FREQUENCY-MODULATED SIGNALS

THE F.M. RECEIVER
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Study Schedule No. 34

For each study step, read the assigned pages first at
your usual speed. Reread slowly one or more times.
Finish with one quick reading to fix the important facts
firmly in your mind, then answer the Lesson Questions
for that step. Study each other step in this same way.

[J 1. Brief A.M. Review; Characteristics of a Frequency-Modulated
Signal - - = = = = = = = - = -« - - -« - - Pages1-9

Spend at least twice as much time as usual on this first study step, because
in it is the basis for the entire frequency modulation system of broadcasting.
Once you get a clear picture in your mind of what an f.m. signal is like, you'll
find that f.m. systems are no more difficult than the ordinary a.m. systems
you have previously studied. Answer Lesson Questions 1 and 2.

(] 2. An Elementry F.M. System; Additional Requirements in an F.M.
System - - - - - -« - - - - - - - - - - Pages9-13

Here is a brief survey of an entire f.m. system from the microphone through
the f.m. transmitter and through the f.m. receiver. Simplified circuits and
explanations are used so that you can concentrate upon getting a broad general
picture first. Answer Lesson Question 3.

[] 3. The F.M. Receiver; The Preselector; The Frequency Converter Pages 13-18

The block diagram of a combination f.m.a.m. receiver in this section will
prove a valuable reference guide for studying the remainder of this lesson,
because it shows at a glance the relationships between the various stages of
the receiver. Study each circuit slowly and carefully, referring to the circuit
diagram each time a part is mentioned.

(] 4. The I.F. Amplifier - - - - - - - - - - - - - Pages 18-27

Careful, slow study is required here also. You’ll learn how the same i.f. tubes
can be used both for f.m. and a.m. signals, and you’ll learn how the limiter
removes amplitude variations from f.m. signals. Answer Lesson Questions
4,5, 6 and 7.

] 5. The F.M. Detector - - - - - - - - = Pages 27-32

Here’s another section in which careful study will be well worth while if you
intend to prepare yourself for any job whatsoever connected with f.m. systems
Answer Lesson Questions 8, 9 and 10.

[J 6. Modern F.M. Transmitters; The Future of FM. - - - - Pages 32-37

This bird’s-eye view of an f.m. transmitter completes your background knowl-
edge of f.m. systems. With this knowledge, you should have no difficulty in
mastering the details of any f.m. receiver maintenance job once you have
completed the N.R.I. Course.

[] 7. Mail your Answers for this Lesson to N.R.l. for Grading.

[ 8. Start Studying the Next Lesson.
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Frequency-Modulated Signals

Brief Review of
Amplitude-Modulated Signals

THOROUGH understanding of

the characteristics of a conven-
tional amplitude-modulated (a.m.)
signal will help you to picture in your
mind the characteristics of a fre-
quency-modulated (f.m.) signal.

The signal peaks of an unmodulated
r.f. carrier will all have the same am-
plitude, as shown at the left in Fig.
1A. When the r.f. carrier is amplitude-
modulated with a single sine-wave
audio frequency (such as that corre-
sponding to a pure audio tone), the
peaks of the r.f. signal will rise and
fall in amplitude in accordance with
variations in the audio signal, as
shown at the right in Fig. 14.

A dash-dash line drawn through the
positive peaks of the modulated r.f.
signal in Fig. 14 will give a curve
known as the envelope, which has the
same wave form as the original audio
signal. (Another envelope having this
same audio wave form is obtained by
drawing a dash-dash line through the
negative peaks, but at this time we
need consider only the upper envelope.
Both envelopes are shown for each
signal in Fig. 1.)

Horizontal line XX at the level of
the unmodulated carrier peaks will be
the reference line for this envelope.
Thus, we can say that the positive
peak of the envelope goes above ref-
erence line XX, and the negative peak
of the envelope goes below reference
line XX. Furthermore, with 50%
modulation as in Fig. 14, 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, as in Fig. 1B, we have
100% modulation of the carrier.
When the envelope peaks are
greater in amplitude than the unmod-
ulated carrier peaks, the modulation
percentage is higher than 100% and
the envelope becomes distorted, as
shown in Fig. 1C. When an over-

Courtesy General Electric Co.

A million-volt discharge of man-made lightning
created a crashing roar which completely drowned
out the musical program when this combination
f.m.-a.m. receiver was tuned to a broadcast band
a.m. station. When the set was tuned to an f.m.
station carrying the same program, however, the
music emerged from the loudspeaker clear and
strong, with only a hardly noticeable static buzz in
the background even though a million volts of
electricity was dancing and sputtering a few feet
away. Truly this is dramatic proof of the noise-
reducing characteristics of an f.m. system.

modulated signal like this is demodu-
lated in a receiver, the resulting audio
signal will have the same distorted
wave form as the dash-dash envelope
in Fig. 1C.

When the frequency of the audio
signal is varied, the frequency of the
envelope changes in a corresponding
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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 condition 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
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analyzed, it is found to have many
different audio frequency components.

Side Frequencies. As you already
know, an r.f. carrier signal which 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),
995 ke. and 1005 ke. (the side fre-
quencies). If the lowest frequency to
be transmitted is 100 cycles (.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 a
Frequency-Modulated Signal

Modulation of an r.f. signal can
also be accomplished by varying the
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frequency of the r.f. signal in accord-
ance with sound pressure, while keep-
ing the r.f. amplitude essentially con-
stant. This, basically, 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 rarefac-
tion of air. The amplitude of an al-
ternation depends upon the loudness
of the original sound in air, and the
frequency of the audio signal depends
upon the pitch (frequency) of the

~ original sound.

The Resting Frequency. With fre-
quency modulation, the r.f. signal
which is radiated by the transmitter
is at an assigned r.f. value called the
resting frequency or center frequency
whenever no sound is being transmit-
ted. The resting frequency thus cor-
responds to the instant when the air
at the microphone diaphragm is at

normal atmospheric pressure. This is
illustrated graphically by time inter-
val 1 in Fig. 2. (The resting fre-
quency of an actual f.m. transmitter
would be some value above 88,000,000
cycles per second, but for illustrative
purposes we arbitrarily choose 5 cy-
cles to represent the resting frequency
in this diagram.)

Although the compression half of
a sound wave cycle in air could cause
either an increase or decrease in the
frequency of an actual f.m. trans-
mitter (depending upon the number
of a.f. stages and phase-reversing
transformers which are between the
microphone and the output of the
modulator), it is a convenient and
common practice among radio men to
associate compression with an increase
in f.m. transmitter frequency. We
will follow this practice.

Frequency Deviation. When an a.f.
signal is fed into an f.m. transmitter,
the frequency of the r.f. signal thus
swings above the resting value in pro-
portion to increases in air pressure
from the normal atmospheric value
(compression). Likewise, the trans-
mitter frequency swings below the
resting value in proportion to de-
creases in air pressure from the nor-



mal atmospheric value (rarefaction).
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 de-
viation. We illustrate these r.f. sig-
nal frequency changes in Fig. 2 for a
sound having a square-wave form.

Square-Wave Example. Time in-
tervals 2, 3, 4 and 6 in Fig. 2 repre-
sent two cycles of a weak sound hav-
ing a square-wave form. During the
first half cycle (interval 2), the air
directly in front of the microphone is
compressed, and the r.f. carrier fre-
quency for this interval is therefore
higher than the resting frequency. We
have indicated this by showing 7 com-
plete cycles for time interval 2 (two
more than for the resting frequency in
interval 1).

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
indicate 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 f.m. system, doubling the
sound pressure of the original sound
doubles the deviation in transmitter
frequency from the resting value.
Time intervals 6, 7, 8 and 9 in Fig. 2
illustrate this for the square-wave
sound under consideration.

During the first half cycle of this
louder sound wave (interval 6), we
have compression, and the r.f. signal
frequency is twice as much above the
resting frequency as it was for corre-
sponding interval 2 of the weak sound.
We indicate this in Fig. 2 by showing
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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 ?), the r.f. sig-
nal frequency swings just as much be-
low the resting frequency as it swung
above the resting frequency for the
compression half cycle. Thus, we
show 1 cycle for time interval 7, this
being 4 cycles below the 5-cycle value
for 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 showed
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
occurring in the sine-wave audio sig-
nal shown in Fig. 3, will affect an f.m.
transmitter. This diagram can either
represent variations in air pressure
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.

As the audio signal increases in am-
plitude from a to b to ¢, the frequency
of the r.f. signal will rise above the
resting value in a similar manner, to
a maximum r.f. value corresponding
to peak amplitude c. As the audio sig-
nal decreases gradually in amplitude
to zero again at point e, the r.f. sig-
nal frequency will drop gradually
back to the resting value in a similar
manner. Note particularly that for
the entire interval 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 rest-
ing 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 ampli-
tude and polarity of the audio signal
at each instant, even though this voice
or music signal contains many differ-
ent audio frequencies.

A.F. SIGNAL VOLTAGE

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 signal-to-noise ratio and
minimum inter-station interference at
receivers make necessary a high value
for the maxzimum frequency deviation.
The greater the maximum frequency
deviation employed for desired sig-
nals, the less noticeable to the listener
will be a given frequency deviation
due to an interfering signal.

The channels which have been made
available to f.m. broadcast stations in

| — O —» +

A.F. SIGNAL VOLTAGE

FIG. 3. A pure sine wave signal like that at A4

or a complex audio signal like that at B both make

the frequency of an f.m. transmitter swing above

and below its resting value exactly in proportion

to the positive and ne'gnlivic swings of the audio
signal.

Thus, we can say that the r.f. signal
frequency will be above the resting
value whenever the audio signal is
positive, with the deviation from the
resting value being proportional to
the positive amplitude at each instant.
Likewise, the r.f. signal frequency 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 f.m.
fact that the instantaneous deviation
in the frequency of the r.f. signal is
proportional to the instantaneous am-
plitude of the audio signal, let us now
consider actual frequency values for

the United States and its possessions
by the Federal Communications Com-
mission are .2 me. apart in the very
high frequency band between 88 and
108 mc., with the lower portion of the
band from 88 to 92 me. being reserved
for non-commercial educational f.m.
stations. Each channel assignment
represents the assigned resting fre-
quency of the station (the unmodu-
lated signal frequency of the station).

A guard band at least 25 ke. wide
is required by the F.C.C. 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.



Percentage modulation, as we know
it in connection with the a.m. system
of broadcasting, does not exist in an
f.m. system. Since the greatest per-
missible frequency deviation for a
loud sound is 75 ke., this deviation
corresponds to 100% modulation of
an f.m. transmitter. Over-modula-
tion (a deviation greater than 75 ke.)
will not cause distortion in receivers,
however, unless it makes the signal
sweep beyond the linear portion of
the S curve for discriminator action
(to be considered later in this lesson).

The monitor engineer in an f.m.
studio has meters before him which
tell when the loudness level at the
microphone is exceeding the value
which 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. Like-
wise, the monitor increases the a.f.
gain when the loudness level at the
microphone drops way down for ap-
preciable periods of time. Thus, the
goal of the monitor engineer is essen-
tially the same, for both f.m. and a.m.
systems: To keep the audio level at
receivers as high as is practical with-
out making the program sound un-
natural and without causing over-
modulation at the transmitter.

Actual Example. Suppose that an
f.m. station is assigned the 97.3-mc.
channel, and its microphone is picking
up a loud 1000-cycle sound. The rest-
ing frequency of this station will be
97.3 megacycles, and the maximum
permissible deviation will be 75 ke.
(.075 me.) above and below this rest-
ing value. Thus, the r.f. signal fre-
quency will go up to 97.375 me. for
the positive peak of each audio cycle,
and will drop down to 97.225 me. for
the negative peak of each audio cycle.
Since the audio signal passes through
1000 complete cycles in each second,
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the f.m. transmitter will go through
1000 complete swings (from 97.3 to
97.375 to 97.3 to 97.225 to 97.3) in
each second in order to follow the
positive and negative amplitude
variations of the audio signal.

If the lowest loudness level to be
transmitted in this example is 1/100
of the loudest level, the deviation for
this weakest audio signal will be .075
me. divided by 100, or .00075 me. For
this weak signal, then, the r.f. signal
frequency will vary from 97.30075
me. to 97.29925 me. and there will be
1000 complete swings like this in each
second.

If the f.m. station in our example is

transmitting a loud 100-cycle audio

signal, the deviation will still be 75
ke. on each side of the resting fre-
quency, but now there will be only
100 complete swings back and forth
between the two extreme frequencies
in each second.

