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FREQUENCY MODULATION 
INTRODUCTION 

For the past thirty years, broadcasting in the United Kingdom has been 
carried out with amplitude modulation, and this has been due partly to its 
comparative simplicity and partly to the unrealised potentialities of another 
form of modulation known as frequency modulation (f.m.). Home broad- 
casting at present employs the low and medium frequency bands, which are 
now suffering from an excessive number of transmissions. The mutual inter- " 
ference between these stations, particularly at night, when ionospheric condi- 
tions favour sky-wave transmission, has become so serious that the only 
solution, short of reducing the number of stations, is to choose some other 
frequency range. Here then is an opportunity of considering whether some 
other form of modulation might be better than amplitude modulation. 

At the time when f.m. was first given consideration as a broadcasting 
medium in this country, frequency modulation using very high carrier fre- 
quencies was being used in the United States and showed a considerable 
improvement in signal-to-noise ratio over amplitude modulation. In order 
to determine its usefulness, a prolonged series of tests was undertaken at 
Wrotham, where two transmitters of similar powers were fed to the same 
aerial. One used amplitude modulation and the other frequency modulation 
at carrier frequencies in the region of 90Mcls. These tests showed that 
frequency modulation had considerable advantages: signal-to-noise ratio 
was greatly improved, transmitter efficiency was higher, and service area was 
considerablv extended. This meant that fewer f.m. stations would be reauired 
to provide a satisfactory signal-to-noise ratio over a given area. It also meant 
that receivers within 20-30 miles of the transmitter could be operated from 
indoor aerials. Under similar conditions, an amplitude-modulated signal 
suffered severe interference from impulse noise such as that from the ignition 
systems of cars, and was often valueless. This led the BBC to recommend 
the use of v.h.f. frequency-modulated transmission for sound broadcasting. 

The Television Advisory Committee,l which had been considering this 
problem, estimated that 75 transmitters would provide national coverage of 
three programmes with frequency modulation at a capital cost of •’3,500,000 
and an annual cost of •’800.000. whereas both costs would be about 24 times , , 

greater if amplitude modulation were used. The lower costs due to simplifica- 
tion of transmitter construction and improved efficiency brought about by 
using frequency modulation are to some extent offset by increased complica- 
tion in the receiver, where it is necessary to convert the frequency modulation 
back to an amplitude change. The cost of this complication has been esti- 
mated by various manufacturers to range from 5 % to 15 % of the cost of a 
similar amplitude-modulated receiver. In this Training Supplement we shall 
explain the general principles of frequency modulation, why this type of 
modulation can give a better signal-to-noise ratio, how it is produced in the 
transmitter and how it is converted back to an amplitude change in the 
receiver. 



F R E Q U E N C Y  MODULATION 

GENERAL PRINCIPLES OF FREQUENCY MODULATION 

WAVE REPRESENTATION OF AMPLITUDE AND FREQCTNCY MODULATION 

A radio-frequency carrier wave possesses two characteristics: its amplitude 
and its wavelength. Amplitude modulation involves varying the amplitude 
of the carrier in direct proportion to the audio-frequency signal from the 
studio, outside broadcast or recording; the amplitude variation of the carrier 
is large when the volume of sound or signal is large, and decreases as volume 
decreases. The speed at which the carrier amplitude change occurs is deter- 
mined by the frequencies present in the original audio-frequency signal; thus 
if 1000-c/s tone is applied to an amplitude-modulated transmitter, the ampli- 
tude change is determined by the volume of the tone and varies a t  the rate 
of 1000 times per second. Amplitude modulation may therefore be regarded 
as a vertical modulation, since conventionally we show the amplitude of the 
carrier wave in a vertical direction. Examples of an amplitude-modulated 

wave are given in Fig. 1. In Fig. l(a) 
the 1000-c/s tone produces 10% + 

Amplitude 

Fro. 1. AN A.M. CARRIER WAVE 
(a) 10% Modulation; (b) 100% Modulation 

change of carrier amplitude from 1 to 
1-1 and 0.9, and the wave is said to be 
10% modulated. In Fig. l (b)  the 
audio-frequency signal is ten times 
greater and the carrier amplitude 
change is ten times greater, giving a 
modulation percentage of loo%, the 
time taken to change from peak to 
trough and back to peak again being 
1000th of a second. 

The other characteristic of the car- 
rier, its wavelength, can also be con- 
trolled by the audio-frequency signal. 
This produces either a reduction in 
wavelength (increase in frequency) or 
an increase in wavelength (decrease 
in frequency), and since the time axis 
of the carrier wave is shown conven- 

tionally in a horizontal direction we could describe this type of modulation 
as horizontal modulation. We can, in fact, imagine the carrier acting rather 
like a concertina, being compressed and expanded with the audio-frequency 
signal. Since change of wavelength automatically means a change in the 

*frequency of the wave, this type of modulation may be termed frequency 
modulation. There is another aspect of wavelength, viz. phase, but we shall 
refer to this later. Let us think for the moment in terms of frequency modu- 
lation. If again we imagine a camer to be frequency modulated (horizontally 
modulated) by tone of lOOOc/s, the carrier frequency might be, for example, at 
90 Mc/s, and the 1000c/s tone might be such as to vary the frequency of the 
carrier & 7.5 kc/s. If the tone amplitude is now increased ten times, the carrier 
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GENERAL PRINCIPLES OF F.M. 

frequency variation becomes f 75 kc/s. The rate at which it changes from 
90 Mc/s + 75 kc/s down to 90 Mc/s - 75 kc/s and up to 90 Mc/s + 75 kc/s 
again occurs in 1/1000th of a second. The picture we are to have of frequency 
modulation is that shown in Fig. 2. The frequency variation (or, if we prefer, 
wavelength variation) is exaggerated for the purposes of illustration. In 
Fig. 2(a) the variation is shown for the 7.5kcls change of carrier frequency, 

FIG. 2. A FREQUENCY-MODULATED CARRIER WAVE 
(a) 10% Full Modulation; (b) 100% Modulation 

and in Fig. 2(b) for the 75kc/s. It will be noted that when the modulating 
wave is a t  its maximum positive value the frequency of the carrier is conven- 
tionally assumed to be at its maximum value, and when the audio frequency 
wave is at its maximum negative the frequency is assumed to be at its mini- 
mum value. This is not essential and the reverse might be true, i.e. maximum 
positive value of a.f. signal giving minimum frequency. 

We can summarise the above by saying that the a.f. signal, like the carrier 
signal, has two characteristics, amplitude and frequency, and the carrier 
when modulated must convey both. The table below shows how each is 
transmitted. 

Characrerisric of A. F. Modularion I Method of conveying A. F. Characrerisric 

I A.M. 

Amplitude (volume of sound) . . By change of 
carrier frequency 

By change of 
carrier amplitude 

Frequency @itch of sound) . . By rate a t  which 
carrier frequency 
changes per second 

By rate at which 
carrier amplitude 
changes per second 

The relationship between amplitude and frequency modulation can also be 
illustrated in the form shown in Fig. 3(a) and (b). The amplitude change is 
relatively much greater than the frequency change, and it can in the limit 
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FREQUENCY MODULATION 

(100% modulation) go from zero to twice unmodulated carrier amplitude. 
This would never be possible with frequency modulation, since it would 
involve varying the frequency from zero frequency (d.c.) up to twice the 
unmodulated carrier frequency. Rarely will the frequency variation exceed 
about 1/1000th of the unmodulated carrier value, and it will often be much 
less than this. The BBC system plans to use f 75 kc/s variation as maximum, 
and we may, if we wish, regard this as the equivalent of 100% modulation. 

Ec carrier fc Carrier 
Frequency 

Amplitude 

Modulation 
Modulation Em o p e  Amplitude Em o p p  

Time Time 

(a) (b ETS911 

FIG. 3. (a) Carrier Amplitude Variation for A.M. Wave 
(b) Carrier Frequency Variation for F.M. Wave 

VECTOR REPRESENTATION OF AMPLITUDE AND FREQUENCY MODULATION 
A carrier wave of frequency fcc/s and peak amplitude Ec can be represented 

by a vector of length E, rotating round the reference point 0 f, times per 
second, as shown in Fig. 4. Projection of Ec on to the y axis gives the wave 

representation. The direction of motion is conventionally fixed as anti- 
clockwise. When the carrier is amplitude modulated Ec is no longer constant 
in length but is varying between Ec(l + M) and Ec(l - M), where EcM is 
proportional to the modulating peak amplitude Em. M is, of course, the 
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GENERAL P R I N C I P L E S  OF F.M. 

modulation factor, thus for 10% modulation the carrier voltage varies be- 
tween l.lEc and 0-9E,. Its rate of variation is determined by the modulating 
frequency f,, and it varies between the amplitude limits f, times per second. 
I t  is difficult to see what is happening when E, is moving, so let us assume 
that we can travel at the same speed and in the same manner as E,. We shall 
now see it apparently stationary, varying in length between E,(l + M) and 
Ec(l - M), as shown by Fig. 5. 

When the carrier is frequency modulated its frequency varies between 
certain limits. We can, if we wish, describe it as varying between f,(l + M) 
and f,(l - M), but this is not usually done because M has little meaning in 
frequency modulation, and it is more usual to write it as varying between the 
limits f, + fd and f, - f,, where fd is the variation in frequency above and 
below f,. It is called the deviation frequency. We can obtain some idea of 
practical values by recalling that in the Wrotham experiment the carrier 
frequency was about 90Mc/s and the maximum deviation of frequency 
allowed was f 75 kc/s. If now we imagine ourselves moving with the fre- 
quency of the unmodulated carrier we shall no longer see a stationary vector 
but one swinging backwards and forwards. When it has a value greater than 
f, it will appear to be advancing, and when it has a value less than f, it will 
appear to be retreating. It will, of course, never run away 'out of sight,' 
because its average value must not change, any increase in carrier frequency 
at one moment being compensated at some other time by a decrease in 

FIG. 6. VECTOR REPRESENTATION OF FREQUENCY-MODULATED VOLTAGE 
(a) Modulation Wave; (b) F.M. Voltage 

carrier frequency. The average value of carrier frequency must remain 
f,c/s, otherwise the transmission will be entering another channel and inter- 
fering with another programme; this is best illustrated by reference to Fig. 6. 
In Fig. 6(a) is shown the sine waveform of the modulation. The deviation 
frequency is directly proportional to the amplitude of the modulating wave, 
so that at A, C and E, where the amplitude is zero, the carrier has its un- 
modulated value f,. At B, where the modulation has its maximum amplitude, 



FREQUENCY MODULATION 

the carrier frequency will be f, + fd, and at D, where it has its maximum 
negative amplitude, the carrier frequency will be fc - fd. In Fig. 6(b) the 
swinging carrier vector is illustrated. At the extremes of the swing the vector 
is momentarily at rest, so that since we are observing it while travelling at 
fcc/s, points A' and C'  must correspond to a carrier frequency of f,c/s. It 
will be travelling at its fastest in the centre of the swing, and this must 
correspond to the points B and D in Fig. 6(a). When the vector is moving 
in an anticlockwise direction the frequency is fc + f,, shown by point B'. 
When it is travelling clockwise at D' it will have a frequency off, - fd. We 
must note that the complete swing is from A' to C' and back to E', and this 
takes place fm times per second, i.e. the swing from A' to E' is completed 
in l/fm seconds. The greater fm is, the shorter is the time taken for the swing. 

We have now to consider the effect of modulating amplitude Em and modu- 
lating frequency f,, and to do this it is convenient to turn from the angular 
representation to a linear analogy. The angle of swing then becomes linear 
distance, carrier frequency becomes linear velocity or speed, modulating 
amplitude (proportional to deviation frequency) becomes change of velocity 
or incremental velocity, and modulating frequency remains the reciprocal of 
the period during which the change in velocity takes place. Let us imagine 
that we are in a car travelling at 90 ft/sec observing another car alongside us. 
This second car, which represents the carrier vector, will appear stationary 
to us if it is also travelling at 90ft/sec in the same direction. Let us now give 
t.he second car a steadily increasing velocity of 1 ft/sec-this corresponds to 
frequency deviation of the carrier-and assume that this lasts for 1 second, 
so that the car reaches 91 ft/sec. Its average velocity is 90*5ft/sec over the 
second and it will appear to have gained 0.5ft on us in the observing car. 
This corresponds to the movement of the vector from A' to B' (Fig. 6(b)), 
and 0.5 ft is the equivalent of 4 in Fig. 6(b). If during the next second the 
brakes are applied to cause a reduction of velocity by 1 ft/sec the car will 
appear not to be gaining so fast on us; it will appear to have gained another 
0.5 ft on the observing car, making a total advance of 1 ft (see C" in Fig. 7(a)). 
If the velocity during the third second is reduced by 1 ft/sec the average 
velocity is 89-5ftIsec and the car appears to lose 0 5 f t  (point D", Fig. 7(a)). 
Increasing the velocity back to 90ft/sec during the next second causes the car 
to fall back by 0-5ft alongside the observing car (point E", Fig. 7(a)), and 
the cycle of operation similar to that of the vector in Fig. 6(b) is then com- 
pleted. Now we can examine the effect of doubling Em, i.e. doubling fd; this 
is the same as doubling the change of velocity. Thus the velocity of the car 
at the end of the first second is 92ft/sec, so that the average velocity is 
91 ft/sec and the car will have appeared to advance 1 ft, i.e. exactly double 
the original distance. The new cycle of operations will be as shown in 
Fig. 7(b). Coming back to the vector diagram, this means that the angle 4 
has been doubled by doubling Em, or 

+ a E m z f d  
Fig. 8 illustrates this effect. 



GENERAL P R I N C I P L E S  OF F.M. 

FIG. 8. EFFECT OF DOUBLING MODULATION VOLTAGE ON THE 
VECTOR REPRESEMATION OF A FREQUENCY-MODULATED WAVE 

Now what is the effect of the modulating frequency fm? In the car analogy 
this means halving the time of the operational cycle but still maintaining the 
same velocities at A ,  B", etc. Thus the change from A" to B" (Fig. 7(c)) 
from a velocity of 90 to 91 ft/sec is accomplished in 0-5 seconds. Average 
velocity is as before 90.5 ft/sec but is only operative for half the time; the car 
will therefore have gained only 0.25ft on the observing car. This cycle of 
operations is shown in Fig. 7(c),  and referring back to the vector representa- 
tion it means that the angle of swing + is halved, or 

and this is illustrated in Fig. 9.  Combining the effects of Em and f,, we have 



FREQUENCY M O D U L A T I O N  

The reason why the proportional sign gives way to the equals sign is explained 
in Appendix 1. The expression fdlf, is generally called the modulation index 
and is expressed in radians, e.g. iffb = f, = 1 kc/s: 

f d  4 = - = 1 radian i21 57.3' 
f m  

FIG. 9. EFFECT OF DOUBLING MODULATION FREQUENCY ON T H E  
VECTOR REPRESENTATION OF A FREQUENCY-MODULATED WAVE 

We are now at a convenient point to discuss phase modulation. Phase 
modulation is a modulation of the vector position so that the angle of swing 
is proportional to the modulating voltage Em and is no longer dependent on 
the modulation frequency fm. Hence, whatever the value of fm for a given 
value of Em, the angle of swing is the same. This is illustrated for two values 
off, in Figs. 10(a) and (6). Since the angle of swing is constant, it must 

mean that when the modulation 
frequency is doubled the maxi- 
mum deviation frequency must 
be doubled. If we compare this 
with the frequency-modulated 
vector (Figs. 8 and 9) we see that 
phase modulation is equivalent 
to frequency modulation with at- 
tenuation of the lower modula- 
tion frequencies, or in broadcast 
parlance we could say that phase 
modulation is frequency modula- 
tion with bass cut, and if we like 
to put a bass boost circuit 

between the audio-f~equency signal and a phase modulator the result at the 
output of the phase modulator will be frequency modulation. This is illus- 
trated in Fig. 1 1. 

AUDIO 
SIGNAL -9, WPLITU 

FAEOUENCV + 

- PHASE 
MODULATOR 

FREQUENCY 
MODULATION 

€16919 



G E N E R A L  P R I N C I P L E S  OF F.M. 

It  could, of course, be argued that phase modulation is frequency modula- 
tion with treble boost, but this would imply that phase modulation at the 
lowest modulation frequency could achieve the same vector arrgle 4 as 
frequency modulation at that modulation frequency. This is extremely diffi- 
cult, if not impossible, to achieve in practice, whereas there is little difficulty 
in obtaining with frequency modulation the same angle + at the highest 
modulation frequency as the maximum angle obtained by phase modulation. 

AUOlO 
SIGNAL 

ETS9110 

(b) 

FIG. 12. FREQUENCY MODULATION OBTAINED FROM A PHASE MODULATOR 

It is reasonable, therefore, to consider frequency modulation as phase modu- 
lation with bass boost. The bass boost will in all probability be provided by 
a treble cut circuit because this is easier to achieve, and two types of circuit 
for producing this effect are shown in Fig. 12. 

AUDIO FREQUENCY PHASE 
SIGNAL 

ETSPlll  

FIG. 13. PHASE MODULATION OBTAINED FROM A FREQUENCY MODULATOR 

In order that this circuit may be effective and give an audio output inversely 
proportional to frequency, Xc (Fig. 12(a)) at the lowest modulation frequency 
should be less than 3R, or XL (Fig. 12(b)) should be greater than 3R at the 
lowest modulation frequency. Conversely, we can obtain phase modulation 
from a frequency modulator by attenuating the low frequencies, and a 
possible circuit is shown in Fig. 13. It is very important to note that phase 
modulation is frequency modulation with bass cut, because this has con- 
siderable significance when we consider signal-to-noise ratio. Mathematically, 
frequency modulation may be defined as differentiated phase modulation, or 
phase modulation may be defined as integrated frequency modulation. This 
means that the phase variation of a frequency-modulated carrier can be found 
by integrating the frequency variation, or the frequency variation of a phase- 
modulated carrier is obtained by differentiating or taking the rate of change 
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F R E Q U E N C Y  M O D U L A T I O N  

of the phase variation. This fact is used in the section on impulse noise 
(p. 24) to derive the effect of impulse noise in the f.m. receiver. 

A useful example of the difference between frequency and phase modula- 
tion is obtained by assuming that the modulation wave is square, as shown 
in Fig. 14. Frequency modulation results in a change of carrier frequency 
from fc - fd to fc + fd, at which value it remains until it changes back again 

to f, - fd, whereas with phase modula- 
+ tion there is a sudden jump in phase 

but the frequency remains constant at 

Em 
ULATING fc CIS all the time, except of course at the 
IGNAL instantaneous change of phase, when it 

- theoretically rises to infinite frequency. 
Another way of differentiating between 
them is illustrated in Fig. I5 for a funda- 
mental and second-harmonic modulat- 

EaUENCV ing wave. In Fig. 15(a) for frequency 
DULATlON modulation the deviation frequency fd 

is the same for the fundamental and 
second harmonic, but the angle of 
swing of the vector is halved for the 

ION second harmonic. For phase modula- 
tion (Fig. 15(b)) the angle of vector 

I ETS91'a swing is the same for f, as for 2f,, but 
14. Tm DIFmRENCB BETWEEN the deviation frequency is doubled when FREQUENCY AND PHASE MODULA~ON, 

USING SQUARE-WAVE MODULATION the modulation frequency is 25,. The 

FREQUENCV 
DEVIATION 

Time -+ 

FIG. 15. MODULATION VOLTAGE, FREQUENCY AND PHASE DEVIATION FOR 

(a) A Frequency-modulated Carrier; (b) A Phase-modulated Carrier 
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frequency and phase variations are 90" oui of phase, and this is to be 
expected, because from Fig. 6(b) the angle of swing + is greatest at the 
extremes A' and C' of the swing when the frequency is at fc. 

SIDEBAND REPRESENTATION OF AMPLITUDE AND FREQUENCY MODULATION 
Let us assume that the modulating wave is represented by Em sinpt and 

the carrier by Ec sinwt. The expression for the amplitude-modulated wave 
is Ec(l + M sinpt) sinwt, where M is proportional to Em. This yields the 
well-known result 

Ec sin wt + EcM sin wt sinpt 
= Ec sin wt + $ECM[cos (w - p)t - cos (w + p)t] 

and from this we see that there are now three frequencies present. There is 
the carrier component Ec at fcc/s and a pair - i ~  
of sidebands each $E,M, one at fc - fm and 
the other at fc + fmc/s. If we assume that we 
are travelling with the carrier component we 
shall see this component stationary, and the 
two sidebands will be rotating round the 
reference point, one advancing anticlockwise fc*fy 
at f, + f, and the other retreating atf,  - fm c/s 
(Fig. 16). The resultant of these two side- 
bands is seen to be always in line with the r r s v m  

carrier component, so it adds to or subtracts FIG. 16. CARRIER COMPONENT 
from the carrier to increase or decrease its 

~ m E & ~ l T ~ E ~ ~ ~ ~ ~ $ ~  
length. In Fig. 17 we can see the wave, side- WAVE 
band and vector re- 
presentations for one 
cycle of the modu- 
lating frequency. The 
advancing sideband is 
designated F because 
it is travelling faster 
than the carrier com- 
ponent and the re- 
treating sideband is 
marked S because it 
is travelling slower. 

Y w 
C) .- AMPLITUDE 

MODULATED 
CARRIER 

Time j 

CARRIER AND 
SIDEBAND 

COMPONENTS LI ($ F s 

INSTANTANEOUS 
CARRIER 

AMPLITUDE 
ETSVln 



F R E Q U E N C Y  M O D U L A T I O N  

For the frequency-modulatid carrier the frequency is given by 

fc' =fc +fd sinpf 

where fd is proportional to Em. 
To get the wave expression this frequency must be integrated and multi- 

plied by 2n (see Appendix 1). The result is 

Ec sin wt - - cospt ( i  1 
We should note that fd/f, is the half-angle of swing of the vector in Fig. 6(b); 
it is given in radians. This frequency-modulated wave expression can be 
separated into components just as its amplitude-modulated counterpart can 
be. One stage in this process gives 

The expressions cos(fdlf, cospt) and sinudlf, cospt) can themselves be 
broken down into terms of cospt, cos2pt, sinpt, sin 2pt, etc., with amplitudes 
according to a Bessel function law. It is not necessary for us to see how this 
occurs, and we will content ourselves merely with stating the result. The 
wave equation when separated into its component parts gives the following 
result: 

E,{J,M sin wt + J I M  sin (w + p)t - J I M  sin (w - p)t 
+ J,M sin (w + 2p)t + J,M sin (w - 2p)t + . . .) 

where M =&A. 
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There is now an infinite series of harmonic sidebands of (w f np) with 
Bessel function coefficients. A plot of these coefficients from J,M up to the 
third-harmonic sideband J,M is shown against angle of swing &,If,, the 
modulation index (Fig. 18). The carrier component is no longer constant 
but may in certain circumstances go to zero. We could in any case expect 
that the carrier component would diminish, 
because the amplitude of the frequency- 
modulated wave is constant and when side- 
bands are produced they can. only obtain 
their energy by extracting it from the carrier 
component. An important point to note is 
that the fundamental modulation sidebands 
are placed relative to the carrier component f c + f m  f c - 2 t m  f c + * t m  
differently from those in amplitude modula- 
tion; the resultant of these two sidebands is 
a t  applies right angles to all to the the odd-harmonic carrier component. sidebands. This tc-fin 4 IT59119 

The second and even harmonic sidebands do, 
F,G. 19. CARRIERCOMPONENTAND 

however, have their resultant in phase with SIDEBAND REPRESENTATION OF A 

the carrier, either adding to or subtracting FREQUENCY-MODULATED WAVE 

from it, as shown in Fig. 19. 
So far we have made a rather mathematical approach to the problem, so 

let us see if we can make a visual approach. We note from Fig. 18 that when 
the angle of swing fa& is small, only the fundamental sideband appears to 

FIG. 20. ILLUSTRATION OF THE FUNC~ON OF SECOND HARMONIC MODULA~ON 
SIDEBAND COMPONENTS 



F R E Q U E N C Y  MODULATION 

be important; the harmonic sidebands are very small in amplitude. This 
suggests how we may create a mental picture of the process, and in Fig. 20(a) 
we see a frequency-modulated vector having a small angle of swing. In 
Fig. 20(b) we have taken a carrier component and two fundamental sidebands 
whose resultant is at right angles to the carrier. The addition of these side- 
bands to the carrier results in a swing of the combined carrier and sidebands 
along a straight line AC as shown. True frequency modulation requires a 
circular locus, shown by the arc in this figure. We see that if the vector is to 
follow the arc we require to pull it down at A and C and lift it up at B. This 
can be achieved if we add to it a pair of second-harmonic sidebands, marked 
2 in Fig. 20(c). The resultant of the second-harmonic sidebands added to the 
resultant of the carrier and fundamental sidebands lowers the carrier down 
to the circle below point A. 90' later in the fundamental cycle the funda- 
mental sidebands are opposing each other and have no effect on the total 
carrier. The second-harmonic sidebands have, however, moved through 180" 
of their own cycle in this time, and they now add to the vector to lift it up 
on to the circle above point B (Fig. 2qd)). After another 90" travel of the 
fundamental sidebands the result is as shown in Fig. 2qe). If the angle of 
swing is made larger it will be obvious that more harmonic sidebands are 
required to keep the total carrier vector on the arc. In Fig. 21 we have shown 
the wave vector and sideband representations of a frequency-modulated wave 
over a modulation cycle when there is an angle of swing small enough 
for only fundamental and second-harmonic sidebands to be important. 

Since for a constant modulating amplitude Em the angle of swing increases 
with decrease of modulation frequency, we should expect to find that at high 
modulation frequencies there would be a pair of fundamental sidebands only 
and at low modulation frequencies there would be a very large number of 
sidebands. This is shown in Fig. 22 for a frequency deviation of lOOOc/s 
(constant Em) and different values of modulation frequency f,. Increasing 
E, has the same effect as decreasing f,; it increases the angle of swing and 
produces more sidebands, and this is seen in Fig. 23. With phase modulation 
the angle of swing is independent off,, so that the number of sidebands is 
dependent only on Em. This effect is shown in Fig. 24. Fig. 22 gives the first 
hint of why f.m. has a better signal-to-noise ratio than a.m. The number of 
sidebands, and therefore the modulation content in the signal, increases as 
modulation frequency is decreased. With a.m. there is only one pair of side- 
bands per modulating frequency, and even at 100 % modulation their ampli- 
tude does not exceed half that of the carrier. The increased modulation 
content of the f.m. signal, due to the greater number of sidebands, means 
that a bandwidth greater than that for an a.m. transmission must be made 
available if full advantage is to be reaped from the use of f.m. A satisfactory 
empirical rule is that the bandwidth required is equal to 

so that the proposed BBC system using a maximum deviation of 75 kc/s and 
a maximum modulation frequency of 15 kc/s will require a passband of 
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IdOkc/s in transmitter and receiver. Any restriction of bandwidth will tend 
to cause harmonic distortion to appear on loud passages in the programme. 
It is interesting to note that single-tone modulation requires the greatest 
bandwidth and for a given peak value of modulating amplitude the band- 
width occupied is decreased when a large number of tones contribute to the 
peak value. This is perhaps to be expected, since the total power available 
is constant whether modulated or not, and if more sidebands (due to the 
presence of more tones) are present in the available passband the amplitudes 
of the remaining 'out-of-band' sidebands must decrease even more rapidly 
than for a single tone. 

FREQUENCY MULTIPLICATION AND MODULATION CONTENT 
In transmitters operating over the v.h.f. range the carrier is generally 

derived from a master oscillator operating at a much lower frequency, which 
is multiplied up to the final carrier frequency in special frequency-multiplier 
stages. This method provides much better frequency stability than can be 
obtained by generating the final carrier directly. Since the multiplier stages 
must distort the amplitude of the input frequency in order to function, it will 
be clear that in an amplitude-modulation system the modulation must be 
carried out on the final carrier frequency. This is not, however, necessary 
with an f.m. system, since no amplitude change is involved and undesired 
amplitude distortion can be removed without affecting modulation content. 
There is indeed an effective increase in modulation content by multiplication. 

Let us suppose that the master oscillator frequency is 4.5 Mc/s and that 
the frequency deviation is 3.75 kc/s at f, = 1 kc/s. The modulation index, or 
half-angle of swing of the vector, is 3.75 radians. Applying this to a fre- 
quency-doubler stage, we have at the output 

f, = 9 Mcls, fd = 7.5 kc/s, modulation index = 7 radians 

Since the modulation index determines the modulation content, a doubling 
of master oscillator frequency has doubled the effective modulation content. 
Similarly multiplication up to the final carrier frequency of 90 Mc/s increases 
the original modulation content twenty times. We therefore see one of the 
important advantages of f.m. over a.m.: no high-power modulator is re- 
quired, and so the cost of the transmitter is very much less. In actual fact, 
since modulation involves no change in amplitude, no power at all is required 
from the modulator. 

We have seen in a previous section that an increase in modulation content 
increases the number of sidebands, and we might ask, where do they come 
from? Does the multiplier stage produce them? Suppose that the modula- 
tion index of the master oscillator is 0.25; the only important sidebands are 
the first pair, so that the input to a doubler stage would consist of 

At the output the modulation index is increased to 0.5, and this means that 

18 
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an additional pair of second-harmonic sidebands ( 2 h  -J= 2 f m )  have appeared. 
The output frequencies from the doubler can be obtained by adding together 
or subtracting the input frequencies taken in pairs, but as the output circuit 
is tuned to 2 f c  we need concern ourselves only with those within modulation 
range of 2 f c .  Thus we have 

f c  + f c  = 2fc 
fc + C f c  S f m )  = 2fc + f m  
fc + Cf, - f m )  = 2fc - f m  

( f e  + fm) +Cfc t f m )  = 2 L + 2 f m  
( f c  - f m )  + Cl'c - f m )  = 2fe - 2fm 

so that the multiplier stage has actually produced the second-harmonic side- 
bands demanded by the doubled modulation index. 

Fig. 1 8  shows that increase of modulation index not only increases side- 
band content but varies carrier component amplitude, and that at certain 
modulation index values, e.g. 2.405, it becomes zero. So we have a situation 
where the input (modulation index 1 - 2 0 2 5 )  to a doubler stage may contain 
carrier component but a t  the output it is absent. This can occur because 
there are two sources of frequency 2 f c :  one comes from the addition of 

f c  and fc, and the other from the addition of the two sideband frequencies 
( f c  + f m )  and ( fc - f ,) .  When the amplitudes of these two voltage com- 
ponents are equal and opposite, there is no output of carrier component. 

SIGNAL-TO-NOISE RATIO2 

INTRODUCTION 
The greatly improved signal-to-noise ratio obtained with an f.m. receiver 

is due in part to an effective increase in signal and in part to a reduction in 
noise. Since the modulation content is carried in the frequency deviation, 
increase of the latter is equivalent to an increase in power, i.e. we are trading 
bandwidth for power. The reduction in noise comes about because noise is 
mainly an amplitude change, and it can be fairly easily separated from the 
frequency-modulated carrier leaving the signal-to-noise ratio greatly im- 
proved. We shall deal first with'the noise aspect. The B.S.I. definition* of 
noise is 'unwanted energy, usually of random character, present in a trans- 
mission system, due to any causes.' The noise can occur in the transmitter, 
in the transmitter-to-receiver path, or in the receiver; generally, the trans- 
mission path and the receiver are the sources of greatest noise. There are 
two types, random and impulse. 

Random noise is irregular in occurrence and quite unpredictable. It  covers 
the complete radio-frequency spectrum and may be considered as an infinite 
number of voltages at different frequencies of almost equal amplitude but 
random in phase. Its quasi-peak value is not much greater than its r.m.s. 

B.S.I. Glossary of Terms used in Telecommunications, 204 : 1943, No. 1322. 
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value. It is produced by thermal agitation of the electrