flux. When the 
flux is not changing, no voltage is induced. In a coil wound on a permalloy 
core, the flux is changing rapidly during part of the cycle and, during that 
time, large voltages are induced in it. These voltage pulses of high amplitude 
occur only during the periods of rapidly changing flux. At other times, 
when the flux is nearly constant, little or no voltage is induced across the 
coil. It is shown in the illustration that these voltage changes take place 
exactly 90° after the current peaks. The polarity of the pulses depends on 
the direction of the magnetic flux. Therefore, on opposite half-cycles of 
magnetizing current, the pulses are of opposite polarity. This 90° difference 
is constant in respect to the magnetizing current, and, since this current 
is supplied by an R.F. oscillator, the pulse is constant in frequency. 

Assume, however, that, in addition to the R.F. energy, audio signals are 
simultaneously applied to the nonlinear coil. They have the same magnetiz­
ing effect on the core material and they combine with the R.F. current to 
produce the current wave, as shown in the first three lines of Fig. 16.8. 
Curve A represents the current in the coil, caused by the carrier R.F. 
Curve B is the current produced by the modulating signal, assumed to be 
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sinusoidal, for simplicity of analysis. The combined waveform is shown 
in line C. It is clear that the resultant current no longer goes through the 
zero axis in the same time interval as before, and, therefore, the region of 
maximum rate of change of flux is different for each cycle and depends on 
the audio voltage. These combined currents produced voltage pulses across 
the coil at different instants during the audio cycle, as in D. The variation 
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Fm. 16.8. Waveforms developed in nonlinear-coil modulator. 

in the level of the R.F. current at different points of the R.F. cycle causes 
this effect. Sometimes, the pulse is produced at the normal interval of the 
unmodulated carrier. At other times, the pulses are spaced more or less 
than 360° apart. These variations in the spacing of the pulses, with differ­
ent values of modulation voltages, are obviously equivalent to displacements 
in the relative phase of the pulses. In other words, a change in the A.F. 
voltage shifts the phases of the pulses in respect to the phase of those 
produced by the unmodulated carrier. Therefore, these pulses are effectively 
phase-modulated. 
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If the phase-modulated pulses of voltage derind from the nonlinear coil 
are applied to a rectifier and limiting amplifier, only the pulses of one polar­
ity will be passed. Furthermore, the limiting action will reduce the slight 
variations in the amplitude of the pulses that appear in D. The action of 
this rectifier and limiter is shown in E. When pulses of sharp amplitude pass 
through a resonant circuit, they set it into oscillation at its natural resonant 
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Frn. 16.9. 

frequency. If these pulses from the output of the rectifier pass through a 
resonant circuit, which is tuned to their repetition frequency, a sine wave is 
produced. Since the pulses are phase-modulated by the audio voltage, the 
resultant sine wave also will be phase-modulated. 

Balanced Modulator. A system of phase modulation that received 
considerable attention from the broadcast industry employs a balanced 
modulator developed by Major Armstrong. In order fully to appreciate how 
this system functions, let us vectorially compare A-M and P-M. 

Figure 16.9 illustrates the conventional and the vectorial representation 
of amplitude modulation. In conventional notation, the low frequency audio 
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signal at (A) varies slowly from 0° to 360°. Directly beneath it, in (B), 
we have the unmodulated carrier. When the audio signal voltage is applied 
to the carrier, the result is a modulated signal containing all the intelligence 
(whatever it may be) of the audio voltage. This is shown in (C). In (D), 
we have the vector equivalent of the modulated carrier. Note how the am­
plitude changes at each point, as a result of the addition or subtraction of 
the audio voltage. Its frequency remains untouched, although, as we have 
seen, the sidebands formed in this process differ in frequency from the car­
rier by an amount equal to the audio-modulating voltage. 

CARRIER 
VECTOR 
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0 
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Fm. 16.10. (A) The separate audio 
and carrier vectors (OA and AB) 
and their vector addition to produce 
P-M. (B) Al) is the phase difference 
between the unmodulated carrier 

and the modulated resultant. 

In contrast to this, we have the for­
mation of a phase-modulated wave. At 
each instant during modulation, we must 
apply the audio-modulating voltage so 
that it causes the phase of the carrier to 
advance or retard. It is this shifting, 
first in one direction, then in another, 
that is illustrated by the vector in Fig. 
16.1. Now, it was noted in amplitude 
modulation, that the audio voltage in­
creased or decreased the amplitude of the 
carrier vector. This meant that the audio 
voltage was being applied either in phase 
or 180° out of phase with the carrier 
voltage. 

In phase modulation, we do not wish 
to alter the amplitude of the carrier, 
merely its relative phase from moment 
to moment. This phase change can be 
accomplished by adding the audio volt­
age vectorially at right angles to the car­
rier voltage or, electrically, by combining 
them 90° out of phase with each other. 

Let us examine this critically. In Fig. 16.lOA, the unmodulated carrier 
and the audio-modulating voltage are shown separately. If we combine 
them 90° out of phase as in Fig. 16.lOB, then a resultant vector is formed 
which is displaced from the original position of the unmodulated carrier by 
some small angle. In other words, by combining the two voltages as shown, 
we have produced a resultant carrier which is displaced slightly from OA. 

As the audio signal goes through one complete cycle, its amplitude will 
vary and, with it, the angular shift of the resultant carrier vector from the 
position it would occupy if no modulation voltage were present. The varia­
tion of the angular shift or displacement at various points in the audio-
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modulating voltage cycle is shown in Fig. 16.11. Note that the resultant 
vector (which is the phase-modulated wave) first occupies a position to 
one side of the unmodulated carrier; then it moves to the other side. In this 
way it fluctuates back and forth, just as it was pictured in previous discus­
sions. From the wobbling or shifting, an equivalent frequency modulation 
anses. 

A 

0 

·•· 
P-M WAVE C0OTTE01 

.. 

0 
•C· 

VECTOR NOTATION C# P-M WAVE 

Frn. 16.11. Illustrations of phase modulation. 

l 
0 

The formation of frequency modulation, or the variation in frequency 
in the phase-modulated wave, is clearly indicated in Fig. 16.11. The solid 
sine wave drawn at the center represents the unmodulated carrier. The 
other wave, drawn with dashes, is the resultant vector (or the modulated 
wave) at various instants during the application of the audio signal. At the 
left-hand side of the diagram the resultant wave is shifted behind the un­
modulated carrier's position. This means, in effect, a decrease in frequency. 
Therefore, the dotted wave, at this point, spreads out (lower frequency) 
and the maximum peaks are farther apart than those of the unmodulated 
carrier (shown by the solid lines). 

When, immediately after this, the audio-modulating voltage drops to 
zero, the dotted line blends into the solid line, indicating both are of the 
same frequency. With no audio voltage, there is no modulation. 

On the positive half of the modulating cycle, the resultant, or phase­
modulated carrier, is shifted to the opposite side, indicating that the phase 
of the carrier has advanced. This is equivalent to a slight increase in fre­
quency, demonstrated by a comparison of the dotted and the solid curves. 
We note that the modulated carrier peaks move closer together, effectively 
increasing the frequency. Finally, at the zero point (360°), the modulation 
disappears and the phase-modulated carrier is again at its central value. 
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Armstrong System of F-M. In the Armstrong system of F-M we 
do not directly apply the audio voltage to the carrier as shown in Fig. 16.11. 
However, we obtain the same results. We start with a fixed source of high 
frequency voltage, a crystal oscillator (see Fig. 16.12). The output from the 

CRYSTAL 
OSOLLATOR 

FROM 
MIC. 

Frn. 16.12. The basic Armstrong system for generating F-M waves. 

oscillator is then directed into two different paths. One path contains a 
buffer amplifier; the other path is through a balanced modulator where the 
audio-modulating voltage is applied to the carrier signal. At the modulator 
output, only the sidebands appear. The carrier voltage is suppressed be­
cause of the operation of the balanced modulator. The sidebands are then 
shifted in phase by 90° and combined with the unmodulated carrier present 
at the output of the buffer amplifier. The final result is a phase-modulated 
wave and, indirectly, also frequency-modulated. 

The sideband frequencies obtained from the balanced modulator contain 
the intelligence of the audio voltage, much the same as though we had 
amplitude-modulated a carrier. The sidebands are then shifted in phase by 
90° and combined with the carrier from the buffer amplifier. 

Let us pause for a moment and compare the Armstrong method with 
the system in Fig. 16.10 for obtaining phase modulation. In one instance we 
apply the audio-modulating voltage directly to the carrier (maintaining 
90° phase relationship) to obtain phase modulation whereas in Major Arm­
strong's system we use the sidebands produced by amplitude modulation and 
combine these with the carrier. In both methods, the results are seemingly 
the same and yet, obviously, both methods are not exactly alike. How does 
this happen? 

