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PREFACE

REQUENCY MODULATION in general needs no introduction to

the man who is interested in radio communication, no matter how
remotely — he hears ahout it and sees references to it daily —it is
literally thrust upon him from every side. Because of its compara-
tively recent entrance into the communication picture, only a rela-
tively few books about f.m. have appeared, and these have been
introductory in nature for the most part.

Naturally when something new is brought out, numerous questions
arise in the mind of every technically inclined man as to how and why
it functions and how it can be employed. This book is intended to an-
swer as completely as possible those questions about f.m., and material
has been included which hitherto has not been published.

Due to the importance that f.m. has assumed within the last decade,
we have incorporated in this book those basic principles underlying
the operation of the complete f-m transmitter as well as the receiver,
the discussion of transmitters embracing both the narrow-band and
wide-band types that are being manufactured today for service in
many different fields. Here both direct f-m and indirect f-m (p-m)
transmitters are considered with all the essential theory necessary for
a complete understanding of f-m and p-m transmission. In order that
the f-m picture may be complete, the subject of both transmitting and
receiving antennas is covered and then the various types of receivers,
their functioning and servicing. In short, f.m. is considered from the
point in the transmitter where it first becomes a modulated signal until
it is translated into sound energy by the loudspeaker in the receiver.

The book is divided into two parts: the transmission of the f-m
signal in the first and its reception in the second. In the first part, the
underlying theory of f.m. and p.m. is included as well as the propaga-
tion of f-m signals, the basic characteristics of f-m transmitters and
an analysis of transmitters that are in use today. In no other book of
its kind, will there be found as complete a coverage of f-m transmitters
as in this one. The first part closes with a discussion of the latest in
transmitting antennas.

The second part of the book deals with f-m receiving antennas and
the f-m receiver. The discussion of the latter takes into account every
individual stage relative to f.m. and compares them to a-m sets. At the
time of writing, four different types of f-m detectors are in use: the
limiter-discriminator type, the ratio detector, the oscillator detector
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(locked-in oscillator) and the FreModyne detector, and these are dis-
cussed in detail. The last two chapters are devoted to the alignment
and the servicing of receivers and in the appendix will be found some
data on the use of vectors and other pertinent information of value.

It is believed that this book will afford the reader an opportunity to
gather and understand all the features of f.m. starting from the trans-
mitter and working straight through the receiver. In order to achieve
fully the desired simplicity, mathematics have been kept to the neces-
sary minimum and illustrations have been employed liberally so that
a clearer picture of the whole topic would be given the reader.

The authors wish to extend their gratitude to Major Edwin H. Arm-
strong, the Federal Telephone and Radio Corp., General Electric Co.,
Western Electric Co., Raytheon Mfg. Co., Westinghouse Electric Corp.,
and others for supplying them with technical data which are included
in this book and for their cooperation. Appreciation is also extended
to Richard F. Koch, of the John F. Rider Laboratories, for his help in
reading the manuscript of this book and for his suggestions.

JoHN F. RIDER

December 18, 1947 SEYMOUR D. USLAN

PREFACE TO THE NINTH PRINTING

The principal change in this new printing of “FM” Transmission And
Reception” is the inclusion of a set of questions at the end of each
chapter, These questions were inserted in order to make this text more
useful to technical schools, as well as to the reader that uses the text
for self-study.

It was felt that the student, or reader using the book for self-study,
should understand the principles brought out in each chapter and the
questions have been prepared with this thought in mind.

Besides the insertion of the questions there have also been a number
of revisions in the text material itself. The majority of these changes
are due to revisions in certain governmental regulations.

JoHN F. RIDER

May 1,1949 SEYMOUR D. USLAN

PREFACE TO THE SECOND EDITION
Because of the current rapid growth of television it was felt neces-
sary to devote a new chapter to f.m. in television receivers. This
appears as Chapter 10 in the second edition of this book.
November 30, 1850 JoHN F. RIDER
SEYMOUR D. UsSLAN
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PART I
TRANSMISSION

CHAPTER 1
FUNDAMENTAL CONSIDERATIONS

The concept of frequency modulation (f.m.) is not new, but only
comparatively recently has it been commercially successful. Befors
the achievement of f.m. the type of modulation employed was ampli-
tude modulation (a.m.). So far as the majority of people even in the
radio field were concerned, the only method of conveying intelligence
from the transmitter was to amplitude modulate the carrier. The
prevalence of this belief was only natural, because a.m. was the only
form of modulation used in the past, and very little was known about
other types of modulation. Even ten years ago, if one had made a
survey and asked the question of how intelligence could be conveyed
from the transmitter, the majority of replies, from others than en-
gineers engaged in radio work, would have indicated use of an audio
signal which varied the amplitude of the carrier. In short, it was not
generally known that other forms of modulation could be used.
Therefore, a thorough understanding of what is meant by modulation
as applied to radio cannot but be helpful.

Modulation

The primary purpose of radiobroadcasting is to transmit intelli-
gence. This intelligence finally appears as an audible sound at the
receiver. In order that these audio signals may be received, they must
be propagated through space by some special means. Audio signals by
themselves cannot be radiated into space as electromagnetic energy
and travel great distances. Some method must be used of helping to
propagate the intelligence through space.

It was known that signals far above the audio range could be propa-
gated through space very easily in the form of electromagnetic waves.
These signals were referred to as radio-frequency waves (r.f.) or
carrier waves and could be of almost any frequency, as long as they
were of an r-f nature, and still be radiated. It was possible to use
these r-f waves as a means of transporting the audio signals to the

1



2 FM TRANSMISSION AND RECEPTION

receivers. Briefly this was accomplished by superimposing the intel-
ligence on the r-f wave (that is, the carrier) so that this new r-f
wave had one of its characteristic features varied in accordance with
the method of superimposing the intelligence. This superimposition
of one signal on another is termed modulation, and the new wave is
termed a modulated wave. This principle is well known to many, but
its analysis is very necessary for fully understanding the topic of
f.m., as well as other types of modulation.

When a carrier signal of constant amplitude and power is generated
by a transmitter without any intelligence superimposed upon it, it
will be accepted by the receiver, but no information or audio will
appear in the output of the set. The underlying principle behind
transmission for the proper reception of intelligence is to use a carrier
that can travel through space (that is, be propogated) and that can be
varied somehow in accordance with the superimposition of the intel-
ligence to be transmitted. This variation of the carrier can be accom-
plished by a number of methods which will soon be explained. In
dealing with r-f carrier and other frequencies they all will be rep-
resented as sinusoidal in nature to facilitate the discussion.

ONE
CYCL

m—

N

RELATIVE VOLTAGE,
CURRENT,OR POWER

~e
~-
-
-

PEAK TO PEAK
AMPLITUDE

I&gﬁ \_J_

Fig. 1-1. Representation of a carrier wave which is varying sinusoidally,
9ndl}vh"igg its three characteristics, amplitude, frequency, and phase are
indicated.

TIME ———

DEGREES
MEASUREMENT

In Fig. 1-1 an ordinary carrier signal which is varying sinusoidally
is illustrated. The height of the signal is called its strength or ampli-
tude. The strength of the signal between the maximum positive and
negative peaks is referred to as its peak-to-peak amplitude. Conse-
quently, amplitude is one of its characteristics. The time that part of
the wave takes to complete one swing going through a positive and
negative part of the signal and ending at the same level where



FUNDAMENTAL CONSIDERATIONS 3

it started is called one cycle of the signal. The number of times that
the cycle repeats itself in each second is called the frequency of the
signal, and it is expressed in some number of cycles per second. Thus,
frequency is another characteristic of the signal. It may seem very
elementary to indicate these well-known basic characteristics, but
the purpose will be evident when the modulation of the carrier is
analyzed under different conditions.

One more basic characteristic of a wave is its phase relation. This
is a difficult concept to understand especially when only one signal is
considered. If two different sinusoidal signals existing at the same
point were compared, the idea of phase relations would be easily
seen; however, this is not the situation in Fig. 1-1. In order to under-
stand the fact that, besides amplitude and frequency, phase is also
an inherent characteristic, of any alternating wave, some reference
point has to be used. It is known that every cycle of frequency re-
volves through 360° with reference to the time axis. That is, by the
time one cycle is completed it will have traversed 360°. The reference
to 360° in every cycle is a concept that is very well known, and
there is no necessity to elaborate any further about it. When the
vhase of a signal is referred to, it is usually related to some other
signal, but when only one signal is under discussion, the start of the
alternating motion of the signal is referred to an arbitrary set of axis.
In this respect the phase relation of a signal by itself can be under-
stood.

When any graph is made, horizontal and vertical lines (set of axes)
are assigned to represent the respective variables to be plotted. The
same is true for a sine wave. A set of axes is used to indicate the
true alternating motion of the wave with respect to all of the signal’s
characteristics. This is so in the wave of Fig. 1-1. The sine wave is
seen to be alternating above and below a reference axis called the
time axis or baseline. Its amplitude and frequency are readily noticed.
The wave shown is seen to be starting out, not at the crossing be-
tween the axis, but at the maximum amplitude of the signal, Since
every half cycle represents 180° and every quarter of a cycle 90°,
the signal shown in Fig. 1-1 is said to have a 90° phase lead. Conse-
quently, it is seen that phase is one of the basic characteristics of
any wave. Naturally, the phase relation can be zero degree,

In practice, when phase relationship is given, it is almost always
made with reference to some other signal. This will be evident as this
chapter progresses. It will be seen later that there is a very close
relationship between the frequency and phase of a signal.

The illustration of how simple it is to represent a signal in vector
form at its starting point with relative phase is shown in Fig. 1-2.
The length of the vector A represents the magnitude or peak ampli-
tude of the sine curve, whether it be voltage, current, or power. The
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displacement or direction of the vector from the 0° reference point
is the relative phase of the signal, and it is seen to be 90° leading. If
a quick representation of the instantaneous amplitude and phase rela-
tion of a signal is desired, the use of vectors will greatly clarify the
picture. The use of vector representation is more thoroughly explained
in the Appendix.

A“

™ . Fig. 1-2. The relative phase of the
90, sine wave in Fig. 1-1 is shown vec-
° torially here by the vector A, being
0 at 90° to the 0° axis.

It has been stated that to transmit intelligence a signal of radio
frequency has to be used as the carrier for the intelligence. In order
that this carrier properly support the intelligence signal, it has to be
modulated by the intelligence signal. With respect to the radic field,
modulation is attained by varying one or more of the three charac-
teristics of the carrier (that is, its amplitude, its frequency, or its
phase) in accordance with the instantaneous variations of some ex-
ternal signal which is superimposed upon the carrier. To realize the
latter part of this statement fully, it must be remembered that the
modulating or intelligence signal is also varying in accordance with
time. ‘

If the amplitude of the carrier signal is varied in accordance with
some superimposed audio signal, amplitude modulation or a.m. is
attained. If the frequency of the carrier is varied, frequency modula-
tion or f.m. is attained. If the phase of the carrier is varied, then
phase modulation or p.m, is attained. Thus, any of three different
types of modulation can be directly obtained. As distinguished from
a.m., the other two types of modulation are sometimes referred to
as subdivisions of a modulation termed angular modulation. This
terminology arises from the fact that angular relations undergo
changes in both f.m. and p.m.

Amplitude Modulation
As pointed out in the preceding section, the three main charac-
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teristics of an r-f wave (as well as any signal) are its amplitude or
strength, its frequency, and its phase. If an audio signal, for example,
speech or a pure sine wave, is superimposed upon the r-f wave so
that the amplitude of the r-f wave varies in accordance with the
varying amplitude of the audio signal, then the r-f wave is said to be
amplitude modulated. In other words, the combination of the modu-
lating signal, which is the speech, the music, or the information to be
conveyed, with the radio signal, is accomplished in such a manner
that the modulating signal alternately increases and decreases the
amplitude of the radio signal; this variation takes place at a rate
determined by the frequency of the audio signal. The extent of this
change in carrier level depends upon the relative magnitudes of the
audio and the carrier signals at the instant they are combined.
Neglecting the degree of modulation at the moment, let it be said that

MOOULATING E /E\ é
E : ;
:.'EA : : :
FOR 100 % H H . .
MODULATION : . :
Fig. 1-3. The peak ' H '
amplitude of the N B
audio modulating ‘
signal is equal to
the peak amplitude €x
of the carrier wave, .
resulting in the
czslrrlert bein 10g- Enn
percent amplitude €
modulated. J"_ V V v U V U U 268
CARRIER
N .

Mo\z%gm

the stronger the audio signal combined with the carrier, the greater
is the change in the amplitude of the carrier. This is of particular
importance because the degree of modulation depends upon the
amount that the carrier amplitude is changed. If the strength of the
audio signal is such that its peak-to-peak amplitude is equal to the
peak-to-peak amplitude of the carrier, 100 percent modulation exists.
(The peak amplitude of one is equal to the peak amplitude of the
other.) This 100 percent a-m wave is illustratéd in Fig. 1-3. If the
peak amplitude of the audio signal is less than the peak amplitude of
the carrier, the modulation that exists is less than 100 percent.
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In Fig. 1-4 is shown an a-m wave that is 50 percent modulated.
That is, the peak amplitude of the audio is equal to half the peak
amplitude of the carrier. As stated previously the instantaneous
amplitude of the audio signal adds to or subtracts from the instanta-
neous amplitudes of the carrier resulting in an a-m signal.

Modulated signals for 100 percent modulation and below have beer
shown in Figs. 1-3 and 1-4. However, a different type of waveform
exists when the amplitude of the modulating signal is greater than

uoouuﬂuq /\ / ; |
SIGNAL v

).-----

Fig. 1-4. The peak
/ ] amplitude ofpfhe
Ea audio modulatin
gsignal is one-hal
the peak amplitude
| of the carrier, re-
En Emins sulting in a 50 per-
l 2 cent a-m wave.
*..» Compare with Fig.
3:A 1"3:
N——
CARRIER — .
' EA'
MO FOR 50%
MODULATION

that of the carrier. This is termed overmodulation, and a picture of an
overmodulated wave is illustrated in Fig. 1-5, together with the modu-
lating signal. It will be noticed that an overmodulated wave is not
continuous and as such does not result in the full reproduction, upon
demodulation, of all the audio signal. This results in distortion in the
output of the receiver.

To determine the percentage of modulation of a signal (not over-
modulated) viewed on an oscillograph and having the type of pattern
shown in Figs. 1-3 and 1-4, the following simple procedure should
be followed:

Measure the maximum peak-to-peak amplitude of the modulated
signal. This is designated as E,,,, as shown in Fig. 1-4. Next measure
the minimum peak-to-peak amplitude of the modulated signal. This
is designated as E,,,, as seen in Fig. 1-4. Then to determine the per-
centage modulation the following expression is used:

Percent modulation (a.m.) = Emee—Emin ¢ 199
Eoes B,
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AUDIO MODULATING SIGNAL

THE POSITIVE AND
NEGATIVE PORTIONS
OF THESE WAVES
OVERLAP AND CANCEL
EACH OTHER.

AN

vu En
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Fig. 1-5. When the peak amplitude of the modulating wave (A) is greater

than the amplitude of the carrier wave, the resulting modulated wave (C)

is said to be overmodulated. Notice that the resultant overmodulated

B?ﬁfs tig !tw:l continuous, which means that the output of the receiver will
rted.
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For instance, in Fig. 1-4 the E,,, is equal to 3E, and E,,,, is equal to
Ep/2. Therefore,

Percent modulation — Sea — Er/2

3E, + Eg/2 X 100

but since E, = 1 Ep, then:

3(Ep/2) —Eg/2
3(Eg/2) 4 Er/2

— Er —
= 5= X 100= % X 100

Percent modulation = X 100

— 50 percent

When percentage modulation is computed from directly viewing a
picture on the scope, the measurements are used directly. For instance,
if a picture of a modulated wave was such that E,,, measured 1.5
inches and E,,;, measured 0.5 inch then:

. E.  —
Percent modulation — =maz___—min v, 100

_15—.5
=15+ 5

= 1% X 100 = 50 percent

X 100

Certain very significant details are associated with such a-m waves.
First, the modulated wave is not of constant amplitude; in fact it is
anything but constant, varying definitely with the amplitude of the
audio signal. The second detail is that the composition of such an
a-m wave consists of the carrier frequency and a series of other
frequencies representing various plus and minus combinations of the

f=f
8 fo=fetia
§
fa KA e fy,
MODULATED WAVE
COMPONENTS
FREQUENCY

Fig. 1-6. In this spectral distribution of a 50 percent a-m wave, f,, is the
modulating signal, which is one-half the amplitude of the carrier compo-
nent, f,. The upper and lower sidebands, fy and f;, are the sum and
difference of the modulating and carrier frequencies, their amplitudes
being % of f,.
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carrier and the modulating frequencies. The modulating signal is
considered as consisting of a number of frequencies because, when
modulating a carrier with speech, the audio signal is definitely not
composed of a single frequency but of a host of frequencies through-
out the audio spectrum. These combinations represent the sidebands
of the carrier. The higher the frequency of the audio signal used to
modulate the carrier, the greater is the extent of the sidebands. A
spectrum picture of the component waves of an a-m signal is shown
in Fig. 1-6. The carrier frequency is designated as fc and the fre-
quency of the sinusoidal audio as f4. The upper and lower sideband
components of the modulated wave are designated as fy and f, re-
spectively. If the frequency of the carrier is 1000 kc and the fre-
quency of the audio 5 ke, the upper sideband will be 1000 4 5 or
1005 kc and the lower sideband will be 1000 — 5 or 995 kc. The modu-
lated wave is then said to cover a band of frequencies equal to the
difference in frequency between the sideband components, and in
the foregoing case the bandwidth is equal to 10 kc. It is, therefore,
seen that the sideband components of the modulated wave are the
portions of the signal that contain the intelligence.

For 100-percent modulation, the upper and lower sideband com-
ponent frequencies of a sinusoidally modulated wave have their
amplitude equal to half the amplitude of the carrier. For 50-percent
modulation both sideband components of the modulated wave have
their amplitude equal to one-quarter of the carrier amplitude. The
component waves for a 100-percent and 50-percent sinusoidally
modulated carrier are shown in Figs. 1-7 and 1-8 respectively. In a.m.

HAwAWAWAWAWAWA
VvV VY

CARRIER ( FREQUENCY = 1000 KC.) .

AAWAWAWAWAWAWAWAWAWA
VVVVVVVVVV
UPPER  SIDEBAND ( FREQUENCY = 1005 KC.)
WANNANYANYANYANYA WS
\VERVER VAR VARV
LOWER SIDEBAND ( FREQUENCY = 99% KC.)
Fig. 1-7. When a carrier is 100-percent amplitude modulated, the ampli-

tudes of the upper and lower sidebands are each one-half the amplitude
of the carrier.

-—— e ——
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For instance. in Fig. 1-4 the E,,,, is equal to 3F, and E,,, is equal to
Eg/2. Therefore,

Percent modulation — SEa—Er/2

3E, F Bz X100

but since E, — % Eg, then:

3(Ep/2) — Ep/2
3(Ex/2) + Ex/2

— Er —
= g5 X 100.= % X 100

Percent modulation — X 100

= 50 percent

When percentage modulation is computed from directly viewing a
picture on the scope, the measurements are used directly. For instance,
it a picture of a modulated wave was such that E,,, measured 1.5
inches and E,,;, measured 0.5 inch then:

. Eper —
Percent modulation — =me2__ —min v 100
Em + Em» X
_15—.5

= 1373 X 100

= % X 100 = 50 percent

Certain very significant details are associated with such a-m waves.
First, the modulated wave is not of constant amplitude; in fact it is
anything but constant, varying definitely with the amplitude of the
audio signal. The second detail is that the composition of such an
a-m wave consists of the carrier frequency and a series of other
frequencies representing various plus and minus combinations of the

f= - 4,
8 fu=fetia
:

fA \fL fc fu /
\V2u
MODULATED WAVE
COMPONENTS
——————l
FREQUENCY

Fig. 1-6. In this spectral distribution of a 50 percent a-m wave, {4, is the
modulating signal, which is one-half the amplitude of the carrier compo-
nent, f,. The upper and lower sidebands, f; and f,, are the sum and
difference of the modulating and carrier frequencies, their amplitudes
being 12 of f,.
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carrier and the modulating frequencies. The modulating signal is
considered as consisting of a number of frequencies because, when
modulating a carrier with speech, the audio signal is definitely not
composed of a single frequency but of a host of frequencies through-
out the audio spectrum. These combinations represent the sidebands
of the carrier. The higher the frequency of the audio signal used to
modulate the carrier, the greater is the extent of the sidebands. A
spectrum picture of the component waves of an a-m signal is shown
in Fig. 1-6. The carrier frequency is designated as fc and the fre-
quency of the sinusoidal audio as f,. The upper and lower sideband
components of the modulated wave are designated as fy and f, re-
spectively. If the frequency of the carrier is 1000 kc and the fre-
quency of the audio 5 kc, the upper sideband will be 1000 4 5 or
1005 ke and the lower sideband will be 1000 — 5 or 995 kc. The modu-
lated wave is then said to cover a band of frequencies equal to the
difference in frequency between the sideband components, and in
the foregoing case the bandwidth is equal to 10 kc. It is, therefore,
seen that the sideband components of the modulated wave are the
portions of the signal that contain the intelligence.

For 100-percent modulation, the upper and lower sideband com-
ponent frequencies of a sinusoidally modulated wave have their
amplitude equal to half the amplitude of the carrier. For 50-percent
modulation both sideband components of the modulated wave have
their amplitude equal to one-quarter of the carrier amplitude. The
component waves for a 100-percent and 50-percent sinusoidally
modulated carrier are shown in Figs. 1-7 and 1-8 respectively. In a.m.

IAWAWAWAWAWAWA!
VUV YV VUV
““37\/\/\/\/\[\/\/\/\/\
AN
LNANIYA YA NYANYA WA
\VARVARVARVARVARVAS

LOWER SIDEBAND ( FREQUENCY = 995 KC.)

Fig. 1-7. When a carrier is 100-percent amplitude modulated, the ampli-

tudes of the upper and lower sidebands are each one-half the amplxtude
of the carrier.

-—— - —
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only two sideband components exist for each sinusoidal component
of the modulating intelligence. This can be proved mathematically,
but it is sufficient to say at this point that this condition does exist.

JANAWAWAWAWAWA
AAV\/\/\/V\/

CARRIER (FREQUENCY « 1000 KC)

-

AN AN AN AU AN A NYA NV ANVAN
T—}\/\/\/\/\/\/\/\/\/\/

l UPPER SIDEBAND (FREQUENCY = 1008 KC)

?\; N\ N\ TN, N
\//\v N < A AN

LOWER SIDEBAND (FREQUENCY = 995 KC)

Fig. 1-8. The amplitude of the upper and lower sidebands of a 50-percent
amplitude modulated carrier are one-quarter that of the carrier.

A very important situation prevails in the components of an a-m
wave in regard to power, For 100 percent modulation the power in
the sidebands is equal to half the power of the carrier. Since the
carrier does not contain any intelligence, the power in the carrier is
wasted and only that in the sidebands becomes usable upon demodu-
lation. Consequently, of the total power involved in 100 percent a.m.,
only one-half is considered as utilized in reproducing the audio
intelligence. That is why in a.m. 100 percent modulation is generally
considered the best for maximum power transfer. In a 50 percent a-m
wave, the power in the sidebands is only one-eighth of that contained
in the carrier.

Though the a-m form of transmission has been used for a long
time, certain disadvantages have been continually apparent. One of
thesd is the natural and man-made static problem. This was caused
by the effect of such disturbances upon the received signal. Investiga-
tion disclosed that, when such electrical disturbances combined with
the electrical wave in the receiver, the result was a change in ampli-
tude of the carrier, just as if this disturbance were an audio modu-
lating voltage. With the conventional receiver designed so that it
responded primarily to variations in amplitude of the carrier, the
elimination of noise became an extremely difficult problem.

In fact, under certain conditions when the noise-to-signal ratio was
high, any attempt to remove or even decrease the noise, removed or
decreased the signal as well, At times the noise reached such propor-
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tions that actual operation of the communication or broadcasting sys-
tem was impossible. The search to alleviate the situation embraced
many operations, such as selecting higher carrier frequencies, the
development of noise-reducing circuits, municipal ordinances for
filtering of noise-producing apparatus, the use of higher power at
the transmitters, and even changing the type of modulation. This
latter change was the most radical of the group because it involved

a completely new type of transmission, and it really received its due
consideration only recently,

Frequency and Phase Modulation

At the beginning of this chapter it was shown that, besides the am-
plitude, the frequency and phase of the r-f carrier also could be varied
in accordance with a modulating signal. Hence, f.m. and p.m., as well
as a.m., are possible. When the frequency of the carrier is varied
directly, then the type of modulation is known as direct f.m. When
the phase of the carrier is modulated, the type of modulation is known
as p.m. or sometimes as indirect f.m. In the process of directly varying
the frequency of the carrier, the phase is indirectly changed, and
likewise, while directly varying the phase, the frequency indirectly
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Fig. 1-9. Wave A has a greater amplitude than B and leads B by 45°, as
indicated. The vectorial representation of these two waves is shown in (B)
where the larger vector A is shown leading B by 45°.

changes. These facts will become evident in later sections of this book.
Since direct f.m. and p.m. changes are related to each other, it is
readily seen why they both are often referred to as f.m. in the broad
sense of the term.! The purpose of either of these types of modulation

*To be more specific there are in reality three types of modulation with
respect to frequency modulation. There are direct f.m., indirect fm. (a
form of p.m. such as that used by Armstrong), and direct p.m. However,
direct p.m. is utilized very rareﬁr and consequently will not be considered
in detail. Many of its effects and attributes are like those for indirect £.m.
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is the same. That is, they both produce similar effects in that the f-m
receiver does not respond to changes in amplitude, and thus elimination
of most types 0f noise interference associated with a.m. results. It
should be remembered, however, that the modulating signal in either
case directly produces changes in frequency or phase and not in am-
plitude.

Pbhase Modulation

This type of modulation is more difficult to comprehend, because
in order to understand it the concept of phase has to be fully grasped.
It already has been stated that the concept of phase and phase differ-
ence is generally used with reference to two or more quantities. In Fig.
1-9(A) are shown two sine curves of different amplitude, with curve
A larger in amplitude than curve B and leading curve B by 45°. In
other words, the two curves are 45° out of phase with each other. The
relationship between these two curves is illustrated vectorially in
Fig. 1-9(B). The lengths of the vectors represent the individual peak
amplitudes of the curves, and the angular separation between them
shows their phase relation. With such vector representation the phase
relationship and the relative strength of their signals can be readily
noticed.

In p.m. the phase of the signal is varying, but at any one instant of
time there exists a phase difference between these two signals which
can be represented vectorially. In Fig. 1-1, it was shown that the
carrier alone has a certain fixed phase relation designated as 4, (the
Greek letter theta). This fixed phase relation is often called the rela-
tive phase of the system. It is around this relative phase that the phase
changing occurs to bring about p.m. directly; and this change is
varied in accordance with the modulating signal. The methods of pro-
ducing p.m. will be discussed later, but at the moment the realization
that p.m. can exist is the important factor. Since it is a change in
phase about the relative phase of the carrier that produces p.m., the
relative phase under p.m. does not remain fixed. As the phase is no
longer fixed, at any one instant of time an instantaneous phase has
to be dealt with., The instantaneous change in the phase of the modu-
lating signal changes the relative phase of the carrier in accordance
with the modulating signal. Consequently, the variations in phase of
the carrier convey the intelligence superimposed by the modulating
signal. The phase is not constantly advanced in only one direction.
‘What happens is that the phase undergoes a cyclic change. That is, it
undergoes an oscillatory motion in that it advances up to a certain
point and returns. The phase swing or phase excursion can undergo
hundreds of degrees of change.

This phase swing or phase excursion is sometimes known as phase
deviation and can be simply illustrated by the use of a vector dia-
gram. Let the relative phase of some carrier be equal to 45° with
respect to some initial reference point as shown in Fig. 1-10 where the
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vector is represented as A. If the modulating signal is such that it
alternately changes the instantaneous phase of the carrier, the phase
of the carrier is in effect varying about its relative phase angle. When

A
N

Fig. 1-10. A carrier that is phase
modulated may be represented by
a vector A, which has a relative
phase angle of 45° and is constant
in length. Phase deviation results
when the vector varies above and
below its relative phase angle as
indicated by the dotted vectors.

the modulating signal changes the phase of the carrier at any one
instant in the negative or decreasing direction as indicated in Fig.
1-10, then, after it has reached its maximum swing in this direction,
it will return to its former starting position and then swing in the
positive or increasing phase direction. After it has reached its maxi-
mum positive swing it will return to its starting position to complete
one cycle of phase deviation. Although the vector diagram visually
takes into account a maximum of 360°, it should be understood that
a phase swing a hundred or more times as many degrees is possible.
That is, the time lag between the relative phase of the carrier and
that of the modulating signal is such that the vector A of Fig. 1-10
could swing in the negative or positive direction (as the case might
be), so that the swing would encircle the 360-degree coordinate plane
a number of times. After it had reached this maximum negative
swing, it would return to its original starting position, still traversing
the same number of revolutions about the axis. After reaching the
starting position, it would swing in the positive direction the same
number of revolutions as it did in the negative direction and then
return to its starting point. In this manner hundreds of degrees of
phase shift are encountered during only one alternation or cyclio
change of phase shift. The actual value of the original reference phase
angle in reality has nothing to do with phase modulating the carrier.
As its name implies, it is nothing more than a reference point about
which the carrier becomes phase modulated.

Vector A in Fig. 1-10 represents the unmodulated carrier. If the
carrier were amplitude modulated, the length of the vector would
change. If the carrier were frequency modulated, the original fre-
quency would change in accordance with the modulating signal, and
the vector would rotate with a varying angular velocity dependent
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upon the modulating signal. In p.m. the phase varies about the rela-
tive phase of the unmodulated carrier; this movement makes the
vector swing back and forth. At any one instant of time during the
phase excursion the equivalent instantaneous frequency does not re-
main the same. If the vector rotates back and forth through a certain
number of degrees, then at each instant of time during the swing the
equivalent instantaneous frequency is changing. This is so because a
phase change is equivalent to a change in instantaneous frequency,
because every cycle of frequency change undergoes a 360-degree
revolution. It is consequently seen that p.m. indirectly causes a change
in the equivalent instantaneous frequency, thus indirectly causing
f.m. The reverse is also true and will soon be evident.

Equivalent Frequency Change

To visualize the effect of p.m. causing an equivalent change in fre-
quency more easily, the following analysis between two sine waves
will be considered:

" Imagine two sine waves A and B, each 1000 cycles and secured from
two different sources. Further imagine that the currents of these two
sine waves are applied to a common resistive circuit, but by some
means, after having started the two waves in phase, the phase of B is
changed by varying degrees until B lags A by a maximum of 15°. This
is shown in Fig. 1-11,

Fig. 1-11, left. Of the two 1l-kc

A waves, A is the reference wave and
leads B, as the latter has passed
through a variable delay network,
which lowers its frequency to 960

X N cycles at point Z’. At point N, the
waves are again at 1 ke as they
/ were at the start.
REFERENCE
TIME 001" I.
15° ’ /
8~/ R\ 1[N
ii \‘ ’I “
it .

Fig. 1-12, right. The same 1-kc AR L4

waves as in Fig. 1-11 are shown XY 1 /¢ ﬁ\ N

here, but A, the reference wave, \ / \

lags wave ﬁ, as the frequency of W\ )/ \ K,

:get la:ter hasz,been it;g‘rtgasedl so N

at at point it is cycles. .
Both frequency changes in these :T;:Rf):if
ﬁﬁures are effected by phase . b,
hifting. 15

An analysis of this drawing will reveal that the time required for
the completion of a cycle of A is indicated upon the time axis as the
reference time of 0.001 second. When we change the phase of one

1
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wave with respect to another and one wave lags the other, the second
wave moves through whatever reference points are selected after the
first; therefore, we can say that wave B at any instant is slower in time
than wave A. This is evident in Fig. 1-11 as is the fact that the fre-
quency of wave B slows down more and more as it approaches the
completion of its cycle.

Such a phenomenon may .appear confusing; but, if it is recognized
that phase shifting circuits are available, that wave A is secured from
one source and wave B from another source, and that B is passed
through a variable delay network, the presence of two such waves of
current of varying phase applied to a resistance network can be
visualized.

Since frequency is expressed in terms of time, wave B, which is
being subjected to a shift in phase with respect to wave A, is at any
instant representative of a different frequency with respect to wave A.
Thus, if we consider wave A as the standard reference of time with Y
as the first instantaneous reference point, we note in Fig. 1-11 that
this point is the peak of the positive alternation of A. However, wave
B which started concurrently with A, has not reached its positive
peak at Y, but does so at point Y’; therefore, in terms of frequency,
B is slower than A.

Later in the cycle, say at Z’, for example, where wave B lags wave A
by 15°, a greater amount than at Y and Y’, wave B is still lower in
frequency than before. The 15-degree difference is equal to 15/360 or
1/24th of the entire cycle. The time that it takes wave B to reach 2’
is equal to one period (or one cycle of time) plus 1/24th of a period.
The period T, is referred to the starting frequency of 1000 cycles, and
it is equal to 1/f where f is the starting frequency. However, at point
Z’' the frequency of B has changed (become slower), and the new
period is equal to the old period plus the additional time required to
traverse the extra 1/24th of a cycle. Consequently, the total period for
wave B at point Z’ is as follows.

. 1 25
Total period = T - —2—;T = -2—4-T

Since the period is equal to the reciprocal of the frequency, the

equivalent instantaneous frequency of wave B at point 2’ is

24 — 24 . —
35 Xf= 25 % 1000 cycles — 960 cycles

As the waves advance the phase difference between wave A and
wave B becomes less and less, hence in sccordance with what was
said the equivalent instantaneous frequency of B is increasing, until,
at point N, the waves are in phase and the equivalent frequency of B
is the same as that of A, or 1000 cycles. .

With wave A still the reference wave, suppose that the phase of B
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again is gradually changed with respect to A, but that B is now
speeded up so that it leads wave A. This is shown in Fig. 1-12 where
waves A and B, still beginning at 1000 cycles each, are in phase at X
but at Y and Y’ wave B leads A. If the curves are examined, it will
be found that while wave A completes a cycle in 0.001 second, wave
B has passed through more than one complete cycle in the same
period; therefore, whatever the frequency of B, it must be higher
than A. At point Z’, wave B leads wave A by 15°, The equivalent
instantaneous frequency of B at point Z’ is figured as in Fig. 1-11. The
period that it takes wave B to reach Z’ is 1/24th of a cycle less than
the reference period of 0.001 second. Therefore, the new period of B
represented by point Z’ is equal to the old period (reference period,
call it T') less 1/24th of this old period. Therefore,

Period of wave BatZ’ = T — —I—T = 2&'1‘
24 24
Since frequency is equal to the reciprocal of the period, the equiva-
lent instantaneous frequency of wave B at point Z’ is

24 24
— — 1000 = l
33 X f 33 X 100 1043 cycles

At N, both waves are in phase, and the frequency of B is the same
as that of A.

Referring again to Figs. 1-11 and 1-12, they illustrate how, by
changing the phase of a wave, which is equivalent to slowing down
or speeding up the wave, it is possible to create the equivalent of an
instantaneous change in frequency. It should be stressed that the
greatest significance of the examples given lies in the presence of a
wave wherein the frequency is raised and lowered. A standard refer-
ence wave of fixed frequency is included only to illustrate properly
how phase shift is equivalent to a change in the frequency.

Briefly summing up the basic characteristics of p.m., we find that
the amplitude of the unmodulated carrier and the mean carrier fre-
quency remain fixed, but the carrier undergoes phase variations
(about its relative phase angle) caused by the modulating signal.
That is, in p.m. the equivalent instantaneous frequency undergoes
cyclic changes about the mean carrier frequency due to the relative
changes in the phase of the carrier signal. A more detailed analysis
of p.m. will be discussed in chapter 3 where the circuit for a basic
p-m modulator is studied.

Frequency Modulation
In discussing p.m., it was brought out that indirectly the instanta-
neous frequency of the carrier was also changed: a change in phase
produced an equivalent change in the instantaneous frequency. In fre-
aency modulating the carrier, it is this instantaneous frequency which
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is varied directly, which in turn produces an equivalent instantaneous
phase shift. That a change in the instantaneous frequency does cause
this indirect change in the phase can be shown by analyzing Figs.
1-11 and 1-12 from the standpoint that it is the instantaneous fre-
quency of wave B which is changed, with wave A remaining fixed as
the reference wave. It would follow that a change in the frequency
causes a change in the period, which results in a phase shift. Conse-
quently, the converse statement that direct f.m. causes indirect p.m.
is true.

It is very difficult to tell the difference between an f-m wave and
a p-m wave as they appear on an oscilloscope. This is best illustrated
by showing pictures of both f-m and p-m waves. Fig. 1-13 shows a
p-m and an f-m wave, both modulated by audio. In both types of
modulation the modulating signal, wave A, is exactly the same in
frequency and amplitude and so are the carriers of the respective
modulated signals. The f-m wave is shown at (B) and the p-m wave
at (C). Two cycles of audio (represented by a sine wave) modulate
both carriers as shown. The modulating audio signal is lined up with
the modulated signal in order to show the effect the positive and
negative half cycles of the audio signal have on the modulated waves.
In both modulated waves the modulation starts at the beginning of
the audio signal, points R and R’, and finishes at the end of the second
cycle of the audio signal, points Z, Z’, respectively. To the left of both
of these signals, the rest of the signals at (B) and (C) represents the
unmodulated carrier.

In the f-m wave at (B) the frequency of the signal is being altered.
At the positive halves of the modulating signal the frequency of the
f-m wave is increased. This increase in frequency occurs between
points R and T and between points V and X, with maximum fre-
quency increase occurring at points S and W respectively. At the
negative portions of the modulating signal, the modulated f-m wave
is seen to decrease in frequency. This decrease occurs between points
T and V and between points X and Z, with maximum frequency de-
crease occurring at points U and Y. The maximum frequency increase
and decrease occur at the maximum amplitudes of the positive and
negative half cycles of the audio modulating signal respectively. The
frequency change as caused by directly frequency modulating a wave,
as shown at (B) of Fig. 1-13, is, therefore, readily noticed. To illus-
trate more vividly the frequency changes of the f-m sine wave, we
have included above the wave a vector diagram showing how these
frequency changes occur with respect to the audio modulating signal.
From this vector diagram the points of maximum and minimum fre-
quency are readily noticed. Where the vector crosses the baseline, the
frequency of the f-m wave equals that of the carrier.

Now let us examine the p-m wave, part (C) of Fig. 1-13. If this
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Fig. 1-13. The audio wave at A modulates the same carrier, shown to the
left of R and R/, in such a way that the resultant wave at (B) is frequency
modulated and at (C) it is phase modulated. Above each of these modu-
lated waves is their vector representation, these being combined at (D) for
comparison. Note especially where the frequency 1s increased and de-
creased in each modulated wave, as indicated by the respective bunching
or spreading of the individual cycles.
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p-m wave appeared on the scope, it would be difficult to tell whether
the modulation was one of frequency or of phase. The changing of
frequency of the wave which is caused by directly phase modulating
the signal occurs as follows:

At the beginning of the p.m., point R’, the frequency of the wave
suddenly changes. In fact, at point R’ the frequency is a maximum as
witnessed by the close bunching of the wave shape and as indicated
by the p-m vector above the wave. As we proceed away from R’
toward S’, the frequency decreases and at point S’ it reaches the fre-
quency of the carrier. From point S’ to point T’ the frequency is con-
tinually decreasing, until at point T” it has decreased to its maximum
value. This has occurred, so far, with respect to the positive half of
the audio signal. Compare it with that part of the f-m wave and the
difference between both types of modulated waves manifests itself.
From point T’ to point U’ of the p-m wave, the frequency starts to
increase again, until at U’ the frequency has reached that equal to the
carrier again. From point U’ to point V’ the frequency starts to in-
crease (above that of the carrier), until at point V” it has reached its
maximum value, equal to that at the previous point R’. From point V*
{o point Z’ the wave repeats itself exactly as between points R’ and
V. In other words, between points R’ and V’ one cycle of audio modu-
lating signal has been traversed, and the same thing occurs for both
audio cycles. Similar to the f-m wave a p-m vector is drawn above
the p-m wave better to illustrate the frequency changes that occur
in the p-m wave. The composite picture of the p-m signal discloses
that during the reversal of the audio modulating signal from the posi-
tive half cycle to the negative half cycle, the decrease in frequency is
at its maximum. If this same point (T or X) of the f-m wave is ex-
amined, it will be noted that the frequency here is equal to that of
the carrier. From the p-m wave at (C) and the modulating signal at
(A) it is seen that, when the audio modulating signal reverses from
the negative half cycle to the positive half cycle, at points V’ or 2,
the increase in frequency is at its maximum. If these same points of
the f-m wave are examined, it will be seen that frequency-is equal
to that of the carrier.

One can readily understand how easy it might be to misinterpret
a p-m wave as an f-m wave, or an f-m wave as a p-m wave. The
drawings of the f-m wave and p-m wave are shown only for com-
parison purposes, and they are exaggerated to procure a better pic-
ture. That is, the amount of increase or decrease of frequency in
either case for the same audio signal and carrier is really not neces-
sarily the same.

For an over-all comparison between the f-m and p-m waves, a
composite picture of both vector diagrams is drawn in part (D) of
Fig. 1-13. This readily reveals that the relative changes in frequency
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for an f-m and a p-m wave, for the same audio modulating signal and
carrier, do not occur at the same instants of time.

Comparing f.m. with a.m,, the chief contrast is that in f.m. (as in
p.m.) the amplitude of the modulated wave remains constant, whereas
in a.m. it varies. In f.m. the carrier frequency is varied by means of
the modulating signal. It is varied in such a manner that it undergoes
frequency deviations on either side of its center frequency. These
frequency deviations, or frequency swings, are dependent upon the
level of the audio modulation, which means that the loudness or am-
plitude of the audio modulating signal is a determining figure in the
frequency swing or deviation about the center frequency. The stronger
the audio signal, the greater the change in frequency, but the ampli-
tude of the f-m wave is always constant. This is in contrast to the
a-m wave, which is produced when the amplitude of the modulating
signal varies the amplitude of the carrier. The frequency of the modu-
lating signal in f.m. determines the number of times per second that
the change or deviation in frequency of the carrier takes place. The
higher the frequency of the audio or modulating voltage in the trans-
mitter, the greater the number of times per second the carrier fre-
quency changes between the limits determined by the amplitude or
strength of the audio signal. This will be made clearer in chapter 2
when the analysis of different f-m wave shapes is considered.

In a.m. it was simply shown what was meant by percentage of
modulation. It was also indicated that only two sidebands appear in
a.m., namely the upper and lower sideband, the frequencies of which
are, respectively, the carrier plus the frequency of the modulating
signal and the carrier less the frequency of the modulating signal. In
f.m., as well as in p.m., the percentage of modulation and the sideband
characteristics are not so simple as in a.m. For instance, in fm. if we
were to refer to 100 percent modulation similar to the way percentage
of modulation is understood in a.m., the frequency swing of the f-m
wave would have to be such that it covered the whole of the carrier
frequency on either side. We know this to be a practical impossibility,
so the percentage of modulation in f.m. is defined in another way with

respect to the deviation of the signal. This will be shown in the next
chapter.