F.M. Side Frequencies. Mathemati-
cal computations as well as actual
measurements tell us that the con-
tinually varying r.f. signal frequency
for an f.m. transmitter is equivalent
to a carrier frequency and an infi-
nitely large number of side frequen-
cies. Fortunately, however, the essen-
tial side frequencies needed for high-
fidelity reproduction are within the
150-ke. deviation range over which
the r.f. signal sweeps. Receivers are
designed for reception of this range,
and consequently they receive the es-
sential side frequencies.

Side frequencies more than 75 ke.
off from the resting frequency might
create interference with adjacent-
channel stations if these stations were
in the same locality, but the Federal
Communications Commission pre-
vents interference of this nature by
keeping channel assignments at least
400 ke. (.4 me.) apart for f.m. sta-
tions in the same service area.

Technical Data on Side Frequencies.
When the carrier of an f.m. transmitter is
modulated with an audio signal having a
constant frequency of f cycles per second,
the r.f. signal swinging above and below the
resting frequency is equal to the following
fixed-frequency signals: A signal having the
resting frequency of the transmitter; two
side frequencies, one above and one below
the resting frequency by the audio value
f; two side frequencies, above and below
the resting frequency by twice the audio
value f; two side frequencies, above and be-
low the resting frequency by three times
the audio value f; etc.

Here is an example. If the resting fre-
quency of an f.m. transmitter is 103.5 mec.
and the audio modulation frequency is
10,000 cycles (01 me.), the equivalent indi-
vidual frequencies will be: 103.5 mc., 103.49
me. and 103.51 me., 10348 mec. and 103.52
me., 103.47 me. and 103.53 mec., ete., down to
zero and up to infinity.

In your work with f.m. apparatus, how-
ever, you will find it more convenient to
think of an f.m. signal as a single r.f. signal
which is continually varying in frequency
above and below its resting frequency. (We
do this in amplitude modulation when we
consider a modulated r.f. signal as a single
rf. signal which is varying in amplitude
from instant to instant as in Fig. 14.)

Multiplex F.M. Operation. Fre-
quency modulation has the added ad-
vantage of permitting multiplexing,
the sending of two or more programs
or types of intelligence by the same
transmitter, without increasing the
required band width for the station
and without interference between the
programs being transmitted.

Here is an example: To transmit
code messages along with a broadcast
program, a 20-ke. oscillator signal
(above the audio range) could be
made to vary in amplitude in accord-
anee with the code modulation, and
this modulated 20-ke. secondary car-
rier then fed into the transmitter
along with the regular voice or music
program. At the receiver, the voice
or music program would pass through
the stages in the conventional man-
ner, and the 20-kc. modulated code
signal would be taken out ahead of

the audio amplifier, and demodulated
by conventional means in a separate
detector stage. Filters would be used
to keep the 20-ke. signal out of the
regular a.f. amplifier, to prevent over-
loading of a.f. stages.

How F.M. Systems Reduce Inter-
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 transmit-
ter. We can therefore represent a de-
sired f.m. signal at the input of an
f.m. receiver by a vector, as shown in
Fig. 4A. The amplitude (length) of
this desired-signal vector D will be
constant, and the rate at which the

® ® v

©

FIG. 4. Vector diagrams showing how an unde-

_ sired signal U can affect the frequency and ampli-

tude of a desired f.m. signal D.

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 respect to the horizontal
reference line in the diagram is unim-
portant.

Now, let us suppose that we also
have at the input of our f.m. receiver
an undesired signal. It may be due
either to noise interference or to an
undesired r.f. carrier signal from some
other station, but nevertheless we
know that this undesired signal has
both frequency and amplitude. Let
us say that at the instant of time
under consideration for Fig. 44, the



undesired signal has the amplitude
and phase represented by vector U in
Fig. 4B.

When we combine undesired-signal
vector U with desired-signal vector
D, as shown in Fig. 4C, we obtain re-
sultant vector R. The amplitude of
vector R is greater than that of de-
sired-signal D, showing that an inter-
fering signal can affect the amplitude
of a desired incoming signal. Further-
more, vector R is ahead of vector D,
indicating that the sudden arrival of
this interfering signal makes desired-
signal vector D increase its rotational
speed suddenly; this means that dur-
ing the time interval in which vector
D is moving to its new position cor-
responding to vector R, the frequency
of the desired signal is higher than it
should be.

Interference vector U in Fig. 4B
may have any phase relationship
whatsoever throughout the entire
range of 360°. It may be in phase
with desired-signal vector D, as indi-
cated. by interference vector U, in Fig.
'4D ; 1t may be 180° out of phase, as
indicated by interference vector U, in
¥ig. 4D; it may lead the desired vec-
tor by 90°, as indicated by Us, or it

may lag the desired vector by 90°, as’

indicated by U,. These are the four
extremes which could exist, and an
analysis of them will take care of in-
termediate undesired-signal vector
positions as well.

. Cgreful study of the vector diagram
in Fig. 4D reveals that when the in-
tert:ermg signal is in phase with the
desired signal, it increases the ampli-
tude of the resultant signal without
chang_lng its frequency. When the in-
te.rferlng signal is 180° out of phase
with the desired signal, it decreases
th.e amplitude of the resultant signal
w1tl}out changing its frequency. When
t!le interfering signal leads the desired
sxgn_al, the resultant will be speeded
up in frequency, and the amplitude
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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. system
can change both the frequency and
the amplitude of the desired f.m. sig-
nal.

You will learn later in this lesson
that the limiter stage of an f.m. re-
ceiver reduces all incoming signals to
a constant low amplitude correspond-
ing to radius L in Fig. 4D. Since
changes in amplitude due to noise vec-
tors are all outside of this acceptance
area, the limiter stage of a properly
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designed and adjusted f.m. receiver
wipes out amplitude changes due to
noise.

Any change in frequency due to
noise will show up in the output of an
f.m. receiver, for changes in frequency
are not affected by the limiter sec-
tion of the receiver, and are converted
into corresponding changes in ampli-
tude by the following frequency dis-
criminator section. By using a high
maximum deviation value, however,
changes in the frequency of the de-
sired signal due to an interfering sig-
nal in the receiver can be made neg-
ligibly small with respect to frequency
changes due to the desired audio pro-
gram,

Field tests have proved that the
ratio of desired to undesired signals
increases as the maximum frequency

deviation of the system is increased.
Tests have also proved that with a
maximum deviation of about 75 ke.
(a total swing of 150 ke.), interfering
signals become quite imperceptible at
the loudspeaker when the desired sig-
nal is at least twice as strong as the
undesired signal.

An Elementary F.M. System

The F.M. Transmitter. In begin-
ning our study of actual f.m. systems,
let us first consider one of the sim-
plest possible transmitter circuits cap-
able of producing frequency-modu-
lated signals.

A conventional vacuum tube oscil-
lator circuit employing a coil-conden-
ser resonant circuit can be tuned to
frequencies in either direction from
a reference frequency without appre-
ciably changing the amplitude of the
output signal. By taking a simple
oscillator circuit like this and shunt-
ing its resonant circuit with a con-
denser microphone in the manner
shown in Fig. 5, a simple but effective
f.m. transmitter is obtained. Sound
waves apply to the movable dia-
phragm of the microphone a varying
pressure which makes this diaphragm
move alternately towards and away
from the fixed plate. This changes
the capacity of the condenser micro-
phone in accordance with variations
in sound pressure, thereby alternately
raising and lowering the frequency of
the r.f. oscillator to give the desired
frequency-modulated signal.

There are a number of drawbacks
to this simplified f.m. transmitter cir-
cuit. The condenser microphone would
have to be close to the oscillator, to
prevent pick-up of stray signals by
the microphone leads. Each condens-
er microphone would have to be de-
signed to give a definite frequency de-
viation with its particular oscillator,
and even with this precaution the
amount of deviation would vary with

the particular performer using the
microphone. Undoubtedly these prob-
lems could be solved by engineers if
necessary, but fortunately there are
more practical means for securing fre-
quency modulation of a carrier sig-
nal. One such scheme will now be
considered.

Inductance-Tube Type of F.M.
Transmitter. A vacuum tube circuit
can be made to act like an inductance,
simply by adjusting circuit voltages
so that the r.f. current drawn by the
tube will lag the r.f. voltage applied
to the tube. (This scheme is widely
employed in the automatic frequency

OSCILLATOR CONTROL R.F. OSCILLATOR

- EMar

°
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FIG. 6. This practical f.m. ! _circuit em-
ploys an oscillator control circuit consisting of a
vacuum tube which acts like an inductance shunted
across the r.f. tank circuit. The effective inductance
value varies from i to i in accord
with variati in the plitude of the a.f. signal,
by giving freq y dulati )

control circuits of some radio receiv-
ers.) By connecting across the coil-
condenser resonant circuit of an r.f.
oscillator the vacuum tube circuit
which is acting like an inductance,
and by making the inductance of this
vacuum tube circuit vary at a desired
audio rate, we secure frequency mod-
ulation.

An inductance-tube type of f.m.
transmitter circuit is given in Fig. 6.
Triode vacuum tube V7', is connected
into a conventional tuned-grid r.f. os-
cillator circuit, with L and C forming
its tank circuit. Pentode tube VT,
serves as the oscillator control tube
which acts like an inductance; its
plate is connected directly to termi-



nal 2 of tank inductance L, and its
cathode is connected to terminal 1 of
this coil through r.f. by-pass con-
densers C¢ and C4 and the grounded
chassis.

Now let us see how oscillator con-
trol tube VT; can act as an induc-
tance in shunt with tank circuit L-C.
First of all, r.f. tank voltage e in Fig.
6 must be considered as the r.f. volt-
age source acting upon the oscillator
control circuit. The two r.f. signal
paths connected in parallel across r.f.
voltage source e are the plate-cathode
path of oscillator controle tube VT,
and path R,-C;-C»-Cl.

At radio frequencies, path R;-C;-
C.-Cy is essentially resistive (the re-
actances of all three condensers are
low with respect to the resistance of
R;), and hence the r.f. current flow-
ing over this path is in phase with its
r.f. source voltage e. This r.f. current
develops across condenser C» an r.f.
voltage which 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 which
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 L; the oscillator control tube
thus acts like an additional induc-
tance shunting the tank circuit, and
serves to increase the frequency of
the r.f. oscillator.*

* When two inductances are in parallel,
the combined inductance is less than that
of the smaller inductance. Lowering the
total tank circuit -inductance raises the os-
cillator frequency. If one of the parallel
inductances is reduced in value, the oscil-
lator frequency will increase; if one of the
parallel inductances is increased in value,
the oscillator frequency will decrease.
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The a.f. modulation voltage which
is applied to the control grid of VT,
through R, varies the transconduc-
tance of the tube, and hence makes
the a.c. plate current vary at an audio
rate. Consequently, the inductance of
this tube also varies at an audio rate.
This in turn makes the frequency of
the r.f. oscillator swing above and be-
low its resting value at an a.f. rate,
giving frequency modulation of the
r.f. carrier without appreciable varia-
tion in the r.f. amplitude. When the
a.f. signal is removed or drops to zero,
the r.f. oscillator returns to its resting
frequency, which is determined by the
size of inductance L, the normal in-
ductance of the oscillator control cir-
cuit, and the tank circuit capacity.

Resistor R. prevents the a.f. source
from shorting the input of the induec-
tance tube; it is really an isolating
resistor.

By adjusting the initial C bias on
the oscillator control tube (varying the
ohmic value of R¢) and by monitor-
ing properly the a.f. voltage fed into
the oscillator control tube, the maxi-
mum deviation in frequency can be
made any desired amount. The ecircuit
of Fig. 6 is therefore a suitable signal
source for an f.m. system which is to
be employed in transmitting intelli-
gence. The f.m. signal would be taken
either from terminal 2 or from a link
which is coupled to tank circuit in-
ductance L.

The F.M. Receiver. Up to the point
at which frequency-modulated signals
are converted into amplitude-modu-
lated signals, an f.m. receiver uses
essentially the same circuits as a cor-
responding a.m. receiver. The a.f.
amplifier and loudspeaker are like-
wise essentially the same for both sys-
tems. The important new action in
an f.m. receiver is the conversion of
the f.m. signal into the desired audio
signal, so let us consider now the basic

6 8
(© FREQUENCY-MODULATED INPUT SIGNAL (© AMPLITUDE-MODULATED OUTPUT SIGNAL (V¢)
FIG. 7. These diagrams illustrate how a simpl it can an f.m. signal into an
s.m. signal.

principles involved in this conversion.

If a frequency-modulated r.f. signal
is introduced into an L-C resonant
circuit which is tuned slightly above
the highest deviation frequency, the
r.f. voltage developed across the reso-
nant circuit will vary with the fre-
quency of the induced f.m. signal. An
ordinary resonant circuit like the L-C
circuit in Fig. 74 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. 7B. By applying to this curve
in the proper manner the f.m. signal
shown at the bottom of Fig. 2 (having
a square-wave audio modulation), we
can get a graphical picture of how the
amplitude of r.f. output voltage V¢
varies with the frequency of the in-
coming f.m. signal.

Let us assume that when the f.m.
transmitter is at its resting frequency
(time interval 1 in Figs. 2 and 70),
the operating point is at 1 in Fig. 7B.
The vertical distance from I down to
the horizontal reference line then de-
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termines the amplitude of r.f. voltage
Vo across the resonant circuit, so we
show the r.f. output voltage for time
interval 1 as an r.f. signal having this
same amplitude and the same resting
frequency value, as at 1 in Fig. 7D.
When the frequency of the f.m. sig-
nal increases to the value for time
interval 2 in Fig. 7C, we move up to
point 2 on the response curve, and
thereby secure the output signal at 2
in Fig. 7D. Likewise, the input signal
frequencies for time intervals 3, 4, 5,
6,7, 8 and 9 in Fig. 7C give the out-
put signal amplitudes shown at 3, 4,
5,6,7,8 and 9 respectively in Fig. 7D.
Note that the signal frequency is
unchanged by the resonant circuit, but
the amplitude of the output signal
varies in proportion to the frequency
deviations of the input f.m. signal. A
dash-dash line drawn through the posi-
tive peaks of the r.f. output voltage in
Fig. 7D gives the original square-wave
audio modulation of Fig. 2, showing
that we now have an amplitude-
modulated r.f. signal which can be
demodulated with a conventional am-



plitude detector circuit. The fact that
our output signal also varies in fre-
quency does not matter, for the am-
plitude detector circuit removes all
r.f. components. .

A complete circuit capable of con-
verting an f.m. signal into an audio
signal is shown in Fig. 8; this circuit
can appropriately be called an f.m.
detector. The final i.f. amplifier stage
is also shown, and employs a 6SK7
pentode, with a double-tuned i.f. trans-
former (Cs-Ls-Lo-C2) in its input cir-
cuit. Resistor Ry across the primary
of this if. transformer provides the
loading required to flatten the response
over the 150-ke. range through which

FINAL LF. STAGE F.M.~AM. DIODE
FOR F.M. CONVERTER DETECTOR

B + E

FIG. 8. This diagram shows how a resonant circuit

can be used to convert the f.m. output signal of

the i.f. amplifier into an a.m. ni!nal which can be
d dulated by a i diode d 3

the f.m. signal is varying during loud
audio loudness levels.

Plate current of the final i.f. tube
flows through coil L,, inducing an
f.m. signal voltage in coil L of the L-C
resonant circuit in which frequency-
to-amplitude conversion takes place.
The r.f. voltage across this L-C cir-
cuit therefore varies in amplitude in
accordance with variations in the
original audio signal amplitude. This
amplitude-modulated r.f. voltage is de-
modulated by one section of the 6H6
tube, and the resulting a.f. output
voltage appears across diode load re-
sistor Rp. Condenser Cp removes r.f.
variations across Rp, so that only the
desired a.f. voltage is fed into the a.f.
amplifier.
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Additional Requirements in
an F.M. System

The f.m. transmitter and receiver
arrangements just described represent
the absolute minimum required in an
f.m. system. Transmitters must have
some type of crystal control, so as to
maintain the assigned resting fre-
quency value within the limits pre-
scribed by law, and receivers must
also have additional features which
insure high fidelity and operating
stability, reduce noise and simplify
tuning.

The remainder of this lesson will
be devoted chiefly to practical f.m. re-
ceiver circuits, but basic principles of
highly stable modern f.m. transmitters
will be covered briefly at the end of
this lesson text to make your f.m.
training more complete.

Resonant circuits have proved un-
satisfactory for f.m.-a.m. separating
purposes, chiefly because the slopes of
their response curves are not sufficient-
ly linear for high-fidelity purposes. In-
stead, we find in modern f.m. receivers
a variation of the discriminator circuit
used in a.f.c. circuits. This discrimi-
nator circuit is simple to adjust and
gives linear operation. It uses a push-
pull circuit to convert frequency vari-
ation to amplitude variations at the
if. frequency and then detects this
signal.

In a practical f.m. receiver, an ad-
ditional section called the limiter is
required just ahead of the discrimi-
nator to restore constant amplitude,
so that all amplitude rises due to noise
or station interference will be removed.

The limiter is a vacuum tube am-
plifier which is so designed that all
desired signals will cause plate current
saturation. This action of the limiter
stage also levels out the response of
the r.f. system.

Since the limiter in an f.m. receiver
delivers the same amplitude for both

weak and strong incoming signals, the
loudspeaker volume level does not
change when tuning from one f.m. sta-
tion to another. This means that it is
unnecessary to use an a.v.c. system in
an f.m. receiver to prevent blasting or
counteract fading. Most f.m. receivers
do have a.v.c., but this is primarily to
prevent extremely strong input signals
from driving the grids of r.f. or if.
amplifier tubes positive and thereby
causing blocking or interference. If
grid current were allowed to flow dur-
ing positive grid voltage values, the

The F.M.

Types of F.M. Receivers. Radio
receivers which are capable of receiv-
ing f.m. signals can be divided into
three groups, as follows:

1. Sets designed exclusively for f.m.
reception. These can be table models
or consoles, for listeners who already
have good a.m. receivers.

2. Combination f.m.-a.m. receivers,
providing all-wave a.m. reception
along with f.m. reception. These will
usually be large console sets and may
also have automatic record changers,
television, facsimile or sound-record-
ing features.

3. F.M. converters, which are sim-
ply f.m. receivers without audio
amplifiers or loudspeakers. They
provide f.m. reception when connected

3 ALL-WAVE A.M. ANTENNA

| F.M. ANTENNA
—

resulting distortion of the incoming
f.m. signal would produce harmonics
which could beat with oscillator har-
monics and other station signals to
produce interfering signals at the i.f.
value for f.m.

Another requirement in a modern
f.m. receiver is a tuning indicator
(either a meter or a cathode ray tun-
ing indicator tube). F.M. resonant
circuits are so broad due to loading
that the average person would have
difficulty in tuning in an f.m. station
by ear alone.

Receiver

to the a.f. input terminals of an ordi-
nary a.m. receiver.

All fm. receivers should have high
sensitivity in order to operate the
limiter at saturation for the widest
frequency swings of the weakest
signal to be received, and hence super-
heterodyne circuits are invariably
employed.

Typical circuits used in combina-
tion f.m. and a.m. receivers will now
be analyzed.

Combination F.M.-A.M. Receiver

A block diagram of a typical com-
bination a.m. and f.m. superhetero-
dyne receiver is given in Fig. 9. The
circuits now to be considered will be

AM.
7 AF.
/
'’
’
TUNING /
AM. INDICATOR |, LOUDSPEAKER
AM. \
- FM. AM. —_—
LIS pRE- +>— MIXER- [FM.| It 2nd [FM. * F.M.| DISCRIM- AF |AF —
> LF. AMP. LF. AMP. LiMmi > oy ik
—_OSLECTOR Ist DET, SECTION (73] SECTION INATOR - AMPLIFIER| JR—
SOUND
WAVES
LOCAL
= = 0sc.

FIG. 9. Block diagram of s typical combination f.m. and s.m. receiver.
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those employed in this particular re-
ceiver arrangement.

Note first of all that there are two
antennas, one for regular all-wave
a.m. signal pick-up, and the other for
ultra-high-frequency f.m. signal pick-
up. The band-selecting switch auto-
matically connects the correct antenna
to the receiver. (Fairly satisfactory
results can be obtained with a single
combination antenna on some sets, as
you will later learn.)

For amplitude-modulated signals,
the local oscillator normally operates
above the incoming a.m. signal fre-
quency by the amount of the i.f., while
for frequency-modulated signals, it
usually is above but may operate be-
low the incoming f.m. signal fre-
quency.* The i.f. signal produced by
the mixer-first detector passes through
the first i.f. amplifier section to a
switching circuit.

For f.m. reception, the signals are
fed into a second i.f. amplifier section,
which raises the signal level the re-
quired amount for the limiter stage.
The constant-amplitude output of the
limiter is fed into the discriminator,
and the resulting a.f. output signal is
fed directly into the input of the a.f.
amplifier.

For a.m. reception, the output of
the first i.f. amplifier section is fed di-
rectly into a conventional a.m. detec-
tor, and its a.f. output is likewise fed
into the input of the a.f. amplifier.
The tuning indicator, if used, would
* Although 10.7 me. is the recommended
and widely used if. value for f.m. receivers
at the present time, you may also encounter
other values. Some f.m. receivers are capable
of operating not only on the 88-108-mc.
fm. band, but on the older 42-50-mec. band
as well. This low-frequency band is no long-
er in use. These sets particularly may have
a different value of if., generally lower in
frequency. The higher value now in use
minimizes chances for interference between
the various signals which are picked up by
the receiving antenna or produced in the
receiver by superheterodyne action.

be connected through the band-chang-
ing switch to the a.v.c. source for
either the f.m. or a.m. channel. A
common power pack serves all
sections.

F.M. Receiving Antennas

The antenna for f.m. reception will
ordinarily be a doublet of the correct
length to give half-wave operation at
an average frequency in the f.m.
band. Since commercial f.m. stations
are assigned to frequencies between
88 and 108 mec., a doublet which
resonates at about 98 me. will ordi-
narily be used. With proper design,
its response will normally be broad
enough to give satisfactory coverage
of the entire f.m. band.

A frequency of 98 megaclcyes cor-
responds to a wavelength of 3.06 me-
ters (wavelength in meters is equal to
300 divided by frequency in megacy-
cles). A half-wave f.m. doublet an-
tenna will therefore have a total length
of about 1.5 meters; multiplying this
value by 3.28 gives about 5 feet as the
total length for an average f.m. doub-
let receiving antenna.

The simplest possible f.m. doublet
is that shown in Fig. 104, in which
the transmission line is connected to
the center of the 5-foot long doub-
let. Since a half-wave doublet has a
resistance of about 72 ohms at its cen-
ter, a transmission cable having a
surge impedance of approximately
this same value would ordinarily be
used. Slight mismatches can be
tolerated, however; in fact, a cable
with a surge impedance of about 100
ohms will make the antenna response
characteristic more uniform over the
entire fm. band. The transmission
cable is connected to the receiver
through a matching transformer.

At very-high frequencies, line-of-
sight paths give the best transmission
of radio waves, but, fortunately, re-
liable f.m. reception is possible con-
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FIG. 10. Types of f.m. receiving antennas. The heavy arrow in each case indicates the direction (along

the surface of the earth) from which signals are best received. The symbol )\ «

siderably beyond the line-of-sight
range from a transmitter. (With a
line-of-sight path, it should be pos-
sible to see the transmitting antenna
with a telescope on a clear day from
the position of the receiving antenna.)

A. compact very-high frequency an-
tenna built into the console cabinet
of an f.m. receiver will often give ade-
quate signal pick-up of stations up to
about ten miles away. Even a quar-
ter-wave vertical antenna can some-
times be used when signals are strong.

In locations considerably beyond
the line-of-sight limit, the position of
the receiving antenna becomes im-
portant. The half-wave horizontal
f.m. doublet should then be as high as
possible, and broadside (at right
angles) to the path over which f.m.
signals are arriving.

In remote locations where all of the
desired f.m. signals are coming from
essentially the same direction, such as
from a single large city, a reflector
like that shown in Fig. 10B can be
used with a conventional doublet to
increase the signal pick-up from the
desired direction. The doublet is al-
ways placed between the reflector and
the transmitter.

The antenna arrangements shown

length

in Figs. 10C and 10D give even better
signal pick-up at remote locations. In
Fig. 10C, one section of the doublet
has the usual length of A /4 (one-quar-
ter wavelength), while the other sec-
tion is several wavelengths long. The
long section is aimed directly at or
slightly above the transmitter.

In the V doublet arrangement of
Fig. 10D, both horizontal sections are
equal, several wavelengths long, and
aimed in the general direction of the
transmitter.

Before mounting an f.m. doublet
permanently, it is always a good idea
to move the antenna toward or away
from the transmitter a distance of
about 5 feet, and tilt it at various
angles while an assistant is checking
signal strength at the receiver by
watching the tuning indicator or using
a meter, to find the position which
gives maximum signal strength. Can-
cellation due to reflected waves arriv-
ing over different paths will then be
a minimum.

The Preselector

A preselector having at least one
r.f. amplifier stage is just as desirable
in an f.m. superheterodyne receiver as
in an a.m. set, for r.f. amplification

14 15
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ahead of the mixer-first detector in an
f.m. receiver provides much needed
extra sensitivity and minimizes con-
verter noise. Just as with a.m. re-
ceivers, the higher-priced f.m. re-
ceivers will usually have an r.f. stage
in the preselector. Less expensive
f.m. sets will have a simple antenna
transformer with tuned secondary,
feeding directly into the mixer-first
detector.

The circuit of a typical r.f. ampli-
fier stage for a combination f.m.-a.m.
receiver is shown in Fig. 114. To
simplify the diagram, only one all-
wave a.m. range is shown; additional
contacts on the three sections of the
band-changing switch and additional
input and output r.f. transformers
would be provided for other a.m.
ranges.

When the three switches (S;, S» and
Ss) are set to position 1, as shown in
Fig. 11A, the entire preselector is con-
nected for f.m. reception. The half-
wave f.m. doublet feeds its f.m. signal
into the grid circuit of the 6SK7 r.f.
amplifier tube through f.m. antenna
matching transformer L;-L,, with
secondary winding L. being tuned to
the incoming f.m. signal frequency by
gang condenser section C;. The
amplified r.f. plate current of the
6SK7 tube flows through winding Ls
of the f.m. input transformer for the
mixer, inducing in secondary winding
L4 a corresponding r.f. voltage. Gang
condenser section C. tunes Ls to
resonance at the desired station fre-
quency, and the resulting f.m. signal
voltage across this resonant circuit is
applied to the grid and cathode of the
mixer-first detector tube. Automatic
C bias for the 6SK7 tube is provided
by Ra and Co.

Setting the three switches in the
preselector circuit of Fig. 114 to posi-
tion 2 automatically connects the cir-
cuit for a.m. reception on one band.
Switch S; disconnects the secondary
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of the f.m. matching transformer from
the r.f. amplifier tube grid, and con-
nects the grid instead to the secondary
of the a.m. antenna matching trans-
former. The all-wave a.m. doublet
feeds its a.m. signal to the r.f. ampli-
fier tube through a.m. matching trans-
former Ls-Lg, with secondary winding
Lg being tuned to resonance by gang
condenser sections Cs and C; in
parallel.  (The conventional con-
denser section for a.m. is split into
two sections, Cs3 and Cj, so that one
low-capacity section will be available
for fm. to give a favorable L-to-C
ratio.) The r.f. output of the 6SK7
tube is fed to the mixer through a.m.
input transformer Lq-Ls, with secon-
dary winding Ls being tuned by C;
and C, in parallel.

When the switches are at position 2
for a.m. reception, a.v.c. voltage is
applied to the r.f. and mixer tubes
through Lg¢ and Lg respectively. No
a.v.c. is used on these two tubes dur-
ing f.m. reception in this cireuit, but
engineers are now recommending that
a.v.c. be provided for the r.f. amplifier
tube of an f.m. receiver to prevent
overloading of any tubes by extreme-
ly strong f.m. signals. The a.v.c. volt-
age for f.m. would be supplied by the
limiter section.

A variation of the preselector cir-
cuit of Fig. 114 which makes possible
the use of one doublet antenna for
both f.m. and a.m. reception is shown
in Fig. 11B. The remainder of the
preselector circuit is not shown, since
it is identical with that in Fig. 11A4.
The connections are such that doublet
antenna action is secured for f.m. re-
ception, but the antenna is auto-
matically converted into a plain ver-
tical antenna for a.m. reception.
Resonant circuit L-C is tuned to the
mid-frequency of the fm. band
(about 98 me.); since it is a series
resonant circuit, it has a low imped-
ance at or near resonance, and has the

ALL-WAVE A.M. DOUBLET !’
HALF-WAVE F. M.
DOUBLET

®

FIG. 11. Typical presel

instead of to ground. A switch at the two a.v.c. sources (shown in Fig.

for a
amplifier tube is to have a.v.c., terminal a of f.m. coil L, is connected to terminal b of a.m. coil L

COMBINATION FM.-AM.
ANTENNA

L L2

~AV.C,

combination f.m.-a.m. receiver. If the r.f.

20) insures that the correct

a.v.c. voltage (for f.m. or for a.m.) will be fed to this tube.

effect of grounding the center tap of
winding L;. Under this condition, the
antenna acts as a very-high-frequency
doublet for the f.m. band.

For a.m. bands, usually below 20
megacycles, the series L-C circuit is
considerably off resonance, and hence
has a high capacitive reactance.
Winding L, is therefore ungrounded,
and signal currents picked up by the
two sections of the doublet flow
through the two sections of L; to the
center tap, then through winding Lj
to ground (Ls has much lower react-
ance than the L-C circuit). The a.m.
signal current through L induces a
corresponding r.f. voltage in Ls, and
this is fed through the r.f. amplifier
tube to the mixer in exactly the same
manner as for the circuit of Fig. 114.

Observe that a resistor (R) is
shunted across each f.m. resonant cir-
cuit in Figs. 174 and 11B. These re-
sistors serve to load the resonant
circuit, providing broad resonance
which gives essentially uniform re-
sponse at all frequencies within the
deviation range of an incoming f.m.
signal. Ordinarily, resistor R has an
ohmic value somewhere between 10,-
000 and 20,000 ohms, with the higher
value being preferred in order that
the preselector will have good selec-
tivity. When no r.f. amplifier stage is
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used, a band-passed preselector cir-
cuit ahead of the frequency converter
is highly desirable, to broaden the
response and at the same time im-
prove selectivity.

The Frequency Converter

In any superheterodyne receiver,
the local oscillator and the mixer-
first detector constitute a section com-
monly called the frequency converter.
The local oscillator feeds into the
mixer-first detector an unmodulated
r.f. signal which beats with the in-
coming modulated signal to produce
the correct i.f. signal.

A number of different -circuit
arrangements can be employed in the
frequency converter of a combination
f.m.-a.m. receiver. Some designers
will use a pentagrid converter tube,
some will use a combination triode-
pentode tube, and some will use sepa-
rate tubes for the oscillator and mixer-
first detector.

It is customary to operate the local
oscillator above the incoming signal
frequency for f.m. reception, to secure
greater stability and prevent local
oscillator signals from creating inter-
ference in the television band below
88 me. On a.m. bands also the oscil-
lator is usually operated above the
incoming signal frequency.



Switching sections must be provided
on the band-changing switch of a
combination f.m.-a.m. receiver to in-
sert the correct inductance and varia-
ble capacity in the oscillator tuning
circuit of the frequency -converter.
The oscillator would thus be tuned
10.7 me. (or whatever other i.f. value
is used for f.m.) above the incoming
signal frequency for f.m. reception,
and about 455 ke. above the incoming
signal frequency for a.m. reception.

An example of a conventional fre-
quency converter circuit employing a
type 6K8 combination triode-pentode
tube is given in Fig. 12. This circuit
could be connected directly to the
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__________________ ,
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FIG. 12. Typical frequency converter circuit for

a combination f.m.-a.m. receiver.

preselector circuit of Fig. 11, with all
tuning condenser sections being con-
trolled by one tuning knob and all
switches being controlled by the band-
changing knob.

When switches S4 and S5 in Fig. 12
are at position I for f.m. reception,
oscillator tank circuit inductance L,
is tuned 10.7 me. above the incoming
f.m. signal frequency by tuning con-
denser section Cj. The high-fre-
quency trimmer is C3, and the low-
frequency padder is C4, while C;
serves as a temperature-compensating
condenser. (Condenser C; changes
its capacity in a definite manner with
temperature, thereby minimizing
oscillator frequency drift by com-
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pensating for other capacity changes
which occur as the set comes up to
normal operating temperature after
being turned on.)

Feed-back from the oscillator plate
circuit is provided by inductance Lo.
Automatic C bias for the oscillator is
provided by the flow of grid current
through grid resistor R, and grid con-
denser Cy;. D.C. blocking condenser
C10 prevents the plate supply voltage
of the oscillator triode from sending
direct current through oscillator feed-
back coil L, to ground.

All leads in the f.m. oscillator sec-
tion of the circuit should be as short
as possible, so that resonance effects
will be localized to the desired L;-C5
tuning circuit. All grounded elements
in a section should be connected to a
common point on the chassis. At
very-high frequencies, long leads
have appreciable inductance and
capacity to the chassis, and hence
might form additional resonant ecir-
cuits which create trouble.

When switches S; and S; in Fig. 12
are at position 2 for reception on one
of the a.m. bands, the oscillator tank
circuit inductance is Ls. The tank
circuit is tuned 455 ke. above the in-
coming a.m. signal frequency by tun-
ing condenser sections Cs and Cg in
parallel. C7 serves as the high-fre-
quency trimmer, and Cg serves as the
low-frequency padder. Feed-back
energy from the plate circuit is now
supplied by L, for removal of the
short across Lz by Ss allows r.f. plate
current to flow through both L. and
L3 to ground.

The LF. Amplifier

We cannot use a standard 455-ke.
i.f. value for both f.m. and a.m. re-
ception. The gain of a 455-ke. i.f.
amplifier drops entirely too much
when it is band-passed sufficiently to
pass a 150-ke. wide f.m. signal. Fur-

thermore, the selectivity of this band-
passed 455-ke. i.f. amplifier would be
way too poor for standard a.m. recep-
tion. A 10.7-mec. i.f. amplifier is satis-
factory for f.m., but its selectivity is
likewise too poor for a.m. reception.

To meet these conflicting require-
ments in a combination f.m.-a.m. re-
ceiver, separate i.f. transformers can
be used for f.m. and a.m., so that a.m.
signals will pass through standard
455-ke. 1.f. transformers, and f.m.
signals will be served by 10.7-me. i.f.
transformers. With the exception of
the first i.f. transformer primary, the
connections can be such that signals
will take the correct transformers in
traveling through the i.f. amplifier.
It is even possible to mount both the
f.m. and a.m. transformers for a given
stage in the same shield can.

When corresponding windings of
the i.f. transformers for f.m. and a.m.
are connected in series as shown in
Fig. 13, signals will automatically
take the correct path. Thus, when a
455-ke. a.m. signal is coming through,
the transfer of signals will be accom-
plished by the 455-ke. a.m. trans-
former Lj3-C3-Ls-Cy4, because L; will
be essentially a short-circuit path.
When 10.7-me. f.m. signals are coming
through, signal transfer will be
through f.m. transformer L;-C1-Lo-Co,
because C3 will be essentially a short-
circuit path. In each case, the i.f.
transformer not in use will be so far
off resonance that its effect will be
negligible.

LF. Switching. During broadcast
band a.m. reception, the local oscil-
lator produces a signal somewhere be-
tween about 1000 and 2000 ke. (1 and
2 me.) when the local i.f. value for
a.m. is 455 ke. The sixth harmonic
of the oscillator will then cover 6 to
12 mec., and there will be one tuning
dial position at which this oscillator
signal coincides with the 10.7-me. i.f.
value for f.m.
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With the series arrangement of 455-
ke. and 10.7-me. i.f. windings, this
oscillator harmonic (if strong enough)
could get through the first i.f. trans-
former for f.m., and drive the self-bias
so far beyond cut-off (due to increased
plate current through the cathode re-
sistor) that the desired 455-ke. i.f.
signal would be blocked. The result
would be a “dead spot” in the broad-
cast band at the setting which made
this oscillator harmonic equal to 10.7
me.

Other harmonics of the local oscil-
lator can likewise create dead spots at
different broadcast band dial settings,

LE TRANS.
LF. AMP 4.3-MC.

FIG. 13.
a combination f.m.-a.m. recexver
transformers with corr w connected
in series are used for f.m. and a.m. No switches
are employed, for desired uznal: au(omnucally uke
the correct path due to P

LF. transformer arrangement suitable for

. Separate i. f.

and hence it is necessary either to dis-
connect or short out the 10.7-me. first
i.f. transformer during broadcast band
reception. When a switch is provided
at the i.f. amplifier input for this pur-
pose, only the desired i.f. signal passes
through the first i.f. tube to the other
i.f. transformers, and hence no addi-
tional i.f. switches are needed.

An example of a complete if.
amplifier section which has provisions
for disconnecting the unused first i.f.
transformer primary is shown in Fig.
14. Section S; of the band-changing
switch connects to the converter the
correct i.f. transformer primary wind-
ing (Ly or L) for the particular
signals being received. All other pairs



of i.f. windings are still connected in
series just as in Fig. 18, however.

The i.f. input switch can just as
well be between the grid of the first
i.f. amplifier tube and the secondary
windings of the first i.f. transformers,
or can be used to short out the prim-
ary or secondary winding of the un-
used first i.f. transformer.

Note that the i.f. transformers for
a.m. have fixed condensers, with tun-
ing being accomplished with adjust-
able iron-core inductances. Pulver-
ized iron cores are not effective at the
10.7-me. i.f. value for f.m., but at a
high frequency like this a low-resist-
ance non-ferrous core (such as cop-
per, aluminum or brass) can be used
instead to vary the inductance. Non-
ferrous cores of this type are inserted
from the grounded end of the i.f. coil;
they vary the inductance due to eddy
currents induced in the core, and also
add capacity to the tuning circuit.
Non-ferrous cores can also be used for
r.f. coils in f.m. circuits.

Sometimes the final i.f. stage is used
only during f.m. reception. A simple
method for eliminating this stage dur-
ing a.m. reception involves grounding
point a in Fig. 14 permanently, and
connecting secondary Lio-Cio of the

second 455-ke. i.f. transformer direct-
ly to the a.m. second detector. Trans-
former L3y-C13-Li2-Cy12 would be
omitted.

Both i.f. amplifier tubes in Fig. 14
have resistors in their cathode leads
to provide automatic C bias for both
f.m. and a.m. reception. During a.m.
reception, however, the diode a.m. de-
tector supplies an a.v.c. voltage to the
first i.f. amplifier tube, as well as to
preceding tubes. (During f.m. recep-
tion, the a.v.c. voltage is provided by
the limiter stage.)

The Limiter. The purpose of the
limiter section in an f.m. receiver is to
remove amplitude variations from the
f.m. signal at the output of the i.f.
amplifier, so that the signal fed into
the discriminator will have constant
amplitude. In serving this purpose,
the limiter automatically corrects de-
ficiencies in the frequency response of
the preceding r.f. and i.f. stages. The
limiter also provides an a.v.c. voltage
for use during f.m. reception.

A typical single-tube limiter stage
is shown in Fig 15. To understand
how the 6SJ7 pentode in this circuit
can function as a limiter, we must
first consider the E,-I, characteristic
curves for this tube under various

Ist LF. STAGE 2nd LF. STAGE
FROM FREQ.
CONVERTER
Ist LF, 2nd IF. 3rd ILF.
TRANS. TRANS.
F.M. F.M. F.M.
L L2 L3 Lg L L .
S e ] s : g l TO F.M.
2 T =5 == A -Fs LIMITER
tt 1t | tt
L7 Lg Lio L
e p e TOAM.
c m—— —
16 Ic; o T,  2MdDET
g AM. AM. AM
Ci7 I
-AVC. B+ fs 7
— B++
FIG. 14. Circuit di of a compl if. lifier for a bi f.m.-a.m. receiver. Note the

use of a switch for the primary windings of the first i.f. transformers. The f thr i
with arrows on a.m. transformers represent adjustable pul\;eriged iron .goreo‘;r o.uhp:”o are ::ux:::ldlegnlu:z:

same way as ordinary i.f.
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operating conditions.

When a 6SJ7 pentode is operated
at normal voltages for amplifying
purposes, such as with a 250-volt d.c.
plate voltage and a 100-volt d.c. screen
grid voltage, the static Eg-I, charac-
teristic of the tube will be like curve 1
in Fig. 16. This curve is essentially
linear up to the highest plate current
which can safely be passed by the

TO FINAL TO DISG.
LF. TUBE

FINAL LF.

TRANS.

FOR F.M.

a8+

TO AV.C.~ ABOUT
CONTROLLED TUBES 60V

FIG. 15. Simplified one-tube limiter circuit for
an f.m. receiver. Condenser C, is provided for
alignment purposes, as will be explained later.

tube, and consequently the plate cur-
rent increases in proportion to posi-
tive grid voltage values. This is of no
value for limiter action; we desire a
characteristic which will make the
plate current essentially constant re-
gardless of how much the grid is
driven positive, and hence the tube
must be operated in such a way that
plate current saturation occurs at a
low positive grid voltage value.

When the d.c. plate and screen grid
voltages of the 6SJ7 pentode are about
60 volts, we secure the desired condi-
tion whereby saturation begins at a
fairly low positive grid voltage value,
as indicated by curve 2 in Fig. 16.
This curve is for the tube alone, and
would be obtained from the circuit of
Fig. 15 only if resistor R and con-
denser C were shorted out so as to
give static conditions.

If a strong sine wave signal is ap-
plied to the grid of the 6SJ7 tube
when it is operated with characteris-
tic curve 2 in Fig. 16, the operating

point will be at o, negative peaks of
the input signal will swing beyond
cut-off (beyond ¢), and positive peaks
will swing into the saturation region
of the curve (beyond point z at which
saturation begins). As a result, both
the positive and negative peaks of the
plate current will be cut off, and we
will secure a certain amount of the
desired limiting action on strong
signals.

Now let us return to the basic lim-
iter circuit in Fig. 15, and consider
its operation first with resistor R in
the grid circuit but with condenser C
removed. First of all, we can see that
during half cycles which swing the
grid negative, there is no grid current
flowing through resistor R, and conse-
quently the circuit acts essentially the
same as if resistor R were shorted. In
other words, our characteristic curve
with R in the circuit will be the same
for negative grid voltages as it was
without R. For half cycles which
make the grid swing positive, how-
ever, the flow of grid current through
R will develop across it a voltage drop
which opposes the applied positive
grid voltage, and which consequently
serves to provide a negative bias which

o R i)

e —
> sl

//‘ *
e LOW PLATE VOLTAGE,

WITH R IN GRID
CIRCUIT
SATURATION
BEGINS
t
—-— -Eg (o] +Eg—

FIG. 16. Static characteristic curves of a vacuum
tube for high (1) end low (2) plate voltages,
and dynamic characteristic curve (3) for a limiter
circuit using a low plate itage and a re

(but no condenser C) in the grid circuit. The
plate load resistance for the static curves is ass

to be equal to the resistance of the plate load reso-
nant circuit at resonance during dynamic operation.

is at each instant proportional to the
positive applied voltage. The charac-
teristic curve for this condition will
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be like curve 3 in Fig. 16, which is
flatter than curve 2. The saturation
effect is considerably more pronounced
now, and plate current during positive
half cycles is limited by the negative
bias across R as well as by the satu-
ration characteristic of the tube at the
low d.c. operating voltages used.
With R alone in the limiter circuit,
the bias developed across it would
follow individual r.f. positive peaks,
and would consequently be varying
continually. In a practical limiter
circuit, resistor R in Fig. 15 would
be shunted by condenser C, with the
time constant of R and C being equal
to the time of several r.f. cycles. Un-

I ﬂ
CURRENT ip

LIMITER OUTPUT

SATURATION BEGINS

DYNAMIC Eg-Ip
ARACTERISTIC
EURVEOF LimiTer 5

LIMITER INPUT
VOLTAGE eg

|

FIG. 17. These diagrams will help you to under-
stand the action of the basic one-tube limiter circuit
in Fig. 16.
der this condition, the R-C circuit as-
sumes a definite negative bias voltage
which is maintained relatively con-
stant over several cycles of the r.f.
input voltage, and which hence exists
for negative half cycles as well as for

positive half cycles.

An automatic bias of this nature
gives a characteristic curve which will
be somewhere between curves 2 and
8 in Fig. 16; with R and C large in
electrical size so as to give a long
time constant, the dynamic character-
istic curve will approach static curve
2 because we are approaching a fixed-
bias condition, but with low electrical
values for R and C, the dynamic char-
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acteristic will approach curve 3 be-
cause the bias will now vary almost
instantaneously with input signal
strength.

A typical dynamic characteristic
curve for a single-tube limiter stage is
shown in Fig. 17. With this charac-
teristic, the bias voltage developed
across B and C will be proportional
to the average signal strength over
several r.f. cycles, and consequently
the operating point might be at a, b,
¢, or even beyond cut-off at d, depend-
ing upon the r.f. signal strength. Thus,
with a sine wave input voltage e,
which places the operating point at
point b, the wave form of the result-
ing plate current 7, will be as shown
at C in Fig. 17. This plate current is
far from being sinusoidal like the in-
put voltage, but we will still secure a
sinusoidal output voltage across plate
resonant circuit L3-C3 in Fig. 15 be-
cause this circuit is tuned to the 10.7
me. if. value for fm. It has a high
Q factor, and therefore responds only
to the desired fundamental frequency
of the plate current pulses, rejecting
the harmonies.

With the dynamic -characteristic
curve of Fig. 17 for a limiter stage,
two things happen when the strength
of the input signal increases: 1. The
increased negative bias makes nega-
tive half cycles swing beyond cut-off
for a longer period of time during each
cycle, thereby reducing the operating
angle during which plate current does
flow; 2. The amplitude of the plate
current pulses increases slightly, be-
cause an automatically produced bias
can never completely counteract an
increase in signal strength. The in-
creased positive voltage on the grid
produces a slight increase in the am-
plitude of the plate current pulses be-
cause the characteristic curve rises
slightly in the saturation region, ra-
ther than being perfectly flat.

It is possible to design a limiter cir-

cuit so that for any reasonable in-
crease in the r.f. input voltage to the
limiter, the operating angle for plate
current will decrease just enough to
counteract the increase in the ampli-
tude of the plate current pulses. The
energy fed into plate resonant circuit
L,-C, in Fig. 15 at the fundamental
intermediate frequency for f.m. will
then be constant, and the desired i.f.
output voltage across this limiter re-
sonant circuit will likewise be con-
stant.

When this goal in limiter circuit de-
sign is realized, the over-all dynamic
characteristic curve for the limiter
will be like curve I in Fig. 184, in
which the r.f. output voltage of the
limiter is plotted against the r.f. input

R.F. VOLTAGE OUTPUT
OF LIMITER

determine which over-all characteris-
tic will be obtained, and hence these
two parts in a limiter circuit are high-
ly important.

Since the d.c. voltage produced
across limiter grid resistor R is pro-
portional to the strength of the f.m.
signal at the limiter input, this d.c.
voltage can be used for a.v.c. purposes
during f.m. reception.

A limiter must be fast-acting (must
have a short time constant) if it is to
block out sudden noise surges. This
assumes that there is sufficient r.f.
amplification in the f.m. receiver so
that the weakest desired signal will
swing the limiter grid beyond the
point at which saturation begins.

To show how the limiter can flatten

’
I
’

R.F. VOLTAGE INPUT TO LIMITER

'.'R.‘
® wF

Owm O

FIG. 18. These curves show how the limiter can

the 11 characteristic of the entire

r.f. system (including the if. amplifier and the receiving antenns system) in an f.m. receiver.

voltage to the limiter. With this char-
acteristic, the i.f. output voltage re-
mains essentially constant regardless
of input voltage, for all input voltage
values which reach saturation (swing
beyond point s in Fig. 184).

If the design of the limiter circuit
is such that the operating angle de-
creases faster than the plate current
pulse amplitude increases, we have
over-compensation and secure the ov-
er-all characteristic represented by
curve 8 in Fig. 184. Likewise, if the
amplitude of the plate current pulses
increases faster than the operating an-
gle decreases, we have under-compen-
sation and secure the over-all charac-
teristic represented by curve 2 in Fig.
18A. The values employed for R and
C in the limiter circuit of Fig. 15

the response characteristic of the r.f.
system, let us assume that the limiter
stage under consideration has a flat
over - all grid voltage - plate voltage
characteristic curve like 1 in Fig. 184.
Assume further that under this condi-
tion, all limiter input signals having
peaks higher than 5 volts cause plate
current saturation. (Positive grid
swings will then go beyond point s,
at which saturation begins.)

Now suppose that the r.f. system
ahead of the limiter has the sharply
peaked response characteristic shown
in Fig. 18B. The vertical scale gives
peak amplitude values; thus, if a
strong input signal gave a 20-volt out-
put peak amplitude at the resting fre-
quency, this peak amplitude at the
limiter input would drop down to 5
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volts during the maximum deviation
of 75 ke. from b to a to ¢). With the
limiter characteristic of Fig. 184, all
signal peaks above 5 volts would be
cut down to 5 volts by the limiter, and
the solid-line curve in Fig. 18C would
then represent the response character-
istic of the r.f. system and limiter
combined, for a strong f.m. input sig-
nal. Since this is flat over the desired
band width of 150 ke., it is obvious
that the limiter has flattened the high-
ly-peaked response of the r.f. system.

Now suppose the receiver is tuned
to a weaker f.m. signal, which gives a

056
LIMITER 4 LIMITER
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FIG. 19. Typical one-tube limiter circuits.

resting-frequency peak of only 10
volts at the output of the r.f. system.
The dash-dash response curve in Fig.
18B would then give peak values for
various deviations. When this weaker
signal is fed into the limiter, the out-
put response would be as shown by
the dash-dash line in Fig. 18C. The
band width over which we have uni-
form response is now obviously insuf-
ficient for standard f.m. signals, and
distortion will occur during loud por-
tions of the program.

On the other hand, if the r.f. system
has the broadly-peaked response char-
acteristic shown in Fig. 18D, a signal
having a 20-volt peak would give a
combined r.f.-limiter response corre-
sponding to the solid line in Fig. 18E
after passage through the limiter. This
response is ideal, being flat for a fre-
quency swing of about 250 ke, If the
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input signal should now drop to a
maximum peak value of 10 volts, the
input and output response character-
istics would be as shown by the dash-
dash lines in Fig. 18D and 18E; even
at this lower signal level, however, the
combined r.f.-limiter response is still
flat over a wide enough range to al-
low the entire frequency swing of 150
ke. to exist at the limiter output with-
out changes in amplitude.

We thus arrive at the important
conclusion that a broad over-all re-
sponse for the r.f. and i.f. sections en-
ables the limiter to handle weaker
signals satisfactorily. Almost any
sort of peak response is permissible if
the r.f. and i.f. sections have sufficient
gain, however, for the limiter will then
flatten the over-all response of the
preceding sections over the entire
range of deviation frequencies.

Time Constant of Limiter. The time
constant of the R-C circuit in the lim-
iter is ordinarily made equal to the
time of a few r.f. cycles, so the limiter
will respond to general changes in the
amplitude of the incoming signal with-
out actually following individual r.f.
cycles.

The importance of having a fast-
acting limiter can be made clear by
considering an f.m. signal which is
varying in frequency from 75 ke. be-
low to 75 ke. above its resting fre-
quency (maximum deviation, corre-
sponding to maximum loudness). With
a receiver having a sharply resonant
r.f. response like that in Fig. 18B, and
with a peak limiter input of 20 volts
at the resting frequency, the ampli-
tude of the signal fed into the limiter
will vary from 5 volts (at points b
and c¢) to 20 volts (at a).

With the 20-volt input, the limiter
will probably be operating near plate
current cut-off, but this cut-off bias
would be far too great to give the de-
sired constant output amplitude when

the limiter input drops to 5 volts. In
order to keep the limiter output am-
plitude constant over the entire devia-
tion range of 150 kec., the C bias
should automatically reduce itself as
the limiter input signal amplitude
drops.

Noise surges which enter an f.m. re-
ceiver are oftentimes strong but of
extremely short duration. If these
surges are to be blocked out, the lim-
iter must be able to increase its own
negative bias automatically for the
duration of each surge. This action
can occur only if a fast-acting limiter
(with a short time constant for R and
C) is used.

The C bias produced by the R-C
grid network of the limiter stage can
change fast enough to flatten the r.f.
response and squelch noise only if its
time constant is kept very short
(within the time of a few r.f. cycles).

Fast-Acting Limiter Circuit. In Fig.
194 is a practical limiter circuit em-
ploying a grid resistance (R; +Ra)
between the grid and cathode of the
limiter, with condenser C; and the
grid-cathode capacity of the tube act-
ing with the grid resistance to provide
the required time constant for fast
limiter action. This is attained by
using a low capacity value for C; and
a low ohmic value for the grid resis-
tance. A portion of the d.c. voltage
developed across the grid resistance
(the d.c. voltage across R,) is used
for a.v.c. purposes during f.m. recep-
tion. Rz and C, form the conven-
tional a.v.c. filter which keeps r.f.
components out of the a.v.c.-con-
trolled tubes.

Dual-Action Limiter Circuit. In the
limiter circuit arrangement shown in
Fig. 19B, both C; and C» have low re-
actances at very-high frequencies. R,
and R, in series form the grid return
path. R, and C, together have a time
constant equal to a few r.f. cycles, and
hence provide a rapidly changing bias

equivalent to the fast limiter action
of the circuit of Fig. 194. R, and C.
have a much longer time constant, and
act to change the C bias voltage in ac-
cordance with the average strength of
an incoming f.m. signal. In other
words, R, and C, take care of the
major changes in signal amplitude
such as those occurring when tuning
from a weak distant f.m. station to
a strong local f.m. station, while R,
and C, take care of changes in signal
amplitude due to a peaked r.f. re-
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FIG. 20. One-tube limiter circuit with tuning indi-
cator. L.F. amplifi i to the co ional
diode d for a.m. ption are also shown.

sponse characteristic or to noise in-
terference. This circuit arrangement
thus provides independent control
over two of the important factors
which affect the design of a limiter
circuit.

Limiter with Tuning Indicator. A
more complete single-tube limiter cir-
cuit is shown in Fig. 20. This arrange-
ment includes an electric eye for tun-
ing purposes during both a.m. and f.m.
reception. The output circuit of the
i.f. amplifier is also shown, and is
identical with that in Fig. 14. The
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limiter input circuit is the same as
that shown in Fig. 194.

The a.v.c. voltage developed across
R, in Fig. 20 is fed to the tubes which
are to be a.v.c.-controlled during f.m.
reception through a.v.c. filter Rs-Cs
and switch 8 (in position 7 for f.m.
reception), and is also applied to the
control grid of the type 6US cathode
ray tuning indicator tube.

FIG. 21.
limiter tubes. The a.v.c. vol

from

Cascade limiter mmt employing two
“Hectric” Model.
the first tube. The General ocmc Model JFM-

90 f.m. converter is oq:onmplc of f.m. units em-

ploying this limiter

For a.m. reception, the output of
the i.f. transformer for a.m. is fed into
the diode detector (a 6H6 tube with
both plates tied together), and the
a.f. voltage component across Rj is
fed to the a.f. amplifier through d.c.
blocking condenser C2. The d.c. volt-
age across Ry is fed to the a.v.c.-con-
trolled tubes through a.v.c. filter R+-
C, and switch S (in position 2 for a.m.
reception), and is also applied to the
tuning indicator tube.

Cascade Limiter. Improved limiter
operation both for weak and strong
gignals; along with considerably higher
gain, can be secured with two limiter
tubes connected as shown in Fig. 21,
in what is known as a cascade limiter
circuit. The action of the first limiter
tube is essentially like that of the lim-
iter circuit in Fig. 194, with the grid
resistor and condenser being chosen to
give an even shorter time constant so
this first limiter will effectively reduce
impulse noise. Whatever amplitude
variations exist in the output of the
first limiter tube are removed by the
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second limiter tube, so that the f.m.
signal which the limiter section feeds
into the discriminator has essentially
constant amplitude. Listening tests
have shown that this cascade limiter
reduces impulse noises far more than
any single-tube limiter circuit.

One engineer recommends that the
r.m.s. value of limiter output voltage
be at least 20 volts for effective noise
reduction. The minimum voltage gain
for the entire r.f. system including the
limiter should be at least 20,000,000
times to permit reception of weak de-
sired f.m. signals without noise inter-
ference. To provide this amount of
amplification, an r.f. amplifier stage
ahead of the frequency converter is
highly desirable.

The F.M. Detector

The f.m. detector or discriminator
used in an f.m. receiver to convert
f.m. signals into audio signals is much
like the frequency discriminator cir-
cuit employed in the a.f.c. system of
a conventional a.m. superheterodyne
receiver. Technically speaking, the
discriminator converts deviations in
frequency from an assigned resting
value into positive and negative d.c.
voltages corresponding to the original
audio signal.

Although the action of a.f.c. dis-
criminator circuits has been covered
elsewhere in the course in connection
with a.m. receivers, the action will be
reviewed briefly here in connection
with the typical f.m. discriminator
circuit given in Fig. 22.

Discriminator transformer T'; is of
special design, with its primary wind-
ing L, tuned to the 10.7-me. i.f. value
by C., and with a center-tapped sec-
ondary winding Lz tuned to the same
i.f. value by Cs. The limiter output
current flowing through L, induces a
corresponding f.m. voltage in L3, and
resonant step-up produces across the
two sections of Lj the voltages e; and

es, which are always equal in magni-
tude and are 180° out of phase with
each other when considered with re-
spect to center-tap p.

P—O!SCRIWNATOR—-———»{

FIG. 22. Typical discriminator cu-cuu for an f.m.
receiver. The discri load are the
100,000-ohm resistors R; and R..

Limiter output voltage ep in series
with e; is applied to diode section 1
of the 6H6 double-diode tube. (D.C.
blocking condenser C; provides an r.f.
path from the upper end of L. to p,
while the chassis and r.f. by-pass con-
densers C5, Cs and C7; complete the
path for r.f. signals from the lower end
of L, to the cathode of diode section
1. Thus, ep exists across choke coil
L,, and acts in series with e, or e, on
either diode.) Likewise, limiter out-
put voltage ep in series with e, is ap-
plied to diode section 2.

The net voltage applied to each di-
ode section is, therefore, the wector
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 re-
sistor.

The load resistor for diode section
1 is Ry, 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
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verify by tracing the diode circuits.
This means that the combined voltage
across both R; and R, which is the
output voltage of the discriminator,
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 voltages across R, and R,
are different, the combined voltage
will have the polarity of the larger
of the two individual voltages, and
will be equal in magnitude to their
numerical difference.

Let us consider now the factors
which make the output voltage of one
diode higher than that of the other.
First of all, we must choose some volt-
age or current for reference purposes.
Since ep is common to all circuits un-
der study, we can use it as our refer-
ence voltage.

Phase relationship in this discrim-
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.

AT RESTING BELOW RESTING
FRE!

AggVE RESTING
QUENCY FREQUENCY F

FIG. 23. These vector diagrams will help you to
understand the action of the discriminator in an f.m.
receiver.

resting frequency; 3. When the limiter
output frequency is higher than the
i.f. resting frequency. The vector dia-
grams for these three conditions are
shown at A, B and C respectively in
Fig. 28, with primary voltage ep serv-
ing as the reference vector in each
case.

The r.f. voltage eg which is induced
in secondary winding Ls is 180° out



of phase with the primary r.f. voltage
ep, hence eg is shown 180° out of phase
with reference vector ep in each of the
vector diagrams in Fig. 23.

When the limiter output signal is
ezactly at the i.f. resting value of 10.7
me. to which the diseriminator circuits
are tuned (when no sound is being
transmitted), secondary tuned circuit
L3-Cjy is at resonance, and secondary
current 7g flowing through Lj will be
in phase with eg, as indicated in Fig.
23A. The voltage produced across the
entire secondary winding by this sec-
ondary current will therefore lead
both 7g and eg by 90°. The resulting
secondary voltage (e;-}e2) across Lg is
utilized only in connection with the
center tap of Ls, however, so if we
show e; leading ig by 90°, we must
show e, as lagging e; by 180°, just as
in Fig. 23A.

Adding ep and e» vectorially gives
E, as the resultant voltage acting
upon diode section 2. Likewise, add-
ing ep and e; vectorially gives E; as
the resultant voltage acting upon di-
ode section 1. The vector diagram in
Fig. 234 shows that these two volt-
ages are equal for the no-modulation
condition, and hence the d.c. voltages
developed across R; and R, by the
two diode sections are equal in magni-
tude. The resultant voltage across
both R, 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 Ls-C3
is tuned, this circuit becomes capaci-
tive, and g leads eg, as shown in Fig.
23B. Since voltages e; and e, must
be 90° out of phase with 5, we have
the unequal resultant voltages E» and
E,, as in Fig. 23B. 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
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voltage across R; and R, is therefore
positive with respect to ground. The
more the limiter output frequency
swings below the i.f. resting frequency,
the greater will be this positive volt-
age applied to the a.f. amplifier input.

By a similar analysis, we obtain the
vector diagram shown in Fig. 23C for
the condition wherein the limiter out-
put 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 circuit
shown in Fig. 22 thus produces at its
output a d.c. voltage which is at each
instant proportional to the deviation
in the incoming signal frequency from
its resting value, and having a polar-
ity determined by the direction in
which this frequency deviation occurs.
The discriminator thus converts an
f.m. signal directly into the original
audio signal voltage used for modula-
tion purposes at the f.m. transmitter.

R.F. by-pass condensers Cs and Cg
in Fig. 22 must have a low reactance
at 10.7 mec., and yet must have a high
reactance at audio frequencies so
there will be no serious shunting effect
upon the a.f. voltage developed across
R; and R,. This a.f. voltage is fed to
volume control Rz through d.c. block-
ing condenser Cy4, which prevents the
C bias voltage of the first a.f. ampli-
fier tube from entering the discrim-
inator circuit and prevents the d.c.
discriminator output voltage from act-
ing on the grid of the first a.f. tube.

S Curve for Discriminator Action
The solid-line curve in Fig. 24 shows
the relationship between the incoming
r.f. signal frequency of an f.m. re-
ceiver (with respect to the resting
value) and the d.c. output voltage of
the discriminator. Because of the
similarity of this curve to the letter
S, it is commonly known as an S
curve.

This curve, representing the char-
acteristics of the f.m. receiver up to
the input of the audio amplifier,
should be linear over the entire devi-
ation range of the incoming f.m. sig-
nal, for otherwise amplitude distortion
would be present in the a.f. output of
the discriminator.

The linearity of the S curve in Fig.
2/, depends upon two things, the de-
sign of the discriminator transformer,
and the over-all response character-
istic of all the stages ahead of the dis-
criminator. The over-all response is
determined chiefly by the dynamic
characteristic of the limiter; the re-
sponse of stages ahead of the limiter
affects the limiter only when signals
are too weak to cause saturation of
the limiter for the entire deviation
range.

In designing the discriminator trans-
former, the Q factor of each reso-
nant circuit and the coupling between
the two windings are particularly im-
portant; these factors must make the
discriminator characteristic combine
with the r.f.-limiter characteristic in
such a way that the individual re-
sultant voltages, E, and E,, will at
each instant be proportional to the
frequency deviation. When this con-
dition is attained, the combined dis-
criminator output voltage across R,
and R, will be proportional to the
frequency deviation, thereby giving
across these resistors the desired a.f.
voltage without amplitude distortion.

It is desirable to have the S curve
linear over a somewhat wider range
than the maximum deviation, to com-
pensate for inaccuracies in tuning, fre-
quency drift in the local oscillator, or
misalignment of the discriminator res-
onant circuits.

A falling off in the amplitude of the
limiter output near the deviation lim-
its, due to too weak a signal at the
limiter input, will reduce the fre-
quency range over which the S curve
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is linear. The dash-dash S curve in
Fig. 24 illustrates this condition.
When the S curve for discriminator
action has too short a linear region
for weak signals, reproduction will
still be satisfactory at medium and
low program loudness levels, but am-
plitude distortion will occur during
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FIG. 24. S curves for an f.m. receiver, showing
bow the discriminator output voltage varies with
frequency deviation. Curves like this are obtainable
only if the over-all grid voltage-plate voltage char-
acteristic of the limiter is flat beyond the point at
which saturation begins (like curve 1 in Fl‘ 184).
When this over-all limiter characteristic is not flat
(is like 2 or 3 in Fig. 184), the angles which the
curves make with the horizontal axis will be differ-
ent (giving either lower or higher discriminator out-
put voltages), and the curves will no longer be
linear (resulting in distortion of the audio output
signal). You will often find an S curve like

drawn from the lower left to the upper right.
Reversal of to the diode
plates gives this result; either connection is satis-
factory, for the polarity of an a.f. signal cannot

be detected by human ears.

loud sounds. Thus, all sounds loud
enough to cause a deviation of more
than 40 ke. will swing the signal fre-
quency beyond the linear region of the
dash-dash curve in Fig. 24. This is
why it is so important that the limiter
in an f.m. receiver deliver a constant-
amplitude output signal over the en-
tire deviation range. The goal of the
f.m. receiver designer is to provide



sufficient voltage gain ahead of the
limiter so that the limiter can main-
tain constant output amplitude for the
weakest desired incoming signal.
Alignment of Limiter and Discrim-
inator Stages. During servicing of an
f.m. receiver, the limiter and discrim-
inator can only be aligned for best
possible operation. Little can be done
to alter the linearity of the discrim-

ATTENUATOR FOR
IGH AUDIO

FINAL LF.
TRANSFORMER

FIG. 25. This diagram shows how section § of

the band-changing switch in an f.m.-a.m. receiver

can be used to connect either the discriminator or

the a.m. second detector to the input of the audio

amplifier. Note that volume control R, is effective
at both switch settings.

inator, for this linearity is controlled
chiefly by the limiter characteristics
and the design and construction of the
discriminator transformer.

Alignment Procedure. Connect a
signal generator to the input of the
final i.f. amplifier stage for f.m., set
this s.g. to the i.f. resting frequency
(usually 10.7 me.), then open the grid
return lead of the limiter circuit, in-
sert 8 .01-mfd. condenser at this

point, and connect across the condens-
er a 0-200-microampere d.c. meter.*
(In circuit diagrams of f.m. receivers,
you will often find in the grid return
lead of the limiter stage a condenser,
about .01 mfd., shorted out by a lead.
This condenser is inserted for measur-
ing the grid current during alignment
of the limiter; the service technician
simply unsolders the shorting lead,
then connects his microammeter across
the condenser. This is illustrated in
Fig. 16, where C4 would be the .01-
mfd. condenser provided for measur-
ing purposes. The microammeter
would be connected to points a and b,
after first opening the lead between
these two points.)

With these preliminary connections
made, turn on all apparatus, adjust
the limiter input trimmers (C; and C,
in Fig. 16) for maximum grid current
as indicated by the meter, adjust the
signal generator output voltage so
that the meter reading is at least 50
microamperes, then readjust C; and
C, a final time for a maximum meter
reading. This 50-microampere or larg-
er current is necessary so the limiter
will provide normal loading on the
preceding resonant circuit.

Without changing the s.g. settings,
remove the microammeter (or vacuum
tube voltmeter) from the limiter in-
put circuit and restore the connection
between points a and b. Now connect
a high-resistance voltmeter across one
of the diode load resistors (across ei-
ther R; or R, in Fig. 22), and adjust
the discriminator transformer primary
trimmer (C; in Fig. 22) for maximum
output voltage.

Next, connect the high-resistance
voltmeter across both R; and R, (a

* With limiter circuits which also provide
an a.v.c. voltage, a vacuum tube voltmeter
connected to the a.v.c. source can be used
in place of the microammeter. The adjust-
ment would be made for maximum a.v.c.
voltage, as this would then correspond to
maximum grid current.
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connection between the cathodes of
the diode sections in Fig. 22 will do
this), and adjust the discriminator
transformer secondary trimmer (Cs in
Fig. 22) for zero d.c. output voltage.
This last adjustment is usually quite
critical.

This completes the alignment of the
limiter and discriminator stages. The
remainder of the tuned circuits in an
f.m. receiver are then aligned, usually
for peak response, by adjusting each
alignment trimmer in turn either for
maximum a.v.c. voltage or for maxi-
mum grid current in the limiter.

The Audio System. The over-all fi-
delity of an f.m. receiver is deter-
mined to a great extent by its audio
system. If the receiver is intended
only for f.m. reception with a mini-
mum of noise, and high fidelity is not
required, an ordinary a.f. amplifier
and loudspeaker will probably be em-
ployed. When high-fidelity f.m. re-
ception is desired, however, the audio
amplifier will be designed to handle a
frequency range from about 30 cycles
to about 15,000 cycles, and a specially
designed reproducing system will be
used to handle this extremely wide
range of audio frequencies.

The sound-reproducing system in a
high-fidelity f.m. receiver will usually
employ at least two loudspeakers, one
to handle low and intermediate fre-
quencies, and the other to handle the
higher frequencies. These loudspeak-
ers will be coupled to the audio ampli-
fier output stage through special net-
works, in order to secure proper di-
vision of output energy to the two
loads. The entire sound-reproducing
system will be housed in an acousti-
cally corrected cabinet. The normal
rating of the audio system will ordi-
narily be at least 15 watts, to secure
sufficient power for proper reproduc-
tion of loud bass notes.

In the transmission of f.m. signals,
it is customary to accentuate or pre-

emphasize the higher-frequency notes
at the transmitter, so that these will
over-ride noise. To cut these high
frequencies back down to normal,
high-fidelity f.m. receivers have a
high-frequency attenuator in the
audio amplifier. This high-frequency
attenuator (usually a simple resistor-
condenser circuit) compensates for
the pre-emphasis at the transmitter
and thus restores the normal balance
between highs and lows.

In a combination f.m.-a.m. receiv-
er, a single audio system will serve
for both types of reception. A switch
like that shown in Fig. 25 will ordi-
narily be provided to connect the audio
amplifier input circuit to the detector
stage being employed for a particular
program. This switch will be ganged
to the main band-changing switch in
the r.f. system, so as to make detector
switching automatic.

In the circuit of Fig. 25, 50,000-ohm
resistor R and .001-mfd. condenser C
in the f.m. channel form the attenua-
tor which counteracts f.m. transmitter
pre-emphasis of high audio frequen-
cies. All commercial f.m. transmit-
ters will have the same amount of pre-
emphasis, and this will be such that
an attenuator having a time constant
of 75 micro-seconds will restore nor-
mal receiver response for high audio
notes. Normal attenuation of the a.f.
amplifier at high audio frequencies,
due to stray shunt capacities between
circuit leads and ground, must be
taken into account when designing
the attenuator. Thus, the values used
for R and C in Fig. 25 give a time
constant of only 50 micro-seconds, but
the a.f. amplifier has stray shunt ca-
pacities which make the total atten-
uation equivalent to that of a 75-
micro-second attenuator.

If no switch were employed at the
a.f. amplifier input (if both points 1
and 2 in Fig. 25 were connected to the
a.f. amplifier input permanently), the
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diode detector not in use would place
an additional load on the other diode
during positive peaks, causing ampli-
tude distortion of the audio signal.
For example, if an f.m. signal were
being received, point a in Fig. 25
would be made alternately positive
and negative with respect to point b
and the chassis by the audio signal.
This in turn would make point ¢ in
the unused a.m. detector alternately
positive and negative with respect to
the chassis. Since point ¢ is connect-
ed to the plates of the unused diode
through resistor Rg, the plates would
likewise be positive for half of each
cycle, and would be conductive. The
path through Rj; and the diode would

limiter. Comparing the circuit in Fig.
26 to the discriminator, you will find
that one diode is reversed, so that we
have a half-wave rectifier rather than
a push-pull type. Now the voltage
across C» and Cj is the sum of the two
rather than their difference. Hence,
the audio must be taken off in a bridge
arrangement from terminals m and n.

When the signal input is such that
k is positive with respect to I, the
diodes both conduct, causing C4 to be
charged (in parallel with C, and Cj in
series) to a value corresponding to the
average carrier level of the signal.
With no modulation, the voltages e,
and e,, added vectorially to es, are
equal, so the C, and C3 drops are

VT
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FIG. 26. A ratio detector.

then be a load on the f.m. detector
during each positive a.f. peak, thus
reducing the positive peaks. To pre-
vent this condition, the detector
switch is used.

Ratio Detectors. Recently, there
have been introduced several hybrid
circuits that perform both the func-
tions of limiting and discrimination in
a single tube. One example of this is
the “ratio” detector, also known as the
Sfaeley detector. Basically, it is like the
discriminator you have been studying,
except that it is insensitive to ampli-
tude changes and hence acts as its own

32
STEAM POWERED RADIO.COM

equal. Hence m is at the same poten-
tial as n, and there is no audio. When
the e,—e; vector is longer than the
e2—e; one, the drop across C, is great-
er than that across Cs, and vice versa.

If we assume that the initial C volt-
age is 10 volts, then the Cs and (3 sum
must equal this, or be 5 volts each at
the resting frequency. Then, should the
signal make the C» voltage 8 volts,
and the C; voltage 2 volts, point m
will be 3 volts more negative than
formerly. (Point n remains fixed by
the C4 drop.) When the signal swings
the other way, then point m moves
positive, Hence, we get our audio out-

put from the frequency swings, as in
the diseriminator circuit.

The C4-R1-R, time constant is made
purposely long, so that the voltage
across it follows the average ampli-
tude of the incoming signal. This fixes
the potential of terminal n. Also,
should there be any sudden amplitude
change, such as may be produced by
noise, there can be no quick change in
the C4 voltage; hence the C2-Cs sum
remains relatively fixed. The noise
pulse is dropped across the diodes be-
cause they pass more current trying to
charge C4 to a new value. As long as
the C»-C3 sum is constant, only fre-
quency variations can cause an audio
output by shifting the Cs and C;3 volt-

tion at the transmitter, and that the
frequency deviation from this resting
frequency be at all times proportional
to the sound level at that instant.

Two different methods for securing
frequency modulation with the re-
quired stability and linearity are
widely used. One involves the use
of an inductance tube and an auto-
matic crystal monitoring control,
while the other, suggested by Major
Armstrong, starts with a crystal os-
cillator and utilizes a phase-shifting
circuit. Let us analyze each method
in turn.

Inductance Tube Transmatter. A
block diagram of a commercial f.m.
transmitter of the inductance tube

TRANSMITTING ANTENNA
AUDIO | INDUCTANGE ‘RF, 0SC. R.F. R.F RF. koo RF. POWER
el Y9 OUTPUT FF C TRIPLER AMPLIFIER
INPUT |MODULATOR | | FREQUENCY BUFFER TRIELER AMPLIFIER .
OUTPUT
: 2 - MIXER FREQUENCY
DISCRIMINATOR AND
D.C. CORRECTING LIMITER
VOLTAGE

CRYSTAL OSCILLATOR
© _ AND R.F.

MULTIPLIERS

FIG. 27. Block diagram of an f.m. transmitter employing an inductance tube in the modulator stage.

The main oscillator stage is of the ordinary L-C

type, but its frequency is coneded'lu!omaticllly by the
% s R

auxiliary crystal oscillator acting th

ages individually. Hence, this is a com-
bination limiter-discriminator that is
popular in the less expensive sets par-
ticularly.

Modern F.M. Transmitters

Although the method shown in Fig.
6 for producing frequency modulation
of a carrier signal is simple and effec-
tive, it lacks frequency stability; an
r.f. oscillator shunted by an induc-
tance tube in this manner will drift
in frequency with variations in tem-
perature and with variations in the
d.c. supply voltage.

In commercial f.m. broadcast sta-
tions, it is essential that the transmit-
ter return to its assigned resting fre-
quency whenever there is no modula-

q y ¢ system.

type is given in Fig. 27. In this sys-
tem, the oscillator is of the conven-
tional L-C type, with temperature-
compensated parts in its tank circuit
(no crystal). This r.f. oscillator is
tuned to some fraction of the assigned
resting frequency of the f.m. station,
and frequency-multiplying stages are
employed ahead of the final amplifier
to bring the frequency up to the as-
signed resting value. Thus, in the
f m. transmitter chosen as an example
for Fig. 27, the r.f. oscillator is
operated at one-ninth the assigned
resting frequency, and its output is
fed into two frequency tripler stages
which bring the signal up to the cor-
rect frequency.

The inductance tube in the modu-
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lator stage is connected across the
tank circuit of the L-C oscillator, and
hence any change in the grid voltage
of the inductance tube will change
the frequency of the oscillator. Two
voltages act upon the grid of this in-
ductance tube; one is the audio signal
voltage applied by the speech input
amplifier, and the other is a d.c. volt-
age produced by the discriminator in
the following manner.

Let us assume that the L-C oscilla-
tor is at exactly one-ninth of the as-
signed resting value, and that there
is no audio modulation. By means
of weak capacitive coupling to some
point in the r.f. amplifier, the signal
at the assigned resting value is fed
into a mixer stage, where it beats with
a lower fixed r.f. signal produced by
a temperature-controlled crystal os-
cillator acting through frequency-mul-
tiplying stages. The result is a signal
at the difference frequency, corre-
sponding to the i.f. signal in a super-
heterodyne receiver.

The mixer output signal is fed into
a discriminator circuit which is tuned
exactly to this difference frequency,
and which therefore produces a d.c.
voltage which is proportional to de-
viations from this difference frequen-
cy. With the L-C oscillator exactly
correct, there is negligible deviation,
and the d.c. output voltage which the
discriminator applies to the grid of the
inductance tube is therefore zero.

When the L-C oscillator drifts in
frequency, the discriminator produces
a d.c. voltage which is proportional
to the magnitude of the frequency
drift and has a polarity determined
by the direction of the drift. This
d.c. voltage changes the inductance of
the inductance tube exactly enough to
correct the frequency drift.

The action of this automatic fre-
quency-correcting circuit is the same
when audio modulation is present, for
a condenser filter in the discriminator

prevents audio signals from traveling
from the discriminator to the induc-
tance tube. Only the d.c. voltage actu-
ally due to drift from the assigned
resting frequency can act upon the
inductance tube.

Sometimes a portion of the audio
output of the discriminator is utilized
to provide inverse feed-back which
compensates for distortion occurring
in the transmitter. In this case, a
special coupling circuit would be used
to apply both the d.c. and a.f. com-
ponents of the discriminator output to
the inductance tube grid.

The frequency-tripling stage is sim-
ply an r.f. stage operated as a class
C amplifier, with its plate resonant

®

V2
- FIG. 28. Vector diagrams showing how a f
modulated signal can be produced by the A g

phase-shift method.

circuit tuned to the third harmonic
of the input frequency.

Any tendency for the f.m. trans-
mitter to drift from its assigned rest-
ing frequency thus produces a d.c.
voltage which acts upon the grid of
the inductance tube in such a man-
ner as to correct the tendency toward
drift. A zero-center type of voltmeter
connected across the discriminator
output indicates when the drift is get-
ting dangerously great, thus warning
the operator to retune the L-C oscilla-
tor manually before the discriminator
loses control.

Armstrong Phase-Shift Transmitter.
The basic principle underlying the
Armstrong method is: When a signal
having a definite frequency is flowing
through a circuit, and another signal
having this same frequency but 90°
out of phase is suddenly sent into the
circuit, there is an instantaneous phase
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shift in the original signal, with the
result that the frequency of the com-
bination either increases or decreases.
We can illustrate this principle by
means of the vector diagrams in Fig.
28.

Vector V, in Fig. 284 represents the
original signal, having a definite fre-
quency and a constant amplitude. As
this vector rotates in the conventional
counter-clockwise direction at a rate
corresponding to its frequency, let us
suddenly introduce into the circuit a
voltage V, which has the same fre-
quency as voltage V; but leads V; by
exactly 90°. The sudden introduction
of this new voltage V2 causes the net
voltage V of the combination to shift
in a counter-clockwise direction, cor-
responding to a momentary increase
in frequency. If voltage V, is sud-
denly increased in amplitude after it
is introduced into the circuit, resul-
tant vector V speeds up again, produe-
ing another momentary increase in
frequency.

On the other hand, if the suddenly-
introduced V. lags V; by 90°, the re-
sultant vector V will move clockwise,
corresponding to a momentary de-
crease in frequency, as indicated by
the vector diagram in Fig. 27B. If
vector V, is varying continually in
both amplitude and polarity in ac-
cordance with a sine-wave audio sig-
nal, resultant voltage vector V will
swing above and below its original
frequency in a corresponding manner.

All this means that we can produce
frequency modulation of a carrier sig-
nal by combining it with another signal
which has the same carrier frequency
but is alternately 90° leading and 90°
lagging the original signal in accor
dance with positive and negative
swings of an audio signal, and varies
in amplitude in accordance with varia-
tions in the amplitude of the audio
signal.

In order to make the deviation in
frequency dependent only upon the
amplitude and polarity of V,, an at-
tenuator is introduced into the audio
amplifier of the transmitter so as to
make the audio output voltage de-
crease gradually as the audio fre-
quency increases. This insures that
a 1-volt audio signal at 10,000 cycles
will produce the same frequency devi-
ation as a 1-volt audio signal at 1000
or 100 cycles.

As a rule, both V; and V, in an f.m.
transmitter of this type will have rela-
tively low frequency values, and fre-

TO FREQ MULTPLERS
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FIG. 29. Basic circuit used in the Armstrong
phase-shift type of f.m. transmitter.

quency multipliers will be used to
bring the f.m. signal up to the correct
frequency for the transmitting an-
tenna.

The basic Armstrong circuit for se-
curing frequency modulation by means
of this phase shift method is given in
Fig. 29. Vacuum tube VT, in a crys-
tal oscillator circuit produces the
initial low r.f. carrier value (200 ke.
would be a typical value) with negli-
gible frequency drift. The output of
this crystal oscillator is fed into r.f.
amplifier tube V7, and also into the
balanced r.f. stage including tubes
VT, and VTs.

Note that the grids of this balanced
stage are fed in phase, while the out-
put of this stage goes to an untuned
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r.f. transformer having a center-
tapped primary L,-Ls. With in-phase
plate currents flowing in opposite di-
rections through the primary to the
center tap, and with the tubes bal-
anced so that the currents in the two
sections of the primary are normally
equal in magnitude, the resultant flux
linked with secondary winding L, 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,

1?
and VTs are essentially pure induc- L, will vary in accordance with the 2. In what two waye i tnterfermg sign al Siinek o, A5gnd Jm. pign
tances. amplitude of the a.f. input signal. A

The operation of this circuit de- The voltage across L, thus corre- 3. Whﬂt is the purpose of the dxecpmmator in an fm recelver?

pends upon the basic fact that when

the a.c. resistance of a tube is varied, of Fig. 28. 4 i
its a.c. plate current will vary corre- Amplifier stage VT5 merely pro- =R > 7 7EE
spondingly. We can change the a.c. vides§ means fgr secu:ing the};)rgper 5. What sectxon in an fm receiver removes amplitude variations from the
plate resistance of a tube by varying relationship between the amplitudes f.m. signal? )
the screen grid voltage. of r.f. voltages V, and V,. These two rHE L/ MITER .

In the circuit of Fig. 29, the screen voltages, from tubes VT, and VT, 6. What characteristic should a limiter have in order to block out sudden
grid voltages for both VT, and VT; are fed in parallel into the frequency noise surges? ‘ /
in the balanced amplifier stage are multiplier system. They combine to ' ’ f th { ou d
applied through the secondary wind- give the desired frequency-modulated 7. Why is it perrnlsmble to have a peaked over-all response for the r. Ia

ing of audio transformer 7. With this
arrangement, an a.f. voltage applied

to the primary winding will make the
screen grid voltage on one tube in-
crease, and make the screen grid volt-
age on the other tube decrease. This
causes an unbalance in the r.f. plate
currents flowing through L, and Lsg,
and consequently we secure a resul-
tant flux which links with L,.

The resultant current flowing
through both L, and L; will either
lag or lead the a.c. grid voltage by
90°, depending upon which coil cur-
rent is greatest. This means that the
r.f. voltage induced in secondary
winding L, 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

sponds to vector V, in the diagrams

signal, as was explained in connection
with the vector diagrams in Fig. 28.

TEST QUESTIONS

Be sure to number your Answer Sheet 34FR-2.

Place your Student Number on every Answer Sheet.

Send in your answers for this lesson immediately after you finish them.
Doing this insures that the graded answers will reach you while the subject
matter is still fresh in your mind, and you will get the greatest possible benefit
from our speedy personal grading service.

answers.

1. To secure a high signal-to-noise ratio with minimum inter-station inter-
ference at receivers, should the maximum frequency deviation in an f.m.

system be high or low? , ..

&y /7

.\ 7,

Lf, sectlons m a yroperly deSIgned f m. recelver?

: What sectxon in an fm receiver produces the av.c. voltage?

Never hold up a set of lesson

8. Descrlbe the type of dlstortlon whxch oceurs when the S curve for dlS-
cnmmator action has too short 8 hnear region for weak signals.

9. Why is it essentlal that grid current be drawn by the limiter tube durmg
ahgnment of the resonant clrcuxt ahead of the hmlter?

10. Why is an attenuator for high audio frequencies used in the audio system

l of an f.m. receiver?
- 2 5 Il e ' - B >, ‘—1‘ a
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SHALL I CHANGE JOBS?

Before you can answer this question, you must
set your goal in life. With a goal in mind, apply
these three questions to your present job: 1. Does
it give reasonable pay for the present? 2. Does it
give knowledge, training or experience which will
be worth money to you in the future? 3. Does it
give you prestige, or bring you in touch with men
who can help you to attain your goal?

Judge each new job opportunity also by these
three questions. Hold each job only long enough
to learn what is needed for the next job. Then, if a
vacancy up ahead is unlikely, you are justified in
changing to a corresponding job somewhere else.

The important thing is to keep going ahead.
Learn something every day. When you reach the
point where you are no longer learning, no longer
progressing ahead, then you are already moving
backward, and it’s time for you to change jobs.

First, though, besure you really are prepared for
a better job. Be sure your training is complete, and
be sure you are able to apply it.






