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I. Basic Principles of F.M.
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For each study step, read the assigned pages first at your
usual speed, then reread slowly one or more times. Finish
with one quick reading to fix the important facts firmly
in your mind. Study each other step in this same way.

...................... Pages |-10

The general characteristics of frequency-modulated signals and why f.m. can
be used for high-fidelity, interference-free broadcasting is discussed.

Direct F.M. Transmitters

Pages |I-15

Various methods of varying the frequency of an LC oscillator to produce f.m.

are given.

Indirect F.M. Transmitters

Pages 16-23

General methods of obtaining f.m. by phase-modulating the r.f. output of a
crystal oscillator are the subject of this section.

Propagation of F.M. Signals

Pages 23-24

The limitations on the maximum range of f.m. signals at v.h.f., and why f.m.
antennas must be mounted on high places are discussed.

Frequency Modulation Antennas

Pages 25-31

The general characteristics desired in f.m. transmitting and receiving antennas
and examples of antennas used for f.m. transmission and reception are studied.

Frequency Modulation Receivers

Pages 32-36

We study the essential stages of an f.m. receiver with particular emphasis on
the f.m. detector (discriminator) and amplitude limiter which permit high-

fidelity, interference-free reception.
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FUNDAMENTALS OF FREQUENCY MODULATION

Basic Principles of F.M.

IDE-BAND frequency modu-

lation, as you have learned, is
a broadcasting system in which the
frequency of the carrier of the broad-
cast station varies in accordance with
the modulating signal. This method
of modulation is used for high-fidelity
broadcasting because it permits a
higher signal-to-noise ratio and a
larger dynamic (volume) range than
does a.m. These advantages are gained
because an f.m. system is insensitive
to many amplitude variations that in
a.m. cause background noise, static,
and other interfering signals.

One disadvantage of wide-band f.m.
broadcasting is that the r.f. channels
must be 200 ke. wide, as compared
to 10 ke. for standard a.m. This prob-
lem has been solved by assigning this
service to the v.h.f. band where more
channels are available. The present
88-108 me. f.m. band, for example,
accommodates 100 f.m. channels.

REVIEW OF AM.

A thorough understanding of the
characteristics of a conventional am-
plitude-modulated (a.m.) signal will
help you to picture in your mind the
characteristics of a frequency-modu-
lated (f.m.) signal. Let’s review brief-
ly what you have learned about a.m.

The signal peaks of an unmodu-
lated r.f. carrier all have the same
amplitude, as shown at the left in Fig.
1A. When the r.f. carrier is ampli-
tude-modulated with a single sine-
wave audio frequency (such as that
corresponding to a pure audio tone),
the peaks of the r.f. signal rise and fall
in amplitude in accordance with vari-

ations in the audio signal, as shown
at the right in Fig, 1A.
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A dashed line drawn through the
posxtwe peaks of the modulated r.f.
signal in Fig. 1A gives a curve known
as the envelope, which has the same
wave form as the original audio sig-
nal. (Another envelope having this
same audio wave form is obtained by
drawing a dashed line through the
negative peaks, but at this time we
need consider only the upper enve-
lope. Both envelopes are shown for
each signal in Fig. 1.) If we consider
horizontal line XX at the level of
the unmodulated carrier peaks to be
the reference line for this envelope,
we can say that the positive peak of
the envelope goes above reference line
XX, and the negative peak of the en-
velope goes below reference line XX.

When the carrier is modulated 50%
(Fig. 1A), the envelope peaks will
have exactly one-half the amplitude
of the unmodulated carrier peaks.
When the envelope peaks are equal
in amplitude to the unmodulated car-
rier peaks (Fig. 1B), we have 100%
modulation of the carrier. When the
envelope peaks are greater in ampli-
tude than the unmodulated carrier
peaks, the modulation percentage is
higher than 100% and the envelope
becomes distorted, as shown in Fig.
1C. When an overmodulated signal
like this is demodulated in a receiver,
the resulting audio signal will have
the same distorted wave form as the
envelope in Fig. 1C.

When the frequency of the audio
signal is varied, the frequency of the
envelope changes in a corresponding
manner. Thus, if we double the fre-
quency of the sine-wave audio tone
used for our first three examples in
Fig. 1, we secure, for 100% modula-
tion, the envelope shown in Fig. 1D.

When voice or music is transmitted,
the modulation envelope becomes far
more complex, resembling that shown
in Fig. 1E. When this envelope is
analyzed, it is found to have many
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different audio frequency components.

Side Frequencies. As you already
know, an r.f. carrier signal that is
modulated with a single fixed-fre-
quency sine-wave tone is equivalent
to three different pure r.f. signals. One
will have the assigned carrier fre-
quency and constant amplitude. The
other two, called side frequencies, will
be respectively above and below the
carrier frequency by the audio fre-
quency value, and each one will vary
in amplitude between zero and one-
half the carrier amplitude as the per-
centage modulation varies between
0 and 100%.

Here is an example. If the highest
frequency we wish to transmit is 5000
cycles (5 ke.), and the r.f. carrier fre-
quency is 1000 ke., the three pure r.f.
signals will be 1000 ke. (the carrier),
and 995 ke. and 1005 ke. (the side
frequencies). If the lowest frequency
to be transmitted is 100 cyecles (.1
ke.), the two side frequencies going
out with the 1000-ke. carrier will be
999.9 ke. and 1000.1 ke.

If a complex audio signal having
many frequencies in the range from
100 cycles to 5000 cycles is being
transmitted, there will be a 1000-ke.
r.f. carrier signal traveling through
space along with side frequencies
ranging from 995 ke. to 999.9 ke. and
from 1000.1 ke, to 1005 ke.

The percentage modulation for a
complex signal varies from instant to
instant; it is 100% when the sum of
all the side frequency amplitudes at
a particular instant of time is exactly
equal to the carrier amplitude. Over-
modulation occurs whenever the sum
of all the side frequency amplitudes
is greater than the carrier amplitude.

CHARACTERISTICS OF
AN FM. SIGNAL

An r.f. signal can also be modulated
by varylng the frequency of the r.f.
signal in accordance with an audio
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FIG. 2. Example showing how a sound wave having a square-wave form, makes the r.f. signal
frequency of an f.m. transmitter vary above and below the assigned resting frequency.

signal while keeping the r.f. ampli-
tude essentially constant. This, ba-
sically, is frequency modulation.

Sound is an alternate compression
and rarefaction of air particles. This
means that air in the path of a sound
wave is alternately being increased
and decreased in pressure with respect
to normal atmospheric pressure. When
a sound wave in air is converted into
its electrical equivalent by a micro-
phone, we have a corresponding audio
signal with positive and negative al-
ternations, one alternation represent-
ing compression and the other rare-
faction of air. The amplitude of an
alternation depends upon the loud-
nes$ of the original sound in air, and
the frequency of the audio signal de-
pends upon the pitch (frequency) of
the original sound.

The Resting Frequency. With fre-
quency modulation, the r.f. signal that
is radiated by the transmitter when
no sound is being transmitted is .at
an assigned r.f. value called the rest-
ing frequency or center frequency.
The resting frequency thus corre-
sponds to the instant when the air at
the microphone diaphragm is at nor-
mal atmospheric pressure. This is
illustrated graphically by time inter-

val 1 in Fig. 2. (The resting frequency
of an actual f.m. transmitter would be
some value above 88,000,000 cycles
per second, but for illustrative pur-
poses we arbitrarily chose 5 cycles to
represent the resting frequency in this
diagram.)

Frequency Deviation. When an
a.f. signal is fed into an f.m. trans-
mitter, the frequency of the r.f. signal
swings above or below the resting
value in proportion to the increases -
or decreases in air pressure at the
microphone that cause the audio sig-
nal. We will assume that an increase
in air pressure at, the microphone
(compression) causes an increase in
frequency. (Actually a compression
wave could cause either an increase
or decrease in frequency, depending
on the number of a.f. stages and
phase-reversing transformers between
the microphone and the modulator
output, but it is eommon practlgg 4o
consider that compression causes a
frequenc ney “increase.) The amount of
this swing above or below the resting
frequency (the amount by which the
instantaneous r.f. value differs from
the resting value) is known as the
frequency deviation. We illustrate
these r.f. signal frequency changes in



Fig. 2 for a sound having a square-
wave form.

are-Wave Example. Time in-
tervals 2, 3, 4, and 5 in Fig. 2 represent
two cycles of a weak sound having a
square-wave form. During the first
half cycle (interval 2), the air di-
rectly in front of the microphone is
compressed, and the r.f. earrier fre-
quency for this interval is therefore
higher than the resting frequency. We
have indicated this by showing 7
complete cycles for time interval 2
(two more than for the resting fre-
quency in interval 1).

FIG. 3. A pure sine-wave signal like that at

"A" or a complex audio signal like that at

"B" both make the frequency of an f.m. trans-

mitter swing above and below its resting value

exactly in proportion to the positive and nega-
tive swings of the audio signal.

During the second half of the first
sound cycle, we have rarefaction at
the microphone, and the r.f. carrier
frequency for this interval is lower
than the resting frequency. We indi-
cate this by showing 3 cycles for time
interval 3 (two less than for interval
1)

In the second cycle of the weak
sound, the process repeats itself, with
the r.f. carrier frequency going above
the resting value for time interval 4,
and going below the resting value for
interval 5.

In an fin. system, an increase in
sound that doubles the audio voltage
doubles the frequency deviation, Time
intervals 6, 7, 8, and 9 in Fig. 2 illus-
trate the eﬁect of a loud, square-
wave sound. .

During the first (compression) half-
cycle of this louder sound wave (in-
terval 6) the r.f. signal frequency is
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twice as much above the resting fre-
quency as it was for corresponding
interval 2 of the weak sound. We
indicate this in Fig. 2 by showing 9
complete cycles for time interval 6
(this is 4 cycles above the resting
value).

For the rarefaction half of the loud
sound cycle (interval 7), the r.f. sig-
nal frequency swings just as much
below the resting frequency as it
swung above the resting frequency for
the compression half cycle. Thus, we
show 1 cycle for time interval 7 (4
cycles below the resting frequency).

The 4-cycle swing above and below
the resting frequency is repeated for
intervals 8 and 9 in Fig. 2, to give the
second cycle of the loud sound.

Sine-Wave Example. The square-
wave audio signal in Fig. 2 shows
how sudden changes in the amplitude
of an audio signal affect the output
signal frequency of an f.m.. transmit-
ter. Now let us see how gradual
changes in amplitude, such as those
oceurring in the sine-wave audio sig-
nal shown in Fig. 3, will affect an
f.m. transmitter. This diagram can
represent either variations in air pres-
sure from a normal atmospheric value
(as in Fig. 2) or positive and negative
a.f. signal voltage swings.

First of all, we can say that the
r.f. signal will be at its resting value
whenever the audio signal passes
through zero, such as at points a, e,
and g in Fig. 3A.

As the audio signal increases in
amplitude from a to b to e, the fre-
quency of the r.f. signal will rise
proportionately above the resting
value to a maximum r.f. value corre-
sponding to peak amplitude c. As the
audio signal decreases gradually in
amplitude to zero again at point e,
the r.f. signal frequency will drop
proportionately back to the resting
value. Notice that for the entire in-
terval of time from a to e when the

a.f. signal is positive, the transmitter
frequency is above the resting value.

When the a.f. signal goes through
its negative half cycle from e to f
to g, the r.f. signal frequency will de-
crease in a correspondingly gradual
manner from its resting value to a
minimum value corresponding to point
f, then rise gradually again to the
resting value to complete the sine-
wave cycle.

Complex Voice or Music Signals.
When a complex audio signal like
that shown in Fig. 3B is transmitted
by an f.m. system, the transmitter
frequency will vary above and below
the resting value in accordance with
the amplitude and polarity of the
audio signal at each instant, even
though this voice or musiec signal con-
tains many different audio frequen-
cies.

Thus, we can say that the r.f. sig-
nal frequency will be above the rest-
ing value whenever the audio signal
is positive, with the deviation from
the resting value being proportional
to the positive amplitude at each in-
stant. Likewise, the r.f. signal fre-
quency will be below the resting value
whenever the audio signal is negative,
with the deviation being proportional
to the negative amplitude at each

" instant.

Amount of Frequency Deviation.
Keeping in mind the fundamental fact
that the instantaneous deviation in
the frequency of the r.f. signal is pro-
portional to the instantaneous ampli-
tude of the audio signal, let us now
consider actual frequency values for
f.m. as they are used today.

Theoretically, the full audio fre-
quency spectrum with a full range of
volume can be handled satisfactorily
by an f.m, system regardless of how
small or how large the maximum de-
viation value may be. In actual prac-

tice, however, the added requirements.
of a high _Blgnal-tq-nms_e ratio_and

minimum_interstation interference at
receivers make necessary a{ﬁigh—vilue\
for the maximum frequency devia-
tion. The greater the maximum fre-
quency deviation used for desired sig-
nals, the less noticeable to the listener
will be a frequency deviation due to
an interfering signal.

The channels that have been made
available to f.m. broadcast stations
in the United States and its posses-
sions by the Federal Communications
Commission are_.2 me. apart in the
v.h.f. band between 88 an me.
Each channel assignment represents
the assigned resting frequency of the
station (the unmodulated signal fre-
quency of the station).

A guard b at_least 25 ke. wide
is required by the FCC beyond each
extreme frequency swing of a station,
which leaves a maximum of 75 kilo-
cycles for the permissible frequency
swing in either direction from the as-
signed resting frequency.

A frequency deviation of 75 ke. .
corresponds _to  100% _modulation.

“However, most f. m, transmitters _are

without distortion. This deVIatlon
which corresponds to_133% modula-
tion, is used for test purposes, in fact,
the point indicating 133% modulation
is marked on the VU meters used in
f.m. transmitters. Modulations over
100% do not necessarily cause distor-
tion in f.m. receivers, as you will learn
when we study f.m. receiver operation
in detail in a later Lesson.

The monitor engineer in an f.m.
studio has meters before him that
show when the loudness level at the
microphone is exceeding the value
that gives the full 75-ke. deviation.
Whenever necessary, he reduces the
gain of the studio a.f. amplifier
enough to prevent the transmitter
from swinging more than 75 ke. off
from the resting frequency. Likewise,
he increases the a.f. gain when the



loudness level at the microphone be-
comes very low for appreciable pe-
riods of time. Thus, the monitor engi-
neer does essentially the same thing
in both fm. and a.m. systems: he
keeps the audio level as high as is
practical without making the program

sound unnatural and without causing’

over-modulation at the transmitter.
Actual Example. Suppose that an
f.m. station i§ assigned the 97.3-mc.
channel, and its microphone is pick-
ing up a loud 1000-cycle sound. The
resting frequency of this station will
be 97.3 megacycles, and the maximum
permissible deviation will be 65 ke.
(.065 mec.) above and below the rest-
ing value. (Although a maximum de-

transmitted in this example is 1/100
of the loudest level, the deviation for
this weakest audio signal will be .065
me. divided by 100, or .00065 me.
For this weak signal, then, the r.f.
signal frequency will vary from
97.30065 mec. to 97.29935 mc., and
there will be 1000 complete swings
like this in each second.

If the f.m. station in our example
next transmits a 100-cycle audio sig-
nal that is as loud as the original
1000-cycle signal, the deviation will
still be 65 ke. on each side of the rest-
ing frequency, but now there will be

only 100 complete swings back and .

forth between the two extreme fre-
quencies in each second.
CARRIER

- / |
SIDE BANDS
-76-60 020 0 +10+20+30+40+50+60+70

DEVIATION IN KILOCYLES FROM CARRIER

FIG. 4. This shows how frequency modulation

of a carrier produces a large number of pairs of

side bands even when the modulating signal is

a pure sine wave. In this case the frequency

of the modulating signal is 10 kc. and the
modulating index is 5.

i

viation of 75 k d b
FCC, many f.m. stations are operated

with a maximum swing @MJ

This provides a larger margin of
safety so that on unanticipated loud
peaks there is less likelihood of
“gplatter” into the adjacent chan-
nels.) Thus, the r.f. signal frequency
will go up to 97.365 me. for the
positive peak of each audio cycle, and
will drop down to 97.235 me. for the
negative peak of each audio cycle.
Since the audio signal passes through
1000 complete cycles in each second,
the f.m. transmitter will go through
1000 complete swings (from 97.3 to
97.365 to 97.3 to 97.235 to 97.3) in
each second in order to follow the
positive and negative amplitude vari-
ations of the audio signal.

If the lowest loudness level to be
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F.M. Side Bands. In our study of
f.m., we may sometimes find it neces-
sary to refer to the side bands gen-
erated by a frequency-modulated
signal.

First let us consider the case when
the modulating signal is a simple
sine wave. It has been found both
by mathematical analysis and by
actual measurements, that such a
frequency-modulated signal consists,
as shown in Fig. 4, of the carrier plus
two sets of side bands, one on each
side of the carrier. These side bands
are spaced the frequency of the modu-
ating signal apart. Thus, if the modu-

ating signal Ols/(l.kc.,_th side bands;
_are 10 ke., 2 ., 40 kc., etc.,
ove and below the carrier. o-

retically, these side bands extend to
infinity; practically, however, the am-

6

plitudes of the side bands beyond the

frequency deviation of the transmitter
(% 75 ke.)_are so smalt—that they.
can be ignored. As you can see, the
amplifudes of these side bands, even
for sine-wave modulation, do not
follow a very easily determined pat-
tern.*

As the amplitude of the modulating
signal is varied, the amplitudes of the
side bands and of the carrier will
vary; it is even possible for the car-
rier or any pair of side bands to drop
to zero as the amplitude of the modu-
lating signal varies. In general, the

?gngﬁ_ttl?igs_imu_idwd,s_f_a@@
Jrom the carrier will increase as-the
‘modulating signal is increased, This
is another reason for Eeeping the
modulating signal amplitude to a
value that prevents “splatter” into
the next f.m. channel.

In standard f.m. transmitters, the
maximum frequency deviation (Fp)

is 75 ke. and the maximum frequency
of the audio signal (Fy) to be trans-

mitted is 15 ke. The ratio_o
Fy is called the HM@

the mlatw This ratio is given

mathematically by:
Fp
ey

The 1 ti (deviation
ratio) of standard f.m. stations is 5
(the frequency deviation is 75 ke. and
the maximum frequency of the modu-
lating signal is 15 ke.)

When the modulating signal is a
complex wave, the number of side
bands generated is greatly increased;
however, the important side bands are
still inside the 75-ke. deviation from
the carrier in normal f.m. transmitter
operation, hence =+ 75 ke. is the prac-
tical and satisfactory band limit.

How F.M. Systems Reduce Inter-

*The amplitude of the carrier and side
bands can be determined only by using
advanced mathematics.

ference. At any instant of time, we
can consider that an f.m. signal has
a definite frequency above or below
the resting frequency of the trans-
mitter. We can therefore represent a
desired f.m. signal at the input of an
f.m. receiver by a vector D, as shown
in Fig. 5A. The amplitude (length)
of this desired-signal vector D will
be constant, and the rate at which
the vector rotates counter-clockwise
will correspond to the frequency of
the r.f. signal at the instant of time
under consideration. The position of
the vector with respeet to the hori-

o

®"%__

©

FIG. 5. Yector diagrams showing how an un
desired signal "U" can affect the frequency
and amplitude of a desired f.m. signal "D".

zontal reference line in the diagram
is unimportant.

Now, let us suppose that we also
have an undesired signal at the input
of our f.m. receiver. It may be due
either to noise interference or to an
undesired r.f. carrier signal from some
other station. Let us say that at the
instant of time under consideration
for Fig. 5A, the undesired signal has
the amplitude and phase represented
by vector U in Fig. 5B.

When we combine undesired-signal
vector U with desired-signal vector
D, as shown in Fig. 5C, we obtain
resultant vector R. This represents
the actual signal received at the an-
tenna. The amplitude of vector R is
greater than that of desired-signal D,



showing that an interfering signal can
affect the amplitude of a desired in-
coming signal. Furthermore, vector R
is ahead of vector D; this indicates,
as you will learn later in this Lesson,
that the frequency of the received sig-
nal appears higher than it should be.

Interference vector U in Fig. 5B
may have any phase relationship
whatsoever throughout the entire
range of 360°. It may be in phase with
desired-signal vector D, as indicated
by vector U, in Fig. 5D; it may be
180° out of phase, as indicated by
veetor Uy in Fig. 5D; it may lead
the desired vector by 90°, as indicated
by Us; or it may lag the desired vec-
tor by 90°, as indicated by U;. These
are the four extremes that could exist;
an analysis of them will take care of
intermediate undesired-signal vector
positions as well.

Careful study of the vector diagram
in Fig. 5D reveals that, when the
interfering signal is in phase with the
desired signal, it increases the ampli-
tude of the resultant signal without
changing its frequency. When the in-
terfering signal is 180° out of phase
with the desired signal, it decreases
the amplitude of the resultant signal
without changing its frequency. When
the interfering signal leads the de-
sired signal, the resultant will be
speeded up in frequency, and the am-
plitude will generally also be altered.
Finally, when the interfering signal
lags the desired signal, the resultant
will be slowed down in frequency and
will likewise be altered in amplitude.
We thus come to the conclusion that
an interfering signal in an f.m. sys-
tem can change both the frequency
and the amplitude of the desired f.m.
signal.

You will learn later that an f.m.
receiver does not respond to ampli-
tude variations in the input signal.
This lack of response is produced by
using a second detector whose output
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does not depend on amplitude vari-
ations or by using limiter stages that
remove all amplitude variations ahead
of the second detector. Amplitude
variations of the received signal due
to any interference will therefore not
affect the output of the receiver.
Any frequency change due to noise
will show up in the output of an f.m.
receiver, for such frequency changes
are converted into corresponding
changes in amplitude by the “fre-
quency discriminator” section of the

receiver. However, the amount of -

frequency deviation produced by
noise signals is quite small when com-
pared to the high frequency deviation
used in standard f.m. broadecasting.
For this reason, the output noise in
an f.m. receiver is generally negligible
even though the original interference
may be quite severe. For example
lightning, which causes considerable
noise in a.m. systems, produces prac-
tically no interference in a properly
designed f.m. receiver.

Let us now consider what happens
when the interference is another f.m.
station operating on the same fre-
quency. As we saw in Fig. 5, the re-
ceived signal will vary in amplitude
and in frequency. Again, any ampli-
tude variation will be removed in the
receiver. Whether or not the differ-
ence in frequency is noticeable de-
pends on the relative amplitudes of
the two signals. In standard wide-
band fm. it has been found that the
interference is unnoticeable in the
output of the f.m. receiver if the de-
sired station is at least twice the am-
plitude of the undesired station. Re-
member, in comparison, that in a.m.
the desired station must have an am-
plitude at least 100 times that of the
undesired station to eliminate inter-
ference.

This important characteristic of a
wide-band f.m. station means that
there is a minimum of interference

between stations operating on the
same frequency and that, therefore,
channel assignments can be dupli-
cated more often than in am. if
necessary.

MULTIPLEX F.M. OPERATION

Frequency modulation has the
added advantage of permitting multi-
plexing, that is, the sending of two or
more programs or types of intelligence
by the same transmitter, without in-
creasing the required band width for
the station and without interference
between the programs being trans-
mitted.

Here is an example: To transmit
facsimile along with a broadcast pro-
gram, a 20-ke. oscillator signal (above
the audio range) could be made to
vary in amplitude in accordance with
the facsimile, and this modulated
20-ke. secondary carrier (called a
“subcarrier”) could then be fed into
the transmitter along with the regular
voice or music program. At the re-
ceiver, the voice or music program
would pass through the stages in the
conventional manner, and the 20-ke.
modulated facsimile signal would be
taken out ahead of the audio ampli-
fier, and demodulated by conventional
means in a separate detector stage to
operate the facsimile receiver. Filters
would be used to keep the 20-ke. sig-
nal out of the regular a.f. amplifier,
to prevent overload of a.f. stages in
the broadecast portion of the f.m.
receiver.

AUDIO PRE-EMPHASIS
AND DE-EMPHASIS

In standard f.m. broadcasting, there
is deliberate pre-emphasis of high fre-
quency components of the modulating
signal at the transmitter and subse-
quent de-emphasis of them at the re-
ceiver. Let us see how this makes
high fidelity reproduction possible
with a minimum of background noise
in the receiver output.

For high fidelity reproduction of
speech or music, it is necessary that
the harmonics or overtones in the
upper audio frequency range be accu-
rately reproduced. An f.m. system is
capable of transmitting this full audio
range because its band width depends
on the amplitude but not the fre-
quency of the modulating signal.
Practically, however, the amplitude
of these high-frequency components is
very small, and they produce only a
small amount of modulation. In an
f.m. receiver with a flat frequency
response to the upper end of the audio
range, there are many high-frequency
noise components produced by resis-
tor noise and “shot-effect” in the f.m.
detector circuit. These noises are
present even in the absence of a sig-
nal. When a signal is received, its
high-frequency components are likely
to be lost in the noise already present;
the result is unsatisfactory reproduc-
tion of signal.

However, if the high-frequency re-
sponse of the audio amplifier in the
f.m. receiver is reduced, as shown in
Fig. 6A, the high-frequency noise
components are greatly reduced and
are no longer objectionable. The cir-
cuit used to de-emphasize the high
audio frequencies is called a “de-
emphasizer.” It consists, in a stand-
ard f.m. receiver, of a low-pass RC
filter with a time constant* of 75
microseconds. Fig 6B shows such a
filter (R:C;) and how it is connected
in the circuit of the f.m. receiver.

Because of the de-emphasis of high
audio frequencies in the receiver, it is
necessary to pre-emphasize them in

*The time constant of an RC circuit in
seconds is equal to the resistance R in
ohms times C in farads, this is, t — RC.
Since a microsecond is a millionth of a
second, the time constant in microseconds
is the resistance R in ohms times C in
microfarads. In the example given, 50,000
X 0015 — 75 microseconds. The same
result can be obtained by multiplying R
in megohms by C in micromicrofarads.
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FIG. 6. In A the standard 75 microsecond de-emphasis curve for an f.m. receiver is shown, and in B
a simple low-pass RC filter to obtain it is given. In C, the standard 75 microsecond pre-emphasis
curve used in f.m. transmitters. D, a simple high-pass RC filter for obtaining this pre-emphasis.

the f.m. transmitter to obtain a flat
over-all frequency response. The
standard pre-emphasis curve shown in
Fig. 6C is just the opposite of the re-
ceiver curve. The circuit producing
this response is shown in Fig. 6D; it
is a 75-microsecond high-pass RC fil-
ter that is connected in the transmit-
ter as shown.

This pre-emphasis of high audio
frequencies in the transmitter and
corresponding de-emphasis in the re-
ceiver results in a flat over-all fre-
quency response from microphone to
loudspeaker with a minimum of noise
in the output of the receiver. The re-
sultant high-fidelity, noiseless sound
reproduction is an important advan-
tage of f.m.

DYNAMIC RANGE IN
F.M. BROADCASTING

You recall that it is necssary

to compress the volume range to about
25 db for efficient transmission in
standard a.m. broadcasting. If the
minimum signal is more than 25 db
below 100% modulation, the amount
of modulation is so small that it is
lost in the inherent noises of an a.m.
system. ;

In f.m., however, as we have seen,
background noises are reduced to a
minimum. This means that the per-
missible dynamic range can be much
greater than 25 db. As a matter of
fact, the full 70 db range of a sym-
phony orchestra can be handled in a
well-designed f.m. system. Practical-
ly, of course, the usual range is less
than this. Most f.m. stations, how-
ever, are capable of transmitting a
dynamic range of 45 db, which is the
maximum that the acoustics of the
usual location of an f.m. receiver will
permit.

STEAM POWERED RADIO.COM
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Direct F.M.

Now that we have studied the basic
characteristics of f.m. signals, let us
see how frequency modulation is ob-
tained.

Briefly, there are two general meth-
ods, the direct and the indirect. In
the direct method, the frequency of
oscillation of an LC oscillator is va-
ried in accordance with the modu-
lating signal. A block diagram of
a direct f.m. transmitter is given in
Fig. 7. The audio signal from the
audio amplifier is applied through a
pre-emphasis network to the fre-
quency modulator, which varies the
frequency of the LC oscillator. Fre-
quency multiplier stages are used to
increase the small amount of fre-
quency deviation obtained in the LC
oscillator to the large value needed
for f.m. broadcasting. Class C high-
efficiency power amplifiers capable of
passing the full 150-ke. band are used
to increase the power to the desired
level.

Although this method is fundamen-
tally the simplest one, there is a grave
objection to it: the normal frequency
drift of a free oscillator at these fre-
quencies is more than can be tolerated
in actual practice. The FCC has spe-
cified that f.m. stations should stay

Transmitters

within 2000 c.p.s. of their assigned
frequency. For a station on 100 me.,
this means that the unmodulated car-
rier frequency must not vary more
than .002% from the assigned value.

Special precautions must be taken
to maintain such a frequency stability
in an LC oscillator. The general
method used is indicated in Fig. 7,
the resting frequency of the LC oscil-
lator is compared to a reference crys-
tal oscillator, and any drift in fre-
quency is automatically corrected
through a frequency-correcting cir-
cuit. The various specific methods of
doing this will be studied in detail in
another Lesson.

In other transmitters, crystal oscil-
lators are used as the master oscilla-
tors to obtain this high degree of
stability. Since, however, it is not
possible to vary the oscillating fre-
quency of a crystal oscillator by the
amount necessary for f.m. work, in-
direct methods of obtaining f.m. must
be used. These methods generally
consist of phase-modulating the crys-
tal-controlled carrier and converting
this phase modulation to frequency
modulation. The relationship between
p.m. and f.m. will be studied later in
this Lesson and in another Lesson of
your Course.

REFERENCE
OSCLUATOR ANTENNA
1t ]
FREQUENCY Lc FREQUENCY POWER
CORRECTOR [ °| OSCLLATOR [—| MULTPLIERS | | AMPLIFIERS
FREQUENGCY PRE- AUDIO AUDIO
MODULATOR [  EMPHASIS [*—]  AMPLIFIER  [* INPUT

FIG. 7. The general block diagram of a direct f.m. transmitter.
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REACTANCE TUBE MODULATORS

One of the simplest methods of ob-
taining f.m. directly is shown in Fig.
8. It depends on the fact that the
frequency of operation of an LC oscil-
lator can be varied by connecting a
variable inductance across the LC
tank circuit. Instead of a coil, how-
ever, a vacuum tube, known as a
“reactance” tube, is used. This tube
is connected in a circuit that acts as
a variable inductance across the res-
onant circuit of an r.f. oscillator;

R.E OSCILLATOR

b

-40000000 ¥~

FIG. 8. This practical f.m. transmitter circuit
employs an oscillator control circuit consisting
of a vacuum tube that acts like an inductance
shunted across the r.f. tank circuit. The effec-
tive inductance value varies from instant to
instant in accordance with variations in the
amplitude of the a.f. signal, thereby giving
frequency modulation.

f.m. is secured by making the induc-
tance of the reactance tube circuit
vary at an audio rate,

You learned in an earlier Lesson
how a vacuum tube can be made to
act as an inductance by adjusting cir-
cuit voltages so that the r.f. current
drawn by the tube lags the r.f. volt-
age applied to the tube. Let’s review
and expand that information by
studying the operation of the circuit
in Fig. 8 in detail.

In Fig. 8, triode vacuum tube VT,
is connected into a conventional

STEAM POWERED RADIO.COM

tuned-grid r.f. oscillator circuit, with
L, and C,; forming its tank circuit.
Pentode tube VT, serves as the oscil-
lator control tube that acts like an
inductance; its plate is connected di-
rectly to terminal 2 of tank induct-
ance Ly, and its cathode is connected
to terminal 1 of this coil through r.f.
by-pass condensers C. and C; and
the grounded chassis.
ow let us see how oscillator con-
trol tube VT; can act as an induct-
ance in shunt with tank circuit Ly-Cs.
First of all, r.f. tank voltage e in Fig.
8 must be considered to be the r.f.
voltage source acting upon the oscil-
lator control circuit. The two r.f. sig-
nal paths connected in parallel across
| r.f. voltage source e are the plate-
' cathode path of oscillator control tube
\ VTl and path R3 01'02-05
At radio frequencies, path Rs-C;-
\C2-C5 is ecsentlally resistive (the re-

'actances es of_al
y espect, to the > of
.%,L so the r.f. currenf flowing over
is path is in phase with its r.f. source
voltage e. This r.f. current develops
across condenser C, an r.f. voltage
that lags the r.f. current, and hence
'lags r.f. voltage e. (The a.c. voltage
| across a condenser always lags the
condenser current.)

The r.f. voltage across C, acts on
the control grid of VT,, making the
tube pass an r.f. plate current that is
in phase with the applied r.f. grid
voltage. The r.f. plate current drawn
from L, by the oscillator control tube
therefore lags the r.f. voltage across
L,. This is exactly the same phase
relationship as for an inductance load
across Lo; the oscillator control tube
thus acts like an additional induct-
ance shunting the tank ecircuit, and
serves to increase the frequency of the
f. oscillator.

The a.f. modulation voltage that is
applied to the control grid of VT,
through R, varies the transconduct-
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ance of the tube, and hence makes the
a.c. plate current vary at an audio
rate. Consequently, the effective in-
ductance of this tube also varies at
an audio rate. This in turn makes the
frequency of the r.f. oscillator swing
above and below its resting value at
an a.f. rate, giving frequency modula-
tion of the r.f. carrier without appreci-

resistor.

For these reasons, the circuit in Fig.
8 is suitable as a signal source for an
f.m. system that is to transmit intel-
ligence. Tl};_finM___zn_ml_d,b_e.mm
from the tank circuit inductance Lo,
either by a link coupled to this coil

near terminal I, or by capacifive cou-
pling from terminal 2.
—’_—-‘

VT

ar §E2T B[

L2

VT2

i

T s K7 5
B+ 8+

FIG. 9. A push-pull balanced reactance tube modulator circuit. Note that the
90° phase shift is obtained by link coupling L5 to Ly and Ly through L3 and Ls.
The two reactance tubes VT; and VTo are 180° out of phase so that one acts as

an inductance and the other as a capacitance.

able variation in the r.f. amplitude.
When the a.f.signal is removed or
drops to zero, the r.f. oscillator returns
to its resting fequency, which is de-
termined by the size of inductance L,
the normal inductance of the oscillator
control cireuit, and the tank cireuit
capacity.

When an a.f. signal is applied, the
frequency deviation maximum can be
adjusted by setting the maximum a.f.
voltage level fed to the oscillator con-
trol tube.

Resistor R, prevents the a.f. source
from shorting the input of the react-

ance tube; it is really an isolatin
13

BALANCED REACTANCE
TUBE MODULATORS

In many commercial f.n. transmit-
ters, two tubes are used, as shown in
Fig. 9, in a balanced reactance tube
circuit. The advantages of such a cir-

cuit are, (first) that the fr
VIatlon can_ eftective e doubled
e two reactance tubes

mamtal fhe balance of the audio 1n-
put with res und, These
actors permit more linear frequency
deviation and low distortion of the
audio signal.

This ecircuit contains a conventional



Hartley oscillator, using VTs. Part of
its output is inductively coupled by
links Iy and Lj to the tuned circuit
Ly, La, Cy, and C,. This tuned circuit
causes the r.f. voltage applied to the
grids of reactance tubes VT; and VT,
to be 180° out of phase, with one tube
current, effectively leading the r.f. vol-
tage in L;-Cz by 90° and the other
lagging by the same amount. These
phase shifts cause one of the reactance
tubes to act as a condenser, the other
as an inductance.

The audio signal from T; applied to
the grid of one of the reactance tubes
is 180° out of phase with the signal
applied to the other. Therefore, any
half cycle of the audio signal causes a
decrease in the effective shunting in-
ductance and a corresponding decrease
in the effective shunting capacitance
of the other tube. Thus, a double
frequency swing occurs. The next half
cycle of the signal will cause an
increase in both inductance and capa-
citance, again producing a double
frequency swing.

RESISTANCE-TUNED
FREQUENCY MODULATOR

Another scheme for direct frequency
modulation uses resistance tuning of
an LC circuit. Before we study this

FIG. 10. Resistance tuning. The
resonant frequency of a tuned circuit
can be varied slightly by changing
the value of the series resistance R
as shown in A. Likewise, as shown
in B, a variation of the shunt resist-
ance Rj across the tuned circuit will
cause a variation in frequency of
resonance.
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system, let’s see how a variable resist-
ance will affect the resonant frequency
of a tuned circuit.

In Fig. 10A is shown an LC circuit
with a resistance R connected in series
with the inductance. It has been found
by experiments and by mathematical
analysis that the resonance frequency
of such an LCR circuit is

1 4/ 1L _ R
c " I7

Notice that the frequency of the oscil-
lation depends not only on L and C
but also on R; that is, the frequency
of resonance can be changed by vary-
ing R.

Since it is not convenient to con-
nect a variable resistance in series
with L, the circuit of Fig. 10B is fre-
quently used. Here, a resistance R;
connected across the tuned circuit has
the same effect as resistance R in Fig.
10A. Resistances R gng R; are in-
versely related—that is, an increase

mthe vatoe o1 the equ1valenf resist-

-ance R, has the same efiect as a de-

14

crease in R, and vice versa.

When R is negligibly small (as it
generally is in most high Q tuned
circuits), the frequency of resonance
is simply

Sk
2z LC
which is the formula generally used
to calculate the resonanee frequency
of an LC cireuit.

A basic circuit for preducing f.m.
by varying a resistance is shown in
Fig. 11. VT3 is used in a tuned-grid,
tuned-plate LC oscillator circuit. The
plate tank I,-C; is tuned to be induc-
tive at the frequency of operation.
The grid tank circuit L,;-C, deter-
mines the frequency of operation of
the oscillator; diede VT, is used as a
variable' resistance across this grid

circuit to produce frequency modula-
tion of the oscillator.

The d.c. plate current for tube VT,
(which amplifies the audio signal)
flows through VT, and R;. An audio
signal applied to VT, causes its plate
current and hence the plate current
of VT,, to vary. This causes the a.c.
plate resistance of diode VT, to
change. Since C; is an r.f. by-pass
condenser this a.c. resistance is effec-
tively connected across 1;-C,, as the
diagram shows. Since this resistance
varies when an audio signal is ap-
plied to VT;, the frequency of the
oscillation of VT3 will likewise vary.

The advantage of this circuit is
that the diode VT, 1s non-microphonic_

RF §
OUTPUT

L Cy

AUDIO
SIGNAL

FIG. 12. The basic Miller effect fre-
quency modulator. The oscillator is a
conventional Hartley with LiC; deter-
mining the frequency of operation. VT2
is an r.f. amplifier whose gain can be
varied by changing the d.c. voltage on
the grid. This varies the apparent size

and thef_fore less Tikely to cause an
r.I. carrier_noise than is a
Yeactance-tube modulator.

LLER-EFFECT

FREQUENCY MODULATOR

As you learned in your study of
video and audio amplifiers the ap-
parent input capacitance of a voltage
amplifier depends on the voltage gain
of the stage; this is known as the
“Miller Effect.” Therefore, the input
capacitance of such an amplifier can

VT
v
AUIO i
SGNAL
T
FIG. Il. A basic resistance tuning f.m. cir-

cuit. VT3 is used in a tuned grid-tuned plate
oscillator where LiCo determines the frequency
of operation. An audio signal applied to VT;
causes a variation in the a.c. plate resistance
of VTa. This a.c. resistance, because C; is an
r.f. bypass, is effectively in parallel with L;C»
and causes the frequency of oscillation to vary
at the audio rate.

of Cy effectively connected across a por-
tion of Ly and thus varies its frequency.

be made to vary by varying the stage
gain. This variation in capacitance
can be used to produce frequency
modulation.

The basic circuit using the “Miller
Effect” to vary the frequency of an
LC oscillator is shown in Fig. 12. The
oscillator in this example is a con-
ventional Hartley using VT;. (Any
other LC oscillator circuit could be
used.) The input capacitance of VT,
(which is equal to the plate-to-grid
capacitance Cy times one plus the gain
of the stage) is effectively connected
from the tap of coil L; to ground.
(It is shown as C4 in Fig. 12)) It
will, therefore, with C;, control the
frequency of operation.

When VT, is a pentode the gain is
approximately the transconductance
of the tube times the plate load resist-
ance. Since its transconductance va-
ries with grid voltage the gain of the
stage can be varied by applying an
audio s1gnal to the grld of VT,. These
variations in stage gain cause similar
variations in the input capacitance
of VT, and thereby produce frequency
modulation of the oscillator.
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Indirect F.M. Transmitters

The indirect method of frequency
modulation is shown in block diagram
form in Fig. 13. In this system, the
master oscillator is a crystal oscillator
whose frequency of operation is not
altered by the modulation process.
The oscillator output is applied to a
“phase shifter” stage whose output is
the frequency-modulated signal. This
signal is then applied to frequency
multipliers to obtain the desired car-
rier frequency and frequency devia-
tion, next, to power amplifiers to obtain

AuDo PRE- R
WUT cuprass T AvPUFIER
1 s BN

FIG. 13. This is a general block diagram of an
indirect f.m. transmitter.

the desired power output, and finally,
to the radiating antenna.

The audio signal is applied through
a standard pre-emphasis network to
the audio amplifier, as it is in a direct
f.m. system. The audio output is then
applied to a “pre-distorter” network
that we will study shortly. Finally,
the output of this network is applied
to the phase-shifter circuit where its
action changes the phase, and there-
fore the frequency, of the carrier in
accordance with the amplitude of the
audio signal. The output of the phase-
shifter circuit as we have said, is the
basic f.m. signal of the transmitter.

To understand the operation of this
type of transmitter and the need for a
pre-distorter, we must first study the

STEAM POWERED RADIO.COM
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relationship between frequency modu-
lation (f.m.) and phase modulation
(pm.), and learn how p.m. can be
used to obtain f.m.

PHASE MODULATION

Let us assume that we have a phase-
shifting device (Fig. 14A) that can
shift the phase of a sine-wave voltage
so that the output (e,) can vary from
90° ahead (490°) to 90° behind
(—90°) the input voltage e;. Further,
let us assume that e; is a sine-wave
voltage, as shown in Fig. 14B, and
that at time M there is no phase shift
in the phase shifter of Fig. 14A.
Both e, and e, (shown in Fig. 14C)
are at zero at that time. Now let us
see what happens when we operate the
phase shifter.

‘Suppose we first advance the phase
of output voltage e, in such a manner
that it is 45° ahead of e, at the end of
one cycle (time N) and 90° ahead
at the end of two cycles (time P).
Since e, has completed two cycles in
less time than e, required to complete
two cycles, the frequency of e, must
be higher than that of e,. In other
words, changing the phase of e; with
respect to e, has also changed its
frequency.

Suppose we now retard the phase of
e, so that it is only 45° ahead at
time R and is back in phase with e;
at time T. For this to happen, as you
can see from Fig. 14, e, must take
longer than e; to complete two cycles,
and therefore must be lower in fre-
quency. Again, a phase shift has
produced a frequency change.

This simple example illustrates a

/fact you must remember to under-
‘stand p.m. Changing the phase of
a sine wave also changes its fre-
quency during the time that the

phase is varyi Thus, if we con-
‘Eﬁﬁﬁ]’mﬁ phase of a sine
wave, its frequency will vary continu-
ally too.

This is the basic principle used
in all indirect {.m. transmitters. The
modulating audio signal changes the
phase of the carrier produced by the
crystal oscillator and so creates a
frequency-modulated carrier.

an example, that a phase shift of 10
degrees occurs in 1 second. (These
figures bear no relationship to any
practical case; we are using them
merely to illustrate a point.) The rate
of change is then 10/1, or 10. We
can get the same rate of change if we
have a phase shift of 20 degrees that
occurs in 2 seconds, or a shift of 5
degrees that occurs in %% second: in

—

PHASE o
SHIFTER

& +90° TO -90°
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FIG. 14. A varying phase shift of a stable r.f. voltage e, as shown in B, will produce an output e,
which is effectively frequency modulated. This is the basic principle used in all indirect f.m.
transmitters to obtain f.m.

When a sine wave is modulated by
this method, the amount of frequency
change (the frequency deviation) de-
pends upon both the amount of phase
shift and the speed with which the
shift occurs. In other words, the fre-
quency deviation depends upon the
rate of change of phase shift. If the
rate of change is high, the frequency
deviation-is large; if the rate is low,
the frequency deviation is small.

Unfortunately, any given rate of
change of phase shift can be created
in many ways. Say, for the sake of
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fact, there are an infinite number of
combinations of shifts and speeds that
will produce the same rate of change.

This means that different modulat-
ing audio signals can produce the same
frequency deviation in the carrier
signal. As you will learn in a few
moments, the phase-shifting circuit is
S0 arranged that the amplltude of
the modulating signal determines the
amount of phase shift in the carrier,
and the frequency of the modulatmg
signal determines the speed with which
the phase shift occurs. Therefore, a



modulating signal of small amplitude
and high frequency will cause the
same frequency deviation in the car-
rier as will a signal of lower frequency
and greater amplitude.

Such a state of affairs cannot be
permitted if we are to have frequency
modulation, because the deviation of
an f.m. signal must depend only on
the amplitude of the modulation sig-
nal and not_at all on its frequency.
(The rate at which the carrier fre-
quency changes—that is, the rate of
change of the frequency deviation—
is what depends on the frequency of
the modulating signal.) Therefore,

FIG. 15. A simple pre-distorter circuit.

the modulating audio signal is not fed
directly into the phase-shifting cir-
cuit; instead it is first fed into the
pre-distorter.

The pre-distorter modifies the audio
signal, making its amplitude inversely
proportional to its frequency. To see
why this is done, let’s suppose we have
three audio signals of equal amplitude,
one of 100 cyecles, one of 1000 cycles,
and one of 10,000 cycles. To produce
an f.m. signal, each of these signals
should cause the same frequency devi-
ation in the carrier, since they are all
equal in amplitude.

The signals will not produce the
same deviation in the carrier if they
are applied directly to the phase-
shifter. All of them will produce the
same phase shift in the carrier, but
the rate of change of phase shift each
will produce will depend upon the fre-
quency, as you just learned. There-
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fore, the 10,000-cycle signal will pro-
duce the greatest deviation, the 100-
cyele signal will produce the least.

If the signals are fed into the pre-
distorter first, however, their ampli-
tudes will be changed in inverse

proportion to their frequencies: the

amplifude of the 1000-cycle signal
will be reduced to one-tenth that of
the 100-cycle signal, and the amplitude
of the 10,000-cycle will be reduced
to one-hundredth that of the 100-cycle
signal. When these modified signals
are applied to the phase-shifter, the
rate of change of phase each produces
will be the same; consequently, each
will produce the same frequency de-
viatign in the carrier. This means

that the carrier will be )@rly fre-
queney-medulated

~One form of pre-distorter, a simple
low-pass RC filter, is shown in Fig.
15. The reactance of the 0.2-mfd.
condenser at even the lowest audio
frequency to be transmitted is mueh
less than the resistance of the 200,000-
ohm resistor. The current flow *will
thus be practically independent of the
frequency of the audio signal, since it
will be primarily determined by the
resistance; however, the output volt-
age across the condenser will be pro-
portional to its reactance. Since the
reactance is inversely proportional to
frequency, the output voltage will also
be inversely proportional to the fre-
quency; in other words, it will be pre-
distorted in the desired manner,

-

BASIC P.M. METHODS

Now that you've learned the general
theory of how indirect f.m. transmit-
ters work, let’s see how an audio volt-
age can be used to change the phase
of a carrier.

One method is shown in simplified
form in Fig. 16A. The output of a
stable r.f. source (generally a crystal
oscillator) is applied to the LCR net-

‘(

'
{

e d

work shown. The internal resistance
of the source (R,) is much higher
than the reactance of the LCR net-
work. At the frequency of the r.f.
source, the capacitive reactance of C,
is one-half the inductive reactance of
L.

This LCR network is the phase-
shifting circuit. Its output differs in
phase from its input by an angle that
depends on the setting of the variable
resistor R;. The phase of the output
can be shifted from 90° ahead of the
input to 90° behind the input by
varying R;.

When R; is open, for example, only
L, is effectively in the circuit; there-
fore, the output voltage (across L)
leads the source voltage by 90°. When
R; is a short circuit, the network is
essentially capacitive (because the
reactance of C, is less than the react-
ance of L,) and the output lags the
input by 90°. Intermediate values of
phase shift are produced at intermedi-
ate settings of R;.

A practical basic eircuit using this
type of phase shifter is shown in Fig.
16B. The r.f. signal is applied to the
grid of VT,, a conventional pentode
amplifier. The variable resistance R,
of Fig. 16A is replaced by the output
circuit of a cathode follower stage
using VT.. An audio signal applied
to the grid of VT, will change the
value of the output impedance of the
cathode follower* and thus the phase
of the output r.f. voltage. When the
input audio voltage to VT, is inversely
proportional to the audio frequency,
the output r.f. voltage will be fre-
quency-modulated.

To_prevent non-linear frequeney

*The output impedance of a cathode
follower is essentially the cathode resist-
ance (R,) shunted by a second resistance
whose value is equal to the reciprocal of
the transconductance of the tube. The
output impedance of the circuit is there-
fore varied when the audio signal varies
the transconductance of the tube.
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deviations-the amount of phase devia-
tion per phase-shifting stage is gen-
erally quite small. In the example
above, the phase shift is generally
limited to 25° in either direction, even

e ——————— e e

STABLE RF
OSCILLATOR

PHASE-
SHIFTED
OUTPUT

RF. CARRIER
INPUT

A

INPUT

FIG. 16. A basic phase modulation method.

In A is the fundamental circuit, in B a practical

version where Ry is replaced by the output im-
pedance of a cathode follower VT;.

though the circuit is capable of pro-
ducing a 90° swing.

As you learned earlier, the amount
of frequency deviation (usually ab-
breviated dF) produced by phase
modulation of an r.f. carrier depends
on the amount of phase shift in de-
grees (A) and the frequency of the



modulating signal (Fy). The exact

relationship is given by the equation
dF=.0175 6 Fy

This equation-shows that the small-

est amount of frequency deviation is

obtained at the lowest audio frequency

to be transmitted. (This is because

lator frequency must be the desired
carrier frequency divided by 972 —
that is, about 100 ke.

There are other methods of produc-
ing frequency modulation by phase
modulation. In one method, the vari-
ations in the speed of rotation of a
the rate of change of phase shift plane of electrons in a special tube
is lowest for this frequency.) The (a P ) produce the desired
amount of frequency deviation pro- phase modulation and subsequent fre-
duced by all higher audio signals is quency modulation. We will study
limited to this value by the pre- this method in detail in a later Lesson.
distorter. Therefore, the maximum Still another method of producing

®

FIG. 17. Vector diagrams showing how a fre-
quency modulated signal can be produced by
the Armstrong phase-shift method.

phase deviation of 25° at a modulating
signal of, say, 30 c.p.s. will cause an

f.m. by phase modulation is used in
the Armstrong system. Let’s see how

(It is customary, in discussing such a
vector, to assume that it is rotating
counter-clockwise at a rate corre-
sponding to its frequency. In our
discussion, however, we shall consider
that we are examining the vector at

an instant of time so brief that the ;'

vector does not move.)

Let us assume that we suddenly
mtroduce into the circuit a voltage
V, that has the same frequency as Vj,
but leads it by exactly 90°. At the
instant this voltage is introduced, the
vector diagram for the circuit will be
as shown in Fig. 17B. Notice that the
resultant vector V, which represents
the combined voltage in the circuit,
is to the left of vector V;. In other
words, the vector representing the cir-
cuit voltage has shifted simultane-
ously from the direction of vector V, to
the direction of vector V. Such an
instantaneous shift in the direction of
a vector means that the quantity rep-
resented by the vector has momen-
tarily changed in frequency; a shift
to the left indicates a momentary in-
crease, a shift to the right a momen-
tary decrease. Fig. 17B, therefore,
represents a momentary increase in
the frequency of the circuit voltage.

than 45° if V, is larger than V,; under
these conditions, the momentary fre-
quency increase is less than in the
other cases.

/You can see what these facts lead
/to—if the amplitude of the out-of-
phase signal is continua]ly varied, the
amount of frequency increase caused
\by injecting the out-of-phase signal
will vary also.

So far, we have considered what
happens when the injected signal
leads the original signal by 90°. Now
let’s take a look at Figs. 17E through
17H, which show what happens when
V, lags V; by 90°. As you probably
expect, the results are the opposite of
those that occur when V, leads V;:
injecting a lagging voltage causes a
momentary frequency decrease in the
circuit voltage (Fig. 17F) that is
larger when V, is greater than V,
(Fig. 17G) than it is when V, is
smaller than V; (Fig. 17H). We can
again draw the conclusion that a con-
tinual variation in the amplitude of
the out-of-phase voltage V, will cause
a continual variation in the amount
the frequency of the circuit voltage
changes (the frequency change this
time being a decrease).

effective frequency deviation of only
13 c.p.s. (L0175 X 25 X 30) in the
r.f. carrier. Since the frequency de-
viation for wide band f.m. is 75,000
c.p.s., it is evident that a large number
of frequency multiplier stages would
be needed to produce this swing from
the original frequency deviation.

Therefore, in a commercial trans-
mitter using the above type of phase
shifter, six stages are used in cascade
so that the total phase deviation is
150°. This produces a 78-cycle fre-
quency deviation for a 30-cycle signal.
A series of frequency multipliers are
used to multiply this deviation by 972,
producing a total deviation that is
over 75 ke.

Of course, the r.f. carrier is also
multiplied by 972, so the crystal oscil-
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this system works.
ARMSTRONG PHASE-SHIFT
TRANSMITTER é
The basic principle underlying the
Armstrong method is: When a signal
having a definite frequency is flowing
through a circuit, and another signal
of the same frequency but 90° out of
phase is suddenly sent into the circuit,
there is an instantaneous phase shift
in the original signal, with the result
that the frequency of the combination
either increases or decreases. We can
illustrate this principle with the vector
diagrams in Fig. 17.
Vector V; in Fig. 17A represents
the original signal, having a definite
frequency and a constant amplitude.

Thus, introducing a voltage that 11 this means that we can produce
leads the ori onglna] voltage by 90° pro- requency modulation of a carrier sig-

duces an increase in the frequency. nal by combining it with another

“The amount of the frequency in- // signal that has the same carrier fre-
crease produced by introducing an|/ quency but is alternately 90° leading
out-of-phase voltage in this manner| and 90° lagging the original signal in
depends upon the relative amplitude accordance with positive and negative
of the two signals. In Fig. 17B, V, is swing of an audio signal, and varies
the same length as V; (in other words, n amplitude i accordance with vari-
the two voltages have equal ampli- \ ations in the amplitude of the audio
tudes), so the angle between V, and signals.

resultant vector V is 45°. Fig. 17C To make the deviation in frequency
shows what happens if V, is consider- dependent only upon the amplitude
ably larger than V;. The angle be- and polarity of Vs, a pre-distorter cir-
tween V; and V is now greater than cuit like the one you have already
45°; this represents a greater momen- studied must be introduced into the
tary frequency increase than does Fig. audio amplifier of the transmitter to
17B. Conversely, Fig. 17D shows that make the audio output voltage in-
the angle between V; and V is less versely proportional to the audio fre-
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quency. This insures that al-volt
audio signal at 10,000 cycles will
produce the same frequency devia-
tion as a 1-volt audio signal at 1000
or 100 cycles.

As arule, both Vl and V, in an f.m.
transmitter of this type have rela-
tively low frequencies, and frequency
multipliers are used to bring the f.m.
signal up to the correct frequency for
the transmitting antenna.

The basic Armstrong ecircuit for
securing frequency modulation with
this phase-shift method is shown in

normally equal in magnitude, the re-
sultant flux linked with secondary
winding Ly is zero, and no voltage is
induced in this winding for transfer
to the frequency multipliers through
amplifier stage VTs;.

The values of the parts in the plate
circuits of the two balanced amplifier
tubes are such that the r.f. current in
each half of the primary lags the a.c.
grid voltage by approximately 90°;
in other words, the plate loads for
VT, and VT3 are essentially pure
inductances.

TO FREQ MULTPLERS

FIG. 18. Basic circuit used in the Armstrong
phase-shift type of f.m. transmitter.

Fig. 18. Vacuum tube VT; in a erys-
tal oscillator circuit produces the ini-
tial r.f. carrier (200 ke. is a typical
value) with negligible frequency drift.
The output of this erystal oscillator
is fed into an r.f. amplifier tube VT,
and also to the grids of the balanced
r.f. stage containing tubes VT, and
VTs;. Notice that the grids of this
balanced stage are fed in phase, and
that the output of this stage goes to
an untuned r.f. transformer having a
center-tapped primary L.-Lj. - With
in-phase plate currents flowing in
opposite directions through the pri-
mary to the center tap, and with the
tubes balanced so that the currents in
the two sections of the primary are
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The operation of this ecircuit de-
pends upon the basic fact that when
the a.c. resistance of a tube is varied,
its a.c. plate current varies corre-
spondingly. We can change the a.c.
plate resistance of a tube by varying
the screen grid voltage.

In the circuit of Fig. 18, the screen
grid voltages for both VT, and VT;
in the balanced amplifier stage are
applied through the secondary wind-
ing of audio transformer T. With this
arrangement, an a.f. voltage applied to
the primary winding makes the screen
grid voltage on one tube increase
and makes the screen grid voltage on
the other tube decrease. This causes
an unbalance in the r.f. plate currents

flowing through L., and Lj, and con-
sequently we secure a resultant flux
which links with L.

The resultant r.f. voltage induced
in secondary winding Ls will either
lead or lag the a.c. grid voltage by
90°, depending upon whether the a.f.
input voltage is swinging positive or
negative, and the amplitude of this r.f.
voltage in Ly will vary in accordance
with the amplitude of the a.f. input
signal. The voltage across Ls thus

corresponds to vector V, in the dia-
grams of Fig. 17. This voltage is
amplified by amplifier stage VT;.
The original carrier voltage, corre-
sponding to vector V; in Fig. 17, is,
as we said earlier, amplified by VT,.
The output of VT4 (corresponding to
Vi) and the output of VTs (corre-
sponding to V,) are fed in parallel
into the frequency multiplier system.
There they combine to give the de-
sired frequency-modulated signal.

Propagation of F.M. Signals

We learned in our studies of stand-
ard a.m. broadcast transmission that
the r.f. signals are propagated mostly
by the ground wave because the an-
tennas are generally only a fraction
of a wavelength above the ground.
A ground wave is attenuated as it
travels over the earth, the amount of
attenuation depending on the ground
conductivity and the frequency of
operation. Since attenuation increases
as the frequency increases, a station
on 600 kec. has a much greater field
strength than a station on 1500 ke.
for a given amount of power. As a
matter of fact, impractically large
amounts of power would be necessary
for reliable ground wave communica-
tion at frequencies much above the
broadeast band. At these frequencies,
sky wave radiation reflected back to
earth from the Heaviside layers must
be used for communication.

DIRECT RADIATION

In the 88-108 me. f.m. band, not
only is propagation by ground wave
impractical, but also there are no re-
flections of the sky wave. Propaga-
tion in this band must, as shown in

Fig. 19, depend on direct radiation o1
ground-reflected waves or a combina-
tion of both. Notice that the useful
radiation is essentially in the horizon-
tal direction.

To minimize ground losses, the
transmitting and receiving antennas
must be placed as high above ground

FIG. 19. In the v.hf. band where f.m. stations

are allocated, the useful radiation is free space

radiation which travels either by a direct path

or is ground-reflected in an indirect path. Note

that to have this type of radiation, both the

transmitting and receiving antennas should be
as high above ground as is possible.

as possible. For this reason, all f.m.
transmitting antennas are placed on
high towers, buildings, hills, or even
on mountain tops.

Reception of f.m. signals is possible
somewhat beyond a direct line-of-
sight path because the signals bend

 slightly in the same direction as the
| earth’s curvature (see Fig. 20). This
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occurs because the density and mois-
ture content of the air become less
with altitude; this difference (al-
though very small for antennas a few
hundred feet high) causes refraction
(bending) of v.h.f. signals. The result
of this refraction is that the maximum
range is, on the average, the same as
if we calculated the distance to the
optical horizon but assumed that the
earth’s radius were increased about
33 per cent.

Taking into account the curvature
of the earth and the refraction just
mentioned we find that the maximum

FIG. 20. V.H.F. signals are refracted slightly

by the earth's atmosphere, so a receiving an-

tenna slightly below the true line-of-sight path

from a transmitting antenna may still receive
direct radiation.

(distance D in Fig. 20) can be cal-
culated from the equation:
D=14v H

For an example, an f.m. trans-
mitting antenna 625 feet high will
have a maximum range of 35 miles
(14 v 625 = 14 X 25 = 35 miles).
This maximum distance assumes that
the receiving antenna is at gr_ound
level; practically, of course, it will
generally be above ground level,
meaning that the maximum dlstance
will be greater than indicated by the
equation, For example, a receiving
antenna 100 feet above ground would
permit reception 14 miles beyond the

35-mile limit for a ground-level an-"~

tenna, making a total of 49 miles.
You can see from this how important
it is to mount both transmitting and
receiving antennas as high as possible.

The transmission paths at very-
high frequencies are very stable as
long as a straight line is possible be-
tween transmitter and receiver. There
is then no fading and the polariza-
tion of the wave at the transmitter
is maintained very accurately. How-
ever, when the transmission distance is
so great that it is necessary to depend
upon the refraction in the earth’s
atmosphere to obtain direct ray trans-
mission to the receiver, fading fre-
quently occurs . as a result of varia-
tions in the earth’s atmosphere that
change the amount the wave is re-
fracted. This becomes very severe
when the transmission distance ap-
proaches or exceeds the maximum of
direct ray transmission that we just
calculated.

Polarization. It has been found
that when both transmitting and re-
ceiving antennas are several wave-
lengths above the ground level, hori-
zontally polarized transmission gives
a higher signal-to-noise ratio than does
vertical polarization. ~The reason is
that man-made noise near the receiver
is generally vertlcally ‘polarized. Hor-
izontal polarization is therefore used
in f.m. broadecasting.

Horizontal Pattern. Because of the
limited range and the necessity for
mounting the antenna on a high point,
most f.m. antennas are mounted on a

‘tower or building in the center of the

service area. The horizontal radia-
tion pattern must-be a circle to cover

__this area, so. f.m. antennas are de-

signed for such a pattern.
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Frequency Modulation Antennas

You have already learned that the
useful radiation from an f.m. trans-
mitting antenna is in a horizontal
direction. The energy that is gen-
erally radiated in the sky wave can,
if directed downward, be used to in-
crease the radiation in a horizontal
direction. This is done by using two
or more antenna radiating elements
(2}1%@ arranged vertically
and fed power in a manner that causes
a cancellation of the skyward radia-
tion. The manner in which extra cov-
erage is obtained by suppressing the
sky wave is illustrated in Fig. 21.
Fig. 21A shows the radiation pattern,
in the vertical plane, from a single-
element f.m. Pylon antenna. (The
Pylon antenna will be studied short-
ly.) As the arrows indicate, consid-
erable power is radiated toward the
sky, where it is lost.

Fig. 21B is an approximation of
the vertical radiation patterns from
an antenna consisting of two Pylon
elements stacked vertically. In this
case, skyward radiation is greatly re-
duced and the radiation at low angles
and along the horizon is greatly in-
creased. Thus, the field strength and
effective power are much greater, even
though the total power radiated is the
same.

In Fig. 21C is shown the Vertical
pattern for a four-element Pyl
tenna. The patfern is sti urt er
squashed down and the radiation in
the horizontal direction increased

Still further gai
using more elements. Howeve

ypes _of fm. antgnnas, jﬁ?u

amotmt of gain per added element de- ..
S S0 nuniber of bays |
<used is usually limited to (four,

This increase in effective power
does not affect the horizontal radia-
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tion pattern of the antenna; it re-
mains circular.

FIELD GAIN AND POWER GAIN

In comparing the advantages of
various types of multi- element anten-

nas, englgeem_use the terms ffield gain
and power gain.

The field gain is the ratio of the
field intensity (in volts) produced by

T HORIZON
ANTENNA

FIG. 21. By adding more elements to an f.m.
antenna, the energy radiated in a vertical di-
rection and thence lost can be concentrated
toward the horizon where it is more useful.
This results in a gain of field strength at the
receiver as if effectively the power output of the
transmitter were increased. A shows the verti-
cal radiation from a single element; B, a two
element, and C, a four element pylon array.
Note that four elements double the field strength
which is the same as a power gain of four.
(The skyward lobes of curves B and C, because
they are small, are not shown here.)

a multi-element antenna to the field
intensity produced by a vertical half-
wave antenna fed the same power.
For example, the field intensity pro-
duced by a six-bay turnstile antenna
(which we will study shortly) is 2.07
times as great as that produced by a
half-wave vertical antenna; the field
gain of the former is therefore 2.07.

The power gain of an f.m. antenna
is defined as the ratio of the power
in a half-wave antenna to the power
in the multi-element antenna that will
produce radiated signals of the same
field intensity.

Since power is proportional to the
square of voltage, the power gain of
an f.m. antenna is equal to the square
of the field gam Thus the antenna




with a field gain of 2.07 will have a
power gain of 4.28. A power gain of
6 in an antenna produces a field gain
of 2.45.

In studying propagation character-
isties, engineers find field gain the
easier to use in calculations.

Notice that the power gain of all

B
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SIDE VIEW

FIG. 22. The basic turnstile array consists of

two shunt-fed half-wave dipoles at right angles

to each other and fed 90° out of phase. In A

is shown a top view, and in B a side view of

this type of antenna. One dipole has been left
out at B to simplify the drawing.

multi-element antennas is compared
to that of a half-wave vertical an-
tenna and not to that of a single-bay
antenna of the type specified. Single-

bay antennas of the types used for °

f.m. broadcasting generally have a
power gain of less than one, that is,
they produce a smaller field intensity
than does a half-wave antenna. Fer
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instance, a single-bay turnstile has
a gain of .5. This means that a six-
bay turnstile with a power gain of 4.3
over a vertical half-wave has a power
gain of 8.6 over a single-bay turnstile.

TRANSMITTING ANTENNAS

You have just learned that an f.m.
antenna should, first, have a very
nearly circular horizontal radiation
pattern, second, concentrate as much
of the radiated energy as possible in
a horizontal direction (have a good
power gain), and, third, be horizon-
tally polarized. Let us now study the
types of antennas meeting these re-
quirements and in general use in f.m.
broadcast stations.

The types of f.m. transmitting an-
tennas in general use at present are:
(1), the turnstile antenna and versions
of it; (2), various forms of circular
or ring antennas; (3), forms of square
loop antennas; and (4), the Pylon
antenna.

THE TURNSTILE ANTENNAS

The basic turnstile antenna consists
of four horizontal quarter-wave ele-
ments arranged as shown in Fig. 22 to
form two half-wave antennas at right
angles to each other. Fig. 22B shows
the current wave and the voltage wave
on each of the dipoles. The center
of the dipole is at zero voltage with
respect to ground, so the radiating
rods can be fastened directly to the
grounded pole at this point. The r.f.
power is shunt-fed to each of the di-
poles by either open-wire lines or co-
axial lines connected as shown in Fig.
22B. The feed lines are spaced at the
proper distance from the pole to pro-
vide an impedance match from line
to antennas

The horizontal field of a single one
of these dipole antennas is shown in
Fig. 23A. Obviously, such a pattern is
not satisfactory when uniform trans-
mission in all directions is desired.

T

This is the reason for the second set
of rods in each bay. When this
second set is fed an equal amount of
power that is 90° out of phase with
that fed to the first set, the patterns
of the two radiating dipoles are those
shown by the oval lines of Fig. 23B,
and the combined field is the heavy
line. The latter, as you can see, is
very nearly a circle.

To achieve high horizontal gain,

COMBINED
RADIATION
PATTERN

(1) 0

FIG. 23. A, the horizontal radiation pattern of

a single dipole antenna. B, how the radiation

pattern of two dipole antennas at right angles

to each other and fed 90° out of phase form
practically a circle.

several bays of dipoles must be used,
and the dipoles in each bay must be
fed in phase with the power applied
to each of the other bays. If the
bays are spaced a half-wave apart,
this can be conveniently done with a
transmission line that is crossed over
between each bay, thereby counter-
balancing the phase shift that occurs
along this line between bays. Two
such lines, one for each set of dipoles,
run up the tower, twisting around it
as they go. At the base of the tower
the two lines are fed currents 90° out
of phase by any of several methods.

The Super-Turnstile. To broaden
the frequency response of a turnstile
antenna, the four straight radiating
elements of Fig. 22 are each replaced
in the super-turnstile antenna with
the radiator shown in Fig. 24. This
type of radiating element is simply a
framework made of tubing (a con-
struction that is used to lower wind
resistance) ; electrically, however, it
acts as if it were a flat, solid sheet
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of metal. These radiators are called
“current sheets.” Notice that each
element is fed at the center and
grounded to the center supporting
pole at each end.

This antenna is fed in the same
manner as other turnstile antennas,
and when more than one bay is used,
as shown in Fig. 25, there is a half-
wave spacing between centers of the
bays.

CIRCULAR OR RING
ANTENNAS

The circular or ring antenna is
essentially a folded dipole antenna
bent around into a circle. In Fig. 26A,
the folded dipole is shown in its sim-
plest form. Essentially it consists of
two half-wave radiators, one of which

&
POINT—"|

FIG. 24. A side view of a single "current sheet"
radiator of a super-turnstile antenna. Although
made of tubing to reduce wind resistance, it
acts as if it were a solid sheet of metal and
thus has a broad frequency response charac-
teristic. Four of these elements arranged and
operated as a turnstile form one bay.

is broken at the center; the system
is fed at this point. Since the two
radiators are mounted very close to-
gether, the currents in them flow in
the same direction, and the current
distribution on both is a sine wave.
Since the voltage to ground at the



center is zero, the unbroken radiator
can be attached directly to the sup-
porting pole at this point. The ends
of the lower radiator can be fed power
by an open balanced line or by a
pair of concentric lines oppositely
phased.

The radiation characteristics of this
straight dipole are the same as those

Courtesy RCA

FIG. 25. A three-bay super-turnstile antenna.

Note that each bay (section) consists of four

“sheet" radiators at right angles to each other,

and that the bays are separated vertically by
one half wavelength.

of one pair of radiators on the turn-
stlle, that is, the horizontal pattern
is a figure 8, which is undesirable for
broadecast purposes. To approa.ch uni-
formity of transmission in all direc-
tions, the dipole is bent into a circle
as shown in Fig. 26B. This, however,
will not of itself give a circular pat-
tern, because the current distribution
is not uniform around the radiator.
To improve it, a pair of large metal
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FIG. 26. How a folded dipole antenna can be

bent into a circle to form a circular ring an-

tenna. By adding capacitive plate as shown in

the practical version in D, the horizontal pattern
will be nearly circular.

plates are fastened at the folded
points. These plates have the effect of
adding end capacity to the radiator,
changing the current distribution to
that shown in Fig. 26C. The current
is now approximately uniform around
the loop, and the signal radiated ap-
proaches a circular pattern to the
same degree.

The circular antenna, Fig. 26D,
presents a neat appearance and has a
_higher gain per bay than does the
“turnstile. However, to keep down the

" ““mutual impedance, the bays must be

placed a full wavelenglI pATE_Thus

% FEED POINT

iz

ELEMENTS
IN PHASE

FIG. 27. Top view of a square loop f.m. antenna
which is frequently used where mounting on an
a.m. tower is desired.

the gain per height of a circular loop
antenna is less than that of a turn-
;@W&s@

or instance, a three-bay circular
antenna that is two wavelengths high,
20 feet at 90 me., has a power gain of
2.6, whereas a five-bay turnstile hav-
ing the same height has a power gain
of 3.5.

The off-center mounting of the
rings is also a disadvantage in that it
makes for mechanical and electrical
dissymmetry. Thus, while the loops
are of the same approximate weight
as the turnstile elements, the fact that
they are mounted off-center requires
a stronger supporting pole. The dis-
symmetry also affects the electrical
properties in that currents are induced
in the pole that are opposite in phase
to those in the radiators. Because
of these mechanical and electrical dif-
ficulties, it is believed impractical to
go beyond three or four bays in this
type of antenna.

SQUARE-LOOP ANTENNAS

The antenn reviousl ibed
are all mounted on supporting poles
of the flagpole variety. Where such a
pole can be mounted on an existing
structure or where the ground height is
in itself sufficient, one of these stand-

es of antenna should definitely
ome difficulties sometimes

“Arise—when it is desired to mount an

fpantenna on an existing dilawer.
ost such towers were not built for

and ‘will not support the heavy pole
used with multi-element turnstiles or
ring antennas. In such cases, several
variations of what may be called, for
want, of a better term, a square-loop
antenna, have been used.

The square-loop antenna consists of
four dipole radiators arranged in the
form of a square that may or may
not be closed at the corners. They
may take the form of folded dipoles
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or of simple dipoles fed at the center,
according to the method used to ob-
tain impedance matching. Several
antennas of this type have been de-
signed and are now in operation.

One form of square-loop antenna is

Courtesy RCA

FIG. 28. The basic radiating element of a Pylon
antenna.

shown in Fig. 27. It is made up of
four hollow half-wavelength radiators
of rectangular cross-section. Each of
these is supported at its center by two
pieces of tubing that secure it to the
mounting pole or tower. Each ele-
ment, as shown in Fig. 27, is end-fed



by a coaxial line that enters the center
of the next element and runs through
it to the end. All four elements are
fed in phase.

; r_bay of th -
loop antenna is greater than that of

section consists of a cylinder about 13
feet high and 19 inches in diameter
that has a vertical slot in one side.
The main advantage of this type of
antenna is that the mechanical mount-
ing is quite simple and the antenna is

S ’,é’\. =
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FIG. 29. The basic dimensions and electrical
connections of a Pylon antenna.

either the turnstile or the ring antenna.
This is not surprising, since each bay
has effectively twice as many radiators.
¢ turnstile. Moreover, because
~the vertical radiation is very low, the
bays ecan be mounted at half-wave
intervals, thus providing high gain for
a given antenna height.

The three disadvantages of the
square-loop antenna are, first, such an
antenna must be laid out and espe-
cially built for each installation, be-
cause each one will be slightly dif-
ferent in arrangement and mounting
details; second, the tuning is quite
critical and must be done with the
radiators in place; and third, it is
very difficult to design such an an-
tenna to withstand a heavy ice load.

THE PYLON ANTENNA

An f.m. antenna unusual in mechan-
ical construction is the RCA Pylon
antenna shown in Fig. 28. A Pylon

self-supporting. Sections can be add-
ed by bolting them to the top of the
basic section.

As shown in Fig. 29, a Pylon sec-
tion is approximatel € WA

about a half-wavelength i

Circumierence. IT it is fed at the cen-
<Ter of the slot, the cylinder acts as if it
were a large number of parallel cir-
cular half-wave radiators. The slot
serves as a transmission line to feed
all parts of the section.

The horizontal directivity pattern

FIG. 30. The horizontal directivity pattern of

a Pylon antenna. Two patterns are given, one

for 86 mc. and another 110 mc., both beyond
the limits of the f.m. band.

of a Pylon antenna, shown in Fig. 30,
is not exactly a circle and depends on
the frequency of operation. The two
patterns shcw the horizontal direc-
tivity at 86 me. and 110 me., that is,
beyond the limits of the f.m. band.
At all f.m. frequencies, however, the
pattern does not differ more than 2.5
db from a perfect circle.

Multiple Pylon arrays generally
consist of two, four, or eight sections
stacked vertically. The method . of
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FIG. 31. How r.f. energy is fed to a Pylon
antenna. In A we see that the transmission line
terminates at the center of the section. In B
and C the sections are each fed in the center
by transmission lines that are an equal length
from the transmitter. This provides equal power
distribution to each of the sections.

connecting the transmission lines for
one-, two-, and four-section arrays is
shown in Figs. 31A, 31B, and 31C,
respectively. In the two-section ar-
rangement the transmitter power is
fed first to point D then to E and F,
the midpoint of the two sections. In
the four-section array, the power goes
to G, then to H and J, and finally to
K, L, M, and N, the centers of the
four sections. This method of con-
nection makes the length of transmis-
sion lines to each radiator the same
so that equal power is fed to each.
Transmission lines themselves are
mounted inside the antenna section
near the slot.

The power gain of a Pylon antenna
as compared to a half-wave dipole is

1.5 per section; the gain of a four-
section array, for example, is 6. is
power gain of 1.5 per wavelength is a
preater gain than 1s obtained in the

Other types of fam amtemmswe have —
studied.
Sudied.

F.M. RECEIVING ANTENNA

Let us now briefly review the types
of antennas used for f.m. reception.

The types most generally used are
forms of horizontal half-wave dipoles
like those shown in Fig. 32. Since the
band of f.m. frequencies extends from
88-108 me. the antenna length is ad-
justed so that it will resonate at about
100 me., and the elements of the an-
tenna are made of large rods to obtain
a broad frequency response. An even
broader response can be obtained by
using the folded dipole shown in Fig.
32B.

The impedance of the antenna in
Fig. 32A is low—about 72 ohms. The
impedance of the folded dipole is
about 300 ohms, so it can be con-
nected directly to a standard 300-ohm
transmission line.
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FIG. 32. The basic f.m. receiving antenna is a
half wave dipole. A conventional dipole is shown
in A, and a folded dipole in B.
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Frequency Modulation Receivers

Let us now briefly preview the es-
sential characteristics of f.m. receiv-
ers. We will study them in detail in a
later Lesson.

The superheterodyne circuit shown
in the block diagram in Fig. 33 is gen-
erally used in f.m. receivers. The pre-
selector, local oscillator, and mixer-
first detector differ from the corre-
sponding circuits in a.m. receivers only
dn that they must be built to operate
at the very-high frequencies used in
fm. The if. amplifiers generally
operate on 10.7 mec. in order to pass
the wide band (150 ke.) of an f.m.
signal. The audio amplifier in a good
f.m. receiver is a high-fidelity ampli-
fier capable of reproducing the full
audio range with low distortion.

It is in the second detector and
associated circuits that an f.m. re-
ceiver differs radically from an a.m.
receiver. Remember that the advan-
tages of static-less reception and a
minimum amount ol interstation in-
terference are obtained_only when the
second de in an_f.m. receiver
responds to the fr
but not to the amplitnde variations in
an incoming signal.

There are several types of f.m. de-
tectors that meet these requirementsy
they will be studied in detail in a later
Lesson. In this preview of f.m. opera-
tion, we will take up the Foster-Seeley
type of frequency discriminator. Since

ANTENNA

this circuit is sensitive to amplitude
variations, an amplitude limiter must
be used ahead of it. Let’s see how
such limiters work.

AMPLITUDE LIMITERS
oMbl L 2

A basic limiter circuit is given m
Fig. 34. It is essentially an i.f.
fier operating with a ve late
voltage. The peak voltage across the
output tuned circuit L3Cy cannot ex-
ceed this plate voltage, and, because
of the high gain of the tube used even

a Jows-amplitude, input _signal _will
drive the stage to the full output.
Any signalmm-
not cause a larger output. The output
is thus effectively limited, since varia-

tions in amplitude of the input do not

produce any variation in the ampli-’

tude of the output. The grid network
RC is included in the circuit primarily
so that when the grid goes positive
on large amplitude signals, the grid
current flow produces a negative bias
that further aids the limiter action.
The network also provides an a.v.c.

voltage for the receiver.
Sometimes (fwod limiter stages are
onnected 1n cade so that any

c
small amplitude variations that pass

the first stage will be removed by the
second limiter stage.

F.M. DETECTORS

The d.c. output of the detector in
an f.m. receiver is proportional at all

times to frequency variations of the
i.f. signal applied to it. Thus, when
an f.n. signal is received, the output
of the detector.in the receiver is an
a.c. voltage that corresponds to the
original modulating signal.

Let us now study different types of
f.m. detectors.

Off-Resonance F.M. Detectors. If
a frequency-modulated r.f. signal is
introduced into an L-C resonant cir-
cuit that is tuned slightly above the
highest deviation frequency, the r.f.
voltage developed across the resonant
circuit will vary with the frequency
of the induced f.m. signal. An ordi-
nary resonant circuit like the L-C cir-
cuit in Fig. 35A is thus a simple
means for converting an f.m. signal
into an a.m. signal.

A portion of the resonant response
curve for this L-C circuit is shown in
Fig. 35B. Let’s see what happens if
we apply to this curve the f.m. signal
shown at the bottom of Fig. 2 (having
a square-wave audio modulation).

First, assume that when the f.m.
transmitter is at its resting frequency

RESONANT FREQUENCY
RESPONSE CURVE
—OF L-C RESONANT
CIRCUIT

8+

ABOUT

60V.

FIG. 34. Simplified one-tube limiter circuit of
an f.m. receiver.

(time interval 1 in Figs. 35B and
35C), the operating point is at 1 in
Fig. 35B. The vertical distance from
1 down to the horizontal reference line
then determines the amplitude of r.f.
voltage V. across the resonant circuit,
so we show the r.f. output voltage of
the L-C circuit for time interval 1 as
an r.f. signal having this same ampli-
tude and the same resting frequency
value. This is shown at 1 in Fig. 35D.

When the frequency of the f.m. sig-
nal increases to the value for time
interval 2 in Fig. 35C we move up to
point 2 on the response curve, and

AF
SOUND
s
- RF IF 3 ¥ | FREQUENCY | AF I
mfsﬁérm_’ls%_’slﬂs‘g—’”wm—’m_'wﬁtn il
3
8
{60AL (© FREQUENCY - MODULATED INPUT SIGNAL (© AMPLITUDE-MODULATED OUTPUT SIGNAL (Vg)
. FIG. 35. These diagrams illustrate how a simple resonant circuit can convert an f.m. signal into
7 an a.m. signal.
FIG. 33. The block diagram of an f.m. receiver. ] 33
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thereby secure the output signal at 2
in Fig. 35D. Likewise, the input sig-
nal frequencies for time intervals 3,
4, 5,6, 7 8 and 9 in Fig. 35C give
the output signal amplitudes shown at
3,4, 5,6, 7, 8 and 9 respectively in
Fig. 35D.

Notice that the signal frequency is
unchanged by the resonant circuit,
but the amplitude of the output signal
of the circuit varies in proportion to
the frequency deviations of the input
fm. signal. A dashed line drawn
through the positive peaks of the r.f.

|~———oiscrRmnATOR———>|

RZ !
3 Save
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FIG. 36. Typical discriminator circuit for an
f.m. receiver. Electrons flow from L; upward
through Ry, but flow downward through Rs.
Hence the two voltage drops will be equal and
opposite at the resting frequency.

output voltage in Fig. 35D gives the
original square-wave audio modula-
tion of Fig. 2, showing that we now
have an amplitude-modulated r.f. sig-
nal that can be demodulated with a
conventional amplitude detector ecir-
cuit. our_ou |

Ih&ianh_thwmw
al ies in uency does not mat-
r, for the amplitude detector circuit

¢ Thlstype ome detec
generally used, bécause the slope of

of this circuit, because variations of
it are used not only for detection in
f.m. receivers but also in the center-
frequency control circuits of f.m.
transmitters, We will discuss it briefly
here and in more detail in later

sons.
25-F.M. Discriminator. The primary

inding L, of the discriminator trans-
former T; in Fig. 36 is tuned to the
10.7-me. if. value by C,, and the
center-tapped secondary winding Lj
is tuned to the same i.f. value by Cj.
The limiter output current flowing
through L, induces a corresponding
f.m. voltage in Lz, and resonant step-
up produces across the two sections
of Ls the voltages e; and e;, which
are always equal in magnitude and
180° out of phase with each other.

The limiter output voltage e, in
series with e; is applied to diode sec-
tion 1 of 6H6 double-diode tube (in
some receivers, a 6AL5 tube is used
instead). D.C. blocking condenser
C; provides an r.f. path from the
upper end of L, to p, and the chassis
and r.f. by-pass condensers C;, Cs,
and C; complete the path for r.f. sig-
nals from the lower end of L, to the
cathode of diode section 1. Thus, e,

is across choke coil L, at all times,

t ¢ 18 No

Jpessta_provide high fdelity To-
stead, the circult generally used is
the Foster-Seeley f.m. discriminator

shown in Fig. 36. It is very impor-
tant to understand the basic operation
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and can act in series with e; or e, on
either diode. Likewise output volt-
age e, in series with e, is applied to
diode section 2.

The net voltage applied to each
diode section is, therefore, the vector
sum of the two individual voltages
acting on that section. Each diode
section rectifies its net applied r.f.
voltage and produces a proportional
d.c. output voltage across its load
resistor.

The load resistor for diode section
1 is R4, and the load resistor for diode
section 2 is R,. The chassis provides
the connecting path between the lower
end of R, and the cathode of diode
section 2.

Electrons flow in opposite directions
through R; and R, as you can readily
see by tracing the diode circuits. This
means that the combined voltage
across both R; and R,, which is the
output voltage of the diseriminator,
will at each instant be the difference
between the individual voltages. If
the individual voltages are equal, the
discriminator output voltage will be
zero; if the voltage across Ry and R,
are different, the combined voltages
will have the polarity of the larger of
the two individual voltages, and will
be equal in magnitude to their numer-
ical difference.

@AT a:srme

voltage e, serving as the reference
vector in each case.

The r.f. voltage e, induced in sec-
ondary winding Ls is 180° out of
phase with the primary r.f. voltage
ep, 80 e, is shown 180° out of phase
with reference vector e, in each of
the vector diagrams in Fig. 37.

When the limiter output signal is
exactly at the if. resting value of
10.7 me. to which the discriminator
circuits are tuned (that is, when no
modulation is being transmitted), sec-
ondary tuned circuit L3-Cgz is at res-
onance, and the secondary current i,
flowing through Lj; will be in phase

i ABOVE RESTING

FIG. 37. These vector diagrams will help you
to understand the action of the discriminator
in an f.m. receiver.

Let us consider now the factors
that make the output voltage of one
diode higher than that of the other.
First of all, we must choose some
voltage or current for reference pur-
poses. Since e, is common to all cir-
cuits under study, we can use it as
our reference voltage.

Phase relationships in this diserim-
inator circuit must be considered for
three different conditions: 1, when the
limiter output signal frequency is
equal to the i.f. resting frequency to
which the discriminator resonant cir-
cuits are tuned; 2, when the limiter
output frequency is less than the i.f.
resting frequency; and 3, when the
limiter output signal frequency is
higher than the i.f. resting frequency.
The vector diagrams for these three
conditions are shown at A, B, and C,
respectively in Fig. 37, with primary
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with e,, as indicated in Fig. 37A. The
voltage produced across the entire
secondary winding by this secondary
current, will therefore lead both i; and
es by 90°. However, this secondary
voltage is made up of two voltages,
e; and e;, which are referred to the
center tap p of Ls; if we show e; lead-
ing i; by 90°, we must show e, as
lagging e; by 180°, just as Fig. 37A
does.

Adding e, and e, vectorially gives
E., as the resultant voltage acting
upon diode section 2. Likewise, add-
ing e, and e; vectorially gives E; as
the resultant voltage acting upon
diode section 1. The vector diagram
in Fig. 37A shows that these two volt-
ages are equal for the no-modulation
condition, so the d.c. voltages devel-
oped across R; and R, by the two
diode sections are equal in magnitude.



The resultant voltage across both Ry
and R, is therefore zero, just as it
should be, since no a.f. signal should
be obtained when there is no a.f.
modulation at the transmitter.
When the limiter output signal fre-
quency is lower than the i.f. resting
value to which resonant circuit L3-Cg
is tuned, this circuit becomes capac-
itive, and i, leads e,, as shown in
Fig.. 37B. Since voltages e; and e
must be 90° out of phase with i,, we

-
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FIG. 38. S-curve showing output characteristics
of a discriminator circuit.

have the unequal resultant voltages
E, and E, shown in Fig. 37B. With
diode section |1 getting the higher r.f.
voltage E;, we secure a higher d.c.
voltage across R; than across R,, and
the combined voltage across R; and
R, is therefore positive with respect
to ground. The more the limiter out-
put frequency swings below the i.f.
resting frequency, the greater will be
this positive voltage applied to the
a.f. amplifier input.

By a similar analysis, we obtain
the vector diagram shown in Fig. 37C
for the condition in which the limiter
output frequency is higher than the
i.f. resting frequency. The net voltage
applied to the input of the a.f. ampli-
fier by R; and R. combined is now
negative with respect to ground.

The frequency discriminator ecir-

cuit shown in Fig. 36 thus produces
at its output a d.c. voltage whose am-
plitude, as shown in Fig. 38, is at each
instant proportional to the deviation
of the incoming signal frequency from
its resting value. The polarity of this
voltage is determined by the direction
in which the frequency deviation
occurs. The output can be made very
linear over most of the curve (from
a to b in Fig. 38). The discriminator
thus converts an f.m. signal directly
into the original audio signal voltage
used to modulate the f.m. transmitter.

Other F.M. Detectors. As you will
notice in another Lesson when we
study f.m. receivers in detail, some
f.m. receivers use detectors that are
designed to produce an output that
depends on the frequency deviation
of the input signal but is independent
(within limits) of the amplitude of
the i.f. signal applied to them. When
such a detector is used, the limiter

stages preceding the f.m. detector are,

no longer needed. One such ecircuit,
which is similar to the discriminator
of Fig. 36, is called a ‘ratio” detector
because the a.c. output is proportional
to the ratio of the vector voltages
applied to the two diode plates and
hence independent of any amplitude
variation of them,

In still other f.m. detectors designed
to eliminate the need for amplitude
limiter stages an oscillator that is a
part of the detector circuit is fre-
quency-modulated in accordance with
the received signal; this action is used
to produce an output proportional to
frequency deviation but independent
of the amplitude of the f.m. signal.

STEAM POWERED RADIO.COM

Lesson Questions

Be sure to number your answer sheet 46RC.
Place your Student Number on every Answer Sheet.

Most students want to know their grade as soon as possible, so they

mail their set of answers immediately. Others, knowing they will finish
the next Lesson within a few days, send in two sets of answers at a time.
Either practice is acceptable to us. However, don’t hold your answers
too long; you may lose them. Don’t hold answers to send in more than

two sets at a time or you may run out of Lessons before new ones can
reach you.

1

10.

i

What two factors in high fidelity programming are more readily attained
with f.m. than a.m.?

To secure a high signal-to-noise ratio with minimum interstation inter-
ference at receivers, should the maximum frequency deviation in an f.m.
system be high or low?

If tl}e frequgncy of the audio signal fed to an f.m. transmitter decreases,
but its amplitude remains the same, does the frequency deviation increase,
decrease, or remain the same?

In wideba_nd f.m. broadeasting, what must be the ratio of the amplitude
of the desired signal to the undesired signal in order for the interference
rbetween the two signals to be negligible?

Why is a pre-distorter used in indirect f.m. transmitters?

How many microseconds is the time constant of a standard pre-emphasis
network? :

If the maximum phase deviation in an indirect f.m. transmitter is 60°
and the audio modulating frequency is 30 cyecles per second, what is the
frequency deviation produced?

Why are f.m. broadeast transmissions horizontally polarized?

t
Assumi.ng that the receiving antenna is at ground level, what is the
theoretical maximum range of an f.m. transmitter whose antenna is 400
feet above ground level? ;

What is .t,Ee purpose of a limiter stage in an f.m. receiver using a Foster-
Seeley diseriminator?
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ALL MEN WANT TO SUCCEED

Here’s a quotation I ran across the other day that
made me think of several fellows I know:

“All men want to succeed. A few men want suc-
cess so badly that they are willing to work for it.”

Isn’t it true that almost every fellow you know
wanls success, wanis more money, wanis securily?

But how many of these men are willing to buckle
down and study — work — think — to get the good
things they want?

It is very true that only comparatively few men
are willing to work hard for success.

You are one of those few men. You have proved
this fact by enrolling for the NRI course—by work-
ing to complete many of your Lessons. You are
taking the first and most important step toward
success.