Numerous sidebands may appear in f.m. as compared with only one
pair in a.m. These sidebands are paired equally on either side of the
center frequency. The sidebands nearest this center frequency and on
either side of it are equal to the frequency of the carrier plus or minus
the audio modulating frequency. The sidebands of the next nearest
pair are equal to the carrier frequency plus or minus twice the fre-
quency of the modulating signal, and so on with the other pairs of
sidebands, In other words, the sidebands in f.m. are removed from
each other by some integer multiple of the modulating frequency, and
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it is their strength which determines those that are effective in repro-
ducing the modulated signal. As in a.m., the intelligence of the f-m
signal is carried in its sidebands. The relative strength or the amount
of the effective sidebands is determined by the degree of modulation.
Due to the number of sideband components in an f-m wave, the re-
quired bandwidth for this type of modulation may be greatly increased
as compared with a.m. This will all be evident from the more thorough
discussicn of f-m waves in the next chapter.

The F-M and P-M Transmitter

Many different types of so-called f-m transmitters are in use today.
The two main types are those using direct methods of f.m. and those
using indirect f.m., or p.m. The methods of obtaining the modulated
signal differ in both of these systems. However, as far as the reception
of signals is concerned, both types of transmitters are considered as
equivalently transmitting f.m. This is easily understandable since it
was shown how a p-m signal indirectly undergoes changes in its
equivalent instantaneous frequency. The perforraances within either
type of transmitter, from the viewpoint of desired and undesired
characteristics, is quite different. That is, the basic operation of pro-
ducing the correct type of modulation differs appreciably enough to
warrant discussion of the various transmitters. Since a-m transmitters
are most familiar, wherever possible, comparisons between the a-m
and f-m systems will be included in order to correlate certain funda-
mental relations.

It is quite difficult to draw general block diagrams of a-m trans-
mitters and of f-m and p-m transmitters that will represent the only
types in use, because there are so many versions of such transmitters,
even though the f-m and p-m types are virtually new in the field of
radiobroadcasting. The block diagrams shown in this section are
chosen to be indicative of the general run-of-the-mill transmitters.
The components that are included are necessary for the basic opera-
tion of each type of transmitter and also for the comparison of the
individual transmitters.

Fig. 1-14 shows three block diagrams of a-m, f-m, and p-m trans-
mitters. Part (A) of Fig. 1-14 is that representing an a-m trans-
mitter. It is the familiar type wherein the r-f section consists of an
oscillator feeding into a buffer, which in turn feeds into a system of
intermediate power amplifiers and/or multipliers which in turn feed
into the final power amplifier stage. The audio system consists of the
mike and speech amplifier which feeds into the modulator system. For
‘high level (plate or grid modulation) a-m transmission, the cutput
of the modulator is usually fed into the final power amplifier stage, as
indicated by the solid line leading into the last stage, whereas for low
level a-m transmission the output of the modulator is fed into some
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intermediate amplifier stage as shown by the dashed lines. The modu-
lating power needed in either type of a-m transmission is far in excess
of that required for modulation either in £.m. or p.m.
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Fig. 1-14. Block diagrams of a-m, f-m, and p-m transmitters are shown
in (A), (B), and (C) respectively.

Parts (B) and (C) of Fig. 1-14 show the block diagrams for the f-m
and p-m transmitters, respectively. If the block diagrams of the three
different types of transmitters are examined it will be noticed that
there is not much difference as far as their r-f sections are concerned.
All three require oscillators, intermediate stages usually consisting of
frequency multipliers or amplifiers, and the final power amplifier
stage. The greatest difference among them would appear to be in the
method of modulating the carrier. It must be remembered, however,
that we are looking at the block diagram views of the different trans-
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mitters and are not really considering their internal structures. The
r-f sections up to the final power amplifier do differ appreciably as
far as their construction is concerned. In most a-m transmitters (es-
pecially of the high level type), the r-f tubes used are of the power
variety, whereas in f-m and p-m transmitters, they can be (and often
are) of the receiving tube type. Consequently, in viewing block dia-
grams it should be understood that as far as similarities exist, they
exist in the functioning of the different stages and not necessarily in
the methods of performing these functions.

The primary difference between the operation of the f-m and p-m
transmitters lies in the methods of producing the modulation. In the
f-m transmitter, the output of the speech amplifier is usually fed
directly into the modulator stage. The modulator stage injects a
variable reactance into the oscillator stage changing its frequency
in accordance with the varying reactance. The output signal from the
oscillator is thus frequency modulated. It is sent through a system of
frequency multipliers in order to obtain the correct deviation and fre-
quency output.

In the p-m transmitters (indirect f-m), the audio signal is fed into
some type of so-called audio correction network before it is fed to the
phase modulator. This audio correction network makes the p.m. that
occurs directly proportional to f.m. The phase modulator works in
conjunction with a crystal oscillator so that, when an audio signal is
applied to the microphone and, hence, to the modulator, the phase of
the crystal oscillator signal is varied in accordance with the audio
modulating signal. The output from this oscillator-modulator network
is then fed into a series of multiplier stages. There are numerous types
of indirect f-m transmitters which utilize different methods of phase
shift, and they are discussed in detail in chapter 4.

The frequency multipliers used in a-m transmitters are primarily
intended to increase the fundamental frequency? put out by the oscil-
lator. The oscillator itself does not produce the transmitted frequency,
because it is more stable at lower frequencies than at higher fre-
quencies. Since in f-m and p-m transmitters the final transmitted
frequencies are in the 88-108 mc range, this fact becomes even more
important when considering them. The frequency multipliers used in
f.m. and p.m. are employed not only to increase the fundamental fre-
quency put out by the oscillator but also to increase the frequency
deviation (or phase shift). This will be clarified later in this book.

In all three types of transmitters the final power output stages are
chiefly used to increase the power of the modulated signal before
transmitting it. In the high level type of a.m., as mentioned previously,
this last stage is modulated, but in f.m. and p.m. it is not. This last

'See chapter 3 for an explanation of frequency multipliers.
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stage in all cases has to be properly matched to the antenna for the
maximum transfer of energy.

The antennas of the f-m and p-m system are important in that they
have to be directional. As the propagation of energy from f-m trans-
mitters is at the higher frequencies (it is in the 100-mc region since
the frequency allocations have been changed from the old band), then
the special effects of the different layers of the atmosphere have to be
taken into account. The erection of f-m antennas® is such that their
height and the type of radiators used are very important problems.
That is, the antenna should be as high as possible. Likewise, the radi-
ators have to be in certain positions in order to propagate the energy
in the correct direction. This will be discussed in greater detail in
chapter 5.

Relarive Factors in the Transmission of F-M Signals

Until very recently the frequency band of f.m4 was between 42
and 50 mc. This band covered only 8 mc and, naturally, the allotment
of the number of stations per given area was not many. The rela-
tively increasing importance of this type of modulation led the Federal
Communications Commission (FCC) to allot a new band in the fre-
quency spectrum to f.n. This new band, in effect since 1946, is be-
tween 88 and 108 mc. (The top two megacycles of this band are re-
served for facsimile.) These new frequencies, as well as the old band,
are in the so-called v-h-f region (very high frequency), and trans-
mission at these frequencies presents a different problem from trans-
mission at the frequencies of the a-m broadcast band.

Long before f.m. came into use, high-fidelity broadcasting was almost
always desired. From 550 kc to 1600 kc a-m broadcast stations are
separated by 10 kc. No two stations on adjacent channels occupy the
same service area, unless their transmitted power is quite weak. Modu-
lation frequencies as high as 7.5 kc can now be used. An a-m station
can use frequencies higher than 7.5 ke provided its transmitted signal
does not interfere with any other station, However, not many stations
operate even as high as 7.5 kc and few operate higher, any system that
can always transmit a signal modulated to 15 k¢ with minimum distor-
tion will be the best high-fidelity system.

Frequency modulation properly used achieves such a system. By
transmitting in the v-h-f region, the separation, or bandwidth, between
stations can be greater than that usually found in the a-m broadcast

"When f-m antennas are mentioned they shall be understood to include
those used for both the direct f-m and indirect f-m (p-m) form of
transmission.

‘In most cases when the term f.m. is used without specitying whether
direct or indirect £m. (or p.m.) is meant, it encompasses both types,
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band. In fact, the bandwidth, or separation, between channels in
f.m. is a minimum of 200 kc. It must be realized that in the 100-mc
region 200 kc is but a small fraction of the operating frequency, and,
consequently, such a large bandwidth can be used. Also, this band-
width does not mean exactly the same thing as the bandwidth in a.m.

In f.m. we have to deal with the deviation or swing of the f-m wave
with respect to the modulating audio signal. For the so-called 100
percent modulation in f.m., this deviation swings 75 kc on either side
of the carrier frequency. To this 75-kc deviation the FCC has added
25 ke as a “guard band” on either side of the swing, to bring the band-
width to 100 kc on either side of the carrier, or a total of 200 kc. This
will be discussed in greater detail in the following chapter. Thus, with
the possibility of being able to modulate with frequencies as high as
15 ke with minimum distortion, the f-m system is considered as true
high fidelity.

Since f.m. works in the v-h-f region, its transmitting range, com-
vared with that for the a-m broadcast band, is smaller. Thus, the f-m
station does not cover a very wide area and, consequently, interference
between f-m stations is greatly reduced from what it is for a.m., which
covers a much greater area. The primary differences between the
propagation of a-m and f-m signals lies in the difference in propaga-
tion of signals in the medium-frequency region (m-f) and in the very
high frequency region. Propagation of signals of very short wave
length and propagation of much longer waves differ a great deal. For
instance, the longer radio waves may follow the curvature of the
earth, but very short waves can travel only in a straight directed path
as does a beam of light. The fact that very short waves travel in
straight lines explains why the f-m transmitting antenna has to be
appreciably higher for the proper transmission of signals.

It should be understood that good reception and high fidelity can be
obtained either in a.m. or f.m. when using the v-h-f region. However,
there are certain disadvantages to using a.m. rather than f.m. in this
region, as well as in most other regions. One of the principal draw-
backs of a-m broadcasting is that a-m signals are readily subjected to
noise interferences. Since the a-m signal is varying in amplitude, and
since most static and noise interferences vary the amplitude of a sig-
nal, it is readily understandable that a-m waves will be affected by
such interference.

The F-M Receiver

The belief is widespread that a receiver for the reception of f-m
waves is in many respects like a receiver intended for the reception
of a-m waves. For a comparison between the a-m and f-m super-
heterodynes generally in use today, three fundamental types are
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illustrated in Fig. 1-15 by means of block diagrams. In (A) of Fig.
1-15 the block diagram of the conventional a-m receiver is shown,
while in (B) and (C) appear block diagrams for the different f-m
receivers in use today. As far as the functional identity of these re-
ceivers is concerned, the only difference lies in their detector circuits.
The a-m receiver, part (A) of Fig. 1-15, employs a conventional diode
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Fig. 1-15. Block diagrams of superheterodyne circuits for the reception of
a-m signals in (A) and f-m signals in (B) and (C). The difference in
these receivers lies in their detector circuits.

detector circuit wherein the envelope of the modulated signal is de-
tected. In the f-m diagram of part (B), a limiter stage is used in
conjunction with a discriminator detector stage. This type of circuit
was the only one commercially used from the beginning of f-m broad-
casting until 1946. In 1946 two new types of detector circuits found
their way into f-m sets. The block diagram of the f-m receiver em-
ploying these two types of detectors appears in part (C) of Fig. 1-15.
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This latter type of f-m receiver does not employ any limiter circuit
at all, because all the limiting action is accomplished within the de-
tector. Of these single-stage detectors, one is known as the ratio
detector, and the other, using the principles of the locked-in oscil-
lator, as the oscillator detector. The former type is used in more radio
receivers than the latter. An analysis of these three different f-m
detectors is discussed in greater detail in chapter 7.

One of the greatest differences between the a-m and f-m receivers
lies in the design of their i-f circuits. The i-f circuits do not look any
different so far as the block diagrams are concerned, but their physical
design differs appreciably. This difference in design is due to the band-
pass characteristics and the intermediate frequencies involved. The
i-f bandwidth in a.m. is approximately equal to 15 kc. This is in order
to pass the normal maximum of 7.5 kc for the sidebands on either
side of the carrier. The intermediate frequencies involved in a.m.
operate at a peak frequency from 175 kc to about 465 ke with the
usual bandwidth equal to 15 kc. In f.m. the bandwidth design is
approximately equal to a minimum of 200 kc, as previously men-
tioned; and the i-f peak frequencies are anywhere from about 4 me
to 11 mec. When the old f-m band of 42-50 mc was in use, the i-f peak
frequency was usually 4.3 mc. With the new f-m band of 88 to 108 mc
now in use, the i-f peak frequency commonly employed is either 8.3
mc or 10.7 mc. There are indications that the radio industry will stand-
ardize the i-f peak frequency for this new f-m band. It is believed
that the standardized intermediate frequencies will be about 10.7 mc.
Consequently, it can be realized how much the design of the i-f trans-
formers for a.m. and f.m. differ from each other.

Although in block form they may appear similar to those of a-m
receivers, the r-f and oscillator sections of the f-m receiver are
designed to work with frequencies in the 100-mc region and, there-
fore, require special attention. The f-m oscillator coils found in many
receivers consist of only one turn, or even half a turn, of wire in order
to obtain the necessary small amount of inductance required to pro-
duce the necessary oscillator frequency. As an indication of how
critical the design is at these high frequencies, it is wise to mention
at this moment that some inductances of ‘certain sections of f-m re-
ceivers are permeability tuned, and they form the necessary tuned
circuit in conjunction with their own distributed capacitance.

The audio section of the f-m receivers presents an interesting prob-
lem. To start with it should be mentioned that, in schematic form, it
does not appear much different from that used in a-m receivers. The
amount of difference varies in accordance with what the original
designer had in mind. In a.m. we know that the normal maximum audio
frequency that'can be transmitted is according to FCC rulings for a-m
stations. Consequently, for high-fidelity work in the a-m broadcast
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band, the design of the audio section should provide for a good response
to about 7.5 ke. Such an audio frequency response is not hard to obtain
since the usual maximum frequency that can be passed is only 7.5 kc.
In f.m,, the situation is very different. Since it is always possible to
transmit f-m signals with modulating frequencies as high as 15 k¢, then
the audio system of f-m sets should be designed to pass this range of
frequencies in order to obtain the available high fidelity. The essence
of high fidelity can therefore be realized with f-m sets. The audio fre-
quencies usually involved in speech very seldom exceed 6 kc, but those
involved in music have a range well up to 15 kc. Consequently, for the
full reproduction of music the audio section of f-m sets should be so
designed that it has a response characteristic up to 15 kc. This is quite
a difference from a.m. where the usual maximum of only 7.5-kc audio
modulation can be transmitted.

To achieve the reception of high-fidelity f.m., the speaker of the
receiver should be designed to have a good audio response char-
acteristic. Such speakers are commercially available, but economically
speaking they present a problem for the production of low-cost f-m
receivers. Many speakers will reproduce frequencies up to about 15
ke, but their response characteristics are anything but flat. A speaker
that has a fairly flat response characteristic up to about 15 kc costs a
few hundred dollars. Perhaps in time high-fidelity speakers may be
mass produced and the individual cost of each speaker cut down to
make them economically available for f-m sets.

The aerial or antenna problem in f-m receivers is not quite so com-
plicated as has been maintained. When a-m sets were in their child-
hood, receiving aerials presented quite a problem for the proper
reception of signals. Today the situation is so different that indoor
loop antennas are used in most a~-m sets. In a.m, the antenna problem
is now considered a very simple matter, In the few years that f.m. has
been in use, the problem of antenna construction has been greatly
minimized. In fact, f-m receivers that contain indoor antennas are
already on the market. It should be remembered that for the proper
reception of weak signals, especially with a receiver which requires
a high input signal for correct operation, outdoor aerials are consid-
ered the best to use. However, when beset with limitations as to the
use of a suitable outdoor antenna, an indoor antenna will suffice. In
either event, the design of the antenna has to take into account the
type of signal and the direcuion of approach. The antenna problem in
f.m. is not so complicated as that of a.m., with respect to noise and

other types of interference, as the f-m receiver discriminates against
these interferences.
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QUESTIONS
CHAPTER 1

What is meant by modulation of a carrier wave?
What are the three principal types of modulation?

What is the amplitude relationship between the audio modulating
signal and that of the carrier for a 100-percent a-m wave? For a 50-
percent a-m wave?

‘When will an a-m wave become overmodulated?

. Why does such an overmodulated wave cause distortion upon re-

production?

If an audio modulating signal has a peak-to-peak amplitude of 60
volts and if the peak-to-peak amplitude of an r-f carrier is 80 volts,
what degree (percentage) of a.m. will result?

. If an a-m wave that appears on an oscilloscope measures 2.4 inches

peak-to-peak and a minimum of 1.2 inches between troughs, what
is the degree (percentage) of a.m. of the wave?

How many sidebands exist in an a-m wave?

. If the frequency of the r-f carrier is 1.5 mc and that of the audio

modulating signal 2 ke, what are the frequencies of the sidebands
in an a-m wave?

Compare the amplitude and also the power of the sidebands with
that of the carrier of a 100-percent a-m wave. Of a 50-percent a-m
wave.

Describe one of the principal disadvantages regarding the a-m
form of transmission.

Define direct f.m. Indirect f.m. or p.m.
How are direct £.m. and p.m. related to each other?

What is meant by phase deviation?

. What other names are given to phase deviation?

Explain how one cycle of phase deviation can undergo a change in
hundreds of degrees.

Does the equivalent instantaneous frequency remain the same dur-
ing a phase swing? Why?

Referring to Fig. 1-11 on page 14 and assuming that the frequency
of each of the two sine curves is equal to 2000 cycles and that be-
tween points Z and Z’ wave B lags wave A by 40 degrees, what is
the equivalent frequency of wave B at point Z’
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b. Refer to Fig. 1-12 and assume that the frequency of each of the two

1.15.
1'160

1-17.

1.18. a.

sine curves is also equal to 2000 cycles but that wave B leads wave
A by 40 degrees between points Z' and Z, what is the equivalent
frequency of wave B at point Z’?

In p.m. what characteristics of the carrier remain fixed?

In what manner does the frequency of a direct f-m wave change
during one cycle of a sine-wave modulating signal due to the
changing amplitude of the modulating signal? (Assume that the
positive amplitude of the modulating signal increases the fre-
quency of the carrier.)

In what manner does the frequency of a p-m wave (indirect f£m.)
change during one cycle of audio modulating signal due to the
changing amplitude of the modulating signal? (Assume that the
positive amplitude of the modulating signal increases the fre-
quency of the carrier.)

What determines the amount of frequency deviation of an f-m
signal?

b. What determines the rate at which this deviation takes place?

1-19.

1-20.

1-.21. a.

1.22. a
. How was this separation originally determined?

1.23.

1.24.

1-25.

1-26.

. Are f-m signals limited to only two sidebands as an a-m wave?

Is the (modulating) audio power needed for f-m transmission
about the same, greater, or smaller than that needed in a.m., as-
suming the same carrier power in each transmitter?

What two functions do frequency multipliers have when employed
in f-m and p-m transmitters?

Compare the usual maximum audio frequency that can be trans-
mitted in the a-m band (between 550 and 1600 kc) with that pos-
sible in f-m broadcasting.

. Why is there a limitation on the amount of audio modulating fre-

quency used in a.m.?

What is the minimum frequency separation between f-m channels?

In schematic appearance, what part of the f-m receiver is very
different from the general a-m receiver?

Name the three principal types of detector systems that are used
in f-mreceivers.

Compare the intermediate frequencies used in a-m receivers with
those used in f-m receivers. Which i.f. is most common in £-m re-
ceivers of today?

For maximum possible high-fidelity reception, assuming undis-
torted output, what frequency should the audio system of f-m
receivers be designed to pass?



CHAPTER 2
FREQUENCY MODULATION

We have discussed in general the primary differences between a.m.,
f.m., and p.m. In this respect we have touched on the analysis of the
various modulated wave shapes and how they differ from each other.
As an introduction f-m transmitters and receivers were analyzed with
regard 10 the conventional a-m transmitters and receivers. Before
going into a discussion of the different methods of producing f-m
waves and how the different transmitters operate, it will be well to
have a more thorough understanding of the relaiive features of fre-
quency-modulated signals.

It is the purpose of this chapter further to acquaint the reader
with the more detailed aspects of such related f-m topics as band..
width, sidebands, percentage of modulation, modulation index, inter-
ference, and the like. A broader understanding of the fundamental
action of f-m signals is necessary in order to comprehend easily the
chapters to follow.

The Basic F-M Wave

In the first chapter we mentioned the frequency deviation of an
f-m signal and also how the amplitude and frequency of the audio
modulating signal changed the degree of deviation and the repetition
of this deviation, To understand the effects that a changing modu-
lating signal has on a carrier being frequency modulated, it is best to
use illustrative examples. The basic f-m wave usually has the
bunching up of its cycles at the positive half of the audio modulating
signal and the spreading of its waveform in the negative half of the
audio modulating signal. It is this bunching and spreading of the f-m
waveform that undergoes changes with respect to variations in the
amplitude and frequency of the audio modulating signal.

Fig. 2-1 shows two f-m signals modulated by the same audio fre-
quency in each case but with the amplitude of the modulating signals
different from each other. Parts (A) and (B) represent sinusoidal
audio signals that are used to frequency modulate a carrier wave.

29
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Both are or the same frequency, but signal B is of a louder tone than
signal A as witnessed by the differences in amplitude. Wave C repre-
sents that f-m wave modulated by the audio at (A), and wave D
represents that f-m wave modulated by the audio at (B). Comparing
the two f-m waves at (C) and (D), it is at once evident that an in-
crease in loudness or audio level causes a greater frequency change
(that is, deviation) of the modulated signals. In other words, the fre-
quency deviation of wave D is greater than that of wave C. Upon
further examination of these modulated waves, 1t will be noticed that
when the modulating signal is positive (above its axis) then the fre-
quency of the f-m wave is increased. This is indicated by a bunching
up of the wave at this point. Likewise when the audio signal is nega-
tive (below its axis) the frequency of the f-m signal is decreased.

{3}

(3]

Fig. 2-1. The modulating waves in (A) and (B) are the same !requeng'.
but the amplitude of (A) is less than that of (B). The louder signal (B)
causes a greater frequency change in the modulated signal at (D), shown
b{ the increased bunching and spreading, than does the smaller amplitude
of (A) on the modulated signal at (C). In (E) and (F) the modulating
‘waves are superimposed on their respective modulated waves.

This is indicated by a spreading of the wave at this point. This was
all indicated in Fig. 1-13 of chapter 1, but it is even more clearly evi-
dent in parts (E) and (F) of Fig. 2-1, wherein the audio modulating
signals A and B are respectively superimposed upon the f-m waves
Cand D.

To show how the frequency of the audio modulating signal deter-
mines the number of times a second that the deviation of the carrier
takes place, let us refer to Fig. 2-2. The two audio signais A and B
are of the same amplitude but different in frequency. For the same
period of time, wave A undergoes two cycles of frequency change and
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wave B undergoes three cycles. This time equality is indicated by
time T, equaling time T,. Part (C) of Fig. 2-2 represents the f-m wave
that is modulated with the audio at (A) and part (D) represents the
f-m wave that is modulated with the audio at (B). If these two f-m
waves are examined, it will be seen that for the same period of time
wave D undergoes a greater number of cycles of frequency changes
than wave C. That is, the frequency deviation, which is determined
by the amplitude of the modulating signal, changes through its full
range more often in wave D than in wave C. This is due to the fact,
as stated before, that the modulating signal of (B) is higher in fre-
quency than that of (A).

Parts (E) and (F) of Fig. 2-2 show the audio signals superimposed
upon the modulated signals in order to illustrate clearly that for the

Ti=r2

)

Fig. 2-2. The frequency of the modulating wave of (A) is less than that
of (B), the time intervals T, and T, being equal. Notice the two groups of
frequency changes in the modulated wave at (C) and the three in the
wave at (D), which occur in the same period of time. The modulating
wag?} )are superimposed on their respective modulated carriers in (E)
an .

same period of time, the greater the frequency of the modulating
signal, the greater the rate of change in f-m deviation. The ampli-
tudes of both audio signals are the same, and thus the amount of
carrier frequency change or deviation is the same in each case. This
is easily seen by comparing the points of maximum and minimum
frequency in both f-m waves and it will be seen that the points of
closest bunching, as well as the points of greatest spacing, in each
wave are equal to each other. However, since the frequencies of the
audio modulating signals differ, with that at (B) greater than that at
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(A), the number of times per second that the cyclic frequency change
takes place is different. The change of the modulated wave at (D) is
seen to be more frequent than that at (C), indicating that the higher
the audio frequency, for the same amplitude, the greater the number
of times per second the deviation changes. Although technically ac-
curate, the wave forms in beth Fig. 2-1 and Fig. 2-2 have been ex-
aggerated to provide a more vivid illustration.

F-M Bandwidth and Sidebands

It was noted in chapter 1 that in the a-m form of transmission the
modulated wave (when at or under 100 percent modulation) con-
sisted of three component waves. These three components were the
carrier frequency and the upper and lower sidebands respectively.
In the f-m form of transmission the modulated wave consists of the
carrier frequency and numerous sideband components. In a.m. the
frequency of the audio modulating signal determines the bandwidth.
Since 7500 cycles-per-second is the normal maximum amount of audio
modulating frequency that can be used, the usual maximum band-
width in the a-m broadcast band is considered to be 15 kilocycles.!
In f.m. the amplitude of the audio modulating signal is the chief factor
in determining the amount of f-m bandwidth. This was indicated in
Fig. 2-1, where the difference in audio amplitude produced a different
frequency change or deviation. This deviation may shift the fre-
quency of the carrier by 50 kc, or even higher, according to the am-
plitude of the modulating signal. Since the allowable bandwith in
f.m. can be greater than that of the audio frequency spectrum, there
is really no limit to the amount of audio frequencies that can be
passed. Hence, in f.m. high fidelity can be easily attained. In deter-
mining the amount of deviation of the carrier, the amplitude of the
modulating signal determines the effective bandwidth and also the
number of effective f-m sidebands.

The extent of the bandwidth, being dependent upon the variable
factor of audio amplitude, is also a variable factor itself. The deviu-
tion in f.m. can vary by quite a large amount, and to compensate for
the maximum amount of carrier frequency swing that can occur the
FCC has established 75 kc as the peak deviation (that is, the maximum
deviation on either side of the carrier). To this 75-kc deviation the
FCC has added 25-kc guard bands making a total of 100 ke on either
side of the carrier. The “guard bands” are included to insure against
interaction between any two adjacent stations. For instance, without

'According to the FCC, modulation above 7.5 kc is permissible. How-
ever, if a station that modulates above 7.5 kc interferes with reception ot
signals from other stations, the interfering station has to install equipment
or make adjustments to reduce this interference so that it is not objection-
able. Thus, in am., 7.5 kc is considered as the normal maximum audio
modulating frequency.
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guard band$, if a station were somewhat off carrier frequency the
shift might cause the bandwidth of the station to overlap that of the
adjacent one, Consequently, the separation between adjacent chan-
nels in the f~-m broadcast band is 200 ke (100 kc on either side of the
carrier). This 200-kc adjacent channel separation is for f-m stations
assigned to different coverage areas. Adjacent channel stations that
service the same area are separated by a minimum of 400 kc. The rea-
son for this is primarily that the signals of stations covering the same
area (as the New York City Metropolitan area) are quite strong, and
there is probability of interference if there is any overlapping of the
station bandwidths.

In a.m. the bandwidth is a much larger fraction of the carrier fre-
quency than it is in f.m. For example, considering 1000 kc as the mean
carrier frequency in the a-m band, the fraction of the 15-kc a-m
bandwidth to this mean carrier frequency is: 15 kc/1000 ke = 0.015 or
1.5 percent of the carrier frequency. Considering the mean carrier fre-
quency of the new f-m band as being 100 mc, the fraction of the f-m
bandwidth (150 kc or 0.150 mc total) to this carrier frequency is
0.150/ 100 — 0.0015 or 0.15 of 1 percent. Examination of these rela-
tive percentages reveals why such a comparatively large bandwidth
in f.m. is feasible, especially when it is such a small part of the
carrier frequency.

The preceding chapter stated that the a-m wave was a complex
signal in that it contained various frequency components. The a-m
wave and its component parts for 100 percent and 50 percent modu-
lation were illustrated in Figs. 1-7 and 1-8, respectively. Besides the
carrier, the other component parts of these modulated waves are
known as the sidebands, and only two such sidebands (upper and
lower) exist for each type of a.m. illustrated for sinusoidal modula-
tion. In f.m. the situation is completely different. The f-m wave is
also a complex wave, but it contains numerous sideband components
distributed equally on either side of the carrier frequency. The intel-
ligence is contained in these f-m sidebands as it is in a.m. with the
difference that in f.m. the intelligence is distributed over a very wide
spectrum of the sideband components. The amplitude of these side-
band components is not the same, as in a.m., but varies considerably.
To prove that numerous sideband components of various amplitudes
may exist in an f-m signal for a single modulating frequency, higher
mathematics would have to be used; this is beyond the scope of this
book. Although numerous sideband components do exist, the relative
amplitudes of each determines whether or not they will be useful in
the reproduction of the intelligence conveyed in them. In other words,
the amplitude of a certain sideband component may be so small that
it has negligible effect upon demodulation. This will become clearer
if a spectral picture of the components of an f-m signal is analyzed.
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Two spectral distributions of f-m waves are shown in Fig. 2-3, In
both parts of this figure, the frequency of the unmodulated carrier is
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Fig. 2-3. Two spectral distributions of f-m waves. The frequency of the
modulating signal in (A) is 15 kc and in (B) it is 5§ kc. Note that the
relative amplitudes of the sidebands are often greater than the amplitude
of the center frequency component.

the same. The peak deviation involved is the same in either case,
being 75 kc on either side of the carrier, even though the frequencies
of the audio modulating signals differ. Since the deviation is the same
in both cases, the amplitude of the audio is also the same. In part (A)
of Fig. 2-3 the audio frequency involved is 15 ke, which is considered
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the maximum modulating frequency for high-fidelity f.m., The true
amount of sideband components that exist are numerous, but the
amplitudes of those past the 8th sideband are so small as to be inef-
fective in reproducing-the sideband intelligence. In reality, there-
fore, there exist eight effective sideband pairs in the spectrum of part
(A). Note that the amplitudes of the sideband pairs have no imme-
diately apparent special order of increasing or decreasing in size. In
fact, the amplitude of some of the sidebands may be greater than the
center frequency component, which is the case for both spectra of
Fig. 2-3. This contrasts with a.m. where the center frequency com-
ponent is always greater in amplitude than its sidebands and equal
to the amplitude of the unmodulated carrier. That is one of the rea-
sons why f.m. is considered better than a.m. This will be expanded
later.

As previously mentioned, the sidebands in f.m. are equally distrib-
uted on either side of the center frequency component. (The center
frequency component is at the same frequency as the unmodulated
carrier but always smaller in magnitude). This frequency distribu-
tion of sidebands is as follows:

1st sideband pair — center frequency =+ 1 X audio frequency

2d sideband pair — center frequency =+ 2 X audio frequency

3d sideband pair — center frequency * 3 X audio frequency

4th sideband pair — center frequency =+ 4 X audio frequency

and so on for as many effective sidebands as there are. Consequently,
the first pair of sidebands in part (A) of Fig. 2-3 is found 15 kc on
either side of the center frequency component. The second pair is
found 2 X 15 kc or 30 ke on either side of the center frequency, the
third pair 3 X 15 kc or 45 kc on either side, and so on, Therefore, the
total distribution of the eight effective sidebands on one side of the
center frequency in part (A) is equal to 8 X 15 or 120 kc. This means
that the total effective bandwidth is equal to 240 kc.

Part (B) of Fig. 2-3 illustrates a similar situation where the modu-
lating frequency is 5 kc. However, the number of effective ‘sideband
pairs in this case is greater and equal to 19. Since the sideband fre-
quency distribution on either side of the center frequency is an integer
multiple of the audio frequency, the effective bandwidth is 19 X 5 or
95 ke on one side of the center frequency. This means that the total
effective bandwidth in part (B) is only 2 % 95 ke or 190 ke. This is
50 kc less than the bandwidth of the spectral distribution of part (A)
of Fig. 2-3.

To indicate the relative amplitudes of the sidebands, they are shown
to be some percentage of the amplitude of the unmodulated carrier,
which is considered to be at 100 percent for maximum amplitude. The
unmodulated carrier is drawn in dashed lines for the sake of clarity,
but it really does not exist in the spectral distribution. In part (A) of
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Fig. 2-3, the center frequency component is seen to be only 17.8 per-
cent of the unmodulated carrier. The first sideband pair is greater in
magnitude than the center frequency, and it is 32.8 percent of the
amplitude of the unmodulated carrier. The second sideband pair is
only 4.66 percent of the unmodulated carrier. The amplitudes of the
other sideband components vary accordingly, and their percentages
are illustrated to the left of the spectrum.? In part (B) of Fig. 2-3, the
relative percentage amplitudes are also illustrated to the left of the
frequency spectrum.

Now that we have a fair understanding of f-m spectrum distribu-
tion let us study the two spectra of Fig. 2-3 for comparison and try
to formulate a general rule about spectrum distribution in f.m. in
regard to deviation, bandwidth, and audio modulating frequency.

With the frequency deviation kept constant, the number of effec-
tive sidebands increases with a decrease in audio modulating fre-
quency. However, the effective bandwidth does not increase with the
increase in sidebands but rather decreases. This is evident from the
two spectra of Fig. 2-3. In both cases the deviation is the same,
being 75 ke. In part (B) the audio frequency is 5 kc, and the number
of effective sideband pairs 19, but the effective bandwidth is only
190 kc. If the audio frequency is 3120 cycles, the number of effective
sideband pairs would be 29, but the effective bandwidth would only
be 181 kc.

Consequently, a general rule can be formed regarding f-m spec-
trum distribution. With the frequency deviation assumed constant,
the greatest bandwidth (spectrum distribution) is attained when the
audio modulating frequency is at its highest value. As this audio fre-
quency is lowered (keeping the deviation still constant), the effec-
tive bandwidth decreases, but the number of effective sidebands
increase. However, no matter how low the audio frequency is made
and no matter how many effective sidebands do appear, the effective
bandwidth can never be reduced below the frequency deviation on
either side of the carrier. If twice the audio modulation frequency
happens to be higher than this peak-to-peak deviation swing, then
the effective bandwidth cannot be less than twice this audio fre-
yuency. Therefore, with a deviation frequency of 75 kc on one side
of the carrier, the effective bandwidth can never be less than 150 ke
since the audio frequency cannot exceed the deviation.

After a spectrum analysis, the question invariably arises as to what
would happen if the frequency deviation were not kept constant, if the
audio frequency were kept constant and the deviation varied. The
answer to this is relatively simple if one fully understands the fore-

*The actual determination of the amplitude of the sidebands employs
higtl'}llg br‘r;alt(hemntics, namely Bessel Functions, and is beyond the scope
of ok. )
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going analysis.

Let us assume the audio frequency to be constant at 10 kc and the
peak deviation varied from 60 ke to 30 kc. Where the peak deviation
is 60 kc, the number of effective sidebands that appear in the fre-
quency spectrum is 18 (9 sideband pairs) and the effective bandwidth
is then equal to 18 X 10 kc or 180 kc. Where the peak deviation is
30 ke, the number of effective sidebands that appear is only 12 (6
sideband pairs) and the effective bandwidth in this instance is only
12 X 10 kc or 120 kc. Consequently, in this type of spectrum distri-
bution decreasing the frequency deviation while keeping the audio
frequency constant decreases both the number of effective sidebands
and the effective bandwidth.

Both where the deviation is held constant and the audio frequency
varied and where the audio is held constant and the deviation varied,
a fundamental relation exists between the frequency deviation and
the audio modulating frequency. This relation is known as the modu-
lation index or deviation ratio and will be discussed in greater detail
later on.

To emphasize the fact that some sidebands of an f-m wave can be
(and often are) greater in amplitude than the center frequency com-
ponent, a breakdown of a typical f-m wave will be illustrated. In
part (A) of Fig. 2-4 is shown a typical f-m wave together with the
unmodulated carrier signal. The unmodulated carrier frequency is
designated as f; and the audio modulating frequency as f,. If the
amplitude of the audio signal is such that a peak deviation (designated
as fp) of 30 kc appears for an audio frequency of 15 ke, the number
of effective sideband pairs is only four. These are illustrated together
with the f-m wave and the spectrum distribution in Fig. 2-4.

The maximum instantaneous frequency is equal to the carrier fre-
quency plus the frequency deviation. In respect to what was discussed
in chapter 1 this takes place at the maximum point of the positive
half cycle of audio. The minimum value of the instantaneous fre-
quency of the f-m wave is equal to the carrier frequency less the
frequency of deviation. This takes place at the maximum point of the
negative half cycle of audio. These maximum and minimum fre-
quency points are indicated in the f-m wave of Fig. 2-4. If the respec-
tive amplitudes of the carrier and center frequency component are
examined, it will be noted that, although they are equal in frequency,
the amplitude of the center frequency is much less than that of the
carrier. In fact in the case shown here, where the deviation is equal
to 30 kc and the audio equal to 15 kc, the amplitude of the center
frequency component (B) is equal to 22.4 percent of the unmodulated
carrier amplitude. This is very different from the a-m case where the

amplitude of the center frequency component is equal to that of the
carrier,
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If the first sideband pair (C) of signals is examined, it is noted that
their amplitudes are much greater than that of the center frequency
component. The same is true of the second (D) sideband components.
However, the third (E) and fourth (F) sideband pairs are smaller in
amplitude than the center frequency component, part (B). The rela-
tive frequencies of the sideband components are indicated next to
their waveforms. The spectrum distribution of the components parts
of the f-m wave is illustrated in part (G) of Fig. 2-4.

Since the center frequency component of the f-m wave does not
contain any of the intelligence (that is, audio modulating signal),
then the smaller its amplitude, the less power wasted. In a.m., half the
power of modulation (for 100 percent modulation) is invested in the
center frequency component, which is equal in amplitude to that of
the carrier, and the power unavoidably contained in it is wasted so
far as demodulation at the receiver is concerned. Therefore, the audio
modulating equipment for high level a.m. has to be high powered in
order that the sidebands contain a sufficient amount of power for
proper demodulation. In f.m. the situation is different, especially
where more than three pairs of sidebands are present. Most of the
power in f.m. is distributed in its sidebands, while the center fre-
quency component of the f-m wave contains a relatively small part
of the transmitted power. In a.m., modulation increases the radiated
power, whereas in f.m. the power remains constant.

This is one of the important reasons why f-m transmitters are so
much cheaper to operate than a-m transmitters. There is greater
power efficiency in f.m. than in a.m. Since f.m. does not require high-
powered equipment, receiving type tubes can be used for its modu-
lating and speech equipment.?

Percentage of Modulation

An interesting highlight of f.m. is the percentage of modulation. In
a.m. the percentage of modulation is a direct relation between the
audio power and the power of the unmodulated carrier. In this respect
the greater the percentage of modulation (up to 100 percent), the
greater the audio power output from the receiver. If the percentage
of modulation is increased beyond 100 percent (overmodulation), it
means that the audio power at the transmitter is greater than the r-f
carrier power. If an overmodulated a-m wave is transmitted and
picked up by a receiver, distortion results in the receiver output be-
cause overmodulation causes distortion of the a-m transmitted signal.
(See Fig. 1-5 chapter 1).

A somewhat different situation exists for f.m. in regard to the per-

n—

'A similar analysis to that given in this section exists for p.m. Because
the analysis is basically very much alike, only the one for f.m. was studied.
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centage of modulation. Reference to the percentage of modulation in
f.m. as is done in a.m. would presuppose a condition practically im-
possible to attain. For instance, in a.m. the power or level of audic
modulation with respect to that of the carrier determines the per-
centage of modulation. When the power of the audio signal equals
that of the carrier, 100 percent modulation exists. In f.m. the level of
the audio modulating signal determines the frequency deviation of
the carrier. In this respect then, what would be a good method of
determining percentage of modulation for £.m.? Since the level of the
audio signal determines the frequency deviation for f.m., it should
follow that the relation between the frequency deviation of the
carrier and the frequency of the carrier would be a good method of
determining percentage of modulation for f.m. This follows somewhat
similar lines for percentage of modulation in a.m. However, if this
definition for percentage of modulation were to hold true for f.m., the
peak frequency deviation would have to equal half of the carrier fre-
quency for 100 percent modulation. For a carrier frequency of 100 me
the peak deviation frequency would have to be equal to 50 mc. This
is known to be definitely out of the question for more than one reason.
First of all, the level of the audio would have to be quite high and the
level of the carrier quite low. Secondly, the deviation necessary would
cover too wide a frequency range; it would be completely outside the
f-m band.

Since such a definition is not realizable, percentage of modulation
in f.m. is defined in another way. It is based upon the maximum
available deviation incorporated in the individual transmitter. If an
f-m transmitter has provisions so that the audio level will never pro-
duce deviations in the carrier greater than a certain amount, then for
that amount the transmitter will be working at 100 percent modula-
tion. Since the maximum deviation as set up by the FCC cannot be
greater than 75 ke for commercial broadcasting, then 100 percent
modulation for f.m. can never exceed a frequency deviation of 75 ke.
This definitely places a limit on the level of audio modulating signal.
Whenever the audio level increases to a point where it produces a
frequency deviation greater than 75 kc, overmodulation for f.m. is
said to exist. The audio level in f.m. is seen to exercise a different type
of control, so far as percentage of modulation is concerned, than it
does in a.m. Briefly, then, 100 percent modulation for f.m. becomes
equivalent to the maximum allowable frequency deviation.

Modulation Index — Deviation Ratio

Two of the most important factors in f-m broadcasting are the
deviation swing and audio modulating signal. Associations between
these two quantities enable us to bring out some very important rela-
tions about f.m. The basic relationship between these two quantities
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is the ratio of the peak frequency deviation swing to the audio modu-
lating frequency. This ratio, as mentioned above, is known as the
modulation index or devietion ratio. One of the most common symbolic
methods of representing this ratio i1s by the letter M. Some texts use
the Greek letter beta, 8, but in this book we will use the former, This
ratio is very important in establishing the number of effective side-
bands and the effective bandwidth.

TABLE 1
Modulation Index* Number of Effective Effective Bandwidth
M=f,/fs Sideband Pairs

0.5 2 4f,
1 3 6f,
2 4 82,
3 6 12f,
4 7 14£,
5 8 16f,
6 9 18f,
7 11 22f,
8 12 24f,
9 13 26f,
10 14 28f,
11 15 30f,
12 i6 32f,
13 17 34f,
14 18 36f,
15 19 38f,
16 20 40f,
17 21 42f,
18 23 461,
19 24 48f,

20 25 50f,
21 26 52f,
22 27 54f,
23 28 56f,
24 29 58f,
25 30 60f,

*All the M's that are less than 0.5 have only one pair of effective side-
bands and their effective bandwidths are all equal to 2f,.

Let us examine this ratio and see what importance it holds. Calling
the peak deviation frequency fp and the audio modulating frequency
f4, the index ratio is given by the following:

Modulation index: M — in

fa
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When it is realized that the level of the audio modulating signal de-
termines the amount of deviation and that the audio frequency is also
relevant to the value of M (the frequency of the audio is the denomi-
nator in the foregoing expression for M), the importance of the
modulating signal becomes apparent. It is known that the higher the
level of the audio signal, the greater the deviation swing and, conse-
quently, the greater the modulation index M (for a given audio fre-
quency). This ratio M is important in that it helps determine the
number of effective sidebands and the effective bandwidth.

The chart in Table 1 will help determine these factors, once the
peak deviation swing, fp, and the audio frequency, f,, are known. The
first column is for the modulation index, where M equals the pre-
viously explained ratio. The second column depicts the number of
effective sideband pairs. With the multitude of sidebands occurring
in f.m., some limit has to be set to define what is no longer an effec-
tive sideband. The amplitudes of the sidebands in f.m. vary consid-
erably. Some are greater in amplitude than others. The second side-
band pair may be so small as to be noneffective, while the third anad
fourth may be appreciably large — even larger than the center fre-
quency component. However, as we proceed farther away from the
center frequency component a point will be reached after which the
sideband components will all become very small. The point where the
amplitudes of the sidebands become appreciably less than one percent
of the amplitude of the carrier is the determining margin of effective
bandwidth. In other words, the number of sidebands between this
point and the center frequency component of the f-m wave is the
number of effective sideband pairs (the sidebands appear equally on
both sides of the center frequency component). These effective side-
pand pairs appear in the second column of Table 1. In the third column
the effective bandwidth is included. This effective bandwidth is based
upon the number of effective sideband pairs included in the second
column. To find the effective bandwidtk the number of effeetive side-
bands on both sides of the center frequency component is multiplied
by the frequency of the audio modulating signal. Using Table 1 is a
simple procedure. The following example will indicate the simplicity
of its use.

If the peak deviation frequency as caused by the amplitude of a 5-kc
audio modulating signal is equal to 35 ke, the modulation index is
35/5 or 7. Looking down the first column of Table 1 to the modulation
index of 7 it is found from the second column, that the number of
effective sideband pairs 1s 11 and the effective bandwidth from the
third column is 22f,. Since the audio modulating frequency involved
is 5 ke, the total effective bandwidth is 22 X 5 or 110 ke. This does
not necessarily mean that in all cases where M is equal to 7 the band-
width is going to equal 110 ke. Only the number of effective sideband
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pairs remains the same for the same value of M. For instance, if the
peak deviation frequency was 70 kc and the audio frequency 10 ke,
the index M would still be 7 and the number of effective sideband
pairs still 11, However, the bandwidth in this latter case is equal to
22f, or 22 X 10 ke, or 220 ke, which is exactly double the previous
bandwidth.

Even when the modulation index happens to be some fractional
number lying between the numbers in the first column, the effective
bandwidth and number of sideband pairs can be easily determined
from the table. For instance, if M turns out to be 9%, then the modu-
lation index of nine should be used. If M is 934, then the modulation
index of 10 should be used. In other words, whichever number the
fractional M is nearer is the one used.

If the modulation index M is less than %, the number of effective
sideband pairs is only one, which is similar to a.m. (This is the basis
upon which the Armstrong transmitter was designed.) Since one pair
of effective sidebands always exists when M is less than 1%, the effec-~
tive bandwidth can never be less than two times the audio frequency
(2f,). Consequently, when the audio modulating signal is higher in
frequency than the peak deviation frequency, the effective bandwidth
can never be less than twice the audio frequency. As the modulation
index M increases, but the deviation remains constant, the number
of sideband pairs also increases, but the effective bandwidth decreases
as previously mentioned. However, no matter how much M increases,
which means no matter how high f, becomes and how low f, becomes,
the bandwidth can never be less than the peak-to-peak deviation of
the carrier frequency. In other words, the effective bandwidth can
never be less than twice the audio frequency or the peak-to-peak
deviation swing, whichever is greater,

So far we have dealt primarily with the modulation index with
respect to the amount of frequency deviation and have said nothing
about phase deviation. In some transmitters the oscillator is directly
frequency modulated, and when this type of modulation occurs, we
invariably refer to the frequency deviation. In indirect f-m trans
mitters, where the oscillator signal is initially varied in phase about
its relative phase angle, we talk in terms of the amount of phase
deviation. In chapter 1 we showed that a shift in phase is equivalent
to a change in frequency and vice versa. Consequently, when talking
in terms of frequency deviation, we can also refer to the equivalent
amount of phase deviation, Likewise, when talking about phase devi=
ation we can also refer to its equivalent in frequency deviation. How=
ever, if the transmitter is one of direct f.m., usually only frequency
deviation will be referred to, but in indirect f-m transmitters phase
deviation is a common term, The amount of equivalent frequency
deviation is also mentioned in reference to indirect f-m transmitters,
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because it is becoming accepted practice to talk in general terms of
frequency deviation.

Once the modulation index M is known, it is a simple process to find
the amount of equivalent phase shift. A circle, or one cyclic change
of alternating signal, is said to contain 360 degrees or 2r radians,
where » is a numerical figure equal to 3.14. Therefore, one radian is
said to contain 360/2x degrees or 360°/6.28 or 57.3°. Since the modu-
lation index M as discussed is given a value on the basis of cyclic
changes, if we multiply the modulation index M by 57.3 degrees, we
will get the equivalent phase shift in degrees. For instance for a
modulation index of 7 the equivalent phase shift is equal to 7 X §7.3
= 401.1°. This phase shift is known as the phase deviation. If a cer-
tain indirect f-m transmitter is found to have a peak phase shift at
the output of its oscillator-modulator system of 25 degrees for an
audio frequency of 50 cycles, it is often desired to know what the
equivalent peak frequency deviation is. Since the peak phase devia-
tion, call it Pp, is equal to M times 57.3 and since M is equal to fp/f4
(the peak deviation frequency f, divided by the audio modulating
frequency f,) then we have the relation:

Pp= M X 57.3°

or
Pp=1Ip % 57.3°
solving for f, we find that 4
o =FPpX 14
§7.3°

For the problem under discussion P, equals 25 degrees and f, equals 50
cycles, therefore the equivalent peak frequency deviation is equal to:

o
fp= 2557 3050 = 21.8 cycles
From this analysis we see that we can talk in terms of phase devia-
tion as well as frequency deviation.

Interference Between Signals

When f.m. was introduced to the public its biggest drawing card
was its successful method of minimizing interference disturbances
usually found with a.m. Many of us have some basic knowledge of the
roncept that in f-m receivers, amplitude limiters or other means are
employed to reduce greatly the effects of amplitude variations on an
{-m signal. The type of interference we are concerned with at the
moment is that between two of the same types of modulated signals.

Interference between a~-m waves is quite well known. Some of this
interference is due to image frequency effects which are definitely
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undesirable in any receiver. It is the purpose of. this section to indi=
cate why such types of interference and others are less likely to occur
in £.m. than in a.m. So far as interference between two a-m waves is
concerned, let us consider two forms. First, there is interference be-
tween two stations that operate on the same or near the same fre-
quency but are, presumably, in different service areas. Secondly, there
is the interference between two stations of different frequency, when
one is the image frequency of the other. In regard to the former case,
if the amplitude of the signal from the station considered to be the
interfering one is only 1 percent of the a-m wave from the station
being interfered with, the interfering effect will be noticeable. In
other words, if an interfering signal is of the same frequency as an-
other signal (or differs so slightly in frequency as to be passed by the
selective circuits in the input to the receiver) and if its amplitude is
only one hundredth as great as that of desired signal, then the inter-
ference will be perceptible in the output of the receiver. When image
frequencies appear, the same situation prevails in regard to the am-
plitude of the interfering signal with respect to that of the desired
signal. To state it in another manner, the amplitude of the desired
a-m signal has to be at least one hundred times as great as the ampli-
tude of the interfering signal, no matter what its source, in order that
the interfering signal have little or no effect.

If the interfering signal is of the same frequency as the desired
signal, the amplitude of the desired signal as it passes through the
receiver is changed in accordance with the amplitude variations of the
interfering signal. Consequently, the output of the receiver contains
the intelligence of both the desired signal and the undesired signal.
The weaker the undesired signal, the weaker is the interference out-
put. However, as long as there exists a ratio between the amplitude
of the desired and undesired signals that is greater than roughly 100
to 1, then interference in the output of the receiver will be undetected.

When the interfering signal differs so slightly from the desired sig-
nal that the selective circuits are broad enough to pass it, then besides
interference between the intelligence of the two signals in the output
of the receiver, a heterodyne squeal will probably be heard. This
squeal is due to the slight difference in frequency between the inter-
fering and desired signal. In other words, the interfering signal varies
the amplitude of the desired signal in accordance with its varying
amplitude, producing a new varying amplitude. This varying ampli-
tude occurs at a frequency that is the difference between the two
signals. If this difference is within the audio range, it will appear in
the output as a heterodyne squeal. This latter condition of interference
is quite complicated, inasmuch as three different types of output are
really detected, the intelligence of both the desired signal and the
interfering signal and the heterodyne squeal. Consequently, as far as
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a.m. is concerned, the signal to noise ratio or the ratio of desired to
undesired signal has to be greater than 100 to 1 for interference to be
undetected in the output of a receiver.

The f-m situation is completely different. If the ratio in f.m. of the
desired signal to an undesired signal on an adjacent channel is as
small as 2 to 1, interference will not affect the output as far as the
listener is concerned. Though this has been definitely proved by field
tests as well as by mathematical analysis, the details are beyond the
scope of this book. It is sufficient to state that if the modulation index
of the desired signal is high, the chances of interference become re-
duced. There exists a limitation in the amount of angular variation
between the desired and interfering signal such that no matter what
the phase variation of the interfering signal, the resultant signal from
the interference can never have a deviation ratio (modulation index)
greater than . Therefore, if the modulation index of the desired
signal is made greater than this maximum resultant signal’s modula-
tion index of 1%, the chances for interference will be greatly reduced.

Two things are basic to the proper discrimination against inter-
fering signals in f.m. If the amplitude of the desired f-m signal is
at least twice as great as the amplitude of the interfering signal, the
interfering signal will have practically no effect. In addition, the
modulation index should be higher than 32, and the higher the better.
Even though these standards may be met in practice, it is possible that
under some peculiar circumstances, such as a receiver located between
two transmitters and perhaps at the limit of the range of transmission
of both stations, or a terrain of a special nature, this desired ratio of
2:1 will not prevail. Under these conditions both signals will be heard.
This will be discussed in chapter 5.

So far as the receiver itself is concerned, nothing can be done to
alleviate the situation, because no amount of alignment or readjust-
ment within the receiver proper can in any way raise the level of the
desired signal and reduce the level of the undesired signal. The one
possible solution that remains is use of a directional antenna, so that
a stronger signal is secured from the desired station,
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QUESTIONS
CHAPTER 2

If the amplitude, or strength, of the audio modulating signal of an
f-m wave is increased (assuming a constant audio frequency),
what happens to the frequency deviation?

How does this change in audio signal level affect the appearance
of the f-m wave?

If the frequency of an audio modulating signal is increased (as-
suming no change in its amplitude), what happens to the amount
of frequency deviation? What happens to the rate of frequency
deviation?

. For the same period of time how does this change in audio fre-

quency affect the appearance of the f-m wave, still assuming no
change in amplitude of the audio signal?

What is the chief factor that determines the effective bandwidth
in a-m broadcasting? In f-m broadcasting?

‘What purpose does the 25-kc “guard band” serve?

What is the minimum adjacent channel separation for f-m sta-
tions assigned to the same coverage area? Why this amount?

Why is such a large bandwidth allowable in f.m. as compared with
thatina.m.?

. Are f-m signals limited to two sidebands?
. In an a-m signal, the center frequency component is alwuys much

greater in amplitude than the sidebands. Is this also true of the
center frequency component of an f-m signal? Explain.

. Is there any particular order in which the amplitudes of the side-

bands of an f-m signal increase or decrease?

. What determines whether a sideband of an f-m signal is consid-

ered effective?

. What is a sideband pair?
. If an audio modulating frequency is equal to 7 kc and if the center

frequency of an f-m signal is equal to 96.1 mc, what are the fre-
quencies of the fifth sideband pair?

. If the f-m wave of part (b) is assumed to have only 14 effective

sideband pairs, what is its effective bandwidth?

If the audio modulating frequency of one f-m signal is higher than
another, which f-m signal has the greater number of effective
sidebands, assuming that the strength of each modulating signal is
the same?

Which signal has the greater effective bandwidth?

Taking into account the amount of frequency deviation and the
audio modulating frequency, what is the minimum limit of the
effrctiva handwidth of an f-m signal?
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If the amplitude of the audio modulating signal of one f-m wave is
higher than another, which f-m signal has the greater number of
effective sidebands, assuming that the audio modulating frequency
is the same for both?

. Which signal has the greater bandwidth?

If the amplitude of a 10-ke audio signal is such that it produces a
peak-to-peak frequency swing of 40 kc in frequency modulating
anr-f carrier of 100 mc, then:

. What is the maximum instantaneous frequency of the f-m wave?
. What is the minimum instantaneous frequency of the f-m wave?

Where is most of the power found in an a-m signal? Compare this
situation with that of an f-m signal?

If we were tc interpret percentage of modulation of an f-m signal
(in terms of frequency deviation and carrier frequency) in a
similar manner to the way it is defined in an a-m signal, what
would be the equivalent of 100-percent modulation in f.m.?

. What represents 100-percent modulation in f-m broadcasting to-

day?
Define the modulation index.

. What is another name for the modulation index?

Explain how both the amplitude and frequency of the audio modu-
lating signal are represented by the modulation index.

If an audio signal is equal to 10 kc and the peak-to-peak deviation
of an f-m signal is equal to 100 kc, what is the modulation index?
‘What is the effective bandwidth of the f-m signal? Hint: Use Table
1 on Page4l.

. If a 100-mc carrier is frequency modulated by a 7-kc audio signal

such that the f-m signal has a mnaximum instantaneous frequency
of 100.056 mc, what will be the effective bandwidth of the f-m
signal? Hint: Use Table 1 on Page 41.

. If the audio modulating signal of an f-m wave is equal to 8 ke, the

carrier frequency equal to 90 mec, and the effective bandwidth
equal to 144 kc, what will be the minimum instantaneous fre-
quency of the f-m signal? Hint: First find the modulation index.

. If the audio modulating frequency is 15 kc and the peak frequency

deviation of an f-m signal equals 5 kc, what is the effective band-
width of the f-m signal?

If at an audio modulating frequency of 100 cycles the peak-to-peak
frequency deviation of an f-m wave is equal to 80 kc, what is the
equivalent peak phase deviation?

. If the peak phase deviation of an f-m signal is equal to 520 de-

grees and the audio modulating frequency equals 5 ke, what is the
effective bandwidth of the f-m signal?

In a-m how much greater does the amplitude of a desired signal
have to be than that of an undesired signal to prevent interference
from the latter?

Under most circumstances how strong must a desired f-m signal
be to just eliminate noticeable interference from an undesired
signal?



CHAPTER 3
ESSENTIALS OF F-M TRANSMITTERS

Up to this point we have discussed in general the differences be-
tween the f-m, the p-m, and the a-m waves. A fair understanding of
what an f-m and a p-m wave looks like in comparison with an a-m
wave has been obtained. We are now ready for a discussion of how
f-m and p-m waves are produced. An analysis of f-m and p-m trans-
mitters will be made in this chapter. The basic principles of how an
f-m transmitter works and the fundamental circuit analysis will be
included, rather than design problems. The sections of the f-m trans-
mitter that will be stressed are those dealing primarily with the pro-
duction of f-m signals.

As with a.m., there are numerous methods of producing the final
f-m and p-m signals, and we will study the systems that are most
common, The intention of this chapter is to cover as much material
relative to the operation of the transmitters as is necessary fully to
understand this operation.

The Basic Transmitter

In the first chapter, block diagrams of typical f-m and p-m trans-
mitters were illustrated, together with the block diagram for a typical
a-m transmitter for comparison purposes (see Fig. 1-14). The mos*
important section of the f-m and p-m transmitters that differed appre-
ciably from the a-m transmitter was the modulator system. There-
fore, the modulator sections of the f-m and p-m transmitter will
receive the greatest consideration. In f.m. the modulated signal is
achieved somewhere at the beginning of the transmitter (that is, at
the low power-level stages.) In a.m., especially high level trans-
mission, the modulation is performed somewhere at the output stages
of the transmitter after the frequency multiplication stages. In £.m.
the modulation is performed before the frequency multiplication
stages because the frequency multiplication aids in increasing phase
shift and frequency deviation, besides effectively increasing the car-
rier frequency.

47



48 FM TRANSMISSION AND RECEPTION

To effect a change of frequency in the carrier of the direct f-m
type of transmitter, a reactance tube modulator or some similar cir-
cuit is almost invariably used. This reactance tube works in conjunc-
tion with the audio signal to produce a variable reactance across its
output. This variable reactance can be either inductive or capacitive
in character. If this variableé reactance is placed across a tuned LC
tank circuit, the effective inductance or capacitance of the tank circuit
will change, which in turn will change the resonant frequency of the
tank circuit, since the resonant frequency is dependent upon the
effective values of L and C. This will be evident when reactance tubes
and reactance tube modulators are studied in greater detail in the
forthcoming sections. These reactance tubes usually work directly
with the oscillator of the f-m transmitter for purposes which will be
evident later. The oscillator circuits themselves are similar to those
employed in a-m transmitters where crystal control is not used.

For indirect f.m. (or p.m.) the situation is somewhat different, in
that it is the phase of the signal that is varied directly and not the
frequency. For this reason practically all types of indirect f-m or p-m
transmitters use crystal oscillators as compared with the noncrystal
(inductance-capacitance) oscillators employed in direct f-m trans-
mitters. There are numerous methods of producing a p-m signal, but
in this chapter only one p-m system will be discussed in detail. In the
following chapter a number of f-m transmititers in use today will be
analyzed, and included among them will be three different methods
of producing a p-m signal.

The preceding two chapters mentioned certain standards and rela-
tionships between the carrier frequency and the audio modulating
frequency which pertain to the requirements for proper f-m trans-
mission. Such topics as the maximum amount of frequency deviation,
obtaining the correct frequency of transmission, and acquiring of the
necessary amount of phase shift to give the required amount of phase
deviation for p.m. were referred to, but the methods of securing these
requirements were not discussed. In the ensuing sections of this chap-
ter the topics of modulation and frequency multiplication will be of
great benefit, in that they will indicate the methods of obtaining these
necessary requisites for the proper operation of f-m and p-m trans-
mitters.

Whether or not the f-m transmitter is designed to work on a rela-
tively high power output, the basic considerations as mentioned above
are the same, The basic transmitter design of the oscillators, modu-
lators, afc circuits, and frequency multipliers are relatively the same
as far as principle or operation is concerned. Whatever fundamental
considerations hold for one type will generally hold for similar types.
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Simple Frequency Modulator

Frequency modulators had been used long before f-m transmitters
were in commercial use. Anyone familiar with visual methods of
aligning a-m receivers will recall that frequency modulators, com-
monly known as wobbulators, are used in conjunction with oscillo-
scopes, to align the i.f.’s by obtaining the correct selectivity or reso-
nance curves on the oscilloscope. The principle underlying the opera-
tion of most types of wobbulators is very simple. In effect its basic
operation is as follows:

The rotor of a variable air capacitor is revolved past its stator by
an electric motor. This capacitor is connected to the oscillating circuit
of a signal generator such that the variable capacitor varies the capac-
itance of the circuit at values determined by the degree of rotation.
The frequency of rotation of the capacitor determines how many
times per second there is a cyclic repetition of the complete capaci-
tance change. With arrangements of this kind, the total bandwidth
covered may be from a very few percent to perhaps ten percent of the
mean frequency. The amplitude of the wave is fairly constant over the
entire range, and the speed of rotation represents the audio frequency,
or the time rate of change in frequency. The item of audio amplitude
which would determine the amount of frequency deviation does not
enter into this operation.

Frequency modulators that inject variable reactances into tuned
circuits as used in the transmitters today are known as reactance
tubes. The analysis of reactance tubes will be discussed at greater
length in the following section. In this section we will study a circuit
that is one of the simplest types of frequency modulators in order to
illustrate basically how a signal can be frequency modulated. After
this analysis, it will be much easier to understand the functioning of a
reactance tube as applied to the topic in question.

For the moment, before introducing the simple type of frequency
modulator, let us refer to an elementary theoretical type of amplitude
modulator. We know that to amplitude modulate a carrier, the instan-
taneous amplitude of the carrier is varied in accordance with the
varying amplitude of the audio modulating signal. If a resistance is
introduced into an oscillator circuit (in series with the tank coil and
capacitor), the resistance will introduce a loss and the over-all ampli-
tude of the oscillatory signal will be reduced according to the value
of the resistance. If this new reduced signal is considered as the car-
rier and if the resistance is made variable ahove and below its orig-
inal value, then the amplitude of the carrier will vary accordingly.
In other words, when the value of the resistance is increased, there
will be a greater loss in the circuit, and the amplitude of the carrier
will decrease. Likewise, if the value of resistance decreases, there will
be less loss and the amplitude of the carrier will be increased. If this
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resistance is made to vary at an audio rate, the amplitude of the car-
rier also will vary at the same audio rate, and the carrier then will be
amplitude modulated. This type of a-m wave can be very simply
attained by placing in series with an LC tank circuit some type of
resistance which will vary at audio rate.

The question then arises as to what this resistance can be. The an-
swer is very simple — a carbon microphone. This microphone contains
finely divided carbon granules placed between two conducting disks.
One disk is fastened to part of the mike while the other disk is
fastened to a movable diaphragm plate. When the plate is at rest,
these granules provide an electrical path, exhibiting a certain amount
of resistance, between the disks. If the pressure between the two solid
carbon plates is varied, the pressure upon the loosely packed carbon
granules is also varied. The resistance of the electrical path through
these granules changes upon application of pressure to them, and
consequently their resistance changes with the application of sound
waves to the diaphragm. That is, when sound waves strike the dia-
phragm, causing it to vribate in accordance with the frequency of the
audio, the pressure upon the carboi.l granules changes, which in turn
changes the resistance of the electrical path they provide between the
disks.

To show the operation of a simple frequency modulator circuit, ar
analysis similar to the foregoing will be illustrated. Instead of using
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Fig. 3-1. The frequency of the oscillator tank circuit can be changed by
actu:tiing the condensar microphone M; this is a type of simple frequency
ator.

a carbon microphone as the varying element, a condenser microphone
is used. Bearing in mind the possibility of varying the frequency of a
tuned oscillator circuit by changing either the capacitance or the in-
ductance, we can proceed with the discussion of what is actually the
simplest type of frequency modulator resembling the operation of a
broadcast transmitter. This is shown in Fig. 3-1, wherein a condenser-
type microphone M is shunted directly across the tank circuit (capac-
itor C and inductance L) of a simple Hartley oscillator circuit. This
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circuit is not intended to convey the idea that this is the type of oscil-
lating system actually used in the transmitter, or that which we shall
describe is the a2xact method of producing the f-m signal. How-
ever, if you appreciate that the frequency of an oscillating system can
be varied by changing the tuning capacitor — then the arrangement
as shown will be productive of information concerning not only the
generation of an f-m wave, but also the relation between the audio
modulating voltage, the frequency of this voltage, and the f-m car-
rier, Before going into the analysis of the circuit of Fig. 3-1 let us
understand how the condenser microphone works.

Fig. 3-2. The movable

diaphragm of a con-

denser microphone is

vibrated by sound

waves and this action —0——n» )
varies the distance be- ”?:gu?r““’i
tween the diaphragm

and the fixed plate,

providing a varying
capacitance between

the two plates, as at A

and B.

Fig. 3-2 illustrates a simple diagram of a condenser microphone. It
essentially consists of two metal plates separated by insulating spacers
so that each plate acts as a part of a parallel plate capacitor. One of
these plates (a heavy one) is fixed in position within the mike and
the other is a very thin plate in the form of a diaphragm. This latter
plate has the ability to vibrate upon application of a variable air pres-
sure (sound wave). Since the effective capacitance of a parallel plate
capacitor is directly dependent upon the common area between the
plates and inversely dependent upon the distance between the plates,
it can readily be conceived that the capacitance between these two
plates will vary if the movable diaphragm ‘vibrates.

For instance, if a sound wave that is applied to the mlcrophone
causes the diaphragm to move outward (that is, away from the fixed
plate) the distance between the two plates is effectively increased and
the capacitance decreased. On the other hand, if a sound wave causes
the diaphragm to move inward (that is, towards the fixed plate) the
distance between the two plates is effectively decreased and the capac-
itance increased. A vibrating or to-and-fro motion of the diaphragm is
a natural action when sound is applied to the microphone. It is quite
easy to see how the change in position of the diaphragm changes the
effective capacitance between the two plates. If each plate had a lead
connected to it, a variable capacitance would appear between these
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two output leads in accordance with a variable sound input to the
microphone.

The very interesting detail in the analysis of a condenser micro-
phone that makes it useful as a means of introducing a method of
frequency modulation is the manner in which its capacitance changes
in accordance with an audio signal. There are two characteristics of
21 audio signal that affect the diaphragm of the microphone. One is
{he volume or level of the signal, and the other is the frequency of the
‘signal. The greater the volume intensity of the audio signal, the greater
will be th@ cound pressure on the diaphragm and the greater the vari-
ation of the diaphragm. Hence, a larger change in the effective capaci-
tance exists across the output leads A and B. The way the capacitance
of the microphone changes with the intensity of sound is illustrated in
Fig. 3-3. In this figure the change in microphone capacitance is indi-
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Fig. 3-2. The greater the intensity of the impinging sound of the same
frequency on the diaphragm of a condenser microphone, the greater is
the change in the output capacitance.

cated for three sounds of the same frequency but of different inten-
sities, such as the equivalent of a whisper, a normal speaking voice,
and a shout. The exact change in capacitance is not important at this
moment. The frequency of these signals is the same, as indicated by
the time references between points w and x, x and y, ¥ and 2, all being
equal to each other.

The other characteristic of the audio signal, namely its frequency,
does not affect the distance that the microphone diaphragm moves,
but it does affect the number of times a secoend that this change in
capacitance takes place. This is analogous to the wobbulator, wherein
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the speed of the motor determines how many times a second the
change in capacitance, caused by the rotating capacitor, takes place.
If the period of time between points w and x of Fig. 3-3 is equal to
1 second, the number of cycles involved in that period of time due to
a whisper is equal to 3 cycles per second. (This is evidenced by count-
ing the number of completed cycles in that period of time.) If the
intensity of sound of the whisper were to remain the same while the
frequency increased to double its value, or 6 cycles per second, then
for the same period of time between w and x, there would be 6 cycles
completed, but the amplitude of the signal, or the change in capaci-
tance would be the same.

Let us now refer back to the oscillator circuit of Fig. 3-1. With no
sound going into the microphone the diaphragm is at rest, and the
effective capacitance of the oscillator circuit essentially consists of the
capacitance C in parallel with that of the microphone. This effective
capacitance in conjunction with the inductance of L determines at
what frequency the tuned circuit will oscillate. This frequency is
termed the resting or carrier frequency of the circuit. With the micro-
phone capacitance in parallel with the tuned circuit of the oscillator,
it is evident that any sound waves impressed on the diaphragm of the
microphone will be translated into capacitance variations and that
these, in turn, will vary the resting frequency of the oscillator tuned
circuit.

The greater the change in microphone capacitance, the greater will
be the change in the circuit capacitance — hence the greater will be
the change in frequency of the oscillations developed in the oscillating
circuit. As can be interpreted from the capacitance change in Fig. 3-3,
this change in frequency takes place on both sides of the so-called
“resting” or “idle” microphone frequency which is the unmodulated
carrier frequency. Thus, we might say that a tone which has the in-
tensity or amplitude of a low speaking voice might change the fre-
quency of the oscillator by =2 kc; an amplitude equivalent to a mod-
erate voice might change the frequency by =+4 kc; and an amplitude
equivalent to a loud voice might change the frequency by =+6 ke,

What happens when the frequency of the sound changes? It varies
the rate at which the frequency of the oscillating circuit is changed.
The higher the frequency of the sound waves, the greater the number
of times per second the oscillator frequency will be altered. If a 1000~
cycle tone of a certain loudness will change the frequency of the
oscillator by 40 ke both sides of the carrier 1000 times per second, a
4000-cycle tone of the same loudness will change the frequency of the
oscillator by 40 kc, 4000 times per second, and a 200-cycle tone of like
loudness will change the frequency of the oscillator by 40 kc, 200
times per second. Thus the arrangement shown in Fig. 3-1 satisfies the
basic requirements of an f-m transmitter, in that the amplitude of the
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audio signal varies the frequency of the carrier (that is, determines
its deviation) and the frequency of the audio determines how many
times a second this deviation takes place.

From what has been discussed relative to the formation of an f-m
signal, the general structure of an f-m wave as indicated in the first
two chapters can be readily understood.

Returning again to the means of producing frequency-modulated
waves, the condenser microphone arrangement shown in Fig. 3-1 has
its drawbacks. The fact that it is restricted to the use of a condenser
type microphone is an undesirable feature when so many other types
of microphones are in use. Furthermore, it is often necessary to sepa-
rate the microphone from the f-m transmitter by considerable dis-
tances; this arrangement is impossible if the circuit of Fig. 3-1 is used.
Consequently, some arrangement is required with which any type of
microphone can be used and wherein a convenient separation of the
microphone and transmitter will be possible. Such an arrangement is
found in the use of a reactance tube.

Reactance Tubes

Before we discuss some actual frequency modulator circuits that
make use of vacuum tubes as a means of producing a signal varying
in frequency, it will be necessary to analyze the basic type of tube
circuit that causes this variation. This type of tube circuit is known
as a reactance tube circuit. In terms of practicality, if we can design
a circuit so that a vacuum tube receives the audio signal output from
a microphone and, due to the frequency and amplitude variations of
this audio signal, injects varying reactances into accompanying oscil-
latory circuits, then we have a method of frequency modulation. This
vacuum tube, which is called a reactance tube as previously men-
tioned, functions typically, but its circuit arrangement is so designed
that by varying the degree of grid bias the output impedance of the
circuit varies, this variation being principally reactive.

As a basis for analysis of a reactance tube circuit, some factors rela-
tive to amplifying vacuum tubes should be understood. These are the
three basic tube constants which are the transconductance or g, of
the tube, the amplification factor or u (mu) of the tube, and the
dynamic plate resistance or r,. An exact understanding of what is
meant by these three tube characteristics is essential to the complete
comprehension of what is to follow in regard to reactance tubes.

The transconductance, g,, (or mutual conductance as it is sometimes
called) of a tube is defined as the ratio of the change in plate current,
iy, to the change in grid voltage, e,, which produced it, this ratio being
considered with the plate voltage, e,, remaining constant.
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Symbolically it is written as
diy
de,’

In this ratio the letter d means a “change in.” Since the plate cur-
rent, expressed in amperes, is in the numerator and the grid voltage
in the denominator of this ratio, the g,, is expressed in units called
mhos. (In other words, mhos is the reciprocal of ohms.) There are
other transconductances between certain other elements of a tube but
with these we are not concerned. When the term transconductance is
used without qualification, it is always the control-grid to plate trans-
conductance that is meant, and the usual symbol is g,,. It is a known
fact that a change in the grid voltage of a tube causes a change in the
plate current of the tube especially with the plate voltage remaining
constant. These changes do not occur in such a fashion that g, is kept
constant. With the change in plate current caused by the change in
grid voltage the g,, of the tube also changes and does not remain con-
stant but rather varies over wide limits depending upon the point of
operation. In practice the trend in expressing the g,, is toward the use
of micromhos (millionths of a mho) in order to avoid the use of
decimals. The transconductance, g,,, is a very important property of
a tube, because it tells how effective the grid is in effecting a change
in the plate current of the tube, and this is very important in the
analysis of reactance tubes, as will be seen. )

The amplification factor, u, or amplification constant, expresses
numerically how much greater effect on the space charge the electro-
static field set up by a voltage applied to the grid has than the electro-
static field set up at the plate by the same voltage. This is a numerical
expression which is based upon the action of the grid and plate fields
upon the space charge with respect to the distance between the grid
and plate. By definition, amplification factor, y, is the ratio between a
small change in plate voltage and a small change in grid voltage while
the plate current remains unchanged, Otherwise expressed,

Om = .... (with e, constant).

(i, constant)

However, if the changes are appreciably large, then the plate cur-
rent will also change. In which case, in order for the definition to
hold, the change in plate voltage and the change in grid voltage both
should produce the same change in plate current independently. It
requires a much greater change in plate voltage than in grid voltage
o cause the same change in plate current. Thus, a tube may have a
“mu” of 10, which means that a change in grid voltage is 10 times as
effective in controlling the plate current as the same change in plate
voltage.

Reference to amplification occurs in the following manner: with a
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steady voltage applied to the control grid and a steady voltage applied
to the plate, a steady value of current flows in the plate circuit. A
variation in the voltage upon the grid, with the voltage applied to the
plate of the tube held constant, causes a change in plate current. Since
the current in the plate circuit has been varied, the effect is equivalent
to a change in the plate voltage, namely, that change which would
have produced an equal variation in plate current if the plate vqltage
had been altered while the grid voltage was held fixed. Because of the
greater effectiveness of a change in grid voltage in influencing the
plate current, the equivalent change in plate voltage can be consid-
ered as equal to the change in grid voltage multiplied by that number
which identifies the number of times a change in grid voltage is more
effective than a change in plate voltage in influencing the plate current.

Another very important property of vacuum tubes is the dynamic
plate resistance, or 7, of the tube. This resistance is defined as the ratio
between a small change in plate voltage and a small change in plate
current with the grid voltage remaining constant. Expressed mathe-
matically,

Ty = %&. «... (e, constant)
10
This relation is particularly important when working with vacuum
tube circuits, because it is often desirable to know the resistance of the
plate circuit of a tube in comparison with the rest of the circuit in
which it is used.

These tube constants for almost all types of tubes can be found in
handbooks. Even if they are not given directly, they can be derived
from the family of curves usually supplied with good tube handbooks.!
In most cases only the g,, and r, are listed for pentodes and the x and
7, for triodes. The reason for this is that in pentodes the g,, is often
considered more important than the x of the tube and vice versa for
triodes. However, the other tube characteristics can be determined
from the graphical characteristic curves of the individual tube in
question.

In passing it may be wise to state that a relation exists among these
three tube constants such that:

= 'r,g.,.
This is proved from the knowledge that
de de
p= —-Q' ’ and 1, = _'!di,, and
di
- =2
Im Je,

For a good analysis of determining the values of g, #, and r, from the
characteristic curves of the respective tubes see pages 160 to 184 in the
mk, “Ilnnside the Vacuum Tube,” by John F. Rider, John F. Rider Pub-

er, Inc.
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therefore, substituting the quantities in the above expression we find:
deb de,, gib_

de,  di, " de,
where the di,’s cancel out since they appear in the numerator and
denominator of the right side of the equation and, consequently,

de,, — deb

de, de,
which proves the above relation between the tube constants.

With the basic concept of tube constants established let us return
to the discussion of reactance tubes. These tubes had been used long
before f.m. was commercially feasible, primarily in automatic fre-
quency control circuits, which will be discussed later in this chapter.
In Fig. 3-4 the basic circuit for a reactance tube is shown. The two
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Fig. 3-4. A basic reactance tube circuit. The impedances Z, and Z, can be
a combination of resistance and inductance or resistance and capacltance,
but not a combination of inductance and capacitance.

impedances Z, and Z, that are in the output circuit can be either a
combination of resistance and inductance or a combination of re-
sistance and capacitance, In other words there are primarily four
possibilities in the combination of Z, and Z,. If Z, is capacitive, Z, is
resistive. If Z, is resistive, Z, can be either inductive or capacitive. If
Z, is inductive, Z, is resistive. It will be noted that any combination
of inductance and capacitance in the Z,-Z, circuit is carefully avoided.
The reason for this is that primarily only a 90-degree phase shift is
desired with little or no chance of forming a resonant circuit in the
output. This will be evident as the analysis of reactance tubes
proceeds.

The circuit of Fig. 3-4 can be considered as though a generator was
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in parallel with the two series impedances of Z, and Z,. When the
reactance tube used is either a pentode or a tetrode, the tube can be
considered a generator whose generated current i, is equal to g,e,
(from the relation g,, = i,/¢,) and whose internal impedance is equal
to the dynamic plate resistance r, of the tube. Under these circum-
stances Fig. 3-4 reduces to the equivalent circuit of Fig. 3-5. If the

QA

Fig. 3-5. The equivalent
circuit of Fig. 3-4 in

) OUTPUT  which the tube can be

~, Tp 5 - < considered as a constant-
> 1 current generator with

internal resistance equal

2 ec to the plate resistance of
the tube.

ll}

plate resistance of the tube is high (as is usually the case in tetrodes
and pentodes) the circuit of Fig. 3-5 can be reduced still further to
the equivalent circuit of Fig. 3-6. In this figure the plate resistance
and also any other loading resistance is temporarily neglected. If the
impedance between points A, B is designated as Z, and the voltage
across points A, B as E,p, then this voltage is equal to the current
flowing through the series impedance network of Z, and Z, multi-
plied by the impedance between points A, B. The thing we are inter-
ested in is the impedance Z,p, because the value of this impedance
will indicate to us the value of the injected reactance and resistance
that is caused by such a circuit. At first glance it might appear that
the output impedance is just the series combination of Z, and Z,,
especially since the plate resistance of the tube is neglected in Fig. 3-6.
This is not a true picture, because one of the components in the load
(Z, or Z,) is reactive, and consequently the injected reactance is ¢
variable factor that depends upon the plate current flowing, as well
as the frequency of operation. Since the plate current depends upon
the g,, of the tube, the value of the injected impedance likewise de-
pends upon the g,, of the reactance tube. This is proved as follows:

Impedance Z,; looking into terminals A, B in the direction indi-
cated in Fig. 3-6 is equal to the voltage across A and B divided by the
current i p flowing through Z, and Z,. This is nothing more than an
application of Ohm’s law to alternating currents, (In d-c application
Ohm'’s law states that the resistance R — E /1, whereas in a-c applica-
tion Ohm’s law states the impedance Z = E/I. In the latter case it
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must be remembered that the phase relationships of a.c. have to be
taken into account to obtain a complete answer.) Therefore,

Zup =342 %
4B
but we know that the current i, is equal to the transconductance
multiplied by the grid voltage e, or that i g — g,,e.. Substituting this
in expression' (1) gives
_Eup
In Fig. 3-6 it is noticed the voltage across impedance Z, is the applied
grid voltage and this voltage is also equal to a certain amount of the
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F—__ as /)
. . 2y
Fig. 3-6. The equiva-
lent circuilt1 of lli‘lg. 3-5,
wherein the plate re- ¢ 3
sistance of the tube is @ | CEEEEE— AB  4—1Zap
considered sufficientl T
high to be neglected,
as is also any loading 123 ec
resistance. l
A/ Ob

voltage E,p across the whole output network. Here Z, and Z, is a
voltage dividing network to the voltage E,p. Consequently, the volt-
age e, across impedance Z; is:
V4
e,=E ;z X 'Z'_LZ_, 3)

1

If this value is substituted for e, in equation (2), Z,p will he simpli-
fled further. Thus

Zas= Eas = §L. .ElzLZ_R. = .g.l._ (“.%L) "(4)
ng“foz_z; m 2 m 2
Therefore,
1 1 /2
Zyp=—F—(Z2
=g+ Z.) ®

Equation (5) is very important as it tells us what impedance is seen
when looking into the reactance tube circuit from terminals A and B.
Since the transconductance is given in mhos, 1/9,, will be in ohms.
Therefore, equation (5) states that the impedance across terminals
A and B consists of a resistance in series with a reactance. The value
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of the series resistance is equal to 1/g,,, and the value of the reactance
is equal to 1/9, X Z,/Z,, where g,, is the transconductance of the
tube in use and impedances Z, and Z, are, as specified previously, any
one of four combinations.
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Fig. 3-7. The four possible reactance-tube circuits showing either in{ected
capacitive or inductive reactances, each of which depends on the value of
the transconductance of the tube. The quadrature phase relations between
the current and voltage are shown in the vector diagrams.

The four possible combinations of these impedances are shown in
Fig. 3-7. In part (A) when the impedance Z, is a capacitance and Z,
a resistance, the reactive component of equation (5) [(1/9,) (Z,/Z,)]
becomes a capacitive reactance, and the value of the capacitance that is
injected into any accompanying circuit is equal to g,RC. The respec-
tive injected reactance for the other types of reactance tube circuits
is shown in parts (B), (C), and (D) of Fig. 3-7. These injected re-
actances are based upon the assumption that the impedance in the
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circuit between the grid and the plate Z,, is much greater (at least
5 times) than impedance Z,. Besides reactances, resistances also are
injected, but because of the tubes chosen for reactance tubes in con-
junction with the accompanying circuits and the fact that Z, is much
greater than Z,, these injected resistances have little effect. For a true
picture of what the injected parallel resistance and reactance compo-
nents are for all four different cases without any assumption as to the
magnitude of Z, compared with Z,, consult Table A in the appendix.
If the injected reactances of Fig. 3-7 are examined, it will be noticed
that every one depends upon the value of the transconductance or g,,
of the tube. Since the g,, of the tube is dependent upon the grid volt-
age, it is readily evident that, if an audio signal were impressed across
the input grid circuit of the tube, the g,, of the tube would vary in
accordance with the audio voltage variation. Consequently, since the
g of the tube varies in accordance with the audio input, the injected
reactance across terminals A and B, which is dependent upon the g,,,
will also vary in accordance with the audio.

These reactance tube circuits are often termed quadrature circuits,
because there is effectively a 90-degree phase relation between the
r-f voltage across terminals A and B in the output and the r-f plate
current. When the plate resistance of the reactance tube and the in-
jected parallel resistance are high, both resistances can be considered
as having negligible effect on the phase relation between the afore-
mentioned voltage and current and can be considered as being 90
degrees out of phase with each other. These phase relations are shown
in vector diagrams accompanying each drawing in Fig. 3-7. Where
the injected reactance is capacitive, the plate current i, leads the
voltage E,p across the output by 90°. This is illustrated in parts (A)
and (C) of Fig. 3-7. In parts (B) and (D) the injected reactance is
inductive and the voltage output E,p leads the plate current i, by 90°.

Let us consider the following as a typical example of how to calcu-
late the injected reactance of a reactance tube circuit. The reactance
tubes employed are of the high g,, type to provide as high a variation
in g,, as possible with variation of grid voltage. The reason for this
is that the greater the changes in g, that can be accomplished, the
greater will be the variation in injected reactance. Consequently, for
this example let us consider the circuit of Fig. 3-7 part (A) where
the tube used is a 6AC7. With 300 volts on the plate and 150 volts on
the screen, the transconductance or g,, of the tube for a cathode bias
of 2.2 volts is 8000 micromhos. The capacitance used between the plate
and control grid is equal to 25 uuf, and the resistance between the
cathode and control grid is equal to 1000 ohms. Under these circum-
stances the injected reactance is capacitive, and the capacitance is
equal to the following:

Capacitance = g,, RC
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and, since g,, equals 8000 micromhos or 0.008 mho, R equals 1000
ohms, and C equals 25 uuf, the capacitance equals:

0.008 % 1000 X 25 = 200 puf

Therefore, 200 uuf capacitance exists across the output of the circuit
with no signal applied to the input. If a sine wave that is alternating
one volt above and below the fixed 2.2-volt cathode bias is injected
into the grid, the total effective input voltage existing across the grid
at the maximum positive peak of audio signal is equal to —2.2 4~ 1 or
—1.2 volts and at the maximum negative peak of audio signal equals
—2.2 4 (—1) or —3.2 volts, Therefore, the grid bias is alternating
between —1.2 volts and —3.2 volts, and the g,, also changes. Accord-
ing to the g,, curves for the 6AC7, with the previously stipulated volt-
ages applied to the other tube elements, the g,, 2t a grid voltage of
—1.2 is equal to 13,500 micromhos or 0.0135 mho, and at a grid volt-
age of —3.2 volts the g,, is equal to about 3800 micromhos or 0.0038
mho. Under these limits of grid voltage the injected capacitance will
be as follows:

For a grid voltage of —1.2 volts and a g,, of 0.0135 mho the injected
capacitance = 0.0135 X CR
= 0.0135 X 25 X 1000
= 337 puf
And for a grid voltage of —3.2 volts and a g,, of 0.0038 mho, the
injected capacitance — 0.0038 X CR
= 0.0038 X 25 3 1000

= 95 ppf

From these values it can be readily understood that with a fixed
bias of —2.2 volts on the grid and a signal that is varying by one volt
positive and negative, the injected capacitance varies between the
limits of 337 to 95 uuf or through a difference of 242 puf. This example
was chosen merely to show how the audio input voltage changes the
injected capacitance of the circuit of part (A) of Fig. 3-7 and does
not typify values used in practice.

Reactance Tube Modulator (Frequency Modulator)

The preceding section analyzed the fundamentals of reactance tube
circuits at great length. It was shown that a reactance tube circuit can
be used to inject either a capacitance or an inductance into any circuit
that is across its output (that is, the output usually considered be-
tween plate and ground or plate and cathode of the reactance tube).
With circuits such as were indicated by a typical example, a small
change in grid bias can vary the injected reactance quite a bit.

In actual practice, reactance tubes are used as modulators where
direct f£m. and in many instances where indirect f.m. are required.
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As used 1in direct £.m. the variable output reactance of a reactance
tube is used to vary the frequency of an oscillator circuit so that the
output of the oscillator will be frequency modulated. The use of the
reactance tube as a frequency modulator is seen best if a typical cir«
cuit of a reactance tube modulator is studied.

Fig. 3-8 illustrates a simplified circuit of a reactance tube modu-
lator in conjunction with an oscillator circuit, The reactance modulator

A\
/1 OSCILLATOR

TANK
i

Fig. 3-8. Slmthﬁed schematic of a reactance tube modulator (to the left of
terminals A-B) with an oscillator circuit of the Hartley type. The imped-
ances Z, and Z, can be any of the combinations illustrated in Fig. 3-7.

REACTANCE

circuit is shown to the left of terminals A and B, and the oscillator
circuit to the right of these terminals. The latter is a simple Hartley
oscillator in which the capacitance C and the inductance L, in con-
junction with the reactance injected by the reactance tube, are the
components that determine the frequency of oscillations. The reac-
tance tube circuit is illustrated similarly to the way it was in Fig. 3-4
with the impedance Z, and Z, shown in the output instead of specific
components. This is to avoid limiting the components of Z, and Z,
further than to make them any one of the four previous types of
combinations. .

With no signal voltage applied to the input circuit, the reactance
tube will have a fixed value of g,, and according to the values of Z,
and Z,, a capacitance or inductance will exist in parallel with the LC
nscillator tank circuit. In reality, then, the true frequency of oscilla-
tions is determined by the oscillator tank circuit components plus
whatever reactance is injected across this tank by the modulator cir-
cuit, When no signal is being received by the reactance tube, the fre-
quency of oscillations of the modulator-oscillator is called the center
frequency. To understand exactly how the afore-mentioned values
control this center frequency let us consider the following:

The frequency of oscillations of an ordinary Hartley oscillator cir-
cuit, as shown to the right of terminals A and B of Fig. 3-8, is deter=



64 FM TRANSMISSION AND RECEPTION

mined by the inductance L and the capacitance C. The frequency f, is
called the resonant frequency, and it is determined by the following
mathematical relation:

_ 1
o 2#\/-1-46

where L is equal to the inductance in henrys
C is equal to the capacitance in farads and
x is equal to a number whose value is 3.14.

The mathematical sign under which the product of LC appears is
called a square root sign or radical sign (y/ ). The mathematical in -
terpretation of the sign is what number multiplied by itself will giva
the value of final answer under this radical sign. Thus, a square root
sign such as /12 X 6 is equal to \/72 (first carrying out the arith-
metic under the radical sign) and the next question that follows is
what number multiplied by itself will give an answer equal to 72.

This number is found to be 8.48. Therefore, /12 % 6 — /72 — 8.48.

However, with the oscillator circuit used in conjunction with the
reactance tube modulator, the components that determine the fre-
quency of oscillations are changed. In other words, existing across the
LC tank circuit is a fired value of either capacitance or inductance
which is injected across this tank from the reactance tube output when
no audio signal is being received. If the injected reactance is capaci-
tive, there are effectively two capacitors in parallel with an induc-
tance, both of which are the determining elements of a new oscillator
frequency. The frequency of oscillations is determined by the circuit,

—Cm ‘I'c

Figs. 3-9, left, 3-10 right. Equivalent circuits of Fig. 3-8 for determination
of the oscillator frequency. In Fig. 3-9 the injected reactance is capacitive,
Cy» and in Fig. 3-10 the injected reactance is inductive, designated as L,,.

I

as illustrated in Fig. 3-9. The frequency is still dependent upon capaci-
tance and inductance, but the capacitance is changed and equal to the
capacitor C in parallel with the injected capacitance from the modu-
lator, designated as C,,. Since the two capacitors are in parallel, to
get the total effective capacitance their individual capacitances are
added. Therefore for the case under consideration the total effective
capacitance, call it C,, is equal to C,, 4+ C. Hence, the new resonant
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frequency of the complete tank circuit with its added capacitance is
equal to:

f—— L
"7 22VL(C 4 Cp)
or
1
fr -_ 21r\/f-c—:

whereC;, =C+4C,,

If the injected reactance is inductive instead of capacitive, the new
frequency determining tank circuit is as shown in Fig. 3-10. Instead
of two capacitors in parallel there are two inductors in parallel. One
inductor, that of the oscillator circuit, is designated as L, and the other
inductive component, from the reactance tube modulator, is desig-
nated as L,,. The new frequency of oscillations is determined by the
total effective inductance and the capacitance in the circuit. The total
inductance, call it L,, is equal to the two inductances L and L,, in
parallel. Inductors in parallel are not added the way capacitors in
parallel are added. Inductors in parallel resemble resistors in parallel.
To get the total inductance of two inductors in parallel we take the
reciprocal of each, thus:

11,1
L, L 'L,
_1_=L+L"‘
L, LXL,

where L, = —Il%i'—"‘
m

Consequently, the resonant frequency of the new tank circuit is:

- 1
fr 2T VCL,

Or to put it in terms of all the inductances:

1
o=
LXLm
2m\{C x(L + I:)

As a typical example we can assume that the injected reactance
from the modulator tube is capacitive and equal to 50 yuf. Also the in-
ductance L of the tank circuit is equal to 100 microhenrys (100 ) 10-8
henrys)? and the capacitance C equal to 50 uuf (50 X 10-12 farads).?

Under these circumstances the frequency of oscillations is determined
as follows:

‘For a complete understanding of what is meant by the numbers 10-8 or
10-12 or similar ones see the section on “Powers of Ten,” in the appendix.
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i
fr 2T yLc,
where C; = C 4 C,,, = 50 + 50 = 100 puf or 100 X 10-1% farads.
Therefore,
f - : =
" 27+ 100 x 10°® x 100 x 10°2

1
2x3.147 10,000 x107*8

i
- - . |
F,. 6.28 x 100x10°° 1.59 megacycles

Consequently, under the foregoing stipulated conditions the fre-
guency of oscillations of the circuit, without an audio signal applied
to the control grid of the reactance tube modulator, is equal to 1.59 me
or 1590 kc. This is called the resting or center frequency of the oscil-
lator. If there is an audio signal applied to the grid of the reactance
tube, the bias on this grid will change in accordance with this audio
signal. Hence, the transconductance or g,, of the tube will also change,
and thus the output reactance across the LC tank circuit will vary, If
this change in g,, is such that the fixed injected capacitance of 50 upuf is
varied to a maximum of 55 puf from a minimum of 45 puf, the reso-
nant frequency will change accordingly. The change in the resonant
frequency will be approximately 40 kc on either side of the resting
frequency of the oscillator-modulator circuit. The variation of this
injected reactance is not instantaneous from the value of 50 puf to
55 upf or to 45 uuf but these are the maximum and minimum values
of injected capacitances respectively, and, when the afore-mentioned
audio signal is being received by the reactance tube, the value of
injected capacitance varies from instant to instant. This indicates that
the frequency of oscillations of the complete circuit is also different
at every instant and changes directly with the audio signal. Thus, it
is said that a reactance tube used in the fashion just described, fre-
quency modulates the resting or center frequency of the complete
circuit.

In brief, the effect of such a system of f.m. is that the reactance tube
offers a reactive output varying with audio input so that this varying
reactance changes the frequency of some oscillator circuit. Thus, a
practical system, wherein the frequency of a carrier signal is varied
directly, causing an f-m signal, is obtainable. At this point it should
be stressed that the oscillator circuit used for direct f-m systems
should not be fixed in value, as a crystal oscillator, but its frequency
should be capable of varying over the desired range. In a crystal os-
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cillator, injecting a reactance across the crystal circuit will vary the
frequency by a minute amount, not enough to cause the f.m. that is
desired. What does happen is that the reactance tube causes p.m. when
used with a crystal oscillator, This will be seen later when the differ-
ent p-m systems are discussed.

In comparing a.m. with a practical system of f.m. (as that just dis-
cussed) a few important points of difference between the systems
should be stressed. First of all, in the a~-m form of transmission the
audio modulating signal causes the amplitude of the carrier to vary
in accordance with the amplitude of the audio, whereas in f.m. the
audio signal causes the frequency of the carrier signal to vary in
accordance with the amplitude of the audio. Secondly, the a.m. of the
carrier signal is accomplished after the frequency multiplication stages
(if any), whereas in f.m. the modulation is accomplished before the
frequency multiplication stages. In fact, in direct f.m. the modulation
is accomplished within the first stages of the transmitter. In this re-
spect, a.m. also differs from f.m. in that the former is achieved by
modulating the final carrier frequency (that frequency termed the
transmitting frequercy) whereas the latter is achieved by modulating
the resting frequency of the oscillator before multiplication. The f.m.
occurs before the frequency multiplication in order to multiply the
irequency deviation or frequency swing from the original resting
frequency of the oscillator. This will be discussed in greater detail in
a later section of this chapter on frequency multiplication.

A third and important difference between these two types of modu-
lation is, as mentioned previously, the amount of power involved in
modulation. In a.m. the total power involved is split between the final
carrier and the two sidebands involved, with 50 percent of the power
in the carrier component of the final a-m wave and 50 percent in the
sidebands, for 100 percent modulation. Therefore, for efficient trans-
mission of intelligence the percentage of modulation should be as high
as possible (up to 100 percent) and hence, a great deal of audio modu-
lating power is needed. In f.m. comparatively little power is in the
center frequency component of the f-m wave, which is often smaller
than some of the sidebands involved. Most of the power is vested in
the many sideband components. Under these circumstances the power
required for modulating in f.m. is very small compared with that used
for am. In fm. the total radiated power is constant, regardless of
modulation. In a.m. the r-f power of the modulated wave is greater
than that of the unmodulated wave. Therefore, in fm. the power re-
quirements of the transmitter are not affected by modulation; but in
a.m. more power is required when the carrier is modulated than when
it is not. Consequently, receiving type tubes can be used for the modu-
lator section of f-m transmitters instead of the power tubes used
ina.m.
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Up to this point, we have dealt with a form of direct f.m. by em-
ploying reactance tubes. Although this type of direct f.m. was stressed,
it is by no means the only type of direct frequency modulator. There
are many other types of direct f-m systems which also have practical
possibilities, and some are used in the transmitters in operation today.
Reactance tube frequency modulators were shown because they are
the most universally discussed type and, it is believed, the most im-
portant. Any type of a circuit that offers a variable reactive output
with input audio voltage can be used as a direct f-m system.

Phase Modulator

In the foregoing analysis of direct f.m. it wag stated that the os-
cillator employed could not be a crystal oscillator because crystal
oscillators are considered to be approximately fixed in frequency. In
other words, the oscillator employed should be able to shift in fre-
quency over a relatively considerable range. Such oscillators are
often called variable frequency oscillators (abbreviated V.F.0.) Even
though V.F.O.s are used in direct f-m systems, they have a tendency
to drift away from their center frequency, and control circuits are
often employed to stabilize the oscillator center frequency. The control
system employed to check this drift in frequency is termed an auto-
matic frequency control system (abbreviated afc), and it will be
analyzed later in this chapter. In indirect f-m or p-m systems crystal
oscillators are employed instead of V.F.O.s., because a fixed frequency
is desired and the phase of this fixed center frequency is the char-
acteristic to be modulated.

Despite the fact that the terminology of f.m. originated with Arm-
strong’s system, his design is really not one of direct f.m. but rather
one of p.m. This system will be analyzed in the next section. However,
since p.m. causes an equivalent f.m. and, in effect, an f-m signal is
transmitted from Armstrong’s transmitter, the terminology of f.m.
stems from his design.

As has been shown, when a carrier is frequency modulated, its in-
stantaneous frequency is deviated away from the center or resting
frequency by an amount determined by the amplitude of the audio
signal, In p.m. a similar situation exists. When the carrier signal is
phase modulated, the instantaneous phase of the carrier deviates away
from its resting position before modulation. It is evident that such a
p-m signal can be had if the carrier is passed through some time-delay
network which will make the carrier change in phase. Furthermore,
if this time-delay network is made to vary in accordance with the
amplitude of some audio signal, this network will change the phase
of the carrier in conformity with this audio signal, and the resultant
output from the time-delay network will be a p-m signal. It should
be remembered that the center frequency is determined by some sort



ESSENTIALS OF F-M TRANSMITTERS 69

of a crystal oscillator circuit, so that it is stabilized and has very little
chance to shift in frequency. Thus in p.m. it can be said that the in-
stantaneous phase of the carrier signal is varied, while the amplitude
and frequency remain constant. This instantaneous change in phase
shift produces an equivalent or indirect change in frequency of the
signal. This was shown in chapter 1. There are many methods of
producing p-m signals. Many of them are practical and many are not.
It is not the purpose of this section to illustrate all the different types

Fig. 3-11. The series combination
of reactance X and resistance R, J— A
in parallel with the crystal oscil- —
lator, is the time-delay network CRYSTAL <
that provides a phase change to OSCILLATOR ouTPUT
the crystal oscillator frequency.

of phase moduiators in existence. However, a basic phase modulator
circuit will illustrate how p.m. can be produced.

Fig. 3-11 shows a simple p-m circuit which consists essentially of a
crystal oscillator in parallel with a series combination of a reactance
X and a resistance R. This series combination of X and R is the time-
delay network that imparts a phase change to the crystal oscillator
frequency. The output voltage of this circuit is taken across terminals
A and B. The system works as follows:

Without the time-delay network, the frequency of the oscillator has
a certain phase relation of its own. With the time-delay network wired
across the oscillator circuit, as shown, the resistive and reactive com-
ponents together are so chosen (at fixed values) that they offer a
phase change in the oscillator frequency at some specific value between
0 and 90 degrees, the exact amount determined by the fixed values of
X and R. Making the resistance R variable, likewise makes the ‘phase
of the oscillator frequency variable, and the oscillator output voltage
across terminals A and B then varies in phase.

The way the XR network causes a phase shift is easily explained by
the vector diagram of Fig. 3-12, in which X represents the fixed value
of reactance and the R's represent different values of the variable re-
sistance R. As there is a 90-degree phase difference between a pure
reactance and a pure resistance, the reactive and resistive components
are drawn vectorially at right angles to each other, If the initial value
of resistance is equal to R, then the total impedance of the series re-
actance-resistance network will be found by simple vector addition
(see appendix). Therefore, the impedance for this first case, where the
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resistance is equal to R,, is equal to resultant vector Z, which is the
result of the vector addition of X and R,. The angle 6, that Z, makes
with the horizontal line is the phase angle of the system. When
the oscillator current flows through the series circuit of X and R (of
Fig. 3-11) with R equal to R,, the impedance Z, of the system brings
about an instantaneous phase angle change between the oscillator cur-
rent and output voltage, equal to 6.

If the value of resistance is increased from R, to R;, the total im-
pedance also will increase, and by vector addition this impedance is
equal to the resultant vector Z, in Fig. 3-12. Once the resistance has
increased, the phase angle will change, and from Fig. 3-12 the phase
angle under these circumstances is equal to 6,, which is less than that

Zy Z> Z3
xﬁ-—--— Lo

Fig. 3-12. Vector diagram showing the functioning of the circuit of Fig.
3-11. The phace angle g varies inversely with change in resistance R and
directly as the impedance Z.

angle involved when the resistance is lower. If the resistance is de-
creased, from the starting value of R, to R,, the total impedance of the
series XR circuit will likewise decrease. This decrease in impedance
is represented by the impedance vector Z, in Fig. 3-12 which is the
resultant vector of the vector addition of X and R,. Under these cir-
cumstances the phase angle again changes, but this time it increases
to a value equal to 6,.

It is thus seen that the phase angle of the impedance network of
Fig. 3-11, changes with change in resistance and, consequently, the
crystal oscillator output is varied in phase and is said to be phase
modulated. Further study of the vector diagram will reveal that the
larger the value of R the greater will be the value of imp ‘dance, but
the phase angle will approach zero degree, which means that the
reactance X under this condition has negligible effect on the imped-
ance and phase angle. If, conversely, the resistance gradually decreases
to a smaller and smaller value, the impedance will also decrease ac-
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cordingly, and the phase angle of the impedance will approach 90° but
will never be greater. Under this circumstance the resistance will have
negligible effect, and the impedance will be almost a pure reactance.
From this analysis it is seen that the phase changes in the circuit of
Fig. 3-11 will always lie between 0 and 90 degrees. This is tantamount
to saying that the impedance vector (that resultant vector caused by
the vector addition of X and R) of Fig. 3-12 can rotate anywhere be-
tween the horizontal resistance reference line and the vertical re~
actance line of X. Since these two lines are at right angles to each
other, that is, 90° apart, the impedance vector can have phase angles
only between 0 and 90 degrees, the exact value being determined by
the instantaneous setting of the variable resistance R of Fig. 3-11.

A simple circuit like that of Fig. 3-11 not only can produce a p-m
output, but also can be advanced to the point where the resistance R
is made to vary in accordance with an input audio voltage. The circuit
for such a system is illustrated in Fig. 3-13. The only difference be-
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Fig. 3-13. A simple p-m circuit in which the variable resistance of Fig.
3-11 is replaced with a triode and a-f input signal. The effective resistance
is the dynamic plate resistance of the tube in parallel with the load R.

tween the circuits of Figs. 3-11 and 3-13 is that the variable resistor
in the former circuit is replaced by the triode tube in the latter. It
must then follow, in order for the two systems to function in the same
manner, that the triode tube and its associated network act as a
variable resistance. This is exactly what occurs. The dynamic plate
resistance of the tube in parallel with the load resistor R is the effec-
tive resistance between the low side of the reactance X and ground.
This plate resistance is made to vary in acccrdance with the audio
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input signal across its grid, and the plate resistance variation causes
p-m. of the crystal oscillator frequency. It is more fully explained as
follows.

Without any audio signal input to the triode, a definite amount of
plate resistance exists which is determined by the fixed cathode bias
and the plate voltage. (R can easily be made considerably larger than
the plate resistance, in which case its effect is negligible.) As it now
exists this system offers a fired phase relation to the oscillator fre-
quency. However, if an audio input signal is impressed across the grid,
so that the tube is still operative on the linear portion of its i,-e,
curve, the plate resistance will vary in accordance with the grid volt-
age, and this variation of resistance is, therefore, linear. That is,
the plate current i, will change accordingly as the instantaneous
2rid voltage is changed. In effect, then, the varying grid voltage, due
to an audio signal, changes the existing value of the plate resistance
of the triode, which then changes the instantaneous phase of the
oscillator frequency in accordance with the audio signal. Thus, it is
said that the oscillator frequency is phase modulated in accordance
with the audio input signal. In the case just illustrated, the time-delay
network is the reactance X in series with the dynamic plate resistance
of the triode amplifier.

This network is one of the simplest types of phase modulators.
There are other basic types, as previously mentioned, but they are
too numerous to illustrate here. They are all generally the same in
that they cause an instantaneous change in the phase of the oscillator
output. In conclusion, then, we can say that in a p-m signal the fre-
quency and amplitude of the carrier remain fixed, but there is an
instantaneous change in the phase of the signal.

In direct f.m. the carrier or resting frequency of the oscillator is
deviated on either side of its center position, the amount of deviation
being determined by the amplitude of the audio signal. In p.m., the
frequency of the oscillator has its phase deviated on either side of
resting phase of the oscillator frequency. Concisely stated, frequency
deviation exists in f.m. and phase deviation exists in p.m.

It might be well to mention that reactance tubes (not necessarily
in quadrature operation) in conjunction with a crystal oscillator will
cause p.m. Since the stability of the crystal frequency prevents the
oscillator from being frequency modulated (that is, having frequency
variations take place), the final result is that the phase of crystal fre-
quency is changed in conformity to the changing reactance,

Automatic Frequency Control

As previously stated a form of reactance tube is used in a system
called automatic frequency control (afc) to stabilize the center fre-
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quency of the oscillator in f-m and a-m transmitters. This system is
very important in that it uses a discriminator tube similar to those
used in many f-m receivers. Afe circuits have also been used to some
extent in a-m receivers where it was desired to stabilize the frequency
of the receiver oscillator.

In the reactance tube modulator the audio input controlled the
amount of reactance the tube injected into the oscillator circuit, thus
causing a deviation in the center frequency of the oscillator. How
then in an afc circuit employing a reactance tube, can an injected
reactance be made to stabilize the oscillator frequency, when at other
times it is used as a modulator to shift the frequency? This question
warrants some careful consideration. To realize fully how afc works,
it will be best to examine a circuit employing afc. Such a circuit is
shown in Fig. 3-14, and it can be representative of either a transmitter
or a receiver circuit. The output of the oscillator is connected to some
kind of heterodyning system. In a superheterodyne receiver, the het-
erodyning system is the already existing converter arrangement. In a
transmitter, a separate heterodyning system is employed in order to
obtain the necessary i.f. used for the production of an afc voltage. The
primary and secondary tuned circuits of transformer T, are resonant
et the true if. of the system. Therefore, when the set is operating
properly and the oscillator is stable, the operating i.f. will be at the
center of the curve of discriminator transformer T,. In this case, the
operation of the discriminator is such that at point A there is zero
voltage, and the only voltage on the grid of the control tube is the
audio, which contains no d-c component. This means that with the
oscillator stable the average injected reactance is of a constant value,
and naturally the oscillator does not change its average (or center, or
rest) frequency. That is, the so-called stable operating frequency of
the oscillator takes into account the fixed average injected reactance
of the control tube.

What happens when the oscillator shifts in frequency due to some
instability? When the oscillator shifts in frequency it means that, in
the process of heterodyning, the i.f. that is produced is not at the same
frequency as that to which transformer T, is tuned. The result is that
there are unequal voltages distributed across the two halves of the
secondary of transformer T,, which results in a change in the output
of the discriminator at point A. This output voltage called the control
voltage is fed directly to the control grid of the reactance tube, and
this changes the effective bias on the grid from the steady voltage that
had previously existed there. As a result the average plate current of
the tube changes, in turn changing the average g, of the tube. Since
the g, changes the reactance injected into the oscillator tank circuit,
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the average frequency also changes. The change in the injected re-
actance changes the average frequency of oscillations such that the
oscillator returns to its original operating frequency and the oscillator
becomes stable again.

DISCRIMNATOR CONTROL
v, VOLTAGE
A
OSCILLATOR CONTROL
(ReacTancE Tuse) OSCILLATOR
" -

AUDIO
INPUT

Fig. 3-14. An automatic-frequency-control circuit, which can be repre-
sentative of being used in either a transmitter or receiver.

In the circuit shown in Fig. 3-14 the injected reactance is inductive
and is inversely proportional to the transconductance of the reactance
tube. (See part (B) of Fig. 3-7.) The heterodyning system used with
Fig. 3-14 is assumed to be working with the frequency of the oscil-
lator (tube V, in Fig. 3-14) above the other signal used for the proc-
ess of heterodyning. If the oscillator suddenly becomes unstable and
decreases in frequency, the operating i.f. also decreases in frequency.
The discriminator circuit then functions so that at point A, a positive
voltage appears. The magnitude of the voltage depends upon the num-
ber of cycles the oscillator is off tune. Therefore, the effective bias
(due to the cathode voltage) on the control tube is decreased. This
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decrease in bias increases the g¢,, of the control tube. With the g,
increased, the injected inductance is decreased. This is true because
the injected inductance for the circuit of Fig. 3-14 is equal to R,C,/gm
[See Fig. 3-7 part (B)]. Hence, the injected inductance that appears
across the LC oscillator tank circuit is decreased from the value it had
before the oscillator became unstable. If with two inductors in parallel
we reduce the value of one of them, the total effective inductance
also decreases.

This is what happens in the control tube-oscillator circuit. An in-
jected inductance exists across the LC oscillator tank even when the
oscillator is stable, The stable resonant frequency to which the set is
tuned is determined by the capacitance C of Fig. 3-14 and the com-
bined parallel inductance of L and the injected inductance. (This was
indicated in the section on reactance tube modulators.) Consequently,
if the injected inductance is decreased, the total effective inductance
is also decreased, and, since the frequency of operation is inversely
proportional to inductance (f = 1/2xy/LC), the frequency of oscilla-
tions increases. What has happened is that a detuning, or instability of
some sort in the oscillator frequency, affects the reactance or control
tube so that it injects a reactance across the oscillator tank circuit
different from that already existing there. The amount of this injected
reactance is determined by the amount of oscillator instability (that
is, how many cycles off frequency), and the change in the total effec-
tive inductance is such that it stabilizes the oscillator frequency to
the same frequency to which it was tuned before it drifted off fre-
quency. In the case under discussion the value of the injected induc-
tance was just enough to increase the frequency of the oscillator back
to its stable position.

On the other hand, if the oscillator became detuned and increased
in frequency, the afc system would function to decrease the frequency
of the oscillator back to its original value. The way the system func-
tions with an increase in oscillator frequency is as follows:

The i.f. increases, which in turn causes a change in polarity of the
control voltage at point A in Fig. 3-14. The polarity of this control
voltage becomes negative with respect to ground, and a negative volt-
age is impressed on the control grid of the reactance tube, This in-
creases the bias on the tube, which in turn decreases the g,, of the
tube. The decrease in g,, causes the average injected inductance to
increase, in turn increasing the total parallel inductance determining
the average frequency of oscillations. When the total inductance in-
creases, the carrier frequency decreases, and the decrease is such that
it returns the oscillator to its normal operating position. The accom-
panying Table 2 explains how the afec system of Fig. 3-14 works when
the oscillator frequency becomes unstable and either increases or de-
creases away from its stable operating frequency.
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TABLE 2
. Oscillator Frequency™* Decreases Increases
Intermediate frequency (i.f.) Decreases Increases
Polarity of control voltage Positive (4-) Negative (~)
Bias on control tube Decreases Increases
G,, of the control tube Increases Decreases
Injected inductance L; = C,R,/g,, Decreases Increases
Total effective inductance L, — L XLy Decreases Increases
L4 L,
1
Frequency change f — ———— Increases Decreases
quency gef 2nUCL,

*Under the assumption that the oscillator is tuned above the frequency
of the other signal. If the oscillator is tuned below this other signal, then
one would interchange columns two and three below the first line.

In f-m transmitters that employ a system of afe, the circuit is often
called a “center-frequency stabilizing” circuit. The signal frequency
that is used to perform the heterodyning with the oscillator signal is
usually crystal controlled to make sure that one of the frequencies of
heterodyning is very stable. It might be suggested that the master
oscillator in the transmitter be crystal controlled itself in order to
stabilize the frequency. This cannot be done in direct f-m trans-
mitters where the frequency of the oscillator must be “loose” and
able to deviate away from its center frequency as caused by the action
of audio modulating signal.

Frequency Multiplication

Up to this point we have dealt with reactance tubes and different
types of modulator-oscillator circuits. We have also discussed auto-
matic frequency control in which a reactance tube is used to stabilize
the center frequency of the oscillator. Frequency deviation with re-
spect to the audio and oscillator signals was also analyzed. What has
not been investigated is the actual frequency of the master oscillator
with respect to the final transmitted frequency. In this respect we
have not analyzed exactly how the 75-kc maximum allowable peak
deviation is obtained. Is it produced directly at the oscillator stage
and if not, how does it get to such a high value? The final output signal
from an f-m or p-m transmitter is quite different from that produced
at the oscillator-modulator stage. It might be thought that after the
oscillator-modulator stage, the f-m and p-m transmitters are exactly
like the a-m transmitter, in that frequency multiplication stages and
amplifying stages follow and that all systems function the same after
this point. The truth of the matter is that frequency multiplication is
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not considered a necessity in a.m., whereas it is considered a necessity
in an f-m or p-m system in order to obtain a good f-m signal (espe-
cially in wide-band f.m.).

In the f-m and p-m transmitter block diagrams shown in parts (B)
and (C) respectively, of Fig. 1-14 of chapter 1, the stages following
the oscillator-modulator stage are those of frequency multiplication.
Why is frequency multiplication needed in f.m. and p.m.? This ques-
tion will be answered, along with many others on frequency multi-
plication, in the ensuing discussion.

Before examining the need for frequency muiltiplication, it will be
wise to review a few features of frequency multiplication in general.
As was pointed out previously, frequency multipliers are used in a-m
transmitters for the primary purpose of increasing the frequency of
the local transmitter oscillator. This is also one of the reasons why
they are used in f.m., but there is another equally important reason,
as will be seen later.

Some details of the way these so-called frequency multipliers in-
crease the frequency introduced into the grid should be explained.
Frequency multipliers are, in effect, harmonic generators. That is, a
number of different frequencies exist within the frequency multiplier
tube. These comprise the frequency input to the tube, which is con-
sidered as the fundamental frequency, plus numerous harmonics of
this fundamental frequency. Consequently, if the output circuit of the
frequency multiplier is so adjusted that it can choose any harmonic it
desires, while being unselective to all other frequencies, this tube then
acts as a harmonic generator. This is more clearly seen if we examine
the circuit of Fig. 3-15.

Transformer T is tuned to an input frequency f, which is impressed
across the control grid. This frequency is called the fundamental fre-
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Fig. 3-15. A frequency-doubler circuit has its input transformer T tuned
to some frequency f and its output circuit T, adjusted to 2f, the second
harmonic, the tube operating as a class C amplifier.
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quency of the system. If the voltages on the tube are so adjusted that
the tube functions as a class C amplifier, the plate current of the tube
will be rich in harmonics of the input frequency. If, in the output
stage of the tube, a tuned circuit T, is placed, which is sharply tuned
to the second harmonic, only this second harmonic will be selected by
the L,C, circuit. In other words the resonant frequency of L,C, is
twice that of the tuned circuit of LC. Consequently, the frequency that
appears in the secondary of T, is equal to 2f. When a tube functions
so that its output circuit is tuned to the second harmonic, the tube is
called a doubler. If the output circuit is tuned to the third harmonic,
the tube is called a tripler, and if it is tuned to the fourth harmonic, it
is called a quadrupler. The doubler is the most common of the types
of multipliers in existence, the tripler next, and the quadrupler last.
Even though frequency multiplication can go beyond the quadruple
stage (that is, working in the fifth harmonic and higher), it is im-
practical to use any higher than this quadruple stage in transmitters.

It was stated that with the proper voltages on the tube, it would
operate as a class C amplifier and the plate current would be rich in
harmonics. Let us for a moment look into the analysis of class C oper-
ation as applied to harmonic generators. In Fig. 3-16 is illustrated a
typical plate current-grid voltage characteristic curve of a class C
amplifier (i,-e,curve.) A class C amplifier, by definition, is cne which
has its grid bias much greater than cutoff, so that plate current flows
only when an alternating voltage is applied to the grid and this flow
is for less than one-half cycle of the a-c grid voltage. This means that
the plate current flows in short pulses.

The bias (E,) shown in Fig, 3-16 is equal to twice the cutoff. The
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alternating voltage applied to the grid has a peak value, designated as
e,, which is greater than the bias on the tube; hence, the grid is driven
positive during a portion of this input grid signal. Only during the
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portion of the alternating grid signal that is greater than the cutoff
value of bias will plate current flow. Since appreciably less than half
of this input grid signal is greater than the cutoff bias, the plate cur-
rent will flow only during this portion of grid signal. Consequently,
the flow of plate current is also appreciably less than half a cycle, as
is evident from Fig, 3-16. This flow of plate current is, therefore, in
pulses, and the strength of these pulses d:pends upon the strength of
the alternating grid voltage. The plate current, flowing as it does in
pulses, is rich in harmonics, and once the tank circuit in the output
of the tube is adjusted properly, it can be selective to any harmonic
desired.

There are other types of harmonic generators, but in the frequency
multiplication stages of f-m transmitters the type of multiplication
generally employed is that utilizing class C amplifiers.

More than one frequency multiplication stage can be used. The
amount of multiplication and the number of stages required is deter-

Fig. 3-17. Oscillator fraquency can be multiplied eight times by either of
these circuits: (A) in which each of the three tubes is a frequency doub-
ler and (B) wherein the first tube multiplies the frequency four times
(quadrupler) and the other tube is a doubler.

mined by the transmitter oscillator frequency and output frequency
of the transmitter. For instance, the oscillator in a transmitter may
operate at a fundamental frequency f, equal to 100 kc, and it is de=
sired that the transmitter have a frequency of transmission equal to
800 kec. To obtain the correct output frequency two different combi-
nations of multiplication are possible and these are illustrated in Fig.
3-117.

In part (A) three multiplication stages are used, Each stage em=
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ployed functions as a doubler and has its output tank ciréuit tuned to
the second harmonic of the input signal to the grid of the same tube.
Transformer T, is tuned to the fundamental frequency f (100 kc) of
the oscillator. The first doubler tube V, being operated class C has its
plate current flow in pulses and, therefore, is rich in harmonics.
Transformer T,, in the output circuit of tube V, and across the input
circuit to tube V,, is tuned to the second harmonic of the oscillator
frequency, and consequently it is highly selective to this second har-
monic. By transformer action this new frequency, now equal to 2f or
200 ke (the second harmonic of f) is impressed across the grid of tube
V,. This tube is also operated class C, and its plate current is rich ip
harmonics. Transformer T, is tuned to the second harmonic of the
input signal of tube V,, namely the signal equal to 2f, or 200 kc, and
the tube functions as a doubler in that the output frequency is twice
that of input. The input frequency is equal to 2f or 200 kc, and the
output frequency rrom T, is equal to 4f or 400 kc. Which is to say that
transformer T, is tuned to the fourth harmonic of the oscillator.

Output signai 4f or 400 kc is transformer coupled to the next tube,
V,, which also acts as a doubler. This means that transformer T, is
tuned to twice the input signal to tube V,. Since the input signal to
this last tube is equal to 4f or 400 ke, the output signal from this stage
is equal to 8f or 800 k¢, which is the required transmitting frequency.
This is equivalent to saying that transformer T, is tuned to the eighth
harmonic of the oscillator.

This result can also be obtained with the two-stage frequency mul-
tiplication system of part (B) of Fig. 3-17. In this system the first
tube acts as a quadrupler and the second tube as a doubler. Both
tubes function under class C operation, and hence the plate currents
of both are rich in harmonics. The input signal to the first stage, tube
V,, is from the oscillator and equal to 100 ke or f. The tuned trans-
former, T,, in the output of this stage is resonant at the fourth har-
monic of this input signal, and consequently a signal of frequency
equal to 4f or 400 kc is impressed across the grid of tube V; by trans-
former action of Ts. The transformer T, in the output circuit of tube
V; is tuned to the second harmonic of the input signal to tube V,, so
that the final output signal is equal to 8f or 800 ke which is the same
result as that obtained in the former case.

Thus, it is readily seen how frequency multiplication can take place.
The frequency involved in the foregoing problems is an unmodulated
carrier. This is typical of a-m transmitters where the modulation
takes place after frequency multiplication. In f-m and p-m trans-
mitters the modulation takes place before the frequency multiplication
stage. There is a definite reason for having the frequency multiplica-
tion stages so arranged. The reason for this will become evident in
the next section.
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The Need for Frequency Multiplication

Amplitude modulation is primarily concerned with two types ot
frequencies — namely, the carrier frequency which exists at any one
instant and the modulating audio frequency. In f.m. we are concerned
with another frequency besides the two associated in a-m systems.
This other frequency is known as the deviation frequency. (In p-m
systems instead of the deviation frequency we are concerned with a
phase deviation.) In f-m transmitters the importance of frequency
multiplication is twofold. One use is to increase the instantaneous
value of the oscillator frequency, and the other to increase the amount
of frequency deviation. (In a p-m system, it is the phase deviation or
its equivalent frequency deviation which must be increased besides
the oscillator frequency.) In direct and indirect f.m. the final trans-
mitted frequency is quite high. In the old f-m band it was anywhere
from 42 to 50 mc, whereas in the new band it is more than twice as
high, being anywhere between 88 and 108 mc. If a variable frequency
oscillator (vfo) were to produce such high frequencies, the oscillator
would be extremely unstable at these high frequencies. The slightest
amount of instability may throw the oscillator off by a very small
percentage and around 100 mc this percentage of instability is quite
a number of kilocycles. Consequently, the oscillator works at a much
lower frequency, and by the use of frequency multiplication the nec-
essary frequency of transmission is reached.

Some might make the suggestion that automatic frequency control,
afc, be employed at these high oscillator frequencies to prevent oscil-
lator drift. The idea, although well founded, is not applicable to
oscillators at these high frequencies. While an afc circuit may stabilize
oscillator drift, the afc circuit itself is not 100 percent perfect, and,
when operated at 100 mc, it does not provide sufficient stability.

Crystal controlled oscillators are not used at these high frequencies
(even though crystal oscillators are very stable) because it is a prac-
tical impossibility to manufacture crystals to operate at such high
frequencies. Therefore, even with crystal controlled oscillators em-
ployed in transmitters (especially p-m transmitters), frequency mul-
tiplication has to be used to increase the fundamental frequency of
the oscillator to the desired frequency of transmission.

If frequency multiplication were employed only to increase the
oscillator frequency, as in a.m., the problems would easily be solved.
However, we have to take into account the deviation of the oscillator
signal in frequency when f.m. is used and in phase when p.m. is used.
When modulation occurs in either direct or indirect £.m., the deviation
of the center frequency of the oscillator is not so great as is necessary
for the final output signal from the transmitter. In other words, the
desired frequency deviation (or phase deviation) as required for
proper f-m broadcasting cannot be obtained directly irom the modu-
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lator. Hence, to overcome this difficulty, frequency multiplication is
used to increase the amount of deviation.

The final result is that frequency multiplication, as employed in f-m
transmitters, serves two purposes. It increases the center frequency of
the oscillator to the desired value for transmission, and, at the same
time, it increases the amount of deviation (frequency or phase swing)
of the center frequency of the oscillator to that necessary for correct
transmission.

Increase of the deviation is the important problem in frequency
multiplication of f.m. It is the deviation that determines the effective
bandwidth of the transmitter., Most commercial transmitters today
operate on the basis of 75-kc peak deviation for 100 percent modula-
tion, as standardized by the FCC. This means that the peak-to-peak
deviation is 150 kc. This type of f.m. is known as wide-band f.m. When
there is reference to narrow-band f.m. it means that the frequency
deviation used is much smaller than that employed in wide-band f.m.
More will be said about narrow-band f.m. in the next chapter.

Understanding how the deviation frequency is multiplied along
with the instantaneous oscillator frequency entails some knowledge
of the character of the deviation frequency. We know that the ampli-
tude of the audio modulating signal determines how far the center
frequency of the oscillator will shift in frequency, which shift is com-
monly known as the frequency deviation of the center frequency. At
any one instant of time, within the range of frequency deviation,
there exists a value of frequency called the instantaneous frequency.
The difference between this instantaneous frequency, call it f;, and the
center or resting frequency, call it f,, of the oscillator is called the
deviation frequency f;. At any one instant of time, f; can have only
one value. In frequency multiplication it is the instantaneous fre-
quency, f;, which is multiplied because it is an inherent part of the
f-m wave. This means that both f, and f; are effectively multiplied by
the same amount; and therefore, the deviation frequency, at any one
instant of time, is multiplied by the same amount. For example, sup-
posing that the center frequency, f,, of an f-m signal is equal to 100
ke and that, at a certain instant of time, the instantaneous frequency,
f1, is equal to 105 ke, then the deviation frequency, fs, would be:

fs=Ffi—f,=105—100 = S5 ke

If this f-m signal is impressed across the grid of a tube that is
operating as a doubler, then, in the output circuit of this tube, the
center frequency of the carrier will be doubled, and the new fre-
quency equal to 2f, Similarly, the new instantaneous frequency is
equal to 2f;. The deviation frequency at the output of this doubler
stage is the difference between the center frequency and the instan-
taneous frequency that exists at the output of this stage at the par-
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ticular instant of time under discussion. Under these circumstances the
deviation frequency at the output of the doubler stage is equal to:

zfl—zfo
or %% 105 —2 % 100
or 210 — 200 = 10 kc

From this analysis it is obvious that the amount of deviation fre-
quency is multiplied by the same amount as the resting frequency of
the oscillator and the instantaneous frequency, no matter what type
of multiplier is used. It is, therefore, seen that modulation in f-m
transmitters takes place before frequency multiplication because the
deviation frequency, also, has to be increased.

If the center frequency of an oscillator is equal to 12.5 mc and the
desired frequency of transmission for f.m. is 100 mc, a total multipli-
cation of 100/12.5 or 8 times the oscillator frequency is needed. If the
peak frequency deviation of the 12.5-mc center frequency is equal
to 7.5 ke, the peak-to-peak swing of the deviation frequency is equal
to 15 ke. Upon the proper multiplication, the final output peak-to-
peak deviation will be 15 % 8 = 120 kc. This means that, for the
system above, the final output center frequency is equal to 100 mec
after multiplication, and the peak-to-peak frequency deviation of the
100-mc signal is equal to 120 kc.

The multiplication system that performs this increase in carrier fre-
quency and deviation can be either three doublers or a quadrupler and
a doubler. After the initial stage of frequency modulation in the
former case, the f-m signal is at a center frequency value of 12.5 mc
with a peak frequency deviation of 7.5 kc. The true frequency ex-
tremes of the signal are 12.5 mc plus 7.5 kc and 12.5 mc — 7.5 ke or
in more concise mathematical terms 12.5075 and 12.4925 mec. If the
latter type of multiplication is employed, then after the quadrupler
stage the frequency extremes would be 4 X 12.5075 and 4 X 12.4925
mc or 50.03 and 49.97 mc. Therefore, at the input to the doubler stage
the peak-to-peak frequency deviation is equal to 50.03 mc — 49.97 mc
== 0.060 mc or 60 kc, After the doubler stage, the final output fre-
quency extremes would be 2 X 50.03 and 2 X 49.97 or 100.06 and
99.94 mc. The final peak-to-peak deviation frequency would then be
equal to 100.06 mc — 99.94 mc = 0.120 mc or 120 kc which is the
required amount, as indicated in the preceding paragraph. This means
that the final f-m wave of a carrier frequency of 100 mc is swinging
60 kc on either side due to the amplitude of the audio modulating
frequency and amount of multiplication employed.

A similar numerical analysis relative to indirect f.m. or p.m. can be
shown to exist. However, it suffices to say that frequency multipliers
also multiply the amount of phase shift or phase deviation that occurs
in these types of trarsmitters,
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Amplitude to Phase to Frequency Modulation

At this point we are prepared to study some of the oscillator-modu«-
lator stages besides the simple ones already studied, that are found
in f-m transmitters. In this respect the Armstrong system of modula-
tion will be analyzed first. However, before analyzing the Armstrong
system, a few facts not previously discussed about a.m. and f.m. should
be brought to light. These concern the relation between the sidebands
and the center frequency component of both modulated waves under
the conditions of a slight amount of modulation.

In chapter 2 it was pointed out that, when the modulation index or
deviation ratio is small, the number of effective sideband pairs is
likewise small. Referring back to Table 1 in chapter 2, it is noted that
when the modulation index is less than % there is only one effective
sideband pair, that is, one sideband on either side of the center fre-
quency component. Thus the components of the f-m wave when the
modulation index is below 3% are similar to those of a.m. in which only
one pair of sidebands appears, no matter what the percentage of

(A) (8) (€

Fig. 3-18. In an a-m signal, the addition of the two sidebands is such that
the double sideband (vector AD) when added to the carrier (vector OA)
will produce a resultant signal (vector OD) constant in phase in all cases.

modulation, If the degree of modulation in f.m. is kept small enough,
it is possible to have the frequency and amplitude of the sidebands
and center frequency component of an f-m signal equal to those com-
ponents of an a-m wave. However, a difference does exist in the phase
relation between the respective sidebands and the center frequency
components, If the two sidebands of the f-m wave are added together
and if the two sidebands of the a.m. are also added together, in both
instances a new wave will appear known as the double sideband
signal. These double sideband waves represent the difference between
the modulated waves and their respective center frequency compo-
nents. Both double sideband waves would appear to be identical under
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the assumption that the individual sidebands for both types of modu-
lation are equal in frequency and amplitude.

For the a-m case the addition of the two sidebands is such that the
final combined sideband signal is in phase with the carrier frequency.
This is illustrated vectorially in Fig. 3-18. In parts (A), (B), and (C)
of this figure, vector OA represents the peak amplitude of the un-
modulated carrier, vectors AB and AC represent the peak amplitudes
of the two sidebands, AD represents the amplitude of the double side-
band, and OD is the final resultant a-m wave. The individual side-
bands (AB and AC) in an a-m wave rotate about the tip of the OA
vector. Consequently the resultant double sideband (AD) can be
additive or subtractive from the carrier, in which case the final re-
sultant wave will be of constant phase but will vary in amplitude

(A) B) )

Fig. 3-19. In an f-m signal, the double sideband (vector AD) is 90° out
of phase with the carrier (vector OA). The resultant vectors are never
smaller than that of the carrier.

according to the amplitude of the double sideband. For instance, in
parts (A) and (B) of Fig. 3-18 the combined sideband is additive to
the carrier, resulting in an increase in amplitude (with part (A)
greater than part (B)), but the phase of the final wave remains the
same. These two vector diagrams are representative of the a-m wave
where the amplitude of the wave is greater than that of the carrier.
The vector diagram of part (C) of Fig. 3-18 is typical of that portion
of the a-m wave where the amplitude is less than that of the carrier.
In this latter vector diagram, the amplitude of the vector representing
the double sideband is subtracted from that of the carrier afid a smaller
amplitude results but the phase relationship of the resultant wave OD
is still the same.

In £.m., even though the frequencies and amplitudes are equal for

small deviation ratios, as previously specified, the situation is different
from that of a.m. The double sideband is 90° out of phase with the

carrier and this makes the situation considerably different from a.m.
The vector representations are illustrated in Fig. 3-19. In these dia-



86 FM TRANSMISSION AND RECEPTION

grams the carrier, the sidebands, and the double sideband all are of
the same length as those in Fig. 3-18. The double sideband vector AD
of Fig. 3-19, in all cases, is 90° out of phase with the carrier vector OA.
Consequently, the final resultant signal vector, OD is not always of
the same phase with the carrier. In fact, the magnitude of the com-
bined sideband vector AD is the determining factor in the change in
phase of the resultant vector OD with respect to the carrier OA. This
is readily noted in Fig. 3-19 where the phase angle for each part
differs from the others. In part (A) of Fig. 3-19 the resultant vector
OD is said to be lagging the carrier OA by an angle equal to 6;. In
part (B) the resultant vector OD is still lagging the carrier OA but
by a smaller angle equal to §,. In part (C), the resultant vector OD
is leading the carrier OA by an angle equal to 6,. The interesting thing
in this case of f.m. is that the resultant vectors are never smaller in
amplitude than the carrier.

It has just been demonstrated how the same carrier frequency and
Jdouble sideband component can cause either a.m. or f.m. In either
case, the modulation is slight, especially in £.m. where only one side-
band pair appears. This analysis provides a ready method of changing
or converting a.m. to indirect f.m. A carrier signal is first amplitude
modulated slightly and the sidebands are separated from the center
frequency component. That is, the center frequency component is
separated from the modulated signal, and all that remains is the double
sideband. This double sideband then is passed through a time-delay
network that shifts it in phase by 90°. If this phase-shifted double side~
band is combined with the original carrier wave, a frequency-modu-
lated wave results. In terms of the vector diagrams, the double side-
band vector AD in parts (A), (B), and (C) of Fig. 3-18 is shifted in
phase by 90° to yield the vector diagrams in parts (A), (B), and (C)
of Fig. 3-19, respectively. This means that with an a-m wave phase
shift is employed so that the final resultant wave will be equivalent
to a p-m wave. This is the basic principle upon which the Armstrong
transmitter operates.

The resultant vector OD in Fig. 3-19 varies in both amplitude and
phase with respect to the carrier frequency. This variation in ampli-
tude is undesirable in true phase modulation. It was stated previously
that in p.m. only the phase is varied, while the amplitude of the
modulated *signal remains constant. In order to utilize properly the
effect of a small amount of a.m. to obtain p.m., the amplitude varia-
tions in this final resultant p.m. have to be eliminated, This will be
discussed in the next chapter,

‘The Armstrong System

Since the most important contributions to the field of £.m., as in most
other fields, are the first accepted designs and accomplishments in the
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field, it follows that a discussion of them is in order. There is no need
for elaboration about the man who is generally conceded to have made
f.m. a commercial reality. The name of Armstrong is as well known
in the field of f.m. as that of Lee DeForest in the field of radio tubes.
Of course, these men are not the only ones who had ideas that led to
£.m. and the multielement vacuum tube in use today. On the contrary,
the history of the pioneering in these fields antedates them. The most
consideration is given, however, to the man who invents the first sys-
tem that works and has commercial possibilities. In this respect Arni-
strong is the leader in the field of I.m.

The Armstrong system received quite a lot of attention because it
was the first transmitter allowed to operate by permission of the FCC.
The Armstrong system is not direct £.m. but rather indirect £m., in
which a shift in phase is used as the basis for obtaining the final f-m
wave. The method involved was basically outlined in the previous
section. In this section we will analyze the basic Armstrong system in
block diagram form, and in the next chapter study some of the indi-
vidual circuits comprising the system.

Fig. 3-20 is a block diagram of the original Armstrong transmitter
as operated on the old f.m. band. Although the transmitter in opera-
tion today is somewhat different (as will be seen in the next chapter)
the basic theory is essentially the same in both cases. That portion of
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Fig. 3-20. Block diagram of the original Armstrong f-m transmitter. The
complete oscillator-modulator stage is shown inside the dashed box. Note
that a frequency conversion system exists between the frequency multi-
pliers stages.

the transmitter of Fig. 3-20 enclosed in the dashed box is the complete
oscillator-modulator section. Its basic action is similar to that de-
scribed in the preceding section. A carrier frequency of 200 ke is
obtained from a crystal controlled oscillator. Such an oscillator offers
good frequency stability compared with the variable frequency
oscillators.

The output of this oscillator is fed into two different stages. Part of
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this carrier frequency signal is fed directly into an amplifier called the
crystal frequency amplifier and part is applied to the input stages of
a balanced modulator, If an audio signal of constant frequency is im-
pressed across the audio input section, it will also, after passing
through a preamplifier and correction network (the function of which
will be explained later on), be applied to the balanced modulator net~
work. This balanced modulator is effectively in operation only when
both the audio signal and the crystal carrier frequency are applied to
it. The audio frequency then amplitude modulates the carrier fre-
quency within the balanced modulator. The modulation is very slight
(that is, percentage small) with the result that the sidebands are quite
small in amplitude. The balanced modulator is so arranged that the
center frequency component of this a-m signal is suppressed and only
the double sideband component of the a-m wave appears in its output
circuit. The upper and lower sideband components are combined (that
is, added) to form the new signal designated as the double sideband.
This double sideband contains all the intelligence of the modulating
signal. If, at one instant of time, the audio signal is equal to 1 ke, the
two effective sidebands that are formed in conjunction with the 200-ke
carrier signal are 200 4 1 kc and 200 — 1 ke, or 201 and 199 ke re-
spectively. In terms of double sidebands, the double sideband relative
to this numerical situation is the combination of a 201-kc signal and
a 199-kc signal, under the conditions of equal amplitudes for each.

At the output of the balanced modulator, the double sideband has
the relation to the carrier frequency shown in the vector diagrams of
Fig. 3-18, where vectors AD represent the double sideband. This out-
put from the balanced modulator, being free of the center frequency
component of the a-m wave, is applied to a phase-shifting network.
This latter network introduces a time delay to the double sideband
output of the modulator that shifts the sideband in phase by 90 de-
grees. At the output of the phase-shifting network, the double side-
band signal has the relation to the carrier frequency illustrated by
the vector diagrams in Fig. 3-19, wherein vectors AD represent the
double sideband and vectors OA the carrier. The phase-shifted double
sideband signal then is applied, together with the amplified crystal
carrier frequency, to another amplifier. In this stage these two signals
are combined to give essentially a p-m signal. This is indicated vec-
torially in Fig. 3-19. From this stage the new p-m signal is applied to
a system of frequency multiplication and conversion in order to ob-
tain the necessary deviation and carrier frequency output.

The foregoing analysis was based on the assumption that the audio
modulating signal is constant in frequency. In this instance only the
amplitude of the audio signal is a determining factor in the amount of
phase deviation. However, if the frequency of the audio were varied,
this would cause a change in the amount of frequency deviation pro



ESSENTIALS OF F-M TRANSMITTERS 89

portional to the modulating frequency. This is an undesired charac-
teristic because it was stated that in p.m. only the amplitude and not
the frequency of the audio should vary the amount of phase deviation.
Since the audio frequencies involved in speech and music are by no
means constant but vary over the complete audio range, there must
be some means to prevent this variation of audio frequency from
causing an increase or decrease in the amount of deviation. This is
accomplished by the audio correction network, which is in the audio
part of the system preceding the balanced modulator. This network
effectively makes the p-m signal equivalent to an f-m signal.

Each vector OD in the vector diagrams of Fig. 3-19 represents the
resultant p-m signal. It is seen that these vectors vary in amplitude
as well as phase. To insure negligible distortion, the phase angle
changes are made very small. If the phase deviation exceeds a certain
value, distortion will result. This puts a limit on the strength of the
double sideband, because the carrier, when added to the double side-
band, controls the amount of amplitude and the phase of the resultant
signal. To maintain linearity between modulating voltage and angu-
lar deviation, the amplitude of the double sideband is made very small
compared with the carrier, so that the resultant p-m signal has an
insignificant variation in amplitude. The amplitude limiting action of
the following frequency multiplier stages will clean up most of this
amplitude variation.

In the Armstrong system, as operated today, the initial amount of
phase deviation is so adjusted that for 100 percent modulation (75-ke
output peak deviation) the peak phase deviation for am audio fre-
quency of 50 cycles is 11.06°, and this produces an output that is below
one percent distortion. The curve of Fig. 3-21 will make this clearer.
This figure is a curve of initial peak phase deviation versus the per-
centage of output distortion. The system is so arranged that it operates
at point A on the curve where, for an initial peak phase deviation of
11.06°, the distortion is approximately 0.9 percent. To find the exact
amount of frequency swing that is equivalent to this phase swing of
11.06°, the lowest audio frequency that the set is designed to pass is
multiplied by the amount of peak phase shift in radians. What has to
be done is to change the 11.06° into radians. (One radian is equivalent
t0 57.3°.) Therefore we have:

. 11.06°
Peak frequency swing — 50 cycles XW

Peak frequency swing — 50 % .193
= 9.65 cycles

Thus, for a minimum audio modulating frequency of 50 cycles (at
less than one percent distortion), the 11.06° peak phase deviation is
equal to a peak frequency deviation of 9.65 cycles. At first this small
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amount of frequency deviation makes it appear as though a tremen-
dous amount of multiplication is needed to obtain the necessary 75-kc
deviation for 100 percent modulation. This was true in the case of the
original transmitter, but in the new Armstrong transmitter the actual

&
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Fig. 3-21. Initial peak phase deviation plotted against percentage of dis-
tortion in the output.

amount of multiplication stages have been cut down. This will be seen
in the next chapter. In the original system for a peak frequency devia-
tion output of 75 ke, the 9.65 cycles would have to be multiplied
approximately 7500 times. However, this would indicate that the
original crystal oscillator frequency of 200 kc, if passing through all
these multipliers, would be multiplied out of the broadcast range of
the f-m bands. In other words the 200-kc crystal frequency multiplied
7500 times would result in an output carrier frequency of 1500 mc,
which is nowhere near the frequency band allotted to f~-m broad-
casting, either on the old band or the new band.

It has just been explained that the crystal oscillator frequency can-
not be multiplied as many times as the frequency deviation. If the
same number of multipliers are used for the crystal oscillator fre-
quency, how then is this effect of high carrier frequency output pre-
vented? This is accomplished by heterodyning down the carrier fre-
quency after it has passed through a number of multiplication stages,
as is seen from the block diagram of Fig. 3-20. The conversion system,
appearing between a series of two multiplier stages, has two signals
injected into it. One signal is obtained from a fixed crystal oscillator
within the conversion block, and the other is the f-m signal obtained
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after passing through a number of multiplication stages, These two
signals beat together, and in the output circuit of the converter is a
selective intermediate frequency network which selects only the dif-
ference frequency between the two. A new f-m signal decreased in
center frequency then appears at the input to the other multipliers, so
that, when multiplied by the rest of the multipliers, the final carrier
frequency output will be the exact frequency of transmission re-
quired. The whole crux of the situation is that the amount of fre-
quency deviation is not changed by the system of conversion, thus
enabling the correct carrier frequency and frequency deviation to be
at the output of the transmitter.

To obtain the necessary f-m output signal, the amount of p.m. that
is procured is made inversely proportional to the frequency of the
modulating audio signal. This is taken care of by the audio correction
network, the analysis of which is given in the next chapter.

Other Transmitter Stages

Up to this point we have dealt with those parts of the f-m trans-
mitters that are essentially different from those of the a-m transmitter.
The primary differences centered around the modulator, oscillator,
and multiplication stages. These stages of f.m. are really the most
important in the transmitter, because their purposes are so very dif.
ferent from those actually employed in a-m transmitters. The stages
following the multiplication system in f.m. are very similar in circuit
operation to those in a.m. These are the intermediate power amplifier
and power amplifier stages.

One of the chief differences between the a-m and f-m power ampli-
fier stages is that in a.m. the modulation is accomplished somewhere
within these power stages, whereas in f.m. the modulation is accom-
plished before the frequency multiplication stages. In either case, f.m.
or a.m., the primary concern of the power amplifier stages is to in-
crease the power of the signal to be transmitted. However, the tuned
circuits in f.m, have to be designed to handle ‘he high frequencies
that are involved, and the tubes so chosen that they will be able to
handle these frequencies. It should be remembered that the new f-m
band is around 100 mc, about double the frequencies of the old f-m
band. ‘

Another interesting feature is that in f-m transmitters a consider-
able frequency deviation is involved. This means that the tuned cir-
cuits in the power stages or the set have to be broad enough to handle
the maximum bandwidth that is associated with f.m. In wide-band
f.m., (that is, those f-m transmitters employed for commercial broad-
casting in the 100-mc band) the maximum peak frequency deviation
is equal to 75 ke for 100 percent modulation, which means that the
tuned circuits in these transmitters have to be quite broad in order to
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avoid distortion. In narrow-band f-m transmitters the bandwidth is
not so large, so the tuned circuits in the power stages used are not
too broad.

Aside from these two important considerations, the power amplifier
stages in f.m. have to take into account the same factors as a.m. Since
the operation of the new f-m broadcast transmitters is in the 100-mc
region, special neutralizing circuits have to be employed to counteract
certain lead inductances and capacitances which have appreciable
effect at these high frequencies.

An extremely important consideration for the correct operation of
the f-m transmitter is the design of the antenna system. If the antenna
is not perfectly matched to the final power amplifier stage or if it is
incorrectly situated, then no matter how well the remainder of the
transmitter functions, the final transmitted f-m signal will be of poor
quality. Such factors as distortion, power loss, standing waves, and
the like add to the poor quality of transmission when the antenna
system is not properly designed. This topic of transmitting antennas
will be discussed in greater detail in chapter 5.
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QUESTIONS
CHAPTER 3

With regard to the frequency multiplication stages of a-m and
f-m transmitters, where does the modulation take place in each—
before or after these stages? Give the reason for your answer for
the f-m transmitter.

In brief, what can be done to a simple R-L-C oscillatory tank cir-
cuit to amplitude-modulate it? To frequency-modulate it? Give
the answers in terms of varying a circuit element.

What part does the frequency and amplitude of a modulating sig-
nal play in producing an f-m wave?

‘What is the name of the basic type of tube circuit used to cause
frequency modulation of a carrier signal?

. What are the names and symbols of the three basic tube constants?
. Define g,, and 7,,.

. What is the mathematical relationship between g,,, 7, and x?

. In the basic reactance tube circuit, as seen in Fig. 3-4 on page 57,

two impedances, Z, and Z,, are inserted in the output. If one im-
pedance is reactive (capacitive or inductive), what must the other
impedance be?

. According to the reactance tube circuit of Fig. 3-4, what are the

four possible combinations of Z; and Z, that will permit thé tube
to function as areactance tube?

The impedance that a reactance tube injects is not purely reactive
but also contains a resistive component. What is done so that this

resistive component has a negligible effect compared to the re-
active component?

What is the phase relationship between the plate current and volt-
age across the output terminals of a reactance tube circuit in which
the injected resistive component has a negligible effect? Discuss
the phase relationship with regard to the injected reactance being
capacitive in one case and inductive in another.
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Upon what characteristic of a vacuum tube does the injected im-
pedance (both the resistive and reactive components) of a re-
actance tube depend?

. Does the injected resistance which is in series with the injected

reactance of a reactance tube, depend upon the resistor in the out-
put circuit of the tube, whether this resistor is represented by Z,
or Z, in the output circuit of Fig. 3-4 on page 57? Explain.

. If the g,, of a reactance tube is equal to 5000 micromhos, what is

the injected series resistance?

. When it is desired to keep the injected series resistance of a re-

actance tube as low as possible, is it best to use a tube having a
high or a low transconductance? Why?

Assume a reactance tube circuit as shown in Fig. 3-7(B) on page
60, where R is equal to 50,000 ohms, C is equal to 50 uuf. and the g,,
of the tube used is equal to 7500 micromhos. What is the value of
injected inductance?

. If an audio signal input to the grid of this tube is such that g,, of

the tube varies 2500 micromhos above and below the 7500-micro-
mho value, what is the total variation in injected inductance?

Assume a reactance tube modulator circuit as shown in Fig. 3-8 on
page 63.

. What components determine the frequency of oscillations of the

circuit with no audio input to the grid of the reactance tube?

. If Z, is a capacitor and Z, a resistor, will the frequency of oscilla-

tions decrease or increase when the g,, of the reactance tube in-
creases?

. If Z, is a resistor and Z, a capacitor, will the frequency of oscilla-

tions decrease or increase when the g, of the reactance tube de-
creases?

Assume a reactance tube modulator circuit similar to that of Fig.
3-8 on page 63, with no audio applied and a fixed value of 300
microhenrys inductance injected across the L-C oscillator circuit.
With this injected inductance and elements L and C, where L is
equal to 500 microhenrys, the oscillatory frequency equals 5 mec.
If upon application of an audio signal the g,, of the reactance tube
changes in such a manner that the injected inductance varies 25
microhenrys above and below its original injected 300-microhenry
value, what is the peak-to-peak frequency deviation of the f-m
signal produced? What is the maximum and minimum instantane-
ous frequency of the f-m signal?

Are crystal oscillators used as the master oscillator to produce an
f-m signal in direct f-m transmitters? Why?



3-14.

3-15.

3-16.

3-17.

3-18.

3-19.

ESSENTIALS OF F-M TRANSMITTERS 92-Q3

If a delay network, consisting of a reactance in series with a very
high-valued (compared to the reactance) variable resistance, is
shunted across the output of a crystal oscillator circuit, what is the
maximum amount of phase change that can occur when the re-
sistor is varied from its maximum to zero value?

In the circuit of Fig. 3-13 on page 71, how can a linear variation in
the dynamic plate resistance of the tube be secured?

In the automatic frequen:y control circuit of Fig. 3-14 on page 74,
what is the output voltage at point A when the oscillator frequency
is stable?

For the circuit of Fig. 3-14 on page 74, assuming the frequency of
the oscillator tube V, to be higher than the other signal used for
the process of heterodyning; then

. If the control voltage is such that the bias on the tube becomes less

negative, has the frequency of the oscillator tube V, increased or
decreased to cause this change?

. If the oscillator tube V, shifts in frequency above its center or

resting value, does the transconductance of the reactance tube in-
crease or decrease?

. If the injected inductance from the reactance tube is said to de-

crease because of the instability of the oscillator tube V,, what
must have happened to the resting frequency of the oscillator?

. In f-m transmitters, what type of amplifier circuit is used for fre-

quency multiplication?

. The output circuits of frequency multipliers are usually tuned to

one of three harmonics. What are they?

. Why is the output signal of a class C amplifier rich in harmonics?

. What are the possible arrangements of the tubes in a frequency

multiplication system utilizing any combination of doublers, trip-
lers, and/or quadruplers to give an output frequency of 90 mc for an
input oscillator frequency of 7.5 mc? The order of appearance of
the multiplier stages is unimportant.

. If a frequency multiplication system consists of a doubler, tripler,

tripler, and doubler, in the order named, what is the output fre-
quency of the first tripler stage for an input oscillator frequency
of 7.5 mc? The output frequency of this complete 4-stage multi-
plier system is considered to be what harmonic of the 7.5-mc os-
cillator frequency?

. If the desired output frequency of a transmitter is 105.3 me, and a

frequency multipliaction system consisting of a doubler and two
triplers is to be employed, what is the required oscillator fre-
quency?
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3-20. a. Why does the process of modulation in f-m transmitters take

3-21.

3-22.

3-23.

3-24.

3'250

3-26.

3-27.

3-28.

3-29.

place before frequency multiplication?

. Given an f-m transmitter with a multiplier system consisting of

two doublers and one tripler, a master oscillator frequency of 8.0
me, and an initial peak frequency deviation of the oscillator signal
equal to 4.5 kc, what is the center frequency of the final output
f-m signal from the transmitter and the final peak-to-peak de-
viation?

Under what conditions will the number of components (sidebands
plus carrier) of an f-m wave be the same as that of an a-m wave?

If the two sidebands of an a-m wave or those of an f-m wave with
a deviation ratio less than 1/2 are added, what is the name of the
resultant signal that is the outcome of this addition?

What is the phase relationship between the double sideband and
the center frequency component of:

. An a-m wave?

. An f-m wave having a modulation index less than 1/2?

In brief, how can an indirect f-m signal be optained from an a-m
signal?

Does the Armstrong system employ direct or indirect f.m.?

In the original Armstrong transmitter:

. What stage is used to suppress the center frequency component of

the a-m signal?

. Why is the amplitude of the double sideband made much smaller

than that of the carrier signal with which it is later combined?

If the initial peak phase swing of the original Armstrong trans-
mitter was 8.5 degrees at a frequency of 75 cycles, what would be
the equivalent peak frequency swing?

What is the purpose of the heterodyning system in the original
Armstrong transmitter?

Why must the tuned circuits in the power output stages of f-m
transmitters be very broad as compared with those in a-m trans-
mitters?



CHAPTER 4
TRANSMITTERS OF TODAY

In the previous chapter the basic theory of the operation of f-m
transmitters was discussed. Different types of modulator systems were
studied as well as the theory underlying the need for frequency mul-~
tiplication. The original Armstrong system was also analyzed to
familiarize the reader with the first type of so-called f-m transmitter
that the FCC allowed to operate. These topics should have inculcated
a fairly good idea of how f-m transmitters operate. Chapter 4 will
consider a number of different transmitters that are in operation
today. Included in this group will be the commercial stations that
operate on the broadcast band (wide-band f.m.) and other trans-
mitters, such as police and ham sets, that operate on the narrow band.
This reference to wide band and narrow band is with respect to the
amount of frequency deviation employed. In the transmitters to be
discussed the type of modulation employed differs for different sets.
For instance, in the Armstrong transmitter indirect f.m. is used (ini-
tially starts with p.m.), in the Federal and RCA transmitters direct
f.m. is used, and in some police and ham equipment indirect f.m.
is used.

Discussion of these various different transmitters will introduce new
subjects, heretofore not analyzed. To comprehend fully how the nu-
merous different types of transmitters operate, many of these new
topics will have to be studied, among them frequency division, pre-
emphasis, motor frequency control, audio correction (predistortion),
and balanced modulators. Analysis of these topics will be included
with the discussions of the different transmitters. For instance, the
topic of audio correction or balanced modulators will be discussed in
conjunction with the Armstrong system. This does not mean, how-
ever, that a particular topic is concerned only with the transmitter
under discussion. Audio correction networks and balanced modulators,
for example, may also be employed in other transmitters that use
phase shifting to obtain the final required f-m signal. This should be
kept in mind throughout this chapter,

93



94 F M TRANSMISSION AND RECEPTION

Analysis of the different f-m transmitters in operation today is
going to be made by comparison, wherever possible, of their construc-
tion on the old f-m band and on the new f-m band. It should be
remembered that the old f-m band was between 42-50 mc and the
new band between 88-108 mc.! Discussion will center about the ex-
citer unit and frequency control systems (if any) of the main trans-
mitter. Although the change over from the old to the new f-m band is
an increase in frequency of approximately two to one, the purpose was
not at all to increase the frequencies of all stations by exactly twice
the old frequency. Consequently, there had to be a number of changes,
including the master oscillator and frequency multiplication stages.
All this will be seen as the chapter progresses.

Audio Correction

Under the discussion of the Armstrong transmitter in chapter 3, it
was stated that in order to have the p.m. directly tantamount to f.m.,
the amount of phase deviation had to be independent of the frequency
of the audio modulating signal. To accomplish this the audio input
frequency to the system had to pass through an audio correction net-
work, sometimes known as a predistorter. Essentially, the effect of
this correction network was to make the ratio of output amplitude to
its input amplitude inversely proportional to the audio frequency.
Since the phase deviation that would ordinarily occur, without cor-
rection, would be a function of the audio frequency, call it f, then
with the correction network inserted, the output audio frequency (to
the balanced modulator in this instance) is proportional to 1/f. Con-
sequently, it is seen that the effect of the audio frequency upon the
amount of phase deviation is canceled by the correction network. The
amount of phase deviation of the p-m signal is not affected by the fre-
quency of the audio signal, but by its amplitude only, which is exactly
what happens in direct f.m.

To explain this in somewhat greater detail let us consider the simple
audio correction network as illustrated in Fig. 4-1. The circuit is
nothing more than a simple RC series network in which the output
voltage is taken across the capacitor C. Across terminals A, B is im-
pressed the audio frequency voltage E. Due to the impedance of the
circuit, a series current I is caused to flow through R and C. If the
resistance of R is made much larger than the reactance of C for all
audio frequencies involved (down to 50 cycles), the current deter-
mining component is primarily R, and the reactance of C has negligible
effect on the amount of current flow. Since this is so, it can be said

'Of this new 88-108 me band the frequencies between 88 and 92 mc are
allocated for educational f.m., those between 92 and 106 mc are allocated
for commercial £.m., and those between 106 and 108 mc for facsimile.
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that the current flowing in the series circuit is primarily dependent
upon R and we can write from Ohm’s law that:

E
R

Since the reactance of C has negligible effect on I, the frequency of
the audio voltage also has negligible effect on the amount of current.
It is only the reactance of an a-c circuit (if any), whether it be in-
ductive or capacitive, not the resistance, that changes with frequency.
Therefore, the element in this circuit that changes with frequency is
the capacitive reactanae, but, since the magnitude of this reactance is

I=

A v c
Fig. 4-1. A simple audio cor-
rection network, consisting of
an RC series network in
which the output voltage is
taken across the capacitor C.
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very small as compared to R, its effect on the amount of 1 can be
neglected. In this respect the current I is said to be independent of the
frequency and primarily dependent upon R and upon the magnitude
of E, as indicated in the above relation.

Now the amplitude of the voltage E, appearing across the capacitor
C (across terminals C, D) is applied to the balanced modulators and
is supposed to be inversely proportional to the frequency of the modu-
lating signal. By the prearranged condition that R be much greater
than the reactance of C, this is possible. This is simply proved by the
following mathematics:

The voltage E, across the capacitor is, by Ohm’s law, equal to the
current flowing through the capacitor multiplied by the reactance of
the capacitor. The reactance of a capacitor, designated as X,, is in=
versely proportional to frequency and in exact terms is:

1
2xfC

where X, is the amount of capacitive reactance in chms
f the frequency of operation in cycles per second
C the capacity in farads
« anumerical quantity equal to 3.14.

The voltage E, is then equal to the current I multiplied by X,, or to be
more concise:

X, = in ohms

1
Eo=g1c
In this last expression the current I is the same current I as in the
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first equation, where I — E/R, (because it is a series circuit and in
such a circuit the current throughout is always the same) and by
substituting the expression for I from the first equation into the last
cne, we find:
g~ ER__E
¢ 24fC T 2xfCR

Since 2xCR is a numerical constant (, C, and R have predetermined
values) we can call this constant by the letter K and rewrite the
foregoing as

_E
°*=Kf

From this last equation it is readily seen that the voltage E, across
the capacitor C (that applied to the balanced modulators) is directly
dependent upon the amplitude of the incoming audio voltage E and
inversely proportional to the frequency f of the audio signal. Thus,
the required prerequisites for the amount of p.m., being independent
of the audio frequency, have been attained by making the voltage
input to the modulators proportional to 1/f (that is, inversely propor-
tional to f.)

This type of circuit is also referred to as a predistorter network
because it distorts the frequency response curve of the input to the
modulators that would be present if the corrective network were not
there. In the case of a true speech or music signal, which is a complex
audio wave, the ratio of distortion between the harmonics and the
fundamental frequency is such that the fractional reduction follows
the number of the harmonic.

The output of the correction network is often fed into a linear am-
plifier, because there is a loss in gain when going through this correc-
tion network.

E

Balanced Modulators

A balanced amplitude modulator, as previously mentioned, serves
the purpose of producing in its output circuit only the double side-
band portion of th~o modulated input r-f signal. Numerous djfferent
types of circuit arrangements can produce the desired double side-
band. This output containing the intelligence can then be shifted in
phase and recombined with the carrier signal, effectively producing a
new signal that is phase modulated.

As an illustration of the operation of a typical balanced modulator
(tube modulator) let us consider the balanced modulator circuit as
used in the original Armstrong transmitter. The schematic for this
modulator circuit is shown in Fig. 4-2. Since both the old and new
f-m bands are in operation. Armstrong devised a dual system where
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the same crystal oscillator and balanced modulator is simultaneously
used to operate on both bands. This will be more evident in the next
section. Let us consider the balanced modulator circuit of Fig. 4-2
without any audio input signal applied to the screen grids to see how
this system balances out the carrier frequency. The input control grids
are effectively connected in parallel, through similar RC networks.
Some of the output from the crystal oscillator is applied to the control
grids of each modulator tube. The circuit is so arranged that the same
amount of oscillator voltage at the same phase is applied to each grid.
With the necessary equal supply voltages on the tubes, equal plate
current will flow in each tube. With the same polarity on the individ-
ual grids, the polarity (or phase) of the signals on both plates is also

“Lla
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Fig. 4-2. Schematic of the balanced modulator circuit used in the original
Armstrong f-m transmitter.

in phase but shifted, of course, 180 degrees from that of the signal on
the grid. The plates (that is, outputs) of the tubes are connected in
push-pull through the primary of transformer T,. This means that the
plate signal currents will flow in opposite directions as indicated by
the arrows in Fig. 4-2. This is exactly opposite to what happens in a
regular push-pull power amplifier circuit where the grids, however,
are in push-pull and receive out of phase but equal voltages, making
the plate polarities of opposite phase. Flowing in opposite directions
in the balanced modulator circuit, the plate currents when combined
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induce no voltage into the secondary coil L, of transformer T,. This is
fully explained as follows:

The signal plate current from the upper modulator tube flows
through the L, part of the split primary of transformer T, and sets
up a varying magnetic field in accordance with the crystal oscillator
frequency. The signal plate current from the lower modulator tube
flows through the L, part of the primary of the same transformer. The
current flowing through L, also sets up a varying magnetic field in
accordance with the oscillator frequency. This current, however, is
flowing in the opposite direction to the previous current, which means
that this magnetic field is varying in an opposite manner to the other
field. Since the primary of the transformer is center-tapped and since
the signal plate currents are equal in magnitude and of the same
phase, the effect of the two varying magnetic fields is such that they
cancel each other. They induce equal voltages across the secondary
of the transformer, but these voltages have opposite polarities and
cancel each other whereupon no voltage appears across the output
terminals of the secondary. We have just seen how the balanced
modulator tubes will function with respect to just a carrier frequency
signal applied to its input control grids. Under this condition of opera-
tion it is found that no signal appears in the output circuit at all,
which means the unmodulated carrier frequency was suppressed.

The balanced modulator circuit is very critical. If any unbalance
exists in the circuit such that the plate currents flowing from both
tubes (with no audio applied) are not equal, then some of the carrier
frequen 'y will appear in the output circuit, because the varying mag-
netic fields do not quite cancel each other. Consequently, both modu-
lator tubes have to be as nearly equal in tube characteristics as is
possible. Also the voltages supplied to both tubes have to be exactly
the same. This includes both d-c supply voltages and the input crystal
oscillator signal.

From this same diagram of Fig. 4-2, but with the audio input circuit
connected as shown, we can determine how the double sideband
component alone is obtained and shifted in phase by 90 degrees.

We have an audio input transformer, T,, so arranged that the sec~
ondary is center tapped with the tap going to B+. The other terminals
of the secondary are respectively connected to the screen grids of both
modulator tubes. When an audio signal is applied across the primary
of the transformer, equal voltages are applied to the screen grids due
to the center-tapping of the secondary. The crystal oscillator fre-
quency, already impressed across the control grids, causes r-f current
to flow in the plate circuit, and the audio signal impressed on the
screen grids amplitude modulates this plate current at the audio fre-
quency. Thus, initially the system starts with a.m. The audio trans-
former is connected push-pull to the screen grid which means that
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although the signal voltages applied to these grids are of the same
value, they are of opposite polarity. This is the same type of situation
that exists in a push-pull amplifier stage which uses a transformer
input to obtain the necessary phase inversion. Consequently, the audio
signal causes an unbalance between the two modulator tubes, and, as
mentioned before, any unbalance in the system causes a voltage to
appear across the secondary of the output transformer T,. If the tubes
are perfectly balanced as far as everything except the audio signal is
concerned, the audio signal will be the only cause of unbalance, and
the output voltage across the secondary of T, will contain a signal that
is varying in polarity and amplitude in accordance with this audio
signal. This is more fully explained as follows:

Assume that for one-half cycle of audio the polarity on the termi-
nals of the primary of T, is indicated by the plus and minus marks in
Fig. 4-2. Since by transformer action the signal induced in the sec-
ondary, from the magnetic field caused by the primary, is 180 degrees
out of phase with the primary signal, the polarities across the sec-
ondary will be as indicated. Thus, according to the polarity of the
primary, the polarity across the secondary is such that the top of coil
L, is more positive than the bottom of L;. This means that for the half
cycle of signal input under discussion, the voltages on the screen grid
of the uppel tube will be more positive than that voltage on the screen
grid of the luwer tube (indicated by the positive and negative signs
respectively.) On the other half cycle of the audio signal input, the
polarities between the two screen grids reverse, with the lower screen
grid becoming more positive with respect to the voltage on the upper
screen grid. In either half cycle the system is thrown out of balance as
a result of unequal voltages on the screen grids. The audio signal then
amplitude modulates the r-f plate currents and in the output of the
system appears an a-m signal.2

In the output circuit of the system of Fig. 4-2 are two series reso-
nant circuits; capacitor C, in conjunction with inductance L, and
capacitor C, in conjunction with inductance L,. Both form series reso-
nant circuits which are broadly tuned to the crystal oscillator fre-
quency. The tuning of each series tuned circuit is made broad by the
resistors R, and R, that are in parallel across each series circuit. The
tuned circuits are made broad enough so that they will be selective to
both sideband frequencies as well as the center frequency. Since the
tuned circuits are in series resonance, they will offer a minimum
amount of impedance to the tuned frequency, and, consequently, most
of the r-f plate current will flow in the directions indicated in Fig. 4-2
with very little through R, and R,. The plate currents, now being

'It should be remembered that the amount of a.m. is very slight in order
to have the a-m sidebands of the correct strength, so that the p-m signal
to follow will have negligible amplitude variations.
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slightly amplitude modulated, consist of a center frequency compo-
nent and two sidebands, an upper and a lower. The center frequency
component of the a-m signal is at the frequency of the crystal oscil-
lator, and it has been shown how, with the system in balance for the
crystal oscillator frequency, this frequency is suppressed. This also
happens to the center frequency component of the a-m wave, and,
consequently, all that is left is the two sidebands which combine into
the double sideband in T,.

These sidebands contain the audio intelligence, and, therefore, vary
at a rate determined by the audio signal. Because this audio signal
creates an unbalance in the modulator tubes, the double sideband
component of plate current in one tube will at one-half cycle of audio
form a magnetic field about its half of the primary of T, with its north
pole towards the center tap. The signal current in the other tube will
produce a magnetic field with its north pole away from the center tap.
Thus, the felds are effectively in series, aiding one another, and a volt-
age of double sideband frequency will be induced into the secondary
of T,. The strength of this voltage depends upon the strength of the
two r-f plate currents, which in turn cause magnetic fields about the
individual halves of the primary of T,. On the other half cycle of
audio, the situation is reversed, and the magnetic fields point in the
opposite direction. This causes a double sideband signal to be im-
pressed across the secondary of T, as before.

Thus, the balanced modulator system produces only the double
sideband signal of an a-m wave, As has been stated, this double side-
band has to be shifted in phase by 90° and then recombined with the
crystal carrier signal to obtain the necessary slightly modulated p-m
wave which is equivalent to a slightly modulated f-m wave as deter-
mined by the audio correction network. The next problem is shifting
this double sideband in phase by the required 90°, This phase change
takes place in the output transformer T,. (It is often referred to as
the phase shifter.)

Before the voltage is induced into the secondary of T,, the double
sideband component that produces the magnetic field about the pri-
mary of the transformer is an exact component part of a true a-m
wave with respect to phase. The use of some vector diagrams will
make it easier to understand how the phase change from primary to
secondary comes about. In an untuned transformer, the voltages in
the primary and secondary are 180° out of phase. While in any in-
ductor the current lags the voltage by 90°. In Fig. 4-3 (A) the pri-
mary current I, is seen to lag the primary voltage E, by 90°, It is also
known that the secondary induced voltage E, lags the primary cur-
rent I, that causes the induced voltage, by 90° and this is likewise
shown in Fig. 4-3 (A). This means that the current I,, caused by the
induced voltage E,, lags this "-oltage by 90°, because the secondary is



TRANSMITTERS OF TODAY 101

an untuned inductance This means that the currents in thé primary
and secondary, as well as the voltages in the primary and secondary,
are 180° out of phase with each other. All this is vectorially illustrated
in Fig. 4-3 (A).

With these phase relations established, let us refer back to the out-
put transformer of the balanced modulator circuit of Fig. 4-2. Since
the primary of the transformer is series tuned (as previously dis-
cussed) it offers a purely resistive impedance to its broad resonant

AE,

(A e, (8)  YEs

Fig. 4-3. Vector diagrams of the voltage and current relationships of an
untuned transformer (A) and output transformer (B) of balanced modu-
lator circuit shown in Fig. 4-2.

frequency. This means that the current and voltage in this primary
circuit are in phase with each other. This is shown vectorially in Fig.
4-3 (B) where I, and E, are the respective primary current and volt-
age. As in the case of the untuned transformer, voltage E, induced in
the secondary lags the current flowing through the primary by 90°,
as indicated by the respective vectors. From this vector diagram it is
consequently seen that the voltage induced across the secondary is
80° out of phase with primary voltage E,. Thus, we have established
the fact that the output transformer T, having a tuned primary as
indicated in Fig. 4-2 and an untuned secondary causes a phase shift
of 90° between the voltage in the primary and secondary. (The actual
change is such that the secondary voltage E, lags the primary voltage
by 90°.)

Hence, since the double sideband is the only component appearing
in the output circuit, it is shifted in phase by 90° because of the in-
herent phase relations of the output transformer circuit. This double
sideband is then combined with the crystal carrier frequency, and the
combination is such that the resultant signal is varying in phase and
amplitude as indicated in the vector diagrams of Fig. 3-19. If the am-
plitude variations in the resultant signal are made to have negligible
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effect (accomplished by producing a slightly a-m signal to start with
so that the amplitude of the phase-shifted double sideband compo~
nents is very small compared with the amplitude of the carrier), the
resultant signal is effectively varying only in phase. Due to the nature
of the audio correction network, the relationship of the phase change
is such that the resultant signal is equivalent to a frequency-modu-
lated wave,

ARMSTRONG “DUAL CHANNEL” TRANSMITTER

The characteristics of the original Armstrong transmitter and the
accompanying circuit discussions are considered necessary, because
they were the original circuits upon which the basic foundation of
am. to p.m, to f.m. was built. The Armstrong transmitter, as in use
today, employs a similar technique of indirect f-m transmission, but
the circuit is quite different. At the time of this writing both the old
and the new f-m bands are in operation. To make sure that those radio
receiver sets tuned to the old band receive f-m signals, as well as
those radios designed for the new f-m band, the Armstrong trans-
mitter at Alpine, N. J., as well as some other stations of today, works
simultaneously on both bands. In this transmitter arrangement the
Armstrong dual channel phase shift modulator is employed. The mod-
ulator is still energized by a crystal controlled oscillator and the
modulation process is still from a.m. to p.m. to f.m. This dual modu-
lator system, however, produces desired effects which were not avail-
able with the original system.

Before discussing the modulator system let us first study the com-
plete transmitter as operating on both f-m bands from a block dia-
gram view. Fig. 4-4 is a block diagram of the Armstrong *“dual chan-
nel” transmitter as operated on both bands. The frequency of trans-
mission on the old band is 44.1 me, and on the new band 93.1 mc, To
comprehend how the system functions to produce both frequencies of
transmission simultaneously, it will be best to analyze the block dia-
gram from the beginning of the circuit and trace the path of the
signal.

The frequency of the crystal oscillator is 190 ke, and this signal is
impressed across a buffer amplifier stage before it is applied to the
dual modulator system. The dual modulator system, which also has an
audio signal injected into it, functions in such a manner that a p-m
signal appears in the output of both modulator tubes. This p-m signal
has a peak phase deviation of 11.06° as compared with the peak devi-
ation of 75-kc output from the transmitter proper (for 100 percent
modulation) for a minimum audio frequency of 50 cycles. (As pointed
out before, this is for a final output of less than one percent distortion.)
The equivalent frequency deviation, for this amount of phase devia-
tion, at 50 cycles of audio is equal to 9.65 cvcles. This may sound like
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a very small figure in conjunction with the 190-ke crystal oscillator
frequency, but when the small amount of allowable distortion output
is taken into account, this frequency deviation is considered to be
good. The necessary amount of multiplication in conjunction with a
double conversion system brings the original peak deviation up to the
necessary 75 ke. This will soon be evident. The upper part of the block
diagram (above the horizontal center line) is used on both bands,
whereas the lower part has one section devoted to the old band and
one to the new.

The modulator circuit is so arranged that, although the f-m outputs
are the same, the deviations are out of phase with each other. This
means that, if the input to the upper tripler section is such that the
frequency deviation first swings in a decreasing direction, the fre-
quency swing of the input to the lower triplers will be in an increasing
direction. In other words, when the frequency swing of the f-m signal
to one tripler section makes the instantaneous frequency of the f-m
signal a minimum, the frequency swing of the f-m signal to the other
tripler section makes its instantaneous frequency a maximum. As a
result, the frequency deviations of the f-m signal input to the triplers
are of opposite polarity at any one instant of time. This is indicated by
the polarity markings next to the peak frequency deviation values
accompanying the carrier frequency component in Fig. 4-4.

What we now have at the input to the tripler sections is the same
center frequency component of the f-m signal, but the peak frequency
swings are of opposite polarity. If we send these f-m signals through
a series of separate multipliers, the peak frequency deviation will
be multiplied by the same amount as the center frequency com-
ponent. In this transmitter there is employed a dual chain of four
tripler multiplication stages into which each individual f-m signal
output from the modulators is injected. The total multiplication of
the four tripler multiplication stages is 3 X 3 X 3 X 3 or 81 times.
Thus, at the output of the last tripler in each chain the center fre-
quency component of the f-m signals will be 190 kc multiplied by 81,
or 15.39 mc, from both dual channels, since the frequency input to the
first triplers is 190 ke. The values of the individual center frequency
components of the f-m signal before they enter the different triplers
are indicated next to the arrow showing the direction of flow.

The frequency deviation is also multiplied 81 times, and with the
original peak deviation equal to 9.65 kc, the output peak deviation
from the last tripler of each multiplication chain will be 781.5 cycles.
Throughout the process of multiplication the polarity difference be-
tween the two separate frequency deviations is maintained, the sepa-
rate deviations being 180° out of phase with each other. This is indi-
cated by the polarity signs accompanying the 781.5-cycle markings on
the block diagram of Fig. 4-4.
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Next to be treated is one of the most important parts of this dual
channel system of frequency modulation — namely the double con-
version system which has the purpose of doubling the frequency devi~
ation and producing a new center frequency component. The outputs
from both tripler chains are injected into separate mixer stages. To
secure stability of the new center frequency, a crystal oscillator is
used which operates at a frequency of 918.75 kc. The output from this
crystal oscillator is injected only into the lower mixer of the system.
Conversion takes place inside this mixer stage and, due to the selec-
tivity in the output circuit of the mixer, the output frequency is equal
to the f-m signal frequency less the crystal oscillator frequency.
Therefore, we have 15.39 mc less 0.91875 mc which is equal to 14.47125
mc. This output f-m signal, which still has the same amount of fre-
quency deviation (this was discussed in the preceding chapter), is
injected into the upper mixer stage.

Let us realize something at this moment. The lower mixer stage had
an f-m signal and an unmodulated carrier signal injected into it with
the result that the new signal is still frequency modulated and lower
in value but with the seme deviation frequency as the original f-m
signal input. The upper mixer tube has two f-m signals injected into it,
one from the previous mixer and the other from the last tripler stage
of the upper multiplier system of the dual channel arrangement. The
task of conversion in this mixer tube is somewhat different. The selec-
tive circuit in the output is such that the difference frequency between
the two f-m signals is selected. The upper frequency (center fre-
quency components of course) is 15.39 mc and the lower frequency
14.47125 me, and the difference between these two signals is equal to
918.75 ke, the exact frequency of the crystal oscillator used in the first
conversion circuit. Thus, the output frequency from the double con-
version system does not depend upon the 190-kc master crystal oscil -
lator frequency, but rather upon the crystal frequency of the conver-
sion system, so that the master crystal frequency does not have to be
exactly 190 ke but can vary somewhat on either side.

The really important feature of this double conversion system is the
relationships of the individual frequency deviations of the two f-m
signal inputs to the upper mixer tube. As is known, these frequency
deviations are of opposite polarity (input to the multiplier chains),
but the amount of deviation in each case is the same—781.5 cycles.
Calling the f-m signal input from the tripler to the top mixer f and the
other f-m signal input from the bottom mixer to the top mixer f,, the
frequency output will be f — f,. The frequency of f is equal to a 15.39-
me center frequency component and also a 781.5-cycle peak deviation.
The frequency f, is equal to a 14.47125-mc center frequency compo-
nent and also a 781.5~cycle peak deviaion, If, at any one instant ot
time, the freguency deviaticn of f advances to a maximum positive
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value, the frequency deviation of f, will advance to a maximum nega-
tive value. With this in mind, let us perform the subtraction of f — f,
to obtain the output f-m signal from the mixer at the instant that the
peak deviation of f is swinging in the maximum positive direction.
Therefore, we have

15.39 mc — 14.47125 mc = 918.75 ke for the center frequency com-
ponent, and for the frequency deviation we have:

{781.5 cycles) — (—1781.5 cycles) = 781.5 4 781.5 = 1.563 ke

This indicates that at the instant of time indicated, the actual fre-
quency swing of the output f-m signal from the top mixer is equal to
twice the original deviation.

Considering the peak deviation swing of f at the moment it is in the
maximum negative direction means that the peak deviation swing of
f, is in the maximum positive direction. If we still perform the mixer
function of f — f,, we find that the center frequency component does
not change but that the deviation will be:

(—"781.5) cycles — (4781.5 cycles) — —1.563 ke.

This indicates that at the other extreme end of the peak deviation of
the f-m signal inputs to the mixers, the peak deviation of the f-m
signal outputs from the conversion system is still twice the original
deviations, but in a negative direction.

The final outcome of this double conversion system is to produce a
new f-m signal that has a different center frequency component equal
in value to the crystal oscillator frequency employed in the conversion
system, and also to double the frequency deviation that occurs at the
output of the last tripler stages. The new signal output from the double
conversion system is ar f-m wave that has a center frequency com-~
ponent equal to 918.75 kc and a peak deviation equal to 1.563 kc.
From here, this f-m signal is split up for transmission on the two sepa~
rate bands.

Two individual channels are provided for this, as shown in the bot-
tom part of the block diagram of Fig. 4-4. One produces the frequency
output of 44.1 mc on the old band and the other produces the fre-
quency output of 93.1 mc on the new band. Analysis of these two
channels is very simple, Part of the f-m signal output of 918.75 ke with
a peak deviation of 1.563 kc is passed directly through a new chain of
multiplier stages to produce the 44.1-mc output for the old band. To
obtain this 44.1-imc output in conjunction with the necessary 75-ke
peak frequency deviation it is found, if we divide 44.1 mc by 918.75
ke, that the amount of multiplication needed will be 48. Likewise,
dividing the peak deviation of 75 kc by the peak deviation of 1.563 ke
it will be found that the amount of multiplication needed is also 48.
Consequently, the chain of multipliers into which part of this new f-m
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signal is injected, has a multiplication of 48. To secure this multiplica-
tion four doubler stages, from which a multiplication of 16 is obtained
(2 X2X2X2=16), and a tripler stage are used, thus 16 X 3 = 48.
If we multiply 918.75 kc by 48, the frequency found will be equal to
44.1 me, and if we multiply 1.563 kc by 48, the peak deviation found
will be equal to 75 kec. From the output of these multiplier stages the
signal is applied to the necessary power amplifiers and antenna, Thus,
it is easily seen how the intelligence is conveyed on the old f-m band.

The other part of the 918.75-kc signal that is taken off the double
conversion system is applied to the second channel, namely that one
producing the 93.1-mc signal for the new band. Since the maximum
amount of peak frequency deviation must remain the same on both
bands and since the initial amount of peak deviation is still equal to
1.563 ke, the same amount of frequency multiplication of 48 has to be
employed in this system to insure the final 75-ke deviation output.
Therefore, the multiplication system consists of four doublers and one
tripler the same as for the old band. However, the center frequency
component has to be much greater than 918.75 ke in order that a
multiplication of 48 increase this frequency component to 93.1 mec.
This is accomplished by a single conversion system.

This part of the 918.75-kc f-m signal from the double conversion
system is first sent through an amplifier stage to increase its strength.
Afterward it is injected into a mixer tube along with an external
signal from a crystal oscillator whose frequency is equal to 2858.25 kc.
It is known, from the analysis of the double conversion system and
Armstrong’s original transmitter, that, when an f-m signal and an
unmodulated carrier are mixed together for the process of conversion,
the frequency deviation of the f-m signal remains unchanged. With
the output circuit of the mixer tuned to the difference frequency be-
tween the two input signals to the mixer, the signal output will be
equal to 2858.25 ke minus 918.75 ke, or 1.9395 me. Thus, the f-m signal
output from the mixer stage will have a center frequency component
equal to 1.9395 mc but a peak frequency deviation still equal to 1.563
kc. This signal then enters the multiplication stages in which the
1.9395-mec signal is multiplied 48 times to give a center frequency
output of 93.1 mc, and, as mentioned before, the 1.563-kc deviation is
multiplied 48 times to give the 75-kc deviation output. After the mul-
tiplication stages, the output f-m signal is applied to the necessary
power amplifiers and antenna for transmission. The power amplifier
stages and antenna are separate circuits for each frequency of trans-
mission.

Dual-Channel Phase-Shift Balanced Modulator

The heart of the Armstrong transmitter of today is the dual channel
phase-shift balanced modulator. In discussing the block diagram of
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the Armstrong transmitter we passed lightly over the modulator
system merely stating the character of the output signals without re-
vealing how they were obtained. The reason was that this analysis is
quite intricate compared with the rest of the system and therefore
requires a more detailed discussion.

The schematic diagram for this modulator system is shown in Fig.
4-5. Only two tubes are used for the modulators, similar to the origi-
nal Armstrong balanced modulator circuit. In the newer system, how-
ever, the analysis is quite different and entails a great deal about phase
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Fig. 4-5. Schematic diagram of the dual-channel phase-shift balanced
modulator used in the present Armstrong transmitter.

relations. Once the phase relationships within this circuit are fully
understood, there will be no difficulty in understanding the function
of this modulator circuit. To learn how this modulator system func-
tions, we will divide it into two parts and discuss each part individ-
ually. We will first consider that part of the system up to and iucluding
the load resistor R and afterward analyze the rest of the system.

It was previously mentioned that there exist several forms of bal-
anced modulator circuits which suppress the carrier and produce only
a double sideband output, The first part of the circuit of Fig. 4-5 is a
balanced modulator system having the same function as the circuit of
Fig. 4-2, but by a different method. Let us first understand how this
new modulator system works to suppress the carrier frequency, with-
out any audio applied, and with the system in perfect balance,

The output from the crystal oscillator and buffer stages is trans-
former coupled to the balanced modulatos control grids, so that the
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voltages applied to the respective grids are in push-pull (that is, 180°
out of phase). The resistance-capacitance networks at the input are
phase-shifting networks which shift the phase of the push-pull sig-
nals by 90°, but the signals on the grids are still 180° out of phase with
respect to each other. (More about this phase-shifting network later.)
With the signals on the grids in phase opposition, the r-f voltages
appearing at the plates of both tubes are also 180° out of phase with
each other. If you will notice, the plates of the modulator tubes are
connected in parallel, so that the plate currents from each tube flow
in the same circuit. However, since the modulator tubes are balanced,
the two r-f plate currents are exactly equal in magnitude but of oppo-
site polarity, and thus their combined effect is zero because they bal-
ance each other. Thus, with the tubes operating in balance, no r-f
output voltage appears across the load resistance R, even though there
is a carrier signal input to the two grids of the modulator tubes. It is,
consequently, seen how there is suppression of the carrier signal.

If there is any unbalance in this system, the two plate currents will.
differ, and an r-f voltage output will appear across the load resistance
R. If the unbalance is caused by an audio push-pull input to the screen
grids of the modulator tubes, the result will be the same as that in the
original Armstrong modulator of Fig. 4-2. That is, the audio signal
would amplitude modulate the carrier and, due to the unbalance
caused by the audio, the double sideband component of the a-m signal
will appear across the load resistance R during both alternations of
the audio signal. The center frequency component of the a.m. (equal
in frequency to that of the crystal oscillator) is suppressed because of
the balance of the system with respect to the r-f input. Consequently,
it is seen how the double sideband output of the a-m signal appears in
the output of this system. It should be remembered that the percentage
of a.m. is small, so that the amplitude of the double sideband is small
in comparison with that of the crystal carrier frequency with which it
is to be combined.

Understanding how this modulator works, let us now look into
some of the phase relations in this circuit. The input circuit to the
balanced modulator is redrawn in Fig. 4-6 together with a vector
diagram describing its action. The voltage E is that voltage of crystal
frequency that appears across the secondary of the input transformer.
The polarity of this voltage is such that the top part of the coil is of
opposite sign from the lower part. (This is a natural function of any
coil.) If the capacitance-resistance networks did not have any effect
on phase change, equal but out of phase voltages would still appear
on the modulator grids. This means that half the magnitude of voltage
E is applied to both grids. In Fig. 4-6 E, and E, are equal to each
other, and each is equal to half of E (in magnitude only.) Due to the
inherent phase quality of a coil, both of these voltages are 180° out
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of phase with each other with respect to ground. This is indicated in
the accompanying vector diagram where E; and E; are shown as being
180° out of phase with each other but equal in magnitude. The net-
works of C;R, and C;R, are so arranged that the capacitors and re-
sistors respectively are equal to each other and the value of the
resistances are very much smaller (ratio of over 1 to 100) than the
capacitive reactances (at the crystal frequency).

Owing to this arrangement the individual capacitance-resistance
networks are effectively capacitive, and the currents flowing in the
individual circuits lead the voltage across them. If the current flowing
through R, is designated as I,, this current is leading the voltage
E, by 90°, as seen in the vector diagram. The current I, flowing
through R, is leading voltuge E; by 90°. These currents, I, and I,,
are really one individual current since the complete network is a series
circuit, but due to the ground connection between the two resistors,
R, and R,, the current when flowing through R, is said to be flowing
toward ground and that flowing through R, is said to be flowing away
from ground, so that they have individual phase relations with respect
to the voltages E,; and E,. Consequently, it is said that these two cur-
rents are also 180° out of phase with each other. The voltage drop Eg,
across the resistance R, caused by current I, is in phase with this cur-
rent but 90° out of phase (leading) with voltage E,. Likewise, the
voltage drop Ej, across the resistance R, caused by current Iy is in
phase with this current but 90° out of phase (leading) with voltage
E,. This is all indicated on the vector diagram,

Referring to this vector diagram of Fig. 4-6 what has happened is
that the voltages now appearing across the modulator grids Ep; and
Epg, are each 90° out of phase with the voltages E; and E; that would
have appeared on the grids, had the resistance-capacitance network
resulted in no phase shift. However, it will be noted that the voltages
EpR, and E,, now appearing on the modulator grids are still 180° out
of phase with each other.

The effect of this whole system is to shift the input carrier frequency
to the modulators by 90°. Thus, when the audio signal amplitude
modulates the carrier plate current the double sideband produced in
the output of the modulator will already have been shifted in phase
by 90°, so that it is now ready to form the necessary p-m signal as in
the original Armstrong transmitter.

In other words this modulator system first shifted the carrier in
phase by 90°. Then the carrier is amplitude modulated, and, since the
resultant sideband output from the balanced modulator has been
already shifted in phase, no output phase shifter is needed. This phase-
shifted double sideband component now appears across the load re-
sistor R ready to be impressed across the rest of the network.
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Since the reactances of the capacitors C,; and C, are so much greater
than the resistances R, and R, the voltage drops across these resist-
ances are very small compared with the total voltage applied across
the network. The vector diagram illustrates this voltage relation but
not to true scale, because, in order to be accurate, voltages E, + E,
would have to be more than 100 times larger than the resistance volt-
age drops.
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Fig. 4-6. The current and voltage distribution (A) in the input circuit to
the balanced modulator of Fig. 4-5 and the vector representation (B) of
these electrical conditions.

To clarify the relationship between the phase differences of the
voltages across the secondary of the input transformer and those ap-
plied to the modulator grids, vectors are drawn close to the coil ter-
minals and grids of the modulator tubes in Fig. 4-6 (A).

We now come to the latter half of the dual-channel phase-shift
balanced modulator circuit of Fig. 4-5, that part appearing after the
load resistance R. Let us first analyze this circuit when no audio
voltage is applied to the modulators. In this case no r-f output appears
across the load resistance R. Connected to both ends of the secondary
of the input transformer are two coupling resistors R, and R;. These
resistors couple some of the r-f voltage appearing across the secondary
directly to the grids of the first tripler tubes. This voltage is at the
frequency of the crystal oscillator. To understand the phase relation-
ships between this coupled voltage and the sideband voltage as they
both appear on the first tripler grids, we have to simplify the network
appearing to the right of resistor R.
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It is false to say that in Fig. 4-5 the capacitor C, and the inductance
L,, or the capacitor C, and inductance L, constitute simple series tuned
circuits. Although this may appear to be the case, the effect of the mu-
tual inductance as caused by the coupling between L, and L, has to be
taken into account. Inductance Ly and L, are parts of a center tapped
coil such that Ly and L, are wound in series aiding. This makes the
mutual inductance additive to the total inductance across the com-
plete coil. If the mutual inductance is designated as the letter M then
the total inductance across the entire coil is equal to L, + L, + 2M.
However, if the inductance across each individual half of the coil is
measured, the values found would be just L, and L, respectively.

Due to these measurements the center tapped coil can be repre-
sented by an equivalent circuit. This circuit is shown in Fig. 4-7. In
part (A) of this drawing the original coil is shown with the indication
that mutual inductance exists between the individual halves and in
part (B) the equivalent network is drawn. To show that they are
equivalent we can measure the inductances betwcen the respective
terminals to see if they are the same. For example, across terminals
3 and 5 in Fig. 4-7 (A) we would measure L; and across the same
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Fig. 4-7. The center-tapped coil, L and L, of Fig. 4-5 is shown in (A)
with the indication that mutual inductance M exists between the two
halves of the coil. The equivalent network is shown in (B).
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terminals in Fig. 4-7 (B) we would measure (L; + M) — M which
is also equal to L, because the M’s cancel out, Similarly, across ter-
minals 4 and 6 in part (A) we find L,; across the same terminals in
part (B) we have (L, + M) — M which is also equal to L,. Thus, it
is seen that the two circuits are equivalent to each other.

With this in mind we can then simplify the other half of the net-
work of Fig. 4-5 not yet analyzed. This is illustrated in simplified form
in Fig. 4-8. Capacitors Cy and C; are both equal to each other, and so
are the inductance values of L, and L;. The total inductance across
points X and Y is L, + L, + 2M, and this total inductance is in reso-
nance, at the crystal oscillator frequency, with the two series capaci-
tors C, and C,. Since at resonance a tuned circuit is purely resistive
to the resonant frequency, the voltage from the secondary of the
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modulator transformer coupled into the tripler grid eircuits through
R, and R, does not change in phase. This means that the phase of the
carrier voltage at the top of the modulator secondary is the same as
that of the voltage at the upper tripler, and the phase of the ‘carrier
voltage at the bottom of the modulator secondary and at the lower
tripler also are the same. These voltages at the tripler grids are smaller
than those at the secondary of the modulator input transformer be-
cause of the voltage drop in coupling resistors R, and R,. Since R, and
R, are equal to each other, the carrier voltages on the tripler grids are
equal in magnitude. It should be remembered that, since the voltages
at the secondary of the modulator transformer are in phase opposition
(that is, 180° out of phase), so are the voltages at the tripler grids.

1sT
TRIPLER

1sT
TRIPLER

Fig. 4-8. Circuit equivalent to that coupling the double sideband output
of the balanced modulator to the grids of the tripler tubes of Fig. 4-5.

With audio applied to the modulator there appears a double side-
band output signal across the load resistance R of Fig. 4-5. Due to the
90° phase shift of the carrier input to the modulator, the double.side-
band output is already 90° out of phase with the carrier signal across
the secondary of the modulator transformer. This double sideband
output appearing across the load resistor is designated as Egg in Fig.
4-8. The circuit that couples this sideband voltage to the tripler grids
is shown in equivalent form in Fig. 4-8. Examining this equivalent
circuit and the circuit of Fig. 4-5, it will be noted that capacitors Cj
and C; are omitted. The reason for this is that C; is just a d-c blocking
capacitor to prevent d.c. from getting on the tripler grids and C, is
just a bypass capacitor in the plate load circuit of the modulator tubes.
Both of these capacitors are high enough so that they have negligibly
small reactances at the high frequency of operation and can be con-
sidered as r-f short circuits, The resistors and capacitors in the cathode
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circuits of the triplers are also omitted because, at the frequency of
operation, the capacitors are likewise equivalent to a short circuit. So
the cathodes are shown grounded as far as the r.f. is concerned,

We can also consider the resonant elements as the combination of
two series resonant circuits. At resonance, the reactance of the series
combination of C, and C; is equal to the reactance of the series combi-
nation of Ly + M and L, + M. Since C; equals C, and L; + M equals
L, + M, the reactance of C, alone equals the reactance of Ly, + M and
the reactance of C, equals the reactance of L, + M, both at the fre-
quency of the crystal oscillator. This means that Ly + M and C, are in
series resonance as well as L, + M and C,. The resonance in each case
occurs at the frequency where the reactances of the inductances and
capacitances are equal, namely, the frequency of the crystal oscillator.
The resistance R, is inserted to make the resonant circuits broad
enough to have a selectivity that will admit the double sideband fre-
quencies which, at peak proportions, may have a frequency 15 ke¢
greater or less than the crystal oscillator frequency. This is so because
the audio frequency is capable of going as high as 15 kc.

At resonance in a series tuned circuit the impedance is purely re-
sistive and is at a minimum. This means that the L in Fig. 4-8 is in
series with the mutual inductance —M (effectively a negative induct-
ance) and also in series with the low effective resistance offered by
the two series resonant circuits to ground. Since capacitor C is con-
nected between one side of the coil L and ground, it is in parallel with
this series inductive and resistive arrangement, The value of L is so
chosen that it is sufficiently greater than the “negative” inductance
of —M to produce an effective inductance in parallel resonance with
C at the crystal frequency. Therefore, the double sideband voltage
Egg is delivered to a completely resistive load and undergoes no phase
changes. Since the circuit is a parallel circuit, the same voltage Egp
exists across each branch of the circuit. The reactance of the effective
inductance (of L and —M) is so much greater than the low resistance
offered by the two series tuned circuits that that branch of the parallel
circuit can be considered as almost a pure inductive circuit. As the
voltage across an inductance leads the current through it by 90°, the
current I flowing through the inductive branch of the parallel circuit
is lagging the voltage Egp across it. This is shown by the two vectors
Egp and I in Fig. 4-9 being 90° out of phase with each other, with
voltage vector Egp leading. At the center tap of the coil, point W in
Fig. 4-8, the current I divides equally into two parts, namely I, and I,.
The two circuits in which I, and I, appear, are at series resonance and
purely resistive, and no phase change occurs in the two currents with
respect to the original current I.

This is shown vectorially in Fig. 4-9 where the two current vectors
I, and I, are equal in magnitude and phase and coincide with each



TRANSMITTERS OF TODAY 115

other: both of these currents in turn are equal to half of vector I and
in phase with it. Since the currents I, and I, are equal and also since
capacitors C, and C, are equal, the individual voltage drops across
these capacitors are also equal. These voltage drops are designated as
E¢s and Eg,, respectively, Voltage across a capacitor lags the current
flowing through it by 90°, and so voltage E.; lags current Iy by 980°
and voltage Eg; lags current I, by 90°. This is illustrated in Fig. 4-9

Fig. 4-9, left, 4-10 right. Vector diagram (left) of the electrical quan-
tities indicated in Fig. 4-8, where E, and E, are equal but opposite phase
crystal frequency voltages across C, and C, respectively. Fig. 4-10 is the
vector diagram of the voltages appearing at the grids of the triplers.

where the two voltage vectors Eg, and E¢; are equal and in phase with
each other, and where both are lagging the respective currents I, and
I, by 90°,

It should be remembered that voltages Eqy and Ey, are at the side-
band frequencies but of course reduced in amplitude. These voltages
are considered the parts of the double sideband which are applied to
the upper and lower tripler grids respectively. If the vector diagram
of Fig. 4-9 is examined once more, it will be found that the two double
sideband vectors Egy and E(, are 180° out of phase with the original
double sideband signal Egp appearing across the load resistance R.

The center frequency components of voltage coupled through re-
sistors R, and R, from the secondary of the modulator input trans-
former are not changed in phase by the resistive effect of the resonant
circuit, but are only reduced somewhat in amplitude. By having a
ground between the two equal capacitors C; and C; and by having
resistors R, and R, equal, equal but opposite phase crystal frequency
voltages are applied across the individual capacitors. These voltages
are designated as E, (across Cy) and E, (across C;) similar to those
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crystal frequency voltages across the secondary of the modulator input
transformer. These voltages, although 180° out of phase with each
other, are each 90° out of phase with the double sideband output volt-
age, Egg, from the modulator tubes. This is so because of the 90° phase
shift originally given the input crystal voltage to the modulator by the
C,R, and C,R, phase shifting network. Since E, and E, are both 90°
out of phase with Egjp, their vectors are drawn as seen in Fig. 4-9. The
vector diagram shows that voltages E, and E; which are across capac-
itor C; and hence across the input to the upper first tripler tube, are
90° out of phase with each other. The same applies to vectors E, and
E¢, and capacitor C, with respect to the lower tripler tube. Drawing
another vector diagram with just the voltage vectors appearing across
the input grid of the triplers and adding the respective voltages on
each of these grids will give us a more vivid picture of the final volt-
age input to these tubes.

This is illustrated in Fig. 4-10, in which vectors Ey and Ey are the
resultant voltages that occur after the double sideband voltage is
combined with the crystal carrier signal. They are applied to the upper
and lower tripler grids respectively. These two resultant signals are
practically 180° out of phase with each other due to the small amount
of sideband voltages as compared with carrier voltages. The modu-
lator is operated so that, for less than one percent output distortion
for 100 percent modulation (75-kc peak deviation), the peak phase
deviation in either case (both being symmetrical) is 11.06 degrees for
a 50-cycle audio input, which is equivalent to a 9.65-cycle peak fre-
quency deviation.

Because of the symmetry of the complete system, the phase devia-
tions of both resultant signal inputs to the tripler grids are equal.
Therefore, phase angles 4, and 6, in Fig. 4-10 are equal, but it is seen
that Ex lags its center frequency component E; by 6, degrees and E,
leads its center frequency component E, by 4, degrees. Since vectors
E, and E, are 180° out of phase, the two resultant signals are approxi-
mately 180° out of phase, but when the frequency deviation of one is
increasing (that is, phase leading), the frequency deviation of the
other is decreasing (that is, phase lagging). When the audio signal pro-
gresses through 180° from the condition shown here, the vectors shown
in Fig. 4-10 change their relative positions. E¢, and E¢, shift 180°,
with the result that Ey then leads E,, and Ey lags E,.

We thus see that the f-m signal inputs to the two tripler grids are
such that their center frequency components are equal to each other.
However, when the frequency deviation of one causes the resultant or
instantaneous frequency to increase to a maximum, the frequency
deviation of the other causes its resultant or instantaneous frequency
to decrease to a minimum. This is the reason for the opposite polarity
signs next to the deviation frequency in Fig. 4-4.
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THE WESTERN ELECTRIC DIRECT F-M TRANSMITTER

In contrast to the indirect f-m system employed in Armstrong’s
transmitter, the transmitters of the Western Electric Company use
direct f.m. by means of reactance tubes.

Besides the power stages there are two main sections of the direct
f-m transmitter. One section produces the actual f-m signal, and the
other section is the automatic frequency or stabilization control sys-
tem. The production of an f-m signal in the Western Electric trans-
mitters is, as stated, one of direct f.m., using balanced reactance modu-
lators and a push-pull oscillator circuit. The important part of these
transmitters is the method of stabilizing the center frequency of the
push-pull master oscillator. This method of stabilization, or automatic
frequency control, is quite different from that afc circuit discussed in
chapter 3. This system is a mechanical-electrical arrangement which
uses a motor for correcting the center frequency of the oscillator. In
conjunction with this type of frequency control a frequency dividing
system is used which employs balanced ring modulators utilizing re-
generative feedback.
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Fig. 4-11. Block diagram of the Western Electric f-m transmitter without
the final power stages.

Before going into a separate discussion of these individual circuits
lets us first study the block diagram of the Western Electric trans-
mitters as operated today. In Fig. 4-11 we see such a blcck diagram,
in which the power amplifier stages are omitted from the drawing.
This block diagram is representative of the transmitters that are
operating on the new 88-to-108-mc band. The primary difference, so
far as tube functions are concerned, between the new band circuit
and the old band (42 to 50 mc) transmitter arrangement, is that, in
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place of the last doubler tube shown in Fig. 4-11 an amplifier for-
merly was used. Thus, if Fig. 4-11 is examined it will be seen that
four separate doubler stages are employed, and, hence, the total
amount of frequency multiplication is equal to 16. For a peak fre-
quency deviation of 75 kc (for 100 percent modulation) the peak
frequency deviation at the output of the modulated oscillator or buffer
stage is equal to 75/16 or 4.6875 kc. This contrasts with the trans-
mitter operated on the old band, which employed only three doubler
stages and, therefore, had a frequency multiplication of only 8. In
this respect the peak frequency deviation at the output of the buffer
(for 75-kc final output peak deviation) would have to be 75/8 or
9.375 ke — twice thal employed in the new band transmitters.

In Fig. 4-11 the two separate sections, f-m signal production and
frequency stabilization, are readily noticed. If we assume that the
transmitted center carrier frequency component is 100 mc, the fre-
quency of the master oscillator would be the division of 100 mc by
the amount of multiplication — which is 100/16 or 6.25 mc. The value
of the center frequency component of the f-m signal, together with its
peak frequency deviation, is indicated next to the input to the multi-
plier stages, denoting the frequency values of the f-m wave as they
enter the doublers.

The analysis of the direct f-m system is straightforward, but that
of the frequency control system is quite different from any encoun-
tered as yet. This frequency stabilization system is briefly described
as follows:

Some of the output from the buffer stage is tapped off and applied
to the input of a frequency divider system. This frequency divider
system consists of ten frequency division stages with each stage hav-
ing a frequency division equal to 1/2. That is, the input signal to one
divider stage appears in the output of that stage at half its original
frequency. Taking into account all the dividing stages, we have a total
frequency division system wherein a division factor of 1/1024 exists.
This value of 1/1024 is obtained by multiplying 1/2 by itself 10 times.
The frequency input to the dividing system, as tapped off the output
of the buffer stages, is equal to 6.25 mc at a peak deviation frequency
of 4.6875 ke. After passing through the complete system of frequency
division, the output frequency will be the input frequency divided by
1024. Therefore, 6.25 mc/1024 equals 6103.5 cycles and 4.6875 ke/1024
equals approximately 4.6 cycles.

From this analysis we find that the output signal from the dividing
system is an f-m signal that has a center carrier frequency component
equal to 6103.5 cycles at a peak deviation of about 4.6 cycles. This
amount of peak deviation for 100 percent modulation, may occur at
the lowest audio frequency input, namely 30 cycles; and, at this devia-
tion and audio frequency, the modulation index is about 0.15, which
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means that only two effective sidebands (one sideband pair) appear
at the output of the dividing system. (See note at end of Table 1 in
chapter 2.) If the audio frequency is increased from 30 cycles, the
modulation index will decrease, and the sidebands will never increase
beyond one pair. However, as the audio frequency is increased and
thus the modulation index decreased, the amplitude of the sideband
pair decreases while that of the center frequency component increases.
As the number of dividing stages is increased, the frequency deviation
decreases, which again means that the modulation index, for any one
audio frequency, decreases. In turn this decreases the number of effec-
tive sideband pairs and also their amplitudes and increases the center
carrier frequency component. In effect then, what a frequency divid-
ing system does to an f-m signal is to concentrate the energy of the
f-m signal into its center carrier frequency component. From what has
just been discussed, it can be seen that the frequency deviation at the
output of the dividing system, though it can never be greater than
approximately 4.6 cycles, can be less. The lower the amount of this
frequency deviation the better will be the operation of the stabilizing
motor.

The output of the last dividing stage is injected into an amplifier
using a WE349A pentode tube. The output from this amplifier is in-
jected into a frequency stabilizing circuit. Also injected into this fre-
quency stabilizing circuit is the output from a crystal buffer tube. The
frequency of the crystal oscillator which is connected to the buffer
tube is 6103.5 cycles, the same frequency obtained from the divider
stages. The output of the frequency stabilizing circuit is injected into
a four winding synchronous motor. When the output frequency of the
master oscillator is exactly in tune, the frequency output from the
divider stage is exactly the same as that of the crystal oscillator, In
this respect the stabilizing circuit functions so that there is no phase
difference in the magnetic fields set up between the different poles of
the motor, and the shaft of the motor remains stationary. If the master
oscillator becomes off tune due to some instability, the frequency out-
put from the divider system will likewise change. This means that
the input frequencies to the stabilizer from the divider system and
crystal oscillator system are no longer the same. The frequency sta-
bilizer system then produces a shift in the magnetic fields within the
motor, and the magnetic fields rotate according to the difference in
the two frequencies. The armature of the motor, being in the magnetic
field, rotates according to this same difference in frequency. The arma-
ture shaft, being connected to the variable shaft of the master oscil-
lator tuning capacitor, will change the capacitance of these capacitors

so that the frequency output from the master oscillator will be stable
again,
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Balanced Modulator and Oscillator Circuit

In the Western Electric transmitters the effect of direct f.m. by re-
actance injection is obtained in a somewhat different fashion from that
discussed in the previous chapters. The circuit for the modulator-
oscillator stage is shown in Fig. 4-12. It essentially consists of a push-
pull oscillator circuit and a reactance tube modulator circuit employ-
ing two tubes wherein the plates are connected in push-pull and the
grids in parallel so far as r.f. is concerned. The oscillator tank circuit
consists of capacitors C,, C;, C,, C,, in parallel with inductance L, and
the injected reactance from the modulator tubes. Coil L, is coupled to
coil L, and, by transformer action, some energy of oscillator fre
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Fig. 4-12. The modulator-oscillator stages of the Western Electric trans-
mitter.

quency is induced into coil L,. This energy is passed through a 90°
phase-shifting network, shown in the dotted part of Fig. 4-12, and the
output from this network is applied to the parallel grids of the modu-
lator tubes. The modulator plates are connected across the oscillator
tank circuit which in turn is connected to the oscillator plates. Since
the input r-f voltage (of oscillator frequency) to the modulators is
90° out of phase with that voltage existing on the high side of L,, it is
likewise 90° out of phase with the voltage existing on the high side of
L,. The r-f plate currents of the modulator tubes are in phase with the
voltages existing on the grids of the same tubes. The r-f plate cur-
rents of the modulators are therefore 90° out of phase with the oscil-
lator tank voltage.

To simplify all this, a simple vector diagram is drawn in Fig. 4-13.
In this diagram the voltage at the top of L, is designated as E,. Then
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by transformer action the voltage E, at the high side of L, is 180° out
of phase with E,. This voltage E, being subjected to a 90° phase shift
is designated as voltage E, as it appears on the modulator grids. (This
phase shift causes a lagging 90° change.) It is the nature of amplify-
ing vacuum tubes that the plate current is in phase with the voltage
on the grid. The plate current of the modulators is designated as I in
the vector diagram, and it is seen to be in phase with E,, the phase-
shifted voltage on the grids of the modulators. Comparing the phase
relationships of the vector diagram readily discloses that the r-f plate
current I of the modulators is 90° leading the r-f oscillator voltage
E,, at the top of L,. Although not shown in the vector diagram, I lags
the voltage at the bottom of L, by 90°, since L, is connected in push-
pull.

Because the plate currents of the modulators are in quadrature with
the voltages existing across L, in their output circuit, the modulators
effectively act as reactance tubes. This was brought out in chapter 3,
where reactance tube modulators were discussed, and also in Fig. 3-17.
In Fig. 4-13, the plate current I is leading the voltage E,; by 90°, so

Fig. 4-13. Vector dia- Iﬁ
gram of the voltages

and current appearing
in the modulator cir- —¢ »—
cuit of Fig. 4-12. £, €;

the injected reactance from the upper modulator tube would be capac-
itive. The modulator plate current, I, in the lower modulator tube lags
the voltage across the lower half of L,, and therefore, this modulator
tube injects an inductive reactance. Without any audio voltage applied
to the modulators constant values of injected reactance exist across
the oscillator tuned circuit, which is part of the initial ‘determining
factor of the oscillator frequency. If an audio signal is applied to the
modulators, the plate currents of both modulators change in accord-
ance with the varying audio which is superimposed upon the bias to
the modulator tubes, which is equivalent to changing the g,, of the
tubes. Since the plate currents are quadrature currents, they are
referred to as being reactive currents.

The audio signal is applied to the modulator tubes in push-pull, so
that the audio voltages on their grids are always of opposite polarity.
When on one-half of the audio signal] the bias on the upper tube is
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decreased by a certain amount, the bias on the lower tube is increased
by the same amount. Or, the g,, of the upper tube is increased while
that in the lower tube decreases. The capacitance injected by the
upper tube will increase, because it is directly proportional to g,, of
the upper tube. The inductance injected by the lower tube will also
increase because it is inversely proportional to the g, of the lower
tube, and the g,, is decreasing. Consequently, an increasing capaci-
tance and inductance is injected across the oscillator tank circuit at
the same time. Both increasing reactances cause the frequency of the
oscillator to decrease.

When the audio signal is such that the bias on the upper tube in-
creases, the bias on the lower tube decreases. Consequently, the g,, of
the upper tube decreases, while in the lower tube it increases. Due to
this action the injected capacitance from the upper tube and the in-
jected inductance from the lower tube both decrease, causing an in-
crease in the frequency of the oscillator. Under the same conditions of
audio input, the frequency swing that the oscillator is subjected to
is greater than if only one reactance tube were used, for the reason
that both tubes inject reactances which cause the oscillator to shift
in frequency in the same direction. The amplitude of the audio signal
determines the amount of oscillator frequency swing (that is, devia-
tion), and the frequency of the audio signal determines the rate of
change of the frequency deviation, and thus an f-m signal output is
obtained.

From the high side of L, some f-m voltage is injected into the grid
of the buffer stage which in turn is connected to the frequency multi-
plication and division systems. The capacitors of the tank circuit are
so arranged that C, and C, are ganged and are varied together by
manual means. Capacitors C, and C, are also ganged, but the shaft of
this ganged control is attached to the shaft of the synchronous control
motor and thus capacitors C, and C, are automatically variable to
correct for frequency drift of the master oscillator,

THE CBS DIRECT F-M TRANSMITTER

The new FCC frequency allocations giving the 88-t0-108-mc band
to frequency modulation were released in the fall of 1945. This was
just after World War Il ended, and many companies had war con-
tracts to terminate, which prevented the immediate production of new
f-m transmitters. The Columbia Broadcasting System (CBS), in order
to remain on the air on the new band, decided to convert the old-band
f-m transmitter to the new band as soon as possible. The conversion
idea was adopted because of limitations in time and material at that
time. A block diagram of the circuit for the old band is shown in Fig.
4-14 and for the new band in Fig. 4-15. Both employ reactance tubes
for direct f.m. and also automatic frequency control systems of the
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electronic kind described in chapter 3. The center frequency of trans-
mission on the old band was 46.7 mc and on the new band itis101.1 me.

Referring to Fig. 4-14, the transmitter setup as operated on the old
f-m band, a frequency multiplication of 9 is provided by the use of
two triplers. Thus the master oscillator center frequency is equal to
46.7 mc/9 or 5.189 mc. At the output of the last tripler, an 807 tube,
the f-m output is at its required frequency and is impressed across a
push-pull driver stage consisting of two 807’s. This push-pull stage is
the driver for the final power amplifier stage which is also a push-pull
stage and consists of two 8002R’s. The peak frequency deviation is
shown, with plus and minus signs, as well as the center frequency
component of the f-m signal, at the respective input sections to the

different stages of the set.

For the automatic frequency control system employed, the output
intermediate frequency from the mixer is 3 mc. Some of the 46.7-mc
f-m output signal from the final power amplifier stage is injected in
this mixer. Also injected into the mixer is a 43.7-mc unmodulated
signal from a crystal oscillator system. This crystal oscillator system
consists of a 4.8557-mc crystal oscillator and two triplers, so that the
final output from this system is 4.8557 % 9 or 43.7 mc. The function
of first tripler and crystal oscillator is accomplished by the same 1614
tube. From the two inputs to the mixer it is readily seen that the
difference frequency between 46.7 mc and 43.7 mc is 3 mc. The rest of
the afc circuit is of conventional design, where the output of the dis-
criminator is applied to the grid of the reactance tube, thereby
opposing any shift of the center frequency of the master oscillator.

In Fig. 4-15 the new f-m circuit is drawn in block diagram form.
An extra multiplication stage, an 807 doubler, and an extra crystal
multiplier, a 7C5 doubler, are the primary changes in the circuit
design. Since the frequency of transmission is changed, the master
oscillator and crystal oscillator frequency are likewise changed. The
multiplication stages employed are a tripler, doubler, and tripler in
the order named. Thus, the total amount of multiplicationis 3 X 2 X 3,
or 18. With the frequency of transmission 101.1 me, the master oscil-
lator frequency will have to be 101.1 mec/18 or 5.617 mc. Similarly, for
a 75-kc peak deviation output for 100 percent modulation the initial
peak deviation of the f.m. signal from the modulated oscillator is
75/18 or 4.167 ke. Thus, we obtain an f-m signal of a center frequency
of 5.617 me with an initial peak frequency deviation of 4.167 kc that
is impressed across the first frequency multiplier stage, namely a
tripler. The last multiplication stage, also a tripler, is a push-pull
stage using an 829-B duo-beam power tube, This 829-B multiplier,
besides being used as a tripler, is also a driver for the push-pull power
driver which utilizes two Eimac 4-125A’s.

OQOuly two changes were made in the automatic frequency control
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system used on the old band. The crystal was changed from 4.8557 me
to 5.45 mc and a doubler tube was inserted between the last tripler
and mixer stage. This arrangement made it possible for a higher un-
modulated crystal controlled frequency to be injected into the mixer
tube. The crystal multiplication setup has the same amount of multi-
plication as the f-m section. That is 3 X 3 X 2 (tripler, tripler, and
doubler) gives a total multiplication of 18. This means that the crystal
controlled frequency input to the mixer tube is equal to 5.45 mc X 18,
or 98.1 mc. This unmodulated 98.1-mc signal plus the fm. 101.1-mc
signal taken from the output of the final power amplifiers are both
injected into the mixer. The output circuit of the mixer is tuned to
the difference frequency between these two signals, so that an i-f sig-
nal of 3 mc is injected into the discriminator stage. The rest of the
action of the control circuit is familiar enough not to warrant any
further discussion.

THE NBC DIRECT F-M TRANSMITTER

Before the f-m band of 88 to 108 mc was allocated, the f-m trans-
mitter of the National Broadcasting Company in New York City was
transmitting an f-m signal of 45.1 mc. The block diagram for this
transmitter is illustrated in Fig. 4-16. It will be noticed that the type
of frequency control is an automatic frequency control system (afc)
similar to that discussed in chapter 3. The type of modulation is direct

REACTANCE TER INTER. AMC | FINAL 1451MC
0 INJECTED | MASTE! 3.01'MC [TRIPLER [13.033 TRIPLER [ 45,1 MC POWER 43.1MC

AT
WPUT | DL ATOR [REACTANCE| s gme Fo3rc] x3 x3  [£78%C] aape. [£75%C| ampL. [+ T3RC

15,033 MC

3 $25KC
.033 M CAYSTAL
OR 1MC MIXER LA L OSCILLATOR
+25kC 16.033MC

Courtesy NBC

Fig. 4-16. Block diagram of the old band NBC direct f-m transmitter
operating on a center frequency of 45.1 mc.

f.m., wherein the modulators inject some reactance into the tuned
oscillator circuit. For the center frequency output of 45.1 me, the
master oscillator frequency is tuned to 5.011 mc, due to the use of two
tripler multipliers. What we have is 5011 mc multiplied three times,
and the output of the first tripler is equal to 5.011 X 3 or 15.033 mc.
This is injected into another tripler which changes the frequency to
15.033 X 3 or 45.1 mc. The 45.1-mc output is then passed through the
proper power amplifiers for transmission. The initial amount of peak
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frequency deviation of the f-m signal, as it enters the first tripler,
must be equal to 8.33 kc in order that its output, when multiplied 9
times by the two triplers, be equal to 75 ke for 100 percent modulation.

From the output of the first tripler some of the f-m signal of
15.033-mc center frequency component is injected into a mixer stage.
Also, into this mixer stage is injected a crystal controlled oscillator fre-
quency of 16.033 mc. In the output circuit of the mixer is a tuned cir-
cuit that selects the 1-mc difference frequency between the two input
signals. This 1-mc signal is applied to a discriminator tube, and the
output from this discriminator is impressed across the grids of the
modulator tubes. If the oscillator becomes unstable, this afc circuit
functions so that the injected reactance across the oscillator circuit
changes in the direction necessary to put the oscillator back on
frequency.

For the f-m band of 88 to 108 mc, station WNBC received the fre-
quency allocation of 97.1 mc. Today station WNBC operates only on
this new frequency assignment, having discarded the old transmitter
setup. Instead of revamping the old circuit they incorporated a new
transmitter, the block diagram of which is illustrated in Fig. 4-17. In
this transmitter two primary changes have been made, one being the
addition of an extra multiplication stage and the other the changing
of the frequency control or stabilization circuit.

This is noticed in Fig. 4-17. In analyzing this diagram let us first
start with the f-m section. The type of modulation is direct f.m., simi=-
lar to that used on the old band. That is, reactance tubes frequency
modulate the oscillator, and the output is a direct f-m signal which is
injected into the multiplication system. Two frequency triplers and
one doubler are employed to give a total frequency multiplication of
18 (that is, 3 X 3 X 2). Therefore, since the output frequency is
97.1 mc, the frequency of the master oscillator must be 97.1 mc/18 or
5.394 mc. Likewise, for a 75-kc peak deviation output for 100 percent
modulation, the peak deviation of f-m signal as taken from the
oscillator-modulator stage is equal to 75 kc/18 or 4.167 ke. This f-m
signal of 5.394-mc center frequency component in conjunction with a
peak deviation frequency of 4.167 kc is injected into two tripler stages.
The respective frequency multiplication is indicated by the values of
the center frequency component and peak deviation frequency on the
diagram. The output of the second tripler being at 48.55 mec is im-
pressed across a driver amplifier, and the output of this amplifier, still
at 48.55 mc, is impressed across another multiplication stage, namely
a doubler. This doubler brings the f-m signal to its required value of
97.1 mc and the signal is then injected into the power stages of the
transmitter.
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Frequency Stabiliation System (RCA)

The frequency stabilization system of this transmitter is motor con-
trolled similar to the system employed by Weastern Electric. The fre-
quency stabilization system is a design of the Radio Corporation of
America (RCA) and is incorporated in the type BTF f-m broadcast
transmitters as manufactured by RCA. This frequency control system
is shown in block diagram form below the f-m section of NBC’s trans-
mitter of Fig. 4-17. It consists chiefly of three sections: One called the
frequency division section, another called the crystal oscillator sec-
tion, and the third called the motor control section.

Part of the output f-m signal from the master oscillator section is
fed through a series of frequency divider stages. The division of each
stage is plainly marked inside the block diagram for each stage, and
the total amount of division is therefore 3 X 4 X 4 X 5 or 240. This
means that the input f-m signal from the modulated oscillator to the
first divider being 5.394 mc (and 4.167-kc peak deviation) undergoes
a division of 240. Therefore, the output frequency from the last divider
stage is 5.394 mc/240 or 22.476 kc and 4.167 kc/240 or 17.363 cycles is
the peak deviation. The output from the crystal oscillator of 112.38 kc
is put through a divider stage of 5, so that the output from the divider
stage is equal to 112.38/5 or 22.476 ke, the same frequency as that from
the f-m divider stages. If the master oscillator is stable, its frequency
will be 5.394 mc and the output from the f-m dividers 22.476 kec. The
output from the crystal divider is split up and is sent through two
separate 45° phase-shifting networks so that the phase relationship
between the output signals of the two phase shifters is 90°. Both of
these signal outputs are fed into separate balanced modulator circuits.
Also fed into these balanced modulator circuits is the output signal
from the f-m frequency divider system.

The outputs of both these balanced modulators are fed into a four-
winding 2-phase motor. If the frequency outputs of both divider sys-
tems are the same, the magnetic fields of the motor are steady. How-
ever, if the master oscillator becomes unstable and the output fre-
quency shifts from its center component of 5.394 mc, the output from
the f-m divider stage changes from its 22.476-kc signal, and a different
frequency is impressed across the balanced modulators. These bal-
anced modulators function so that a difference of frequency between
their two input signals causes the outputs of the modulators to change
the magnetic fields of the motor and the armature of the motor rotates.
The shaft of the armature is connected to the rotor shaft of a split
stator capacitor in the master oscillator tank circuit. The armature
rotates, due to unstability of the master oscillator, turning the oscil-
lator capacitor to the extent that it changes the frequency of the master
oscillator back to its stable position. In other words, if the master
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oscillator shifts in frequency by an increase of 50 kc, the frequency
output of the divider system will be

5394 | 50 _ 5444
240 240

This means a difference in frequency between the two inputs to the
balanced modulators of 22.685 less 22.476, or 207 cycles. The outputs
of the balanced modulators will change the magnetic field of the motor
in accordance with the 207-cycle difference and the armature will
rotate. The rotation of the armature, according to this 207-cycle dif-
ference of the inputs to the balanced modulators, is such that the split
stator capacitor is varied just enough to change the frequency of the
master oscillator by 50 ke back to its desired value.

= 22.685 ke

THE GENERAL ELECTRIC TRANSMITTER

The original f-m transmitters manufactured by the General Elec-
tric Company were the direct f-m type employing the regular elec-
tronic automatic frequency control system similar to that discussed
in connection with the CBS transmitter. The f-m multiplication sys-
tem in these original transmitters employed two triplers for a total
frequency multiplication of 9. In the new f-m transmitters the General
Electric Company employs a completely different system. The new
system is one of indirect f.m. where p.m. is the initial type of modula-
tion. By using the proper audio frequency correction network the p-m
signal is made equivalent to an f-m signal. The method of obtaining
the initial amount of phase deviation is new. In these transmitters the
famous Phasitron tube is employed as the modulator and the opera-
tion of the transmitter is based upon this tube. Before we analyze the
complete exciter and modulator system, let us first study the Phasitron
tube and see how it works.

The GE Phasitron Tube

The Phasitron tube enables us to obtain wide phase deviations,
equivalent to a peak frequency deviation of about 175 cycles, from a
crystal controlled source of about 200 kc. The tube itself is quite a
complicated structure so far as regular electron tubes are concerned.
It more nearly belongs to the class of the cathode-ray tube than teo
any other type, although its size is comparatively small. A cutaway
pictorial view of the Phasitron tube is shown in Fig. 4-18, while Fig.
4-19 provides a more technical cutaway view of the functioning ele-
ments together with a simplified diagram of the circuit elements to
which it is wired. In Fig. 4-19 all the parts shown are definite physical
parts, except the so-called electron disk which is formed by a constant
stream of electrons emanating from the cathode and focused on anode
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Fig. 4-18, right. Cutaway view of the Phasitron
tube, which is used as the modulator and upon
which the operation of the GE f-m transmitter
is based.

Fig. 4-19, below. Sketch of the functioning ele-
ments of the Phasitron tube and a simplified
schematic diagram of the circuits to which they
are connected. Above and below the electron
disk is the deflection system. The deflector grids
consist of 36 wires every third one being con-
nected, making three grids each having 12 wires.
The voltages indicated in this and the next fig-
ure are typical of slightly different operating
conditions.

Courtesy of General Electric Co.

ANODE NO.2

[~ CLCCTRON O18¢

WMODULATING ANODE NO-A
coiL
L —

3-PHASL OEFLLCTORS

SHIELD TO REOUCE
INPUT-OUTPUT
CAPACITANCE

AVODIO AMPLIFIER AND
PRLEMPHASIS
cimcytt

To
~ FREQUENCY
e.3v oC MULTIPLICRS
ﬁ(a\—b}l (HEATER) —AA—

A

\ourour
UNED

T
+80v. }l LTI

-

3 PHASE R-F INPUT s 230V
38v. RMS.

AVDIO INPYT




132 FM TRANSMISSION AND RECEPTION

No. 1. A schematic diagram of the Phasitron tube is shown in Fig
4-20 with typical operating voitages shown alongside each electrode

The heater voltage is at 6.3 volts. When typical operating voltages
(such as those indicated in Figs. 4-19 or 4-20) are applied to the
tube, electrons begin to flow away from the cathode toward the two

ANODE NO.2
250V,

ANODE NO.1
200V,
) DEF LECTOR GRIDS Fig.b4-120.f Schtlaar;]matic
Y I symbol of the Phasi-
ov— }(GROUPED) 8SV. EACH  tron tube with typical
operating voltages in-
2nD Focusing  Glcated at the various
GRID 25V. elements.
CATRODE
ov. IST FOCUSING
HEATER GRID  I1OV.

6.3 V.
Courtesy General Electric Co.

anodes. Without any external r-f voltage applied to the tube, the
focusing electrodes regulate the electrons flowing away from the
cathode so that they flow in a radial fashion and are concentrated
into a thin electron disk, the shape of a flat plate. Above and below
this disk is a deflection system. Above the electron disk is the so-
called neutral plane of the deflector system, and below the disk are
the deflector grids. There are 36 deflector wires, so arranged that
every third wire is connected together, making 3 grids with 12 con-
nected wires in each. All the deflector grids and the neutral grid have
d-c potentials applied. The deflector grids are, however, excited by
an additional r-f voltage while the neutral grid is not. Therefore the
neutral deflector (referred to as the neutral plane) remains as a
source of reference potential for the other deflector grids. The r-f
voltage is a 3-phase voltage obtained from a crystal controlled source.
This crystal voltage passes through a phase-splitting network making
the r-f voltages applied to each deflector grid group 120° out of phase
with each other. For correct operating procedure, the amount of r-f
voltage should be approximately 35 volts rms as measured between
each deflector grid and the neutral plane deflector. These 3-phase
voltages as applied to the deflector grids deflect the electron disk so
that the outer edge of the disk takes on a sinusoidal shape as seen in
Fig. 4-21. In other words, there now exists an electrostatic field be-
tween the neutral deflector plane and the deflector grids, due to the
application of these 3-phase voltages. This electrostatic field, due to
the deflecting action of the deflector grids, distorts the flat electron
disk into the shape shown in Fig. 4-21. The electrostatic field also pro-
duces an effect as though the sinusoidal electron disk were rotating at
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a rate determined by the frequency of the applied 3-phase voltage and
the number of deflector wires.

The elements of the Phasitron tube are so arranged that this sinu-
soidally edged electron disk falls upon the specially constructed anodes
of the tube. Both anodes are cylindrical, but anode No. 1 is of special
construction. This anode has 24 holes punched into it, so arranged
that 12 of these holes appear above and 12 below a certain dividing
line, The dividing line is at the level of the electron disk before it is
sinusoidally distorted by the application of the 3-phase r-f voltages.
Part of this anode appears in Fig. 4-21 in conjunction with the sinu~
soidally distorted electron disk. A flattened portion of this first anode
is also shown in Fig. 4-22. The punched holes are arranged to be in

Fig. 4-21, left. A portion of
the Phasitron perforated
No. 1 anode through which
the sinusoidally distorted
electron disk flows; under
this condition No. 2 anode
receives a maximum cur-

rent.
After General Electric Co.
MAXIMUM CURRENT MINIMUM CURRENT
. . . YANODE NO.2 /_ ANODE NO.2
Fig. 4-22, right. The solid
sine wave indicates the Y

condition shown in Fig.
4-21. The dotted wave
shows the electron disk
one-half an r-f cycle
later when a minimum
current flows in the No.
2 anode.

HOLES CUT OUT ANODE NO.1
OF ANODE NO |

line with the sinusoidal rim of the electron disk. Anode No. 1 is nearer
the cathode and anode No. 2, which is a cylindrical electrode without
any holes punched in it, lies directly behind anode No. 1, as illus-
trated in Fig. 4-19.

When r-f 3-phase voltages are applied to the deflector grids, the
electron disk will become distorted, and the edge of the disk will take
on a sinusoidal shape. Let us now refer to Fig. 4-22. This diagram
shows by the solid line sine wave a picture of part of anode No. 1 at
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the instant when the rotating disk is aligned to anode No. 1 so that
the upper halves of the sine wave part of the disk are passing through
the top 12 holes of the anode, and the lower halves of the sine wave
pass through the bottom 12 holes of the anode. Under this circum-
stance these electrons forming the electron disk are practically all
passing through the holes of the first anode and, therefore, hitting the
second anode directly in back of it. Consequently, at such an instant
there is maximum current flow to anode No. 2 and a minimum current
flow to anode No. 1. If the electron disk is rotated by just one-half
cycle of the sine wave, the situation will be completely reversed. This
is also shown in Fig. 4-22, where the dotted sine wave represents the
edge of the electron disk one-half cycle of r.f, later. It is readily seen
that the electrons forming the disk no longer pass through the holes
in anode No. 1 but that most of them impinge upon anode No. 1 and
a very few reach anode No, 2. Under this circumstance, the current
flowing to anode No. 1 is a maximum and that flowing to anode No. 2
is a minimum.

For the time between these two instances the current in one anode
is decreasing while that in the other is increasing, and after they have
reached their maximum decrease and increase, the situation reverses
itself. The current that was decreasing in one anode now starts to
increase and that which was increasing now starts to decrease.

Connected to the anodes of the Phasitron is a push-pull tuned circuit
as shown in Fig. 4-19. The circuit is tuned to the crystal frequency
and, since each end of the circuit is connected to an anode, this circuit
is excited by the periodic collection of electrons by both anodes. Thus
it is seen that the output push-pull circuit connected to the anodes is
driven at the crystal frequency but, due to the currents in the anodes,
the excitation is in a special time and phase relationship. Inductively
coupled to this push-pull circuit is a single tuned circuit which serves
as the input circuit for the first multiplier tube, and hence the multi-
pliers get their excitation from this coupling arrangement.

Now we come to the important part wherein the phase modulation
is produced by an audio signal. Wrapped around the outside of the
glass envelope of the Phasitron is the modulator coil which is solenoid
wound. Part of this coil is seen in cutaway view (without the glass
envelope of the Phasitron tube shown) in Fig. 4-19. This modulator
coil, by means of electromagnetic deflection, phase modulates the
electron disk. With the proper input audio signal applied to the modu-
lator coil, a magnetic field is set up by this coil, and the coil is so
arranged that the magnetic field is perpendicular to the plane of the
electron disk. Due to this magnetic field, the electrons encounter a
force such that the sinusoidal ripples of the disk experience a phase
shift in direct accordance with the audio modulating signal. In other
words, the modulating signal, since it varies at an audio rate, shifts
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the phase of the sine wave edge of the electron disk in an increasing
and decreasing motion according to positive and negative portions of
the audio signal. The magnetic field created by the coil is concen-
trated, because of the magnetic material of which the second focusing
electrode is made, to a narrow portion of the tube at the rim of the
deflector grids; proper phase shift action upon the electron disk is
then produced within the punched hole regions of the first anode, as
seen in Fig. 4-23. Thus, this second focusing electrode serves two

Fig. 4-23. Pictorial representa-
tion of the Phasitron electron
disk while being phase shifted
by the magnetic field set up by
the modulating coil.

After General Electric Co.

purposes — electrostatic focusing of the electron disk and electro-
magnetic focusing of the audio magnetic field.

Since the electron disk is now being changed in phase, according to
the audio magnetic field, the output signal of oscillator frequency
from the Phasitron, which is coupled to the multipliers, is also changed
in phase according to the audio signal. Thus, we have a system of
directly phase modulating a high frequency signal. In order to have
the output signal from the Phasitron effectively frequency modulated,
the impedance of the modulating coil is practically a pure reactance
over the complete range of audio frequencies of 50 te 15,000 cycles.
As the audio frequency increases, the reactance also increases, in
which case the current flowing through the coil decreases. Therefore,
as the audio frequency increases, the magnetic field decreases, due to
the decrease in current, thus giving the desired inverse frequency
effect. This is similar to the effect of the audio frequency correction
network in the Armstrong transmitter, wherein an inverse audio fre-
quency network was needed effectively to produce f.m. from p.m.

Consequently, with all of these provisions, the modulation of the
Phasitron tube by the audio signal has the effect of speeding up and
slowing down the rotation of the electron disk along its edge (as
shown in Fig. 4-23) which results in an f-m output signal. The im-
portance of this Phasitron tube is that it can produce wide phase shifts
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in the crystal frequency and, with the proper modulation arrange-
ment, these phase shifts are equivalent to an f-m signal that has peak
deviations as high as 175 cycles. Due to this wide deviation only a
small amount of multiplication is needed as compared with other in-
direct f-m systems. The amount of phase shift required for this 175-
cycle peak frequency deviation does not go beyond the allowable
amount of harmonic disturtion. The audio frequency harmonic dis-
tortion for all frequencies from 50 to 15,000 cycles is less than 1.5

percent rms,
Exciter and Multiplier Units

A block diagram of the exciter unit of the GE transmitter is shown
in Fig. 4-24. This part of the system comprises the a-f, r-f, and modu-
lator units. It essentially consists of a crystal oscillator and an r-f

-
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Courtesy General Electric Co.

Fig. 4-24. Block diagram of the General Electric f-m transmitter; the
power amplifiers are omitted.

amplifier feeding into the 3-phase network input to the Phasitron
tube. Also the audio input is passed through two a-f amplifiers before
it is impressed across the modulator coil. The output of the Phasitron
tube, being an f-m signal, is fed to a series of seven multipliers having
a total multiplication equal to 432. The first three multipliers are
doublers using 6SJ7 receiving type tubes, and hence a multiplication
of 2 X 2 X 2 or 8 is obtained. The next two multipliers are triplers,
also employing 6SJ7 tubes, and their multiplication is 3 X 3 or 9; from
the input to the first 6SJ7 doubler to the output of the last 6SJ7 tripler
the total multiplication is 8 X 9 or 72. The last two multipliers are a
doubler and a tripler, respectively, making a multiplication of 2 X 3
or 6 and a total over-all multiplication of 72 X 6 or 432. The last
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multiplier (a tripler) employs a GL815 tube which, besides being a
multiplier, is also the driver for the power amplifier stage succeeding
it. The next to the last multiplier, a doubler, uses a 6V6 tube to supply
the small amount of power needed to drive the GL815 tripler tube.

For 100 percent modulation, the output f-m signal must have a peak
deviation of 75 ke. This means the necessary amount of f.rm. that oc-
curs within the Phasitron tube has to be exactly equal to the maxi-
mum allowable peak frequency deviation divided by the total amount
of multiplication. Thus 75 kc/432 equals 173.6 cycles, which means
that the output peak frequency deviation from the Phasitron tube is
equal to 173.6 cycles. The individual multiplication of this frequency
deviation is illustrated in plus and minus signs next to the particular
stages.

If an output f-m signal of 97.2-mec carrier frequency is desired to
be transmitted, the frequency of the crystal oscillator would have to
be equal to 97.2 mc/432 or exactly 225 kc. This is indicated in Fig.
4-24 along with the respective increase in frequency as the signal is
passed through the different multiplication stages. Since the new f-m
band is between 88 and 108 mc, the crystal frequency has to be be-
tween 88 mc/432, or 203.7 ke, and 108 mc/432, or 250 ke.

A schematic diagram of the crystal oscillator and Phasitron circuit
is shown in Fig. 4-25, The crystal oscillator is of the Colpitts electron
coupled type wherein the cathode, control grid, and screen grid act as
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Fig. 4-25. Crystal oscillator and Phasitron circuits of the General Electric
{-m transmitter.
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the crystal oscillator section of the 6SJ7 tube. In this instance, the
screen grid serves as the oscillator anode, and the electron coupling
occurs between this anode and the plate of the 6SJ7 tube. The output
of the second 6SJ7, an r-f amplifier, is tuned-transformer coupled to
a 3-phase-splitting network shown enclosed in the dotted box, The
output from this phase-splitting network is applied to the three de-
flector grids of the Phasitron tube, The deflector grids, neutral plane
deflector, and focusing electrodes all receive their B supply through a
special voltage divider network consisting of four fixed resistors and
four potentiometers. These potentiometers are preset so that the cor-
rect amount of B supply voltage is applied to these Phasitron elec-
trodes for the proper operation of the tube.

THE FEDERAL DIRECT F-M TRANSMITTER

The Federal Telephone and Radio Corporation employs direct f.m.
by means of injecting reactance into the oscillator tuned circuit. The
interesting thing here is that the method of reactance injection is dif-
ferent from what we have studied thus far. Another interesting thing
about these transmitters is the crystal automatic frequency control
system which is used to stabilize the center frequency of the master
oscillator. The modulator-oscillator unit in conjunction with the fre-
quency control system is trade-marked by Federal as their Freque-
matic f-m modulator system. In the analysis to follow we will discuss
three phases of these transmitters. First, the oscillator-modulator unit
will be studied, second the frequency multiplier system is discussed,
and finally the frequency control system is analyzed.

The Oscillator-Modulator Unit

A simplified schematic diagram of the oscillator and modulator is
shown in Fig. 4-26. The oscillator circuit is a conventional Hartley
oscillator where the high side of the tuned circuit is connected to the
grid of the tube and the cathode is tapped to the inductance of the
coil. The modulator tube is a pentode having a tuned circuit in the
plate load. Through the use of the ‘“Miller effect” this modulator tube
is made to inject a capacitance across the oscillator tank circuit.

An amplifier tube possesses a certain effective grid input impedance
which is measured between grid and ground. The value of this grid
input impedance changes in accordance with the plate load of the tube.
This type of effect is commonly known as the Miller effect. If the plate
load impedance of the tube has both a resistive and reactive compo-
nent at a specific frequency, the grid input impedance also contains
both a reactive and a resistive component. However, if the plate load
impedance is purely resistive, the grid input impedance is purely
capacitive.
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In the modulator in Fig. 4-26 the plate load is a tuned circuit, so
that at its resonant frequency it will offer a pure resistive load. As a
result the grid input impedance of the 6AB7 tube will be purely

After F. T. & R, Corp.

Fig. 4-26. Simplified schematic of the modulator and oscillator circuits
of the Federal f-m transmitter.
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capacitive, and a pure capacitance is injected across part of the oscil-
lator tank circuit, thereby changing its resonant frequency. The whole
crux of the situation is knowing what determines the value of the
grid input impedance; and in this circuit with the resistive plate load,
we know that the impedance is capacitive. Though it is beyond the
scope of this book to delve into the derivation of the following equa-
tion, it can be shown that the grid input capacitance for an amplifying
vacuum tube that has a resistive load is as follows:
C,=C,+ (14 4)C,

where C,;, — the interelectrode grid to cathode capacitance,

C,p = the interelectrode grid to plate capacitance,

A = the gain of the tube, and

C, = the grid input capacitance.
If the tube is a pentode, the gain A can be shown to be equal to the
product g,,R;, where g,, is the transconductance of the tube and R;, the
effective plate load resistance. Consequently, we can replace A by g,.R;,
in the above formula and the result will be:

Ci=Cu+ (14 9mR1)Cyy
In Fig. 4-26 an extra capacitance C is inserted between the grid and
plate of the tube, so that it will effectively add to the grid to plate
interelectrode capacitance C,,. The grid input capacitance C; then
becomes:
Ci=Cyu+ (1 4+ guRL) (Cypp 4 C)
The value of the C,, for the 6AB7 tube is equal to 0.015 uuf, and the

value of C used in this transmitter is much higher than C,, (being
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5 uuf). Consequently, in the foregoing equation the value of C,!,, can
be neglected for computation purposes, because its effect will be
negligible. Besides the actual value of the grid-to-cathode interelec-
trode capacitance C,;, stray wiring capacitance also must be taken
into account, so that we may consider the over-all effective grid-to-
cathode capacitance of the 6AB7 tube to be equal to about 15 puf. This
takes into account the 8 uuf “input capacitance” of the 6ABT7 tube
itself. Under these circumstances, the final equation for the input
capacitance is the following:

Ci =154 (1 4 g,R.)5 (neglecting C;)

Ci=15+4+5459,R,

C; =20+ 5g,R,0r20 4 54

This last equation tells us that the value of the input grid capaci-
tance is equal to a constant, namely 20 uuf plus a variable component
which depends upon the g, of the tube. This variable component
is equal to the capacitor C (5 uuf) multiplied by the load resist-
ance and g,, of the tube. If the value of R/, is kept constant along with
C, 9., is the only variable, and the value of C; can be made to change
in accordance with the g,, of the tube.

If no audio signal is applied to the modulator grid, a fixed value of
9. exists, and thus a fixed value of C; exists. The g,, of the tube, under
these static conditions, depends upon the supply voltages and the bias
on the tube, which consists of the fixed cathode bias plus the control
circuit voltage impressed onto the grid. For there to be a resistive load
in the modulator plate circuit, the tuned circuit must be resonant to
the frequency of the master oscillator, If this plate circuit is detuned
in any manner whatsoever by drift, or by changing of the oscillator
frequency due to the modulation effect, there will be a resistive com-
ponent in addition to the capacitive component in the grid input im-
pedance of the tube. This is undesirable, because the resistive compo-
nent in the grid input impedance will also be reflected across the
oscillator tank circuit thereby introducing a-m effects. In order that
no appreciable detuning occur, the tuned plate circuit of the modu-
lator tube is made very broad (that is, the plate tank circuit is given
a low @) by paralleling a resistor across it. This is evident in Fig. 4-26.

Under these circumstances of a low Q tank circuit in the plate of
the modulator tube and no audio applied to the modulator tube, a
specific fixed value of grid input capacitance is injected across the
oscillator tank circuit between the tap on the oscillator tank coil and
ground. Therefore, the frequency of operation of the oscillator with
no signal applied is dependent upon the inductance and capacitance
of the oscillator tank circuit plus the value of the injected capacitance
between the tap on the oscillator tank coil and ground.

‘With an audio signal applied, the g,, of the tube changes (as dis-
cussed under the topic of reactance tubes in chapter 3), and the last
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equation encountered reveals that the value of the grid input capaci-
tance also changes, thereby varying the resonant frequency of the
oscillator tuned circuit. Because the g,, changes with change in audio
amplitude, the frequency of the oscillator likewise changes in accord~
ance with the changing audio amplitude. The result is that the osecil-
lator signal becomes frequency modulated with a peak frequency
deviation proportional to the amplitude of the audio modulating signal
and a rate of change equal to the frequency of the audio modulating
signal.

A series of measurements were taken on this modulator stage with
various values of bias between the grid and ground of the modulator
tube, and the gain of the stage was computed. The method was very
simple. An r-f vacuum tube voltmeter was placed between grid and
ground and another between the plate and ground of the tube, and
the ratio of these two vacuum tube voltmeter readings, as a function
of the grid voltage E., was determined to be the gain A. In Table 3 for
different valwes of E., the gain A and the computed values of C, are
tabulated.

TABLE 3

E, A c, C,+C, C,xC; C, Cp C, o
(volts) (gain)  (uuf)  (uuf)  (wuf)  (eaf)  (unf) (uuf)  (ke).

5 16.90 1045 159.5 5750 36.1 8.30 155 —13.20

4 15.50 97.5 1525 5360 352 8.10 135 —11.50
3 13.80 89.0 144.0 4900 340 17.84 1.09 — 9.30
2 1210 80.5 1355 4430 32.7 17.52 ST — 6.55
1 103 71.5 1265 3930 31.0 7.14 39 — 331
0 8.56 62.8 1178 3450 293 6.75 0 0
—1 7.22 56.1 1111 3080 27.7 6.38 — .37 3.15
—2 5.75 48.8 103.8 2680 258 595 — .80 6.80

—3 4.60 43.0 98.0 2360 241 555 —1.20 10.20
—4 3.63 38.2 922 2100 225 518 —1.57 13.3
—5 2.79 34.0 89.0 1870 21.1 485 —1.90 A 16.1

Adjustable coupling capacitor C, in the circuit of Fig. 4-26 is in-
serted to couple the modulator grid circuit to the oscillator tank. This
capacitor is made adjustable, so that for a certain change in grid volt-
age, a fixed frequency swing (that is, frequency deviation) is obtain-
able at any particular oscillator frequency. If this capacitance C, were
connected to the high side of the oscillator tank coil, a great deal of
r-f signal from 'the oscillator would appear on the modulator grid. This
is not wanted, so the capacitance C, is tapped to the oscillator coil,
reducing this value of injected r-f signal, and, hence, the injected grid
input capacitance appears across only part of the oscillator tank coil.

The actual capacitance that is injected across the cathode tap of the
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12J5 oscillator tank coil is determined by the input capacitance C; of
the modulator tube in series with the variable capacitor C,. Since these
two capacitances are in series their total capacitance, call it Cpg, is as
follows:
Cr= Cy X C;
Ci+Cy
As used in'this experimental run, the value of C 4 Was measured on
a @ meter and found to be equal to 55 uuf. Consequently, from the
different values of C; in conjunction with C,, a series of values of
C4y XC, Cy + Cy, and hence Cy were computed as shown in Table 3.
The value of Cp is not the actual capacitance injected across the
complete oscillator tank circuit but only across the tapped cathode
part of the tank. To determine the effective value of injected capaci-
tance across the entire oscillator tank a so-called transfer ratio be-
tween the tapped portion and the whole coil was found. The transfer
ratio is equal to some constant value, designated as the letter K, and
from this known value of K the final total effective capacitance, Cy,
across the entire oscillator tank is equal to:

Cr =KC,

where Cj is as explained before. From experiment K was found to
equal 0.23, and therefore C; was equal to 0.23 Cj. Next to the column
of C in Table 3 are the computed values of Cr, using K equal to 0.23.

The next column gives the change in effective injected capacitance,
Cp, from the reference value of C, when E, is zero. When E, is zero,
Cris 6.75; therefore,

Cp=Cr—6.75

For example, for 5 volts E, the change in capacitance Cj, is found to
equal 1.55 uuf. This was found by subtracting the 6.75 puf capacitance
of Cp for 0 volt E, from the 8.30 uuf capacitance of Cp for 5 volts E,.
For 4 volts E,, 8.10 puf exists for C; and from this, 6.75 uuf of Cyp for
0 volt E; is subtracted from the 8.10 uuf to give C, equal to 1.35
puf and so on.

From experiment it was further found that the amount of change
in frequency (that is, frequency deviation) is equal to —8.5 times the
change in capacitance Cy. In other words:

fI) = —8.5 CD
where fj, equals the change in frequency and C, equals the change in
capacitance Cj.

A curve of grid voltage E, versus computed frequency deviation is
shown in Fig. 4-27 (A). This curve is a theoretical sensitivity curve
in which the frequency deviation between <42 and —2 volts is ap-
proximately 13 ke, indicating the sensitivity to be 13/4 or 3.25 ke per
volt. For comparison purposes an experimental sensitivity curve was
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Fig. 4-27. Grid voltage, E,, plotted against computed frequency deviation
(A) and grid voltage vs. experimental frequency deviation (B). The dif-
ference between the calculated and experimental deviation was 8 percent.

also run and appears in Fig. 4-27 (B). From this curve the frequency
deviation between +2 end —2 volts E, is approximately 12 ke, show-
ing the sensitivity to be 12/4 or 3.0 kc per volt. The percentage varia-
tion between the theoretical sensitivity of 3.25 ke per volt and experi~
mental sensitivity of 3.0 k¢ per volt is found to be only 8 percent,
which indicates that the theoretical curve is a good approximation.

Frequency Multiplier System

In Fig. 4-28 a block diagram of the Fcderal f-m ‘ransmitters is
illustrated. It consists primarily of three sections, namely the oscil-
lator-modulator section, the frequency multiplier section, and the
master oscillator control system. The master oscillator and modulator
sections have already been discussed. Let us now examine the fre-
quency multiplier system. F-m output from the oscillator-modulator
circuit is passed through a 6AB7 buffer amplifier, and the f-m output
from this buffer is injected into a system of frequency multiplier tubes
consisting of three doublers and one tripler making the total frequency
multiplication equal to 2 X 2 X 2 X 3 or 24 times. Therefore, for the
center frequency of transmission of 88 to 108 mc the master oscillator
frequency must lie between 88 mc/24 or 3.66 mc and 108 mc/24 or
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4.5 me. The variable inductance in thé oscillator tank circuit as seen
in Fig. 4-26 can be preset, so that the master oscillator can be at any
frequency within the range of 3.66 to 4.5 mc. For 100 percent modula-
tion or 75-kc peak deviation output from the power amplifier, the
peak deviation of the f-m oscillator should be 75 kc/24 or 3125 cycles,
no matter what the center frequency of the oscillator may be.

The last multiplication stage is an 815 tube which is used to drive
the next 815 buffer which in turn is the driver for the following power
amplifier stage.

Frequency Control System

The frequency control system used to stabilize the center frequency
of the master oscillator is more intricate than the rest of the trans-
mitter and just as important, because good center frequency stabili-
zation is one of the prime requisites for direct f-m transmitters.

The control system essentially consists of taking some of the master
oscillator signal, dividing it, and injecting it, together with another
signal, crystal fixed, into a special control circuit. This is similar to
the Western Electric and RCA f-m transmitters where frequency
division is used. However, in the latter transmitters the special con-
trol is exercised by mechanical means, (that is, a motor), but in the
Federal transmitters a phase discriminator is used as the special con-
trol, somewhat similar to an afc circuit. Let us now examine the rest
of the block diagram of Fig. 4-28 and then separately study the cir-
cuit of the phase discriminator.

Part of the output from the master oscillator buffer amplifier is
sent through a series of six divider stages. These divider stages are
multivibrator circuits in conjunction with buffer amplifiers. Glancing
at Fig. 4-28 we see that the first four divisions are by 2 and the next
two divisions are by 4. This means that the frequency of the master
oscillator is divided by a factor 2 X 2 X 2 X 2 X 4 X 4 or 256 times.
In other words the master oscillator frequency undergoes a complete
division by 256. The relative frequency divisions in conjunction with
frequency range of the master oscillator are indicated next to the in-
dividual divider stages, the final output frequency being in the range
of 14.3 to 17.6 kc. The output, at some one frequency, is injected into
one triode section of a 12SN7GT tube acting as a buffer.

A crystal oscillator and divider system is also used where two
dividers are employed, one dividing by 2 and the other by 4, so that
the final output crystal-controlled frequency can be anywhere in the
range of 14.3 to 17.6 kc according to the frequency of the crystal that
is chosen. This output frequency, which is of the same frequency
range as the master oscillator frequency output from its divider stages,
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is injected into the other triode section of the duo triode 12SN7GT
buffer tube. Due to the complete division of 8 the crystal oscillator
chosen must fall within the frequency range of 114.4 to 140.7 kc in
order to have the input crystal frequency to the 12SN7GT buffer tube
within the range of 14.3 to 17.3 ke.

As a result of this complete division of 256, the peak deviation
change of +3125 cycles of the f-m signal from the master oscillator
is reduced greatly. It is decreased to the point where the f-m master
oscillator signal input to the 12H6 discriminator stage (at a fre-
guency somewhere within the range of 14.3 to 17.6 kc) has an equiva-
lent phase deviation so small, that its effect of causing undue phase
shift can be neglected.

The system of frequency control of the master oscillator is based
upon the action of a phase discriminator circuit. To understand this
phase discriminator more thoroughly, let us examine a schematic dia-
gram of this circuit as used in the Federal transmitters. This diagram
is shown in Fig. 4-29, A duo-diode 12H6 tupe is used as the phase
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Fig. 4-29. The phase discriminator circuit used in the Federal f-m trans-
mitter.

discriminator. The important feature of this type of phase discrimi-
nator is tne untured input transformer, which decreases the chance
that the discriminator circuit characteristics will change with input
frequency, The circuit arrangement provides equal but 180° out-of-
phase voltages across each half of the center-tapped secondary of T,.
These voltages are designated as E; across half L, and E; across half
Ls. This 180° phase relationship is further indicated in the vector
diagrams of Fig. 4-30 where voltage vectors E, and E, are seen to be
180° out of phase with each other. These voltages will be at the out-
put frequency of the frequency dividing systems — namely, some-
where within the range of 14.3 to 17.6 kc. Since the input to T, is
crystal controlled, its frequency is considered to be stable, and con-
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sequently the frequency of voltages E, and E,; never changes appre-
ciably after a preselected crystal frequency has been chosen.

Into the primary of transformer T, is injected the divided input
from the master oscillator, and by transformer action a voltage E,
appears across the secondary L,, If the frequency of the input to T,
is the same as that into T,, voltage E, will be exactly 90° out of phase
with both voltages E, and E,. This is shown in the vector diagram of
Fig. 4-30 (A). The two diodes of the 12H6 tube receive the same

Fig. 4-30. Vector diagrams of the circuit of Fig. 4-29. If the frequency of
the input to T, is the same as that into T, then E, will be 90° out of phase
with E, and E,, as shown in (A). If the input to T, changes, then the rela-
tionship of E, to E; and E, changes in phase, as shown in (B) and (C).

applied voltages under these circumstances, and since they are dif=-
ferentially connected, no output will appear across their load resistors
between point A and ground in Fig. 4-29. In other words voltage E,
is common to both diodes, and thus the upper diode receives the series
voltages of E, and E, and the lower diode receives the series voltages
of E; and E,. The vector additions of these voltages are illustrated in
Fig. 4-30 (A), and these resultant voltages show that both diodes
receive the same voltage. Hence the individual drops across their
respective load resistors, being equal but of opposite polarity, cancel
each other.

If the master oscillator drifts in frequency above or below its oper-
ating point, the input frequency to transformer T, will likewise shift,
and the input frequency to Ty and T, will be different since the crys-
tal frequency remains fixed. The phase discriminator then functions
to correct this master oscillator instability. With frequency input to
T, changing, the relative phase relationship between voltages E; and
E, and between voltages E, and E, also changes. The phase relation-
ship change between these voltages makes the voltages applied to the
two diodes different. This is indicated in the vector diagrams of Fig,
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4-30 (B) and (C). In Fig. 4-30 (B) the voltage E, is assumed, for
discussion purposes, to have a change in frequency that is equivalent
to positive phase displacement of 30° from its original position, and in
Fig. 4-30 (C) the same amount of frequency change is assumed but
in the opposite direction. Therefore, the vector diagrams are illus-
trative of instances where the master oscillator frequency drifts above
or below its true operating frequency. In Fig. 4-30 (B) with a posi-
tive phase increase, resultant voltage vector E, + E, which exists
across the lower diode section of the 12H6 tube is seen to be greater
in magnitude than voltage E, 4 E; across the other diode. Hence
greater current will flow in the lower diode seclion and point A of
Fig. 4-29 will be negative with respect to ground. In Fig. 4-30 (C)
with a negative phase displacement, the situation is reversed, with
the upper diode’s voltage E; 4 E, greater than the lower diode volt-
age E;, 4 E,, and hence a greater current flows in the upper diode.
This makes the voltage drop between point A and ground of Fig. 4-29
such that point A is positive with respect to ground.

Thus we have the phenomenon of a variable polarity existing at
point A, and the value of the voltage at this point is determined by
how much the master oscillator shifts or drifts in frequency. If this
voltage at point A is injected into the modulator grid together with
the audio (as it really is), this voltage at point A will change the g,,
of the modulator tube and hence the value of the input grid capaci-
tance, so that it will correct the oscillator frequency back to its oper-
ating value, and thus stability will be maintained.

THE RAYTHEON INDIRECT F-M TRANSMITTER

The Raytheon f-m transmitter of today operates on the basis of
obtaining a p-m wave but, through the use of the audio correction
network, this p.m. is made equivalent to f.m. Thus the over-all method
is called indirect f.m. As will be recalled, this is the principle used in
other indirect f-m transmitters, such as Major Armstrong'’s.

The process of modulation used in these transmitters is different
from anything yet discussed. In the two indirect f-m transmitters de-
scribed so far, the p-m signal was obtained in one by an initial process
of a.m., followed by shifting the double sideband of this signal by
90°, and recombining this double sideband with the initial carrier to
obtain the p-m signal (or indirect f-m signal). Use of a special tube,
the Phasitron, accomplished the same result in the other transmitter.
In the Raytheon transmitters, the initial process is one of p.m., similar
to the method discussed in the section on phase modulators in chapter
3. The amount of peak phase deviation, and hence equivalent fre-
quency deviation, is quite small for this type circuit, so that quite a
number of multiplication stages are needed. To overcome the need
for a frequency conversion system. six similar phase modulators are
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used in cascade. In this way six times the initial phase deviation of a
single modulator is obtained fur the same audio input to each phase
modulator. The master oscillator frequency is crystal controlled, as is
natural for most indirect f-m transmitters and, hence, center fre-
quency stabilization is not needed. Let us first analyze the trans-
mitter from an over-all block diagram view of it, and afterward we
will study the schematic arrangement of the phase modulator.

In Fig. 4-31 a block diagram of the Raytheon indirect f-m trans-
mitter is illustrated. It essentially consists of two sections: the oscil-

auoig

(LT *
emvsraL favsTaL ” v . - M
- e « [1dox s
n’ asc 1 foome] ¥z liogmef ¥ fioo 180w
" stact [*ia~favace [toe~] stane foeso~) srace f2raz ] svace |2
10Q %

-

———
CASCADE PHASE SMifT $7sTCM

100 ¢ )
)
TPl " Larc]TRIp 7.2 ue
100 X/ nwuuFoo-c bousienbioo xc fraweali. 2 ucframicaly s uc [raricabios ucfrmrcealse. anraieien| : 2 e rowih
2e~) x2 22 0 x) IS I3 x) 415 KC AMPLAEA

A /

MULTPLILR SYSTEM
OVERALL MULTIPLICATION 872

Fig. 4-31. Block diagram of the Raytheon indirect f-m transmitter, omit-
ting the power amplifier stages.

lator-cascade phase modulator part and the multiplier part. The out-
put of the multipliers is fed to the power amplifier section of the
transmitter. The frequency multiplier stages comprise two doublers
and five triplers, so the over-all amount of multiplication is equal to
972 times (2 X 2 X 3 X 3 X 3 X 3 X 3, which equals a multiplica-
tion of 4 for the doublers and a multiplication of 243 for the triplers
and 4 X 243 equals 972). Since the f-m band is 88 to 108 mc, the
value of the crystal oscillator can be anywhere between the range of
88 mc/972 or 90.65 kc and 108 mc/972 or 111.11 ke. In brief, the
crystal oscillator will be somewhere in the range of 100 ke, Under
the assumption that the crystal is exactly 100 ke, the center fre-
quency component of the transmitting signal is consequently 100 ke
X 972 or 97.2 mec. The respective values of the center frequency,
before each individual multiplication stage, are indicated in the block
diagram of Fig. 4-31 for a 100-kc crystal. To obtain a final output
peak frequency deviation of 75 ke, for 100 percent modulation at the
lowest audio frequency, the amount of peak frequency deviation of
the signal before it enters the frequency multiplication stages (that is,
the deviation output from the last of the cascade phase modulators)
should be equal to 75 ke/972 or approximately 78 cycles. The amount
of peak phase deviation from one phase modulator is about 25°. If
this phase deviation is multiplied by the lowest audio frequency of
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30 cycles and then divided by the number of degrees in one radian
(57.3), the equivalent peak frequency deviation will be obtained. Thus
(25 X 30)/57.3 is found to be equal to about 13 cycles. This is the
peak frequency deviation output from one phase modulator and, in
order to obtain a peak frequency deviation input of 78 cycles to the
multiplier system, 13 cycles must be multiplied by 6.

It would be quite easy just to inject the frequency output of 100 ke
=13 cycles into a doubler and tripler multiplier and obtain a peak de-
viation of 78 cycles, if the 100-kc carrier signal were not also multi-
plied 6 times. The latter is definitely undesirable because a frequency
conversion system then would be required to give a final output signal
correct in center frequency as well as deviation. Under these cir-
cumstances, six separate phase modulators are used and connected
in cascade so that each phase modulator produces a phase shift equal
to a peak frequency deviation of 13 cycles. The cascaded arrange-
ment of phase modulators has the effect of adding the individual fre-
quency deviations together, giving a total peak frequency deviation
of 78 cycles at the output of the complete modulator system, while
the center frequency component remains the same as the frequency
of the crystal oscillator, namely 100 kc for the case illustrated in
Fig. 4-31.

Each modulator stage is so arranged that the same audio voltage
is injected into each stage, that is, the audio voltages controlling the
amount of phase shift are connected in parallel. The r-f voltage inputs
to these modulators are the ones that are connected in cascade.

The Constant Impedance Phase Shift Modulator

One very important feature of a phase modulator is that the output
signal must be shifted in phase but not in amplitude. This is a fun-
damental rule for correct p.m., as stated before in this text. For the
output signal from the modulator to remain constant in amplitude,
the impedance in the output circuit should remain constant in ampli-
tude for all audio modulating voltages injected. To satisfy this re-
quirement a constant impedance network is inserted in the output
of the phase shift modulators. Before examining the actual circuit of
a single phase shift modulator and discovering how the audio signal
shifts the phase of the r.f., let us examine a simplified circuit of the
constant impedance network used in this system.

In Fig. 4-32 is shown a simplified schematic diagram of this con-
stant impedance network as used in the Raytheon indirect f-m trans-
mitter. In this circuit the variable resistance R determines the phase
shift of themnetwork, and, if R is made variable according to an audio
voltage, the phase shift occurring will be in conformity with the
varying amplitude of the audio signal. The phase shift that R im-
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poses upon the circuit can be anywhere between =+90°, Let us con-
sider the two extremes of operation of the variable resistance R,
namly, when its resistance is zero and when it is infinite,.

From Fig. 4-32 it will be noticed that when R has zero resistance,
it is as if R were short-circuited, and the low end of capacitor C is
effectively grounded. Under these circumstances the current that
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flows in the circuit is purely reactivé (condidering only a pure in-
ductance and capacitance). If the value of the inductive reactance is
made greater than the capacitive reactance (twice as great in this
problem) at the crystal oscillator frequency, the parallel circuit is
predominantly capacitive, and the total effective current I flowing
through the circuit will be leading the voltage across it by 90°: This
is shown in the vector diagram of Fig. 4-33, where current vector I
is seen to be leading voltage vector E, by 90°.

If, at the other extreme, the value of R increases to an infinite
value, it is as if the resistance were open-circuited. In this case the
capacitor has no effect, because one end is considered to be open.
Consequently, the circuit is strictly inductive, and the current I lags
the voltage across the circuit by 90°. This is also indicated in the
vector diagram of Fig. 4-33 where voltage vector E, represents the
voltage across the circuit when R is effectively infinite. With varying
values of R the phase shift will be somewhere between +90°. Now

let us return to the topic of the constant impedance of the network
of Fig. 4-32,
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If the inductive reactance is made equal to twice the capacitive re-
actance, the magnitude of the impedance Z seen looking into terminals
A, B of Fig. 4-32 will be constant for all values of R. This statement
can be proved mathematically, but its proof is beyond the scope of
this text, as it involves higher mathematics, The magnitude of the
impedance will be constant and equal to the inductive reactance (or
twice the capacitive reactance.)

Replacing the variable resistance R in this network by the dynamic
plate resistance of a tube, and having this resistance varied by an
input audio signal will phase modulate an r-f voltage impressed across
the network by an r-f amplifier. This was simply explained in chapter
3 with reference to Figs. 3-11, 3-12, and 3-13. However, the plate
resistance of the r-f tube (that injecting the r-f signal across the
circuit) and the series resistance of the coil has a slight effect on the
phase shift of the circuit. However, the values of these two resistances
have a negligible effect on the magnitude of the constant impedance
network.

It has been found that, when the variable resistance R is replaced
with the dynamic plate resistance of a tube, it is not possible to ob-
tain the necessary frequency deviation for 100 percent modulation at
the lowest audio frequencies, because the voltage on the grid of this
tube at these low frequencies is very critical and distortion may result.
To make sure that the audio modulation does give the maximum
amount of frequency deviation, a vacuum tube is used as the source
of variable R, but the dynamic plate resistance does not take the
place of R, To understand what is done, an actual circuit for a single-
stage phase modulator is shown in Fig, 4-34.

The 6SJ7 tube serves as the r-f amplifier and impresses an r-f
voltage across the constant impedance network consisting of coil L
in parallel with the series combination of capacitor C and one section
of a duo-triode 6SN7GT tube called the resistance tube. The constant
impedance part of this circuit is the same as that in Fig. 4-32, with
one section of the 6SN7GT tube serving the purpose of the variable
resistance R in Fig. 4-32. The resistance between the cathode and
ground of the 6SN7GT tube varies in accordance with the audio im-
pressed on the grid of the same tube, thereby shifting the phase of
the r-f voltage appearing across the inductance L. The 6SNTGT
cathode resistor R is not bypassed so that the audio signal currents
flow through Rj. The value of Ry and the applied r-f voltage across
the constant impedance network are so chosen that there is a con-
stantly changing value of resistance across the cathode to ground
circuit of the 6SN7GT resistance tube. Hence, the correct value of
phase shift is obtained for the proper output deviation. The value of
the resistance appearing between the cathode to ground of the 6SN7GT
tube is somewhat similar to that of an ordinary cathode follower.
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The complete cascaded phase shift modulator employs nine tubes.
Six of these are 6SJ7’s and serve the purpose of r-f‘*amplifiers. The
other three tubes are 6SN7GT duo-triode amplifiers which are em-
ployed as the resistance tubes with one section being used to supply
the varying resistance for each phase modulator stage. All the grids
of the 6SN7GT tubes are connected in parallel and therefore receive
the same audio modulating signal input. If all the single modulator
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Fig. 4-34. A single-stage phase modulator, where the 6SJ7 is the r-f
amplifier and the constant-impedance network is L in parallel with the

series combination of C and one section of the 6SN7GT, the resistance
tube.

stages are exactly the same in component parts and applied voltages,
there will be a perfectly operative sixfold phase shift modulator sys-
tem with any appreciable a.m. prevented by the constant impedance
network.

THE WESTINGHOUSE DIRECT F-M TRANSMITTER

In its f-m transmitter, the Westinghouse Electric Corporation em-
ploys a system of direct f.m. different from any of the previous sys-
tems. Since the method is one of direct f.m., a variable frequency
oscillator (vfo) is used, and consequently a system of frequency
stabilization is employed. The frequency stabilization is of a com-
pletely new style compared with anything already studied. The most
important parts of this transmitter are these two units — namely, the
modulator and frequency stabilization systems.

The frequency multiplication system does not use as many stages as
is usual with indirect f-m transmitters. Two tripler stages are used



154 FM TRANSMISSION AND RECEPTION

to give an over=-all frequency multiplication of 9. The oscillator itself
is used as one of the triplers, and the other tripler uses the dual
tetrode beam power tube type 829B in a push-pull arrangement. Since
the multiplication is ninefold, the initial amount of peak frequency
deviation at the oscillator-modulator stage, for a 75-kc peak devia-
tion output, is equal to 75/9 or 8.333 kc. Likewise the variable {re-
quency oscillator has to be somewhere in the range of 88/9 or 9.778 me

to 108/9 or 12.0 me, so that the final output frequency will fall within
the complete f-m band of 88 to 108 mc.

The Oscillator-Modulator System

Fig. 4-35 illustrates the oscillator-modulator system of these trans-
mitters. The circuit uses a beam power tetrode type 1614 tube as a
Colpitts electron-coupled oscillator. Since this 1614 tube also operates
as a tripler, the grid circuit is tuned to 1/9 of the output frequency
of the transmitter, and the plate circuit is tuned to 1/3 of the output
frequency. L, is the plate inductance of the oscillator tripler tube, and
at a first glance it may be difficult to see how plate tuning is accom-
plished. This coil in conjunction with coil L forms an r-f transformer
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Fig. 4-35. Oscillator-modulator system of the Westinghouse direct f-m
transmitter.

in which both coils are wound on the same coil form. As these coils
are very closely coupled (a high coefficient of coupling exists), the
mutual inductance is quite high, and consequently the plate circuit
of the oscillator is effectively tuned simultaneously with the secondary
tuned circuit.

A standard pre-emphasis type network in conjunction with a 6SJ7
¢lass A audio amplifier is used in the audio section. The output from
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this amplifier is fed into the modulator control tube type 1614. This
varying audio varies the plate current of the tube at an audio rate,
and, in turn. the plate current affects the 6H6 diode modulator tube
which injects a varying reactive effect across the oscillator tank
circuit. This reactive effect is varying at an audio rate and conse-
quently varies the oscillator tuned grid circuit at the same audio
rate, thus frequency modulating the carrier frequency of the os-
cillator.

Let us analyze this modulator circuit a little more thoroughly in
order to understand how f.m. of the oscillator results. In Fig, 4-36 the
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Fig. 4-36. Simplified schematic of the modulator circuit of Fig. 4-35. The
plate voltage to the 1614 tube is supplied indirectly through the effective
resistance of the 6H6 modulator tube.

modulator circuit, comprising the 1614 modulator control tube and
6H6 diode modulator of the previous circuit, is redrawn for ease of
discussion. From this figure (and from that of Fig. 4-35) it will be
noticed that the 1614 modulator control tube does not have any B--
voltage supplied directly to its plate, The word directly is used inten-
tionally, because, although at first not apparent, supply voltage does
exist on the plate of the control tube but in an indirect manner. The
plate voltage is supplied to the tube through the effective resistance
of the 6H6 diode modulator tube.

It is readily seen that B} voltage exists on the plates of the 6H6
modulator tube (the plates, as well as the cathodes, are connected in
parallel) and that the only path available to complete the d-c path
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to ground is through the cathode circuit of the 1614 control tube to
ground, This means that the voltage that exists between the plates
of the diode and ground is divided into two parts. One part exists
between the plates and cathodes of the 6H6 tube, and the other part
is between plate and ground of the 1614 tube (the voltage drop across
the milliammeter is negligible). For example, let us assume that 275
volts exists on the plates of the diode tube and that the resistive effect
of this tube is such that a potential drop of 5 volts exists across it.
Thus the cathodes of the 6H6 tube are 5 volts less positive than the
plates and consequently the voltage on the cathodes is equal to 270
volts. Since the 6H6 cathodes and plate of the 1614 tube are directly
connected, 270 volts are also said to exist on the plate of this 1614
control tube and these 270 volts can be measured between this plate
and ground.

With the understanding of how an effective supply voltage does
exist on this 1614 tube, it is readily conceivable that the current
flowing through the control tube also has to flow through the 6H6
modulator tube. The instantaneous current flowing through the diode,
therefore, depends upon the current flowing through the 1614 con-
trol tube. Before we discuss the action of the diode modulator tube in
detail, let us delve a little deeper into the functioning of the control
tube.

This type 1614 control tube has the screen tied to its plate so that
it functions as a triode. The voltages applied to the tube are such that
the tube operates as a class A audio frequency amplifier. Applied to
the grid of this tube are two signals, one a variable audio signal (the
intelligence to be transmitted) and the other the control voltage from
the frequency stabilization system. Since this control tube is operated
as a class A amplifier the current flowing through it (due to the
audio and stabilization signals) and hence through the 6H6 modu-
lator tube is always proportional to the instantaneous value of grid
voltage. The modulator tube in conjunction with capacitor C presents
a net reactive effect to the oscillator grid circuit, and, consequently,
the audio signal must vary this reactance to frequency modulate the
oscillator.

The automatic frequency control voltage from the frequency sta-
bilization unit determines the static operating conditions of the con-
trol tube and thus establishes the static reactance characteristics of
the modulator. In other words, without any audio applied to the con-
trol tube only the stabilization voltage exists on the tube, and a fixed
or static reactive effect, due to this voltage, is presented by the diode
modulator to the oscillator grid tank circuit. The value of this reactive
effect causes the oscillator to provide the proper frequency when no
modulation (that is, no audio signal) is present. It also establishes the
point from which the reactance will vary above and below this fixed
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or static value and thus frequency modulate the oscillator above and
below the established frequency when no modulation is present. With
the operation of the 1614 as modulator control tube known, let us now
analyze how the 6H8 modulator tube functions in conjunction with
the control tube.

The diode modulator tube in c¢onjunction with the circuit capaci-
tances presents an impedance to the circuit; that is, it contributes both
a resistive effect and a reactive effect. This is understood from the
facts that a d-c voltage drop exists across the diode which contributes
to the resistive part and that an interelectrode capacitance exists be-
tween the plates and cathodes that contribute, in conjunction with
other capacitances in the circuit, to the reactive part of the imped-
ance. The instantaneous values of current flowing through the diode
consequently have both a resistive component and a reactive compo-
nent. When the value of the instantaneous current flowing through
the tube is changed by the audio modulating signal on the control
tube, the resistive and reactive parts of this current change accord-
ingly. Since the reactance of the circuit is on the capacitive side, the
instantaneous current flowing through the diode is always leading
the r-f voltage existing across the circuit, The vector diagram and
simplified schematic of Fig. 4-37 will make this somewhat clearer.
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Fig. 4-37. The simplified schematic of the 6H6 diode modulator of the
Westinghouse f-m transmitter (A) and the vector representation (B) of
the instantaneous currents flowing in the circuit (A). This shows that the

rgsistive current change is small compared with the reactive current
change.

With no modulating signal applied to the control tube, the current
I flowing through the circuit leads the voltage E across the circuit by
some phase angle, This current is designated as I,, and in the vector
diagram of Fig. 4-37 (B) it is seen to lead the voltage E by some phase
angle called 4. By dropping perpendiculars from the terminal point of
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1, to its respective vertical and horizontal axes, the reactive and re-
sistive parts of the current can be seen. Thus the resistive current
becomes I, and the reactive current Iy,. At once it is apparent that
the resistive current I, and voltage E are in phase with each other
and that the reactive current Iy, is in quadrature (leading by 90°)
with the voltage E. These resistive and reactive components of current
produce across the oscillator tuned circuit a fixed resistance and a
fixed capacitance which are determined by the effective values of I,
and Iy,. If this reactive current can be made to vary in accordance
with the audio signal, the effective capacitance that is injected across
the oscillator grid tank circuit also will vary and, consequently, f.m.
of the oscillator signal will be obtained.

When an audio modulating signal is applied to the grid of the modu-
lator control tube, the value of the current flowing through this control
tube, and hence through the 6H6 diode modulator, will change at each
instant. Thus current I flowing in the circuit of Fig. 4-37 will be a
varying current, changing in accordance with the applied audio and,
therefore, is considered as an instantaneous current. On the positive
half cycle of audio, the grid of the control tube becomes less negative,
and the instantaneous current flowing through the circuit increases
in magnitude and also changes in phase with respect to the voltage E
existing across the circuit. This current is designated as I, on the
vector diagram. Dropping perpendiculars from this current makes
the resistive and reactive parts clearly evident, the new reactive cur=
rent being Iy, and the resistive current I,.

On the negative half cycle of audio, the grid of the control tube
becomes more negative, and the instantaneous current flowing through
the circuit decreases in magnitude and also changes in phase with
respect to the voltage E existing across the oscillator grid tank cir-
cuit. This current at a certain instant on the negative half cycle of
audio is designated as I, on the vector diagram of Fig. 4-37 (B). The
resistive and reactive components of current are readily determined
and designated I, and Iy,, respectively. Examination of the over-all
vector diagram reveals that, when the audio signal increases the in-
stantaneous current, the reactive current increases and the resistive
current decreases, and, when the instantaneous current decreases, the
reactive current decreases and resistive current increases. Also, the

total change of the reactive current is very much greater than that
of the resistive current.

To understand how the oscillator is frequency modulated let us
examine the simplified circuits of Fig. 4-38. In part (A) resistor R
represents the variable resistance of the diode and capacitor Cp rep-
resents the total capacitances in the circuit that are effectively in series
with the diode resistance. This series RCy arrangement is in parallel
with the oscillator grid tank. The instantaneous current flowing
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Fig. 4-38. Simplified schematic (A) of the oscillator-modulator circuit
of Fig. 4-37 (A) and the equivalent circuit is shown in (B)

through this network (I in Fig. 4-37) contains both a resistive and
reactive component. Due to the varying audio modulating signal, the
resistance of the diode changes, producing a change in the instan-
taneous current I; therefore, the resistive and reactive parts of the
current also change. Looking back from the oscillator tank toward the
diode modulator circuit, a parallel resistive and capacitive component
can be seen due to the resistive and reactive parts of the current I.
These components are shown in Fig. 4-38 (B) where R, is the equiva-
lent parallel resistance and C, the equivalent parallel capacitance.
Only C, is illustrated as a variable and not R, because the vector dia-
gram of Fig. 4-37 (B) showed that the resistive current change is
negligible compared to the capacitive current change. Circuit (B) of
Fig. 4-38 is equivalent to circuit (A) despite the interchange of the
variability from R of circuit (A) to C, of circuit (B). This can be
proven mathematically but it is beyond the scope of this book.

Consequently, when an audio signal is applied to the modulator con-
trol tube, there is injected a variable reactance across the oscillator
grid tank circuit in accordance with this audio, so that the oscillator
signal is frequency modulated. The resistive change, as mentioned, is
so small compared with the reactive change that effective resistance
change injected along with the reactive change across the osecillator
tuned circuit is considered negligible. That is, the voltage drop across
the diode modulator tube changes very little during the varying cur-
rent flow through the tube, which means that a-m effects due to such
voltage changes are negligible.

The 6H6 diode was chosen as the modulator because it provides
greater freedom from noise than does a conventional reactance tube
modulator. Another main reason for its use is the greater ease in
establishing its operating range (the range over which it operates in
conjunction with the modulation signal) so that a.m. of the oscillator,
due to resistive changes is practically eliminated. One of the primary
problems of design in any type of reactance modulator is to minimize
as much as possible any changes in the resistive voltage drop across
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the modulator tube. This voltage drop indirectly appears across the os-
cillator tank, and if there is a variation or change in this voltage, the
change will also appear across the oscillator tank. The effect of this
is to cause a.m. of the oscillator output which is definitely undesired.
As was pointed out, this a-m effect is avoided to a degree where it is
considered negligible by operating the diode modulator at a point
where the change in resistive current through the tube is very small
in proportion to the change in reactive current.

Meter indication is used to make sure that the modulator will be
operated within the range producing the minimum amount of resis-
tive current variation over the audio range required for the maximum
amount of modulation. The meter in question appears in the cathode
circuit of the 1614 control tube as seen in Figs. 4-35 and 4-36. The
current registered by this meter flows through both the control tube
and the.modulator tube, A static current reading of 6 ma establishes
the correct operating point of the dicde modulator and will, thus,
permit variations in either direction sufficient to produce the neces-
sary frequency deviation for the final output f-m signal,

Audio Feedback Discriminator Network

Another interesting part of the circuit of Fig. 4-35 is the audio feed-
back discriminator network. From the schematic diagram it can be
seen that this network provides an audio feedback circuit from the
6H6 diode modulator to the 6SJ7 audio amplifier, Briefly, this circuit
provides an inverse feedback voltage to the grid of the 6SJ7 audio
amplifier to improve the linearity of the audio circuits and the fre-
quency response of the transmitter. The circuit involved is a conven-
tional discriminator detector arrangement such as those commonly
used in many f-m receivers and in electronic afc systems similar to
those discussed in chapter 3.

Input voltage to the system is derived by taking a small amount of
signal from the oscillator grid inductance by transformer action and
coupling this signal through a coaxial line to the audio feedback dis-
criminator network. The complete coupling line consists of induct-
ances L, and L; and the coaxial line. The primary and secondary in-
ductances L; and L; are tuned by capacitors C, and C, respectively.
These two capacitors are screw driver adjustments on the front panel
of this transmitter and are used to align the discriminator, To simplify
the tuning procedure two milliammeters, M-201 the “discriminator
current differential” meter and M-202 the ‘“discriminator current
total” meter, are provided. When the primary tank circuit of the
discriminator is tuned in resonance with that of the oscillator, maxi-
mum current will flow through M-202. When the secondary is like-
wise tuned to resonance, the current through M-201 will be zero. The
basic analysis for this type of discriminator was discussed in the afc
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section of chapter 3 and will be further analyzed in chapter 7 in con-
junction with the discriminator detector.

When no modulation is present, the potential at point A at the out-
put of the discriminator network of Fig. 4-35 is zero. However, when
modulation is present, an a-f voltage will exist at point A due to the
variation in the carrier frequency because of the deviation involved.
Thus the a-f voltage is varying at the rate of the applied audio and
also in magnitude with that of the audio signal. This a-f output volt-
age appears across the grid of the 6SJ7 audio amplifier as an inverse
feedback voltage through coupling resistor R, (also called an isola-
tion resistor).

This a-f voltage is called an inverse feedback signal because it is
constantly of opposite polarity to the audio input signal. When the
positive half of the audio is on the 6SJ7 audio amplifier, the a-f poten-
tial at point A is negative; when the audio signal is on its negative
side, this a-f feedback voltage is positive.

The Frequency Stabilization System

As we pointed out, the system of frequency stabilization used in
these transmitters is completely new compared with those already
discussed. However, it has the same purpose as the others — namely,
to maintain the center frequency of the modulated oscillator-tripler
tube fixed. Basically what this system does is to take some of the f-m
signal from the grid circuit of oscillator-tripler and compare it with
a reference crystal oscillator. Any difference in the center frequency
of the modulated oscillator and the crystal oscillator output will cause
an afc voltage to be injected into the grid of the modulator control
tube, which in turn will bring the oscillator-tripler back to its center
frequency point. The unique thing about this arrangement is that no
tuned circuits are used, thereby doing away with the necessity of
continuous testing of the system. There are no frequency dividing

circuits of any kind, as in other systems, to reduce the modulation
effect of the f-m signal.

In a number of stabilization systems the control voltage is based
upon the average frequency. For the system used in these trans-
mitters the frequency correction is based upon maintaining the aver-
age deviation above the assigned frequency equal to the average devi-
ation below. In other words if the f-m signal is such that the area
enclosed for one-half cycle of the signal is equal to the other half
cycle as shown in Fig. 4-39, then the modulated oscillator will be on
assigned frequency. When the total number of cycles of beat note
produced while the modulated oscillator is operating on the low side
of its center frequency, (that is, negative deviation) is equal to those
cycles on the high side (that is, positive deviation), the transmitter
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is operating at its correct point. The beat note that is produced has
an instantaneous frequency equal to the instantaneous deviation of
the modulated oscillator.
Fig. 4-39. In the stabiliza-
tion system used in the
Westinghouse transmitter,
if the areas of the half
cycles of the f-m signal, are
equal (area A, equals area
A,), the modulated oscil-
lator will be on the as-
signed frequency.

After Westinghouse Electric Corp.

A block diagram circuit arrangement for this frequency stabiliza-
tion system is illustrated in Fig. 4-40. The actual circuits are not
shown in this drawing, because they are somewhat complex in opera-
tion. It is beyond the scope of this text to go into the theory of
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Fig. 4-40. Block diagram of the frequency stabilization system used in
the Westinghouse direct f-m transmitter.

operation of such special circuits as those listed within the blocks of
Fig. 4-40. In the discussion to follow we will try to make the analysis
as simple as possible without deviating from the true function of each
individual section of the system. To visualize the operation of this
frequency stabilization system, drawings of the wave changes of cer-
toin signals as they appear throughout this system will be used. This
system has been called a pulse method of frequency stabilization; this
terminology will become evident as the discussion progresses.

To start with, some of the f-m signal from the oscillator-tripler is
tapped off the coaxial line that is used in conjunction with the audio
feedback discriminator and applied to the grid of the 6SJ7 buffer am-
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plifier, as shown in Fig. 4-40. The output of this buffer amplifier is
fed into a parallel arrangement of the number one grids of two 6SAT
pentagrid tubes which act as converters. A 1614 tube is used as an
electron coupled crystal oscillator and doubler, The crystal used is
equal to 1/18 of the center frequency output from the transmitter,
The cathode, control grid, and screen of the 1614 tube function as a
crystal triode oscillator. In the plate circuit of the 1614 tube appears
a tuned circuit with a resonant frequency equal to twice that of the
crystal, or 1/9 of the output frequency of the transmitter. The tube
then functions as an electron-coupled oscillator and doubler with an
output frequency equal to twice that of the crystal grid circuit. The
output signal of this oscillator-doubler circuit is passed through two
separate RC phase shift networks. At the frequency of the crystal
oscillator output, the reactances of the capacitors are equal to the re-
sistances, so that the phase shift in each case is 45°. The individual
outputs of these two phase shift networks are fed into the third grids
of the 6SA7 pentagrid tubes. Since two separate signals are fed into
these two tubes, the latter function as mixers in which the output
frequency selected is equal to the difference between the two signals.
The other frequencies that result from the mixing process are bypassed
to ground through suitable capacitors. This is easily accomplished be-
cause the difference frequency between these two signals is very small
compared with the frequency of either signal.

The RC phase shift networks are so arranged that the third grid of
the No. 2 mixer tube receives a lagging 45°, and the third grid of the
No. 1 mixer tube receives an input signal leading 45°, which is to say
that the inputs to the third grids of the individual mixer tubes, al-
though equal in magnitude, differ in phase by 90°. This is an important
factor in the functioning of the frequency control system, as it is the
action of these mixer tubes which determines the proper operation
of the rest of the circuit.

Let us now consider the operation of the mixer tubes with respect
to the input voltages. First, we will consider the case when no modu-
lation is applied to the transmitter. Since the output circuit of the
crystal oscillator and the grid circuit of the master oscillator are both
tuned to 1/9 of the final output frequency, then when the master
oscillator is stable, the signal inputs to the first and third grids of
both mixer tubes will be the same. There will be no output signal
from either mixer, because the difference frequency of the two input
signals is zero.

However, when modulation is applied, the input signal to both
number one grids of the mixer tubes will be one that is frequency
modulated, with the frequency varying on either side of the center
frequency component, With the crystal oscillator output frequency
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still applied to the third grids of the mixers, these two signals will
mix together, and a beat note will be produced which has an instan-
taneous frequency equal to the instantaneous deviation of the modu-
lated oscillator. If the modulated oscillator is on frequency, the re-
sultant signal will be such that the areas enclosed by the positive and
negative half cycle will be equal to each other for every cycle of beat
note. However, if the center frequency of the modulated oscillator
drifts, the output of the mixer tubes will be such that the area en-
closed by the positive and negative half cycles of the resultant signal
will not be equal. The rest of the control circuit, in conjunction with
this difference frequency, helps keep the modulated oscillator on fre-
quency. Each cycle of the output of mixer tube No. 2 is used to gen-
erate a pair of pulses which, after being combined with the output of
mixer No. 1 and passed through a number of special circuits, pro-
duces a varying voltage on the grid of the modulator control tube of
the proper potential to bring the modulated oscillator back to its cor-
rect operating point. How this is accomplished will now be seen.

Due to RC phase shifting networks, the output from the two mixers
is such that, when the instantaneous modulated oscillator frequency

Fig. 4-41. When the instan-
taneous modulated oscil-
lator frequency f, ishigher
than the crystal frequency,
f¢» the output of mixer No.
1 lags that of No. 2 by 90°;
and when f,, is lower than
fe, the output of mixer No.
1 leads the output of No. 2

OUTPUT OF MIXER NO.1

by 90°.
OUTPUT OF MIXER NO, 2
A . —_ w4 AN P R
fm GREATER fam SMALLER
THAN f THAN ¢

After Westinghouse Electric Corp.

is higher than that of the reference crystal circuit, the output of mixer
No. 2 leads that of mixer No. 1 by 90°, When the frequency of the
modulated oscillator is less than that of the crystal oscillator, the out-
put of mixer No. 2 lags the output of mixer No. 1 by 90°. In other
words, at all times the output of both mixers will always be 90° out
of phase, due to the phase differences in the outputs of the crystal
phase shift networks. Thus, during one complete cycle of modulation,
the beat note output of mixer No. 2 will lead mixer No. 1 for half the
cycle, and mixer No. 2 will lag mixer No, 1 for the other half cycle.
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The phase relationships between the outputs of these two mixers with
respect to the frequency of the input signals is illustrated in Fig. 4-41.
In this figure f,; means the frequency of the modulated oscillator and
fc means the frequency of the crystal oscillator. The 90° phase rela-
tionships are readily noticed upon comparison of the respective curves.

The average beat frequency output from the mixers will not be
equal during both halves of the modulation cycle when the center
frequency of the modulated oscillator differs from that of the crystal
oscillator, It is only upon this inequality in frequencies that a change
in voltage will appear at the modulator control tube.

The outputs of these mixers are injected into separate amplifiers,
each occupying one triode section of the same 6SN7 duo-triode, as
shown in Fig. 4-40. The output from the amplifier of mixer No. 2 is
used to trigger a direct-coupled multivibrator which uses a type 6SN7
duo-triode tube. This multivibrator makes use of the sine wave input
to develop a square wave output by operating as an electronic switch,
in which the multivibrator is designed to turn over very rapidly. The
schematic for the multivibrator is illustrated in Fig. 4-42. The square
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Fig. 4-42. The multivibrator circuit using a 6SN7 duo-triode with square-

wave output. These square waves of opposite polarity are necessary for
the control voltage.

waves output from the plates of this multivibrator are indicated at
points A and B of this schematic. These square waves are differenti-
ated by resistance-capacitance networks to produce the pulses of
opposite polarity necessary for the control voltage. These pulses,
shown at points C and D in Fig. 4-43, are then combined, at the input
to a pulse discriminator, with the output from the No. 1 mixer. The
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circuit for this arrangement is shown in Fig, 4-43. The RC differen-
tiating networks are evident at the input to this pulse discriminator.
The pulses after differentiation of the square waves are indicated, at
points C and D.

With the amplifier of mixer No. 1 biased practically to cutoff, a few
volts of negative signal on this grid will drive it to cutoff, in which
case the plate voltage will increase very rapidly and then level off at
the maximum supply voltage. But when the grid is driven in the posi-
tive direction, the plate voltage will decrease so rapidly that it will
fall almost in a vertical line. On the positive half of the input signal,
the grid will draw current, and a squaring effect will be the result in
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Fig. 4-43. Differentiating network with a 6H6 pulse discriminator tube
employed in the frequency stabilization system of the Westinghouse f-m
transmitter. Note the waveforms and pulses at the different points in the
circuit.

the output signals. The output waveform of the amplifier of mixer
No. 1 is shown in Fig. 4-43 being injected into the junction of the two
differentiating resistors at the plates of the 6H6 pulse discriminator.
Such a waveform is employed because only the positive half cycle of
the amplifier output is made use of in the circuits to follow.

Looking at Fig. 4-43 we notice that the cathodes have a positive
potential of 255 velts on them. Thus both cathodes of the 6H6 pulse
discriminator are biased by 4-255 volts. Consequently, current will
flow through either one of the diodes only when the plates are driven
in excess of 255 volts positive, The amplified output of mixer No. 1
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can never exceed 255 volts, so this signal alone ¢annét make the diodes
of the pulse discriminator draw current. The same is true of the sig-
nals from the multivibrator, since the maximum positive voltage they
reach is 255 volts.

However, in Fig. 4-43 it is seen that both of these voltages, namely
that of the amplified output of mixer No. 1 and that from the multi-
vibrator, are combined at the plates of the pulse discriminator. There-
fore, only when these two voltages are in phase (that is, both in a
positive direction at the same time) and can add up to give a greater
voltage than 255 volts required for current flow, will either diode of
the pulse discriminator draw current.

For the case shown in Fig. 4-43 only the upper diode section draws
current, because its total available signal is momentarily greater than
255 volts positive. The input to the lower diode is such that the pulses
and the output from mixer No. 1 are of opposite polarity and a signal
greater than 255 volts, which is required for current flow, is not
available. The combination of the out-of-phase signal inputs to the
lower diode is illustrated under the pulse discriminator. Consequently,
the output signal from the upper diode will be short positive pulses,
as seen in the output waveform. (Although pulses riding on a squared.
sine wave are shown, actually only the pulses above the dashed line
representing the bias level appear in the output.) The over-all func-
tion of the pulse discriminator is to produce positive pulses of voltage
in the output of one tube when the instantaneous frequency is below
that of the crystal oscillator, and positive pulse peaks in the other diode
when the instantaneous frequency of the modulated oscillator is above
the crystal oscillator frequency, The number of pulses produced de-
pends upon the number of cycles of beat note produced by the mixer
tubes. When the modulated oscillator is on frequency, the same num-
ber of pulses will be produced by each diode of the pulse discrimi=-
nator. However, when the modulated oscillator shifts or drifts from
its center frequency point, this equality of pulse output will no longer
exist. It is this difference in pulse output that helps correct the modu-
lated oscillator. '

As shown in Fig. 4-40, the pulse output from the discriminator is
sent through a pulse amplifier and a pulse limiter. These sections am-
plify the pulses and provide for constant equality in their amplitudes.
Next, the pulse output from these stages is applied to a pulse inte-
grator network. This pulse integrator system takes these positive
pulses of voltage and applies them as positive and negative current
pulses to an integrator storage capacitor (see Fig. 4-40). These latter
circuits, the pulse limiter and pulse integrator, produce current pulses
as shown in Fig. 4-44 flowing through the storage capacitor. In part
(A) the pulses are in the negative direction, indicating that the audio
wodulating signal is on the positive half cycle; in part (B) the
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current pulses are in the positive direction, indicating that the audio
modulating signal is on the negative half cycle. Each pulse is very
narrow, so that very very small amounts of current due to these
pulses flow through the integrator capacitor, This capacitor already
has a fixed charge on it, and, when these positive and negative pulses
flow through it, very little charging and discharging occurs, only a
small variation in charge taking place. This is what happens when
the modulated oscillator is practically on frequency.

In conjunction with a cathode follower circuit, this integrator capac-
itor applies these small changes in its voltage charge to the grid of the

|

Fig. 4-44. The pulse limiter and
l I pulse integrator circuits produce
current pulses flowing through the

(A) (8) storage capacitor of Fig. 4-40.

modulator control tubé. Because these differences are very small, the
control voltage, when the modulated oscillator is stable, has negligible
effect. However, when this oscillator drifts off frequency, the number
of cycles of beat note, produced by the mixers on either side of the
crystal oscillator frequency, is not equal. This means that the pulses
on one side are much greater in number than on the other, and the
pulses of greater number are sufficient to change the average charge
on the storage capacitor until it releases a control voltage that will
correct the stability of the modulated oscillator.

Accordingly as the drift is in the higher frequency direction or the
lower frequency direction, the storage capacitor, in conjunction with
the cathode follower, serves to produce a negative or positive voltage
for the modulator control tube. By this action, the injected reactance
across the modulated oscillator grid tank circuit is changed to a point

where it will change the frequency of the oscillator back to its correct
position.

THE REL INDIRECT F-M TRANSMITTERS

The f-m transmitters manufactured by the Radio Engineering Labo-
ratories employ Armstrong’s dual-channel method of indirect f.m.
There is no need to go into any of the basic modulator and exciter
stages, as they are the same as those discussed in connection with the
Armstrong system at the beginning of this chapter.

The interesting part of the REL f-m transmitters is the methods of
power amplification applied to f-m transmitters operating on different
power outputs. The same exciter unit is employed in all REL f-m
transmitters, as is the practice of many other manufacturers, but
somewhat different methods of increasing power are employed. Most
transmitters are so designed that only a power amplifier stage is added
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to bring a 250-watt transmitter up to a 1000-watt output, Another
power amplifier stage is added to the 1000-watt transmitter to bring
the power up to 3 kw, and so on up to 50 kw.

The REL transmitters, as mentioned, employ the Armstrong dual-
channel modulator and the same exciter stage. The output of this
system is about 30 watts. For the 250-watt transmitter this 30-watt
output is used to excite a push-pull pair of type 4-125A tubes for an
output of 250 watts. For the 1000-watt transmitter, the same 30-watt
exciter is used to drive a pair of 4X-500A push-pull power amplifier
tubes for 1000-watts output. In the 3000-watt transmitter essentially
the same 250-watt unit is used (the 4-125A tubes now act as an in-
termediate power amplifier) to drive a pair of WL 478 (push-pull)
power amplifiers to obtain an output of 3 kw. The 10-kw transmitter
uses the 1000-watt transmitter, and the 4X-500A tubes output of 1000
watts drives a push-pull pair of WL-479-R (final amplifiers) tubes
for an output of 10 kw.

THE COLLINS PHASITRON TRANSMITTER

The series of f-m transmitters manufactured by the Collins Radio
Company employ indirect f.m. by the use of the Phasitron modulator
tube 2H21. The circuit analysis of the exciter unit in conjunction with
the multiplier stages is very similar to that of the General Electric f-m
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Fig. 4-45. Schematic diagram of the Collins indirect f-m transmitter
using the Phasitron tube.
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transmitters which were previously discussed. A schematie diagram
of the exciter and frequency multiplier system of the Collins f-m
transmitters 731A to 736A inclusive is illustrated in Fig. 4-45.

A distortion run taken on the model 733A 3000-watt f-m trans-
mitter for all audio frequencies showed that for audio frequencies
between 50 and 15,000 cyc