The answer lies in the fact that Major Armstrong's system is definitely 
limited in application. First, we can produce phase modulation by applying 
the audio voltage directly to the carrier. This is entirely analogous to am­
plitude modulation, except for the manner in which the audio voltage and 
the carrier are combined. Here, the audio voltage is directly shifting the 
carrier's relative phase position and, if the system is properly designed, there 
will be no distortion produced for fairly wide angles of phase shift. 

Major Armstrong's method will produce the desired phase and fre­
quency modulation from the combination of a carrier and two sidebands 
only when the resulting carrier has a maximum phase shift 30° or less. Ex-



COMMERCIAL F-M TRANSMITTERS 347 

pressed in radians (one radian is equal to 57.3°) 30° is approximately 0.5 
radians. If these voltages are combined so as to give a greater phase shift 
to the resultant, then along with the phase modulation we have amplitude 
modulation. This represents distortion and a waste of useful power. But, by 
keeping the phase shift within the above limits, pure phase modulation is 
obtained. 

It can be shown mathematically that, when a carrier is phase-modulated 
at angles 30° or less, the resulting modulated 
wave will contain a total of only two side­
bands, one above and one below the carrier. 
This is shown in Fig. 16.13. Furthermore, 
each sideband will be 90° out of phase with 
the carrier. Hence, in the Armstrong system, 
we take a carrier and separate it into two 
parts. One part is modulated by the audio 
signal to produce the necessary sidebands. 

LOWER 
SIOEBANO 

I 
CARREA UPPER 

SIDEBAND 

Fro. 16.13. A low value of 
phase shift produces only two 

sidebands. 

These sidebands are then shifted 90° and combined with the remaining half 
of the carrier (which was fed into the buffer amplifier, Fig. 16.12) to pro­
duce the phase or frequency modulation. 

To recapitulate, the Armstrong method can be used because: 

1. A carrier, phase-modulated at angles of 30° or less, will produce only 
two sidebands. 

2. Each sideband is 90° displaced from the carrier. 

In the Armstrong system we take (a) one carrier and (b) two sidebands 
and combine them 90° out of phase to obtain a phase-modulated wave. 
Note, however, that this method is valid only for small phase shifts. 

The actual Armstrong unit has the block arrangement shown in Fig. 
16.12. The equivalent schematic is shown in Fig. 16.14. The quartz-crystal 
oscillator operates near 200 kc ( depending upon the assigned frequency of 
the transmitter), and its output is applied to a buffer amplifier and a bal­
anced modulator. Since the control grids of the balanced modulator tubes 
are connected in parallel, both grids become positive and negative in step 
with each other. The modulator plates, however, are connected in push­
pull, with the plate current from each tube passing through the load circuit 
coils (£1 and £ 2 ) in opposite directions. Thus, in the absence of an audio 
voltage, each field cancels the effect of the other and no voltage is obtained 
across La. 

Upon the application of an audio-modulating voltage at the input termi­
nals of T 1, a varying potential is applied to the screen grids of Va and V 4 • 

Suppose, for example, that the screen grid of V 3 is going more positive. At 
the same time, the screen grid of V 4 is less positive since it is attached to 
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the opposite side of the transformer secondary winding. Because of the in­
creased positive voltage, the current in Va will increase while the current in 
V 4 is lowered by a corresponding amount. In a push-pull transformer 
arrangement, such as we have for L1 , L2, and La, a decrease in one coil, say 
L2, and an increase in L1 combine to aid each other and to produce a fairly 
large voltage across La. 

CRYSTAL 
osc. 

COMPENSATED _ 
AUDIO INPUT 

Frn. 16.14. The schematic diagram of the basic Armstrong modulation. 

On the next audio half cycle, when the screen grid of Va becomes less 
positive and the screen grid of V 4 is driven more positive, the opposite set 
of conditions prevails. The voltage across La is also of opposite polarity. 
Thus, until the audio voltage is active, nothing appears across La. The 
effect of the audio signal is to unbalance the circuit and produce the sideband 
voltages across La. 

The arrangement of components in L1 and L 2 also produces a 90° phase 
shift, which is accomplished through the insertion of capacitors 0 1 and 0 2 

in series with L1 and L2• These capacitors neutralize the inductive reactance 
of their respective coils ( C 1 for L1, C 2 for L2 ) and present to the tube a 
purely resistive load. Under these conditions, the grid voltages of each 
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modulator tube is in phase with its plate current. The plate current, in 
flowing through the load, will develop a magnetic field about each coil. The 
variation of a magnetic field is directly dependent upon the current that 
produced it. Hence, the control grid voltage of each tube, the plate current 
of that tube, and the magnetic field set up about the coil are all in phase. 

The magnetic field, in cutting across L3, will induce a voltage. From 
elementary a-c theory we know that an induced voltage is maximum when 
the magnetic flux lines arc changing most rapidly. This rapid change occurs 
when the field is going from positive to negative (or negative to positive) 
values. However, the induced voltage is minimum or zero when the flux 
is hardly changing at all. This absence of change occurs at the positive and 
negative peaks (sec Fig. 16.15). If we plot the relationships of induced 

ZERO IN0UCC0 VOLTAGE 

REGION THAT PRODUCES 
GF.EATEST INDUCED 
VOLTAGE 

ZERO INDUCED v'OLTAGE 

-A-
CURRENT ANO MAGNETIC 
r1.ux VARIATION 

Fm. 16.15. 

-B-
F"LUX AND INDUCED VOLTAGE 

voltage to magnetic flux variations, we immediately see that a phase differ­
ence of 90° is introduced. In this manner we produce the necessary side­
bands and shift them 90° with respect to the crystal oscillator carrier. 

Tube V 5 amplifies the sidebands and combines them with the carrier. 
Resistor R3 is the common load for V 2 and r 5 , and it is here that the com­
bination of carrier and sidebands takes place. 

Frequency Swing Compensation. Thus far, we have been concerned 
solely with the stage or stages where the phase modulation occurs. Once this 
is achieved, however, the next step is frequency multiplication, not only to 
raise the carrier frequency to the desired value, but also to increase the band­
width occupied by the signal. However, before frequency multipliers ~re 
considered, it is first necessary to determine how much frequency shift is 
produced by a certain phase change. For this, we refer again to the equation 

t::.F = f·t::.8 

where f = frequency of audio modulating voltage 
t::,,.(J = maximum phase shift in radians. 

Actually, in the foregoing equation, t::,,.(J should be t::,,.(J sin 2wft because the 
angle varies from instant to instant. However, we are interested only in the 
maximum value of the phase swing; hence we use t::.8. The maximum value 
of sin 2wft is 1, and t::,,.(J X 1 is t::.8. t::,,.(J should be expressed in radians; which 
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is, as we have seen, equal to the angle in degrees divided by 57.3; f is ex­
pressed in cycles. 

Let us assume a maximum phase swing of 30° is produced in the phase 
modulator. At the highest audio frequency, utilizing the full phase swing 
of 30° (0.524 radian), the equivalent frequency swing or variation is: 

AF = 15,000 X 0.524 
AF = 7860 cycles 
AF= 7.86 kc 

Now, let us see what happens when low frequency audio signals are applied. 
The lowest audio frequency desirable is generally 50 cycles. Substituting 
this in the equation, 

AF= 50 X 0.524 
AF = 26.2 cycles 

Note that both signals gave the same phase swing, yet the low frequency 
voltage produced a frequency variation of only 26.2 cycles whereas the 
highest audio frequency produced a frequency variation of 7 .86 kc. 

Suppose we transmitted the carrier with these frequency shifts. At 
your receiver, which would give the greatest output? The 7.86 kc, of course, 
since all F-M receivers develop a greater output for a wider frequency 
swing. But this does not represent the conditions at the transmitter. Here, 
both signals were equally strong. Something, then, must be done to place 
both signals, or all frequencies for that matter, on an equal footing. No 
matter what the frequency, signals of equal amplitude should produce equal 
frequency shifts. 

I 
AUDIO I 
INPUT I 

I 

FIG. 16.16. A predistorter network. 

To achieve this, a predistorter cir­
cuit is inserted in the audio amplifier 
stages (see Fig. 16.16). The resistor 
R is Jnade very large in comparison to 
the reactance of capacitor C at all 
audio frequencies. This means that 
for any voltage impressed across ter­
minals A, B, the current will be deter­
mined by the resistor R. The effect of 

C is negligible. Thus, no matter what the audio frequency, the same volt­
age will produce the same current through R and C. 

Across C, the voltage will depend upon the frequency. A higher fre­
quency will develop less voltage across C than a lower frequency. This is 
because the capacitor offers less opposition to higher frequencies. Hence, 
we obtain the desired inverse effect to counterbalance the rising f effect 
of phase modulation. The predistorter components of R and C apply less 
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high frequency voltage to the grid of the tube. (In the phase modulators pre­
viously shown and discussed in this chapter, no such network was shown, 
but in each case one would be included.) 

Since the low frequencies produce the smallest equivalent F-M, the 
audio-correction network reduces the effect of all frequencies higher than 
the lowest audio frequency-say, 50 cycles-so that, in the end, all the 
frequencies of the same strength will produce the same frequency modula­
tion. The amount of equivalent F-M, then, that a 50-cycle voltage pro­
duces will determine how much multiplication is to be applied to obtain the 
final F-M swing. 

Let us return to the circuit of Fig. 16.14. Utilizing the maximum phase 
shift of ±30°, we discovered that, at 50 cycles, the carrier has a frequency 
variation of ±26.2 cycles. The carrier frequency, at this point in the circuit, 
is the crystal oscillator frequency. For the circuit of Fig. 16.14, as employed 
in commercial F-M broadcasting, this frequency value would be around 200 
kc. Hence, our F-M signal is 200 kc with a frequency swing of ±26.2 cycles. 
What we desire, at the antenna, is the assigned station frequency, say, 90 
me ± 75 kc. The problem is to increase the 200 kc ± 26.2 cycles to 90 
me ± 75 kc. In order to deal with round figures, let us change the 26.2 cycles 
to 25 cycles. 

Frequency Multiplication. If we divide 75,000 cycles (the desired 
frequency swing) by 25 cycles (the swing we now have) we see that a fre­
quency multiplication of 3000 (75,000/25) is necessary. Although it may 
be a trifle difficult to have exactly a 3000 increase using triplers and dou­
blers, we can get very close, say, 2916. This frequency multiplication is 
possible if we use the following assortment of doublers and triplers: 2, 3, 3, 
3, 3, 3, 3, 2. The signal is passed through successive stages until the total 
multiplication of 2916 is obtained. 

The frequency multiplication is applied not only to the frequency swing 
(the sidebands) but also to the carrier. This means that the original 200 
kc of the crystal oscillator will be multiplied 2916 times-a final output 
frequency of 583,200 kc or 583.2 me-resulting in a value considerably 
above the desired 90 me. Something must be done to prevent the carrier 
from rising to a frequency higher than its assigned frequency, in this case, 
90 me, and, at the same time, to obtain the maximum frequency deviation 
of ±75 kc for the sidebands. 

A method to accomplish this is shown in Fig. 16.17. The entire trans­
mitter is arranged in block diagram, with each unit numbered for easy iden­
tification purposes. At the input to the amplifier in block No. 6, the equiva­
lent frequency modulation has been achieved. Thereafter, the carrier and 
its sidebands are sent through a series of frequency multipliers until, by the 
time the mixer is reached (block No. 13), the carrier has been increased to 
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32.4 me and the frequency variation to ±4.05 kc. Note that at the input 
to the mixer the carrier is 32.4 me whereas at the output it has been reduced 
to 5 me. The reason is the mixing action within the tube. 

CRYSTAL 
14 

OSCILLATOR 
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!150C 

3800KC: 
t450C 

Fm. 16.17. A complete block diagram of the basic Armstrong F-M transmitter. 

Whenever we mix two signals, the output consists of the original two 
mixing frequencies and the sum and difference frequencies. Of primary in­
terest is the difference frequency, 5 me. To accentuate this frequency and 
minimize or eliminate the others, we place a resonant circuit at the output 
of the mixer which is peaked at 5 me. With this simple arrangement it is 
possible to reduce the original carrier to the point where it can be further 
increased to the desired 90-mc values. 

But what of the sidebands during this process? The incoming signal to 
the mixer has a frequency variation of ±4.05 kc. The range, then, of the 
input signal is from 32.39595 me (32.4 me - 4.05 kc) to 32.40405 me (32.4 
me + 4.05 kc) . We change 4.05 kc to 0.00405 me and then add and subtract 
this figure with 32.4 me to arrive at the foregoing values. When the 27.4-mc 
mixing frequency is added, the following output difference frequencies are 
derived: 

32.39595 
-27.40000 

4.99595 

32.40405 
-27.40000 

5.00405 

or, what is the same thing, 5 me ± 4.05 kc. Look at this carefully for it 
demonstrates clearly that by mixing it is possible to lower the carrier fre­
quency and, at the same time, retain the original frequency variation. 

Hereafter, the tripling and doubling sequence is straightforward until 
we arrive at the 90 me ± 72.9 kc. By assuming a starting frequency varia­
tion of 25 cycles, we obtain only a ±72.9-kc frequency shift at the output. 
However, with the 26.2 cycles proposed originally, we would come much 
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closer to ±75 kc. In any event, we do not have to hit it exactly on the head. 
Anything slightly less is still quite satisfactory. 

There is one more fact to be noted concerning the Armstrong transmitter. 
In addition to the audio predistorter, or audio-correction network, recently 
discussed, we also require a pre-accentuator. The pre-accentuator is used 
here as in the reactance-tube F-M transmitter, namely, to raise the level of 
the higher audio tones in order that they may be in a better position to com­
bat the effect of noise at these frequencies. At the receiver, a de-accentuator 
or a deemphasis circuit returns the higher frequencies to their proper level. 

Do not confuse the purpose of the two circuits. The audio correction net­
work is needed to counteract the tendency of the higher frequencies to pro­
duce more equivalent frequency modulation than the lower frequencies, 
assuming both signals are equal in strength. This circuit is required only in 
phase-modulation systems. 

The pre-emphasis network is placed in all F-M transmitters to produce 
a better signal-to-noise ratio at the receiver. 

In F-M transmitters to be employed for purposes other than commercial 
broadcasting, other carrier frequencies would be employed. Further, the 
F-M bandpass would also be different, generally less. Hence, other multi­
plier arrangements would be utilized. The method (and the purpose) of 
multiplication, however, would remain the same as just discussed. 

The Dual Channel Armstrong System. A modification of the preced­
ing system which provides improved frequency stability and lower distor­
tion has been achieved through a dual channel system of phase modulation. 
Essentially, phase modulation is still used to produce frequency modulation. 
The sidebands are generated in a balanced modulator and then combined 
90° out of phase with the original carrier. The method of combination and 
the subsequent process of mixing are, however, quite different from the pre­
ceding modulator. 

The basic circuit of the Armstrong Dual Channel Modulator is shown 
in Fig. 16.18. A crystal oscillator functions at a frequency near 200 kc, the 
same frequency as in the previous modulator. A buffer stage follows the 
crystal to serve as an isolation amplifier, improving circuit stability. If 
desired, the crystal oscillator can be placed in a temperature-controlled oven, 
although this is not necessary in this system. As we shall see presently, any 
variations in this oscillator have no effect on the final transmitter frequency. 

The output of the buffer amplifier is coupled to the modulator input coil, 
L1 (see Fig. 16.18B). The voltage appearing across £ 1 is applied to the 
balanced modulator-consisting of tubes V 1 and V2-and to points C, D. 
In the modulator stages, the carrier signal is shifted 90° and then audio­
modulated to produce the upper and lower sidebands. After this, the side­
bands are recombined with the carrier at points C, D. It is here that the 
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Fm. 16.18A. A block diagram of the dual channel modulator circuit. 
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Fm. 16.18B. The modulating circuit of the dual channel F-M transmitter. 

phase modulation (and, with it, of course, the frequency modulation) ap­
pears. 

M adulator Operation. At the balanced modulator, the signal at L1 is 
applied to the phase-shifting network, C1R 1 and C2R2. Both capacitors 
are equal in value, and the same is true of the resistors. At the frequency 
used by the carrier, the reactances of C1 and C2 arc much greater than the 
resistance of R 1 or R2 • Hence, the current through each branch will be prac-
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tically 90° ahead in phase, with respect to the voltage across L 1• Since the 
voltages across R 1 and R2 are in phase with the current through the resistors, 
we note that the voltage received by each grid will lead the carrier voltage 
at L1 by 90°. The required 90° phase shift has thus been acquired. Now 
to the production of the sidebands. 

The grids of V 1 and V 2 are excited 180° out of phase, whereas their 
plates are connected across a common load. During those intervals when 
no audio-modulating voltage is present at the screen grids, no output is 
produced. Upon the application of an audio voltage, one tube draws more 
current than the other and sideband voltages appear. These are coupled 
through 0 3 and L3 to L 2 where the carrier voltage from the modulator input 
coil is directly applied. 

To the carrier voltage arriving from L 1, points C and D appear as the 
terminals of a purely resistive network. L 2 in conjunction with 0 4 and 0 5 

forms a parallel resonant circuit at the carrier frequency of 200 kc. Be­
cause of the resistive impedance between points C, D, the carrier voltage 
here is in phase with the voltage at L 1• Resistors R3 and R 4 are merely 
inserted for the purpose of preventing undesirable interaction between the 
modulator and L2, C4, and Cr.. 

The ground connection between C4 and 0 5 produces equal and opposite 
carrier frequency voltages for the two separate channels of amplifiers. The 
equality exists because C4 and 0 5 are equal in value. 

In the circuit, to this point, the 90° -shifted sidebands and the direct 
carrier (or, at least a portion of it) are at points C and D. To understand 
how phase modulation is achieved it will be necessary to examine in greater 
detail the electrical action of L 2 , C3 , L3, C4 , and 0 5 . These components of 
Fig. 16.18B have been rearranged as shown in Fig. 16.19. In the rearrange­
ment, L 2 has been separated into two mutually coupled coils of equal in­
ductance, L2,1 and L2B. Their total inductance is equal to L2• 

G 

R.F.C. 

B+ 

CHANNEL 
2 

CHMM:L ------1----- I 

Fm. 16.19. The electrical network wherein the sideband and carrier voltage 
combine. 
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The carrier voltage is brought to points C, D. These two points also lead 
to the two tripler channels, as can be seen from Fig. 16.18B. Because L2A 

plus L2B equal L2, and L2C4C5 is resonant to the carrier frequency, then the 
entire series branch shown in Fig. 16.19, around points C, E, D, and F, is 
resonant to the carrier frequency. 

To the carrier voltage, this network offers maximum impedance because 
it is connected as a parallel resonant circuit. It is also to be noted that, 
since both arms of the network (L2A and C4 or L2B and 0 5 ) are equivalent, 
each is resonant to the carrier frequency. This leads to the following result: 
Any voltage placed between points C and D "sees" a parallel resonant circuit. 
However, any voltage applied between F and E "sees" two series resonant 
circuits. This latter fact should be kept in mind while we consider the intro­
duction of the sidebands between points F and E. 

The sideband voltages are applied from the R.F. choke in the plate cir­
cuit of V 1 and V 2 to L3C3 and the network within terminals CDEF. L3 in 
conjunction with Ca resonates at the carrier frequency. The presence of 
L2A, L2B, C4 and C5 in the resonant network of L3C3 does not produce any 
interference because a voltage at the carrier frequency applied between 
F and E "sees" only resistance. Thus, whether we are considering the cir­
cuit in Fig. 16.19 from the terminals leading to points C and D or from the 
terminal leading from the balanced modulator, we have a completely reso­
nant circuit presented to the carrier frequency. This design is purposely 
effected in order to obtain the correct phase relationships when the side­
band voltages are applied. 

The sideband voltages are applied to this circuit between point G and 
ground. In the inductive branch of the resonant circuit (the branch con­
taining L3 and the network from point F to ground) the current lags the 
sideband voltages by 90°. This is true of all inductive branches. The induc­
tive current flows down through La, and, at point F, divides evenly between 
L2AC4 and L2BC5• Each of these two branches appears resistive to the side­
band current, since the sideband frequencies are so very close to the carrier 
frequency. 

The sideband currents, in flowing down each branch, develop voltages 
across C4 and C5 • However, across a capacitor, the voltage lags the current 
by 90°. Hence, the voltage that appears across C4 and C., is 90° ( owing to 
its flow through La) plus an additional 90° (owing to the voltage and cur­
rent relationships across a capacitor) out of phase with respect to the 
sideband voltages applied by the modulator to terminal G and ground. 
And, owing to the modulator input network, C1, C2 , R1, and R 2 , another 
90° shift was introduced. The overall result is this: the sideband voltages 
appearing across C4 and C5 are 180° + 90°, or 270°, out of phase with the 
carrier voltages at C4 and 0 5• But 270° in one direction (say, clockwise) 
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is equal to 90° in the opposite ( or counterclockwise) direction. Thus, the 
sideband frequencies and the carrier are combined 90° out of phase with 
each other. This is the rcsired result. 

To recapitulate, we have the sideband frequencies formed at V 1 and V 2 

and shifted 90° (by C1, C2, Ri, and R2) from the carrier. Then, in the net­
work composed of Ca, La, L 2 , C4 , and C5, the sideband frequencies arc 
shifted an additional 180°. Since 180° + 90° is equal to 270°, and 270° 
clockwise is the same as 90° counterclockwise, we find that the sidebands and 
the carrier are combined 90° out of phase with each other. This produces 
phase modulation and, with it, equivalent frequency modulation. 

-AT 
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Fm. 16.20. The vectorial addition of the sideband and carrier voltage. 

The sideband voltages at C4 and C5 are equal to each other, both in am­
plitude and phase. We can indicate this fact in Fig. 16.20A by making their 
vectors equal to each other and pointing in the same direction. To add the 
carrier voltages to these vectors, we note that across C4 and C5 they arc 
equal but opposite in polarity. The carrier voltages at C4 and C5 are oppo­
site in polarity because C and D (from whence they are applied) are at 
opposite ends of the input coil, L1 (see Fig. 16.18B). They differ, in other 
words, by 180°. This is shown in Fig. 16.20A. Adding the vectors for the 
sidebands and the carrier voltages, we obtain the result shown in Fig. 16.20B. 
One resultant vector, E 1 , lags its carrier voltage; the other resultant vector, 
E 2, leads its carrier voltage. In terms of equivalent frequency variations, 
this means that if, in channel No. 1, the frequency swing is +9.65 cycles, 
then, in channel No. 2, the corresponding frequency swing is -9.65 cycles. 
When one frequency swing is positive, the other frequency swing is negative. 

Each channel contains four tripler stages, multiplying each signal fre­
quency by 3 x 3 x 3 x 3, or 81. Hence, the input 200 kc, with the associ­
ated 9.65-cycle frequency swing, becomes at each channel output 16,200 kc. 
Each has a frequency variation of 781 cycles. This is shown in Fig. 16.18A. 

The output of each channel is fed into a separate mixer. Feeding into 
the first mixer is the voltage from a 2250-kc crystal oscillator and the 16,200 
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kc,= 781 cycles derived from channel No. 1. As a result of the mixing proc­
ess, a difference frequency of 13,950 kc ± 781 cycles is produced. This is fed 
to a second mixer, where it meets the incoming signal from channel No. 2. 
We obtain a carrier output from the second mixer of 16,200 - 13,950 kc, or 
2250 kc. For the sidebands we have ±781 - ,=781 cycles, or ±781 + ±781 
cycles, or ±1562 cycles. Note what has been done here. With the negative 
or minus sign, we have converted ,=781 cycles to ±781 cycles. Arithme­
tically and electrically, this is what actually occurs. Hence, we obtain a signal 
from the second mixer which has twice the frequency swing of either channel. 
From here, four doublers and a tripler (providing a multiplication of 
2 X 2 X 2 X 2 X 3 = 48) increases 2250 kc ± 1562 cycles to 108 me ± 75 kc. 
One or more power amplifiers then boost the signal power to its final output 
value. 

In the Armstrong Dual Channel Modulator, the crystal control oscillator 
feeding the first mixer regulates the stability (and the value) of the final 
carrier value. In the foregoing illustration, if we desire an output carrier 
of 90 me, the crystal control oscillator would have to be lowered to 1875 kc. 
Any other carrier frequency in the band 88 to 108 me can be obtained ac­
cordingly. 

Frequency Stability. The stability of the carrier frequency may be seen 
indicated by the following example. Assume that the crystal oscillator feed­
ing the modulator unit shifts in frequency by 1 kc, say, from 200 kc to 199 
kc. In each channel the incoming 199 kc is multiplied 81 times to a final 
value of 16,119 kc. If the control oscillator is set at 2250 kc, then the dif­
ference frequency output from the first mixer is 13,869 kc. At the second 
mixer, 13,869 kc and 16,119 kc mix to produce 2250 kc, which is exactly 
what we wish. The shift from 200 kc to 199 kc had no effect upon the fre­
quency modulation. Hence, no matter to what value the first crystal oscil­
lator changes, the output frequency from the second mixer will be entirely 
determined by the crystal control oscillator. Actually, all that the two 
channels and the balanced modulator do in this system is to produce the fre­
quency modulation. The frequency variation is increased 81 times in the 
channels and then transferred to the control crystal oscillator carrier. 

Although it makes no difference what change occurs in the frequency of 
the first oscillator, too much shifting would tend only to reduce the ampli­
tude of the signal from each channel because of attenuation in the tuned 
circuits. Hence, it is customary to use a crystal oscillator, although any of 
the other types of familiar oscillators (Hartley, Colpitts, T.G.T.P., etc.) 
would be satisfactory. 

The phase-shift method of securing frequency modulation produces a 
signal with very little distortion. It is claimed that the dual-channel prin­
ciple has even decreased the previously small amount of distortion present. 
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The measured rms harmonic distortion is less than 1 ½ per cent for all 
audio frequencies between 50 and 15,000 cycles at 25 per cent, 50 per cent, 
and 100 per cent modulation. This is well within the standards of "Good 
Engineering Practice" of the F.C.C. as applied to broadcast stations. 

The Serrasoid F-M Modulator. An F-M modulator which is capable 
of securing a relatively large initial phase shift with only four tubes was 

R10 

B+ 
2!.0V. 

PULSE: 
OUTPUT 

C (--. AUDIO 
~INPUT 

Frn. 16.21. The Serrasoid F-M modulator. 

developed by J. R. Day. The name of this new unit is the Serrasoid F-M 
Modulator. For a modulating frequency of 50 cycles, peak deviations close 
to ±100 cycles can be obtained. Since an F-M carrier 
is permitted a maximum frequency deviation of ±75 
kc, or 75,000 cycles, a fairly high multiplication is re­
quired. The figure generally falls between 800 and 
1,000, depending on the deviation achieved in the 
oscillator. 

The schematic circuit of the Serrasoid modulator 

IOJ.JSEC. 

1-41 

lfV -A-

is shown in Fig. 16.21. V 1 is a crystal oscillator which j_i_ _8 _ 

generates a frequency having a value of 1/972 of the 
final carrier frequency.* By placing the crystal in an 
oven, the frequency generated can be held within 
±0.0002 per cent of its assigned value, thereby insur­
ing that the final carrier stability is of the same order. 

The oscillator circuit is so designed that the crystal 
current is very small, and the tube conducts for only a 

Frn.16.22. (A) Volt­
age waveform at 
plate of V1 Fig. 16.21. 
(B) Voltage pulses 
across R3 of Fig. 

16.21. 

small fraction of time. The result is that narrow negative-going pulses are 
produced at the plate of the tube. (See Fig. 16.22A.) These pulses are 
applied to the grid of V 2 through a differentiating network composed of C 1 

and R1 which tend to narrow down the pulses still further. At the grid of 
V 2 the pulses plunge the tube into cut-off producing positive-going pulses 

* This is for the circuit as developed by J. R. Day. In the commercial unit shown 
in Fig. 16.24, it would be 1/864 of the final carrier frequency. 
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with flat tops at the plate. These pulses are applied through C 2 to the grid 
of Va, a cathode follower. This tube is biased beyond cut-off by the com­
bination of cathode and grid-leak bias, the latter being developed by the 
combination of C2 and R2 and the positive pulses which are fed to the tube 
by V 2 • Because of its method of biasing, Va clips the bottom of the pulses, 
producing a pulse across Ra which has steep sides and is fairly square. 
(See Fig. 16.22B.) 

B+ 

0 

250V. 

TIME-+-

The pulses now are fed to V 4 which is a non­
oscillating saw-tooth wave generator. Here is how 

-A- it operates. The grid initially possesses no bias. 
Upon the arrival of a positive-going pulse from 
R3, grid current flows from V4 into Ca, charging 

-a- this capacitor to essentially the peak value of the 
applied pulse. During the interval between pulses, 
C3 discharges slowly through its shunting resistor, 
R4 , but because of the high value of R4, the volt-

-c- age across Ca is sufficiently high to keep V4 cut-off 
except when the pulses are active. 

A capacitor, C4, is connected across the output 
_ 0 _ circuit of V 4• When the tube is cut-off, the voltage 

UU-E-
Fm. 16.23. Additional 
waveforms of Fig. 16.21. 
(See text for explana-

across C4 rises because one end of this capacitor 
is connected through R 5 and R6 to the B+ power 
supply while the other end connects to ground. 
C4 continues to charge until a pulse arrives at the 
grid of V 4 , at which time V 4 is driven sharply into 
conduction. The pulse reduces the internal resist­
ance of V 4 to a low value, and, since V 4 is directly 
across C4 , the capacitor discharges rapidly through tion.) 
this low resistance. At the end of the pulse, V 4 

again returns to cut-off, and C4 again starts its charging. 
Now, it is most important that the voltage across C4 rise as linearly as 

possible (Fig. 16.23A) because the linearity of the modulation process de­
pends upon it. Normally, however, the charging of a condenser is not linear 
but exponential, as shown in Fig. 16.23B. This is so because, as the voltage 
across a charging capacitor rises, it tends to buck or counteract the applied 
B+ voltage, reducing the ability of this latter voltage to keep the charging 
current constant. To insure that the rise will be linear, a "bootstrap" am­
plifier comprising V5 , C5 , and R7 is added. The grid of V5 is connected di­
rectly across C4, so that whatever voltage is present across C4 becomes the 
grid voltage for V 5• 

During the charging period of C4 , the grid voltage of V 5 is rising, caus­
ing the current through this tube to increase. This results in a rising voltage 



COMMERCIAL F-M TRANSMITTERS 361 

across R 7• Since C5 is connected between the top of R 7 and R 5 , the voltage 
rise across R 7 is transferred, via C5 , to the B+ voltage present at point A. 
Thus the B+ charging voltage for C4 has superimposed on it the rising volt­
age from R 7• (See Fig. 16.23C.) This increase in B+ voltage offsets the 
voltage rising across C4, keeping the current flowing into C4 constant and 
producing a linear rise in voltage across this capacitor. 

C 4 is also connected to the grid of V 6 , a cathode-biased amplifier. The 
bias on this tube is so adjusted that conduction begins when the saw-tooth 
voltage across C4 has attained only half of its maximum value. (See Fig. 

TRIPLER DOUBLER TRIPLER DOUBLER 

V105 V106 VI07 VI08 
6AU6 - 6AU6 i---- 6AU6 i---- 6AU6 ----0.3-0.375 MC 0.61 - 0.75 MC 1.83-2.25 MC 3.66-4.5 MC 

I 

DOUBLER DOUBLER TRIPLER 

VIII VIIO VI09 
- 6J6 i- 6J6 i- 6AU6 ~ 

44-54MC 22 - 27MC 11-13.5 MC 

DOUBLER POWER AMP 

Vll2 V113 R.F. OUTPUT - 6J6 - 6360 ~ 0-10 WATTS 
88-108MC 88-108MC ( TO POWER AMP) 

VI04 
12AT7 

MODULATOR 

VI03 Vll5 

12AX7 6AQ5 

SAWTOOTH CATHODE 
FOLLOWER 

VI02 V114 
12AX7 12AX7 

SHAPER AUDIO AMP 

t 
VIOi AUDIO 
6AU6 INPUT 

CRYSTAL OSC. 

Fm. 16.24. A block diagram of a commercial F-M transmitter using the Serrasoid 
system. (Courtesy Gates Radio Co.) 
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16.23D). 0.25 microsecond after V 6 starts conducting, grid current is drawn, 
stopping the charging of 0 4 and maintaining its voltage at this value until 
discharge occurs, after which the process is repeated. The voltage at the 
plate of V 6 drops abruptly from 250 volts to that corresponding to a fairly 
low value and remains there until 0 4 discharges, at which time it rises 
steeply back to 250 volts because the tube is cut-off. The plate waveform 
is shown in Fig. 16.23E. 

Feeding into the cathode of V 6 is the audio-modulating voltage. As this 
voltage varies, it changes the bias on the tube and, therefore, the time when 
conduction will begin. When the audio voltage is positive, the start of tube 
conduction is delayed because a more positive cathode is equivalent to a 
more negative grid. Conversely, when the audio voltage is negative, tube 
conduction will commence sooner. This periodic advance and delay of the 
start of tube conduction causes the leading edge of the plate voltage pulses 
at the output of V 6 to become phase-modulated. (The end of tube conduc­
tions always occurs at the same time since this is controlled by the pulses 
coming from V 3.) 

Before the audio signal is applied to V 6, it is acted on by a correction 
circuit (composed of 0 6 and R 10) which counteracts the tendency of the 
higher audio frequencies to produce more equivalent frequency modulation 
than the lower frequencies, assuming both signals are equal in strength. This 
circuit, it will be recalled, is required when frequency modulation is derived 
from phase modulation, as it is here. 

The pulses at the plate of V 6 are made narrower by passage through a 
differentiating network consisting of 0 7 and R9 and then applied through 
V 7 to a string of doubler and triplers. In the resonant circuits of these mul­
tipliers, the pulses are converted to sinusoidal waves possessing the same 
amount of phase or frequency modulation. 

The block and schematic diagrams of a commercial F-M transmitter 
utilizing the Serrasoid method of modulation are shown in Figs. 16.24 and 
16.25. After the initial modulated signal is formed by V 104 , three triplers 
and five doublers multiply the signal 864 times to a final carrier value be­
tween 88 and 108 me with 100% modulation ( ±75 kc). The signal, at the 
output of V113, has a maximum average power of 10 watts. This is then 
raised to the desired final level (250 watts, 100 watts, 5000 watts) by addi­
tional power stages. 

In spite of the names which this manufacturer has given stages V 101 

through V 104 , they function in essentially the same manner as V 1 through 
V7 of Fig. 16.21. R 16s and 0 11 2 serve the same purpose here as C6 and Rio 
of Fig. 16.21. That is, they counteract the tendency of the higher audio fre­
quencies to produce more equivalent F-M than the lower audio frequencies. 

Approximately 30 volts rms of audio is required at the output of the 
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audio amplifier stage, as measured at TP118 , to modulate the F-M carrier 
100%. Since the audio is applied to the cathode of V 104 , the output im­
pedance of the audio system should be low. For this reason, V 115 is a 
cathode follower. V 114 and V115 work together as a unit since they operate 
within a feedback loop. The negative feedback is provided by 0 163 and 
R158, R 159 in series. The audio input stage, V 114, is driven by audio input 
transformer, T102. A suitable pre-emphasis network would be inserted be­
tween T 102 and the audio input source. 

In the frequency multiplier portion of the schematic diagram, V 105 

through V 112, the circuitry is fairly conventional except in one or two places. 
For example, between V 105 and V 106 there are three tuned circuits, L1o1, 

L1 02, and L 103 . The purpose of these three circuits is to present to V 106 a 
sine wave in which every cycle possesses the same amplitude. V105 receives 
a series of sharp spikes or pulses from V 104 • The pulses are being applied at 
a frequency rate of 116 kc.* The plate circuit of V105, consisting of £ 101 in 
parallel with a resistor and capacitor, is tuned to three times 116 kc or 348 
kc. As each of the sharp spikes occurring at 116 kc arrives at the grid of 
V 105 , the tube suddenly conducts and shocks the plate circuit of V 105 into 
oscillation at its resonant frequency of 348 kc. If an oscilloscope were con­
nected directly to the plate of V 105, these oscillations would appear as shown 
in Fig. 16.26A. 

WAVEFORM AT 
PIN 5, V105 

WAVEFORM AT 
JUNCTION Cua, C119, Lio2 

WAVEFORM AT 
PIN I, V1os 

PURE SINE WAVE 

Frn. 16.26. Waveforms in the circuits between V105 and V106 of Fig. 16.25. 

These oscillations, it will be noted, are damped. This indicates that the 
Q of the circuit is fairly low which, in the present instance, is due to the 
resistor shunted across L101 . If we removed the resistor, the three sine-wave 
cycles would more closely possess the same amplitude. However, the signal 
reaching V 105 possess a frequency modulation of ±116 cycles. At the output 
of this tube, the modulation has been increased to ±348 cycles. It is the 
purpose of the resistor across L101 to broaden the circuit response so that 
the frequency can be shifted from 348 kc plus 348 cycles to 348 kc minus 
348 cycles. Without the loading imposed by the resistor, the Q of the tuned 

* This is a representative figure. The actual value would be governed by the assigned 
carrier frequency of the station. 
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circuit would be high and the flywheel effect of the plate circuit of V 10~ 

would prevent the circuit from following the frequency excursions faithfully 
and distortion would result. 

The tuned combination of £ 102 and its shunting capacitor together with 
£ 103 and its shunting capacitor form a bandpass filter that removes the am­
plitude variation of 116 kc from the 348-kc signal coming from the plate of 
V 105• The grid of V 106 is thereby fed with a pure sine wave of 348 kc. Band­
width and coupling are determined by the values used for the two coupling 
capacitors, 0 118 and 0 119• If amplitude variations of 116 kc are not removed 
from the 348-kc signal, the carrier will tend to become phase-modulated at 
the driving frequency of 116 kc and cause spurious frequencies to appear 
at the exciter output. The necessary bandwidth of circuitry between V 105 

and V 10 6 is determined by the highest modulating frequency and the fre­
quency deviation. For the circuits of V 105 and V 106, this turns out to be 35 
kc. 

Similar reasoning is behind the selection of the tuning circuits in the re­
maining stages. In V 106 through V 112, two coupled tuning circuits provide 
the necessary bandpass, because, as we go higher in frequency, the necessary 
bandspread is achieved more readily. That is, if the same Q is maintained, 
increase in operating frequency results in a proportionately greater band­
pass. 

It will be noted that a short coaxial cable jumper connects V 109 and V 110 • 

The combination of Lno, C 137, and C 138 tunes the plate circuit of V 109 to 
the proper resonant frequency. 0 137 and 0 138 are impedance-transforming 
capacitors that change the high impedance output of V 109 to about 51 ohms 
at J 101• This makes it possible to carry the output of V 109 over a consider­
able length of coaxial cable to another amplifier stage without serious at­
tenuation. From this external amplifier (not shown), another length of 
coaxial cable may be brought back to J102• The capacitor combination of 
0 139, 0 140, and 0 141 then transfers the 51-ohm impedance back to a high 
impedance in addition to resonating £ 111 to the operating frequency. 

J101 and J1o2 are used specifically for the purpose of inserting multiplex 
sub-carriers on the main carrier, should this be desired. If not, J 101 con­
nects directly to J102• 

V 105 through V 109 are single-ended stages and use 6A U6 pentode tubes. 
V 110 through V 112 are push-push stages and all use 6J6 twin triode tubes. 
The grids of these push-push stages are connected in normal push-pull fash­
ion, but the plates are connected in parallel. With this type of connection, 
the plate circuit receives two pulses for every complete cycle of R.F. drive 
in the grid circuit. This makes it naturally suited to frequency doubling 
service since the circuit will not amplify a fundamental frequency and will 
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not triple. It will only double or quadruple. The quadruple frequency, how­
ever, will be out of the tuning range of the stage. 

Before we leave the subject of 
F-M through phase modulation, brief 
mention should be made of a tube, the 
Phasitron, which can accomplish this 
directly. The tube, developed by Dr. 
Robert Adler of the Zenith Corpora­
tion in 1946, utilizes a series of 36 de­
flection grids, a 3-phase oscillator sig­
nal and an external modulating coil to 
produce an F-M signal through phase 
modulation. The grids, in conjunction 
with the 3-phase signal, develop the 

rotating electron disc shown in Fig. Fm. 16_27_ The electron disc devel-
16.27. The external modulating coil, oped in the Phasitron tube. 
through which the audio currents pass, 
causes the rotating disc to shift back and forth in accordance with the 
modulating signal. In essence, this is exactly the same action that occurs 
in the vector diagram used originally to explain phase modulation in Chap­
ter 2. 

A small number of F-M transmitters were built by General Electric 
using the Phasitron, but no extensive application ever developed.* 

PROBLEMS 
1. Name 4 methods of producing phase modulation. 
2. Describe how the circuit of Fig. 16.2 produces phase modulation. 
3. Draw a diagram of the Gm phase modulator and explain how it operates. 
4. Describe the operation of the reactance-tube phase modulator. In what way 

does this differ from a reactance-tube modulator which produces F-M directly? 
5. What is the difference between a linear and a nonlinear inductance? What 

causes the nonlinearity? 
6. How does the circuit of Fig. 16.7 A produce phase modulation? 
7. What is the Armstrong system of generating frequency modulation? Why is 

it useful? 
8. What factors govern the amount of F-M produced through phase modula­

tion? How are these factors combined in a formula? 
9. Draw a block diagram of the basic Armstrong system. Explain the function 

of each stage. 

* Those readers desiring more information about this tube are referred to: 
1. Robert Adler, "A X cw System of Frequency Modulation," Proc. of the Institute 

of Radio Engineers, January, 1947. 
2. F. M. Bailey and H. P. Thomas, "Phasitron F-M Transmitter," Electronics, Oc­

tober, 1946. 
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10. What limitations must be observed when employing phase modulation to 
produce F-M? How docs the Armstrong system observe these limitations? 

11. What is a predistorter network? Draw a diagram of such a network and 
connect it to an amplifier. 

12. Why is a prcdistorter network required in the Armstrong modulator? 
13. When a full phase swing of 30° is utilized, how much equivalent F-M 1s 

produced when the audio signal frequency is 1000 cycles? 
14. Differentiate between predistorter networks and accentuator circuits. Where 

is each used? 
15. Why is predistorter circuit design based upon the lowest audio frequency 

used in the modulator? 
16. How much frequency multiplication is required in the Armstrong F-M trans­

mitter in order to obtain a fully modulated wave? How does this affect the carrier 
frequency and how is a final carrier value between 88-108 me achieved? 

17. How docs the Armstrong Dual Channel Modulator differ from the basic cir­
cuit? 

18. What stage determines the accuracy of the final carrier frequency in the 
Dual Channel Modulator Transmitter? Explain. 

19. Explain by means of a block diagram the operation of the Dual Channel 
Transmitter. 

20. What advantages does the Armstrong Dual Channel Transmitter possess 
over the basic Armstrong circuit? 

21. Discuss the differences between A-M and F-M transmitters of comparable 
power. Limit the discussion to audio modulating power required, carrier frequency 
stability, types of tubes required and overall economy. 

22. What docs an F-M receiver contain to counteract the effect of the predis­
torter and acccntuator networks in the transmitter? Explain your answer in detail. 

23. Explain briefly the operation of the Serrasoid F-M modulator. 



LOCATING COMMON TROUBLES 

The purpose of the following check list is to point out those components 
or areas in a receiver where the defect for the various types of troubles 
indicated is most likely to be located. 

No Sound 

1. Defective tube. 
2. A-c line voltage not reaching the receiver. Check fuse. 
3. Selenium or semiconductor rectifiers defective. 
4. Defective power supply component. 
5. Try signal injection, starting with stage closest to loudspeaker. 

A-M Reception, No F-M Reception 

1. Defective tube. (Check those dealing with F-M only.) 
2. Check A-M, F-M switch. 
3. F-M oscillator defective. 
4. Measure voltages on tubes dealing with F-M only. 
5. Try signal injection in F-M section. 

F-M Reception, No A-M Reception 

1. Defective tube. (Check those dealing with A-M only.) 
2. Loop antenna open. 
3. Malfunctioning A-M oscillator. 
4. Check A-M, F-M switch. 
5. Measure voltages on tubes dealing with A-M only. 
6. Try signal injection in A-M section. 

Weak Sound-All Signals 

1. Defective tube in power supply on audio amplifiers. 
2. Defective volume control. 

367 
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3. Low voltage in power supply, audio amplifiers, or I.F. stage. 
4. Use signal injection in audio amplifier section to locate trouble. 
5. Defective loudspeaker. 

Weak Sound-A-M Only 

1. Defective tube in A-:M section. 
2. Defect in A-M detector circuit. 
3. Open loop antenna. 
4. A-M oscillator not functioning strongly. 
5. Check A-M, F-M switch. 
6. Misalignment in A-M circuits. 
7. Low voltage in A-M stage. 

Weak Sound-F-M Only 

1. Defective tube in F-::VI section. 
2. Misalignment in F-::v.I circuits. 
3. Check F-M antenna. 
4. F-M oscillator not functioning strongly. 
5. Low voltage in F -M stage. 
6. Check A-M, F-M switch. 
7. Defective component in output network of F-M detector. 

Hum-Always Present 

1. Cathode-to-heater leakage in audio amplifier tube. 
2. Defective filter in power supply. 
3. Poor ground connection in audio amplifier circuits. 
4. Leakage in multiple-section filter capacitor when one of the sections is 

in the audio system. 

Hum-Present Only When Signal Is Being Received 

1. Leakage across R.F. amplifier, oscillator, or mixer sockets. 
2. Cathode-to-heater leakage in R.F. amplifier, oscillator, or mixer tube. 
3. Poor ground connection in R.F. stages. (This includes R.F. amplifier, 

oscillator, and mixer.) 

Hum-Phono Operation Only 

1. Poor ground connection in phono assembly or in connecting cable. 
2. Poor electrical connection at phono input jack. 
3. Leakage from phono motor to cartridge head in pickup. 

Fuse Blows 

1. Defective tube, particularly in power supply. 
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2. Shorted filter capacitor in power supply. 
3. Defective selenium or semiconductor rectifier in power supply. 
4. Short circuit across B+ line (generally a shorted bypass capacitor). 
5. Shorted winding in power transformer. 
6. Shorted filament in parallel-wired filament circuits. 
7. Try disconnecting all B+ lines, then reconnecting them one at a time. 

Defective Operation During Certain Hours Only 

1. Check power line voltage during these times. 

Distorted Sound 

1. Defective tube. 
2. Low B+ voltage. 
3. Misalignment of F-M detector. 
4. Open filter capacitor. 
5. Leaky audio coupling capacitor. 

Signal Drift 

1. Defective AFC circuit. 
2. Defective oscillator and AFC tubes. 
3. Open or shorted components in AFC line. 
4. Change in component value in oscillator circuit. 

Noisy Reception 

1. Defective limiter. 
2. Misalignment-all circuits. 
3. Poor ground connections. 
4. Defective bypass capacitor in audio amplifiers. 
5. Dirt or grime on tuning capacitor plates. 
6. Defective tube. 
7. Loose connections. 
8. Misalignment of F-M detector circuit. 

Signals Only Over Portion of Dial 

1. Misalignment of R.F. circuits. 
2. Defective oscillator tube. 
3. Tuning capacitor plates shorting. 
4. Defective oscillator component. 

Tuning Dial Markings Off 

1. Misalignment of R.F. circuits. 
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Intermittent Operation 

1. Defective tube. 
2. Poor ground connection. 
3. Fluctuating line voltage. 
4. Defective selenium or semiconductor rectifiers. 
5. Defective capacitor. 
6. Defective resistor. 
7. Loose connection. 

Motorboating 

1. Open filter capacitor. 
2. Open bypass capacitor. 
3. Poor lead dress. 
4. Poor ground connection on shield. 
5. Open grid resistor. 
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INDEX 

Adjacent channel interference, 35 
Advantages of F-M, 1 
Alignment, I.F. system, 222,235,252 

balanced ratio detector, 240 
overcoupled I.F. transformers, 225 
ratio detector, 237 
ratio detector, visually, 240 
R.F. section, 226,235,253 
signal generator-VTVM, 222 
visual, 229,234 

A-M, F-M receivers, 249,258,266 
Amplifier, audio, 191 

cascode, 104,254,266 
grounded-grid, 103 
I.F., 121 
output,204 
push-pull, 196 
R.F., 94, 100, 102 
Ultra-linear, 206 
Williamson, 206 

Amplitude and phase modulation from 
interference, 29 

Amplitude modulation, 3 
sidebands, 4 

Amplitude variations, eliminating, 30 
A-M versus F-M, 2 
Antennas 

circular, 76 
Cloverleaf, 74 
conical, 67 
cross-dipole, 67 
directivity, 64 
folded dipole, 67 
gain, 64 
half-wave dipole, 58 
half-wave dipole with reflector, 63 
length computation, 60 
miscellaneous, 66 
multi-V, 85 
polarization, 56 
power-line, 251 
Pylon, 78 
square-loop, 79 
super-turnstile, 83 
turnstile, 81 

"V" type, 62 
vertical versus horizontal, 56 

Armstrong system of F-M, 346 
frequency swing compensation, 349 

Audio amplifiers, 191 
balance, 194 
bandwidth limits, 196 
cathode followers, 208 
high fidelity, 191 
output stages, 204 

Audio amplifiers, negative feedback, 202 
phase inverters, 196 
preamplifiers, 210 
push-pull, 196 
servicing, 281 
tone control circuits, 213 

Automatic frequency control, in receiv­
ers, 259 

in transmitters, 303 
Automatic tone compensation, 219 
Automatic volume control, 189 

Balanced modulators, 299,308, 317 
Balanced ratio detectors, 166, 256, 267 

Cascaded limiters, 144 
Cascode amplifiers, 104,254, 266 
Cathode-coupled phase inverter, 202 
Cathode followers, 208 
Circular antenna, 76 
Cloverleaf antenna, 74 
Coaxial speakers, 194 
Coaxial tuners, 89, 96 
Commercial F-M receivers, 249 
Converters and mixers, 106, 110 
Coupled circuit fundamentals, 152 
Critical frequencies of ionosphere, 50 
Cross-dipole antenna, 67 

De-emphasis, 42 
Deviation ratio and noise, 41 
Directivity of antennas, 64 
Discriminator, 148,282 

alignment, 224 
early form of, 148 
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modified, 151, 161 
operation, 156 
servicing, 281 
visual alignment, 229 

Domination by the stronger signal, 32 
Dual-channel Armstrong system, 353 

Electron-ray indicator, 176 

Figure of merit of a tube, 131 
Fletcher-Munson curves, 192 
F-M and interference, 28 

frequency separation of interfering 
signals, 31, 35 

impulse noise, 44 
interference suppression, 29, 30 
random noise, 39 
static, 37 
thermal agitation and the tube hiss, 38 

F-M detectors, 148 
discriminator, 148, 156 
fundamentals of coupled circuits, 152 
gated beam, 170 
ratio, 163, 166 

F-M signals, comparison with A-M, 2 
deviation ratio, 41 
from phase modulation, 17 
modulation index, 11 
propagation, reception, and transmis­

sion of, 46 
sideband power, 9 
sidebands, 8, 11 

F-M receivers, alignment, 221, 251, 264 
interstation noise suppression systems, 

187 
R.F. amplifier, 88 
R.F. tuners for, 88 
servicing, 276 
signal generator-VTVM alignment 

method, 222 
tuning, 175 
visual alignment of, 229 

F-M through phase modulation, 17, 23, 
334 

F-M transmitters, 293,322,334 
Armstrong system, 346 
balanced modulators, 299,308,317,343 
dual-channel Armstrong system, 353 
frequency control circuits, 303, 310, 

316,325 
frequency multipliers, 304, 351 
Phasitron, 365 
reactance-tube circuit, 293, 303 
RCA,306 

Folded dipole, 67 

Foster-Seeley discriminator (see Dis­
criminators) 

Frequency control circuits, 259, 303, 310, 
316,325 

Frequency converter, 106 
Frequency dividers, 311 
Frequency mixer, 107 
Frequency multipliers, 304, 351 
Fundamentals of coupled circuits, 152 

Gain, L. F. amplifier, 129 
Gated-beam F-M detector, 170 

alignment, 242 
General receiver servicing procedure, 281 
Gm phase modulator, 337 
Grid-leak bias limiter, 140 
Grounded-grid amplifiers, 103 
Guard bands, 14, 35 

Half-wave dipole, 58 
with reflector, 63 

Harmonic spurious responses, 127 
High fidelity, 191 
High-frequency propagation, 52 

components of, 52 
High-frequency converter operation, 110 
Hum,44, 288 

I.F. amplifiers, 121 
alignment, 222, 235, 252, 258, 264, 272 
commercial, 132 
design factors, 121 
direct response, 126 
gain and selectivity, 129 
harmonic spurious response, 127 
image response, 123 
servicing, 285 
stations separated by the Intermediate 

frequency, 126 
spurious responses, 123, 127 

Image response, 123 
Impedance matching, 69 

matching stub, 71 
"Q" section, 71 

Impulse noise, 44 
Indirect F-M, 25 
Interference suppression with F-M, 28 
Intermediate frequencies, choice of, 122 
Interstation noise suppression system, 

187 
Ionosphere, 48 

critical frequencies of, 50 
Sporadic E, 51 

Limiters, 136 
alignment, 222 
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cascaded, 144 
commercial circuits, 145 
impedance-coupled operation of, 136 
influence on receiver design, 138 
necessity of, 136 
resistance-coupled, 145 
servicing, 284 
time constants, 142 

Line-of-sight propagation, 53 
Loading networks, 225 
Loudness control, 269 
Loudspeakers, 193 

Magic-eye tuning indicators, 176 
Marker frequencies, 236 
Mixers, 106 
Modulation index, 11 
Modulator, Armstrong, 346 

balanced,299,308,317,343 
dual channel, 353 
Gm phase, 337 
nonlinear coil, 340 
phase, 334 
Phasitron, 365 
reactance-tube, 296 
reactance-tube phase, 339 
Serrasoid, 365 

Multi-V antenna, 85 

Negative feedback, 202 
Noise, deviation ratio, 41 

impulse noise, 44 
random, 39 

Noisy receiver, 289, 291 
Nonlinear coil modulator, 340 

Oscillator, crystal, 116, 117 
frequency placement of, 119 
Hartley, 115 
high-frequency, 106 
stability, 107 
stability countermeasures, 109 
ultraudion, 115, 250 

Oscilloscope, 229 
saw-tooth deflection, 231 
sine-wave deflection, 232 

Overcoupled I.F. transformers, 225 

Parallel-wire transmission line tuners, 
101 

Permeability tuning, 90 
Phase detectors, 313 
Phase inverters, 196 
Phase modulation, 17,335 

factors affecting, 18 

minimizing, 30 
using reactance tube, 339 

Phasitron, 365 
Pre-emphasis, 42 
Preamplifiers, 210, 271 
Propagation of F-M signals, 46 

high-frequency, 52 
line-of-sight method, 53 
sky-wave-ionosphere, 48 
surface waves, 47 
wave bending, 49 
wave propagatio'l, 47 

Power supply servicing, 281 
Push-pull amplifiers, 196 
Pylon antenna, 78 

Random noise, 39 
Ratio detector, 163 

alignment, 237 
balanced, 166,256,266 
modifications, 166 
servicing, 281 

RCA broadband antenna, 77 
RCA F-M transmitter, 306 
Reactance-tube circuit, 293 
Reactance-tube phase modulator, 339 
Receiver alignment, 221, 252, 258, 264, 

272 
Receiver analysis, 248 

Allied, 258 
Fisher, 266 
Heath, 253 
midget A-M, F-M receiver, 249 

Receiver sensitivity, 257 
Receiving antennas, 56 

cross-dipole, 67 
directivity, 65 
folded dipole, 67 
gain, 64 
half-wave dipole, 58 
half-wave dipole with reflector, 62 
length computation, 60 

Resistance at high frequencies, 278 
Resistance-coupled limiters, 145 
R.F. amplifier, 94, 100, 102 
R.F. section alignment, 226,253 

servicing, 286 
R.F. tuners, 88 

coaxial, 89, 96 
parallel-wire transmission line, 101 
permeability, 90 

Selectivity of I.F. system, 128 
Serrasoid F-M modulator, 359 
Servicing F-M receivers, 276 

audio amplifier system, 281 
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F-M detector, 281 
general procedure, 281 
I.F. sy8tem, 285 
1\ower supply, 281 
preliminary tests, 2i!J 
R.F. section, 286 
visual check, 280 

Sideband power, F-M, !) 
Sidebands, A-M, 4 

F-M,8 
Sideband variation, 10 
Shot effect, 39 
Silencer tubes, 187 
Sky waves-ionosphere, 48 
Speaker cross-over network, 194 
Speakers, 194 

coaxial type, 194 
cross-over networks, 194 

Sporadic E, 51 
Spurious responses, 123 
Square-loop antenna, 79 
Static, 37 
Strong signal domination, 32 
Super-turnstile antenna, 83 
Surface waves, 47 

Thermal agitation and tube hiss, 38 
Tone control, 213 

automatic, 219 
by inverse feedback, 215 
<'Ontinuously variable, 217 
simple bass-boost, 214 
treble, 214 

Tuning meters, 184, 262, 271 
Tuning tubes, 176 
Transmission lineR, 68 
Transmitters, 293, 322, 331 

Armstrong system, 346 
balanced modulators, 299,308,317,343 

diode modulator, 323 
clnal-<'hannel Armstrong system, 35:1 
frequency control circuits, 303, 310, 

316,325 
frequency multipliers, 304, 351 
Phasitron, 365 
R.CA,306 
reactance-tube modulator, 206, 303 
Serrasoid modulator, 350 

Transmitting antennas, 73 
circular, 7 5 
Cloverleaf, 7 4 
Multi-V, 85 
Pylon, 78 
RCA broadband, 77 
Square-loop, 79 
super-turnstile, 83 
turnstile, 81 

Trouble shooting procedures, 276 
Tuning, meters, 185 

tubes, 175 
Turnstile antenna, 81 

Ultra-linear amplifier, 206 
Ultraudion oscillator, 115, 250 

Vectors, 19 
applied to modulation, 22 
applied to radio, 20 

Vertical versus horizontal antennas, 56 
Visual alignment, 229 

discriminator, 234 
I.F. stages, 235 
marker frequencies, 236 
oscilloscope, 229 
R.F. system, 235 

Wavelength, 57 
Williamson amplifier, 206 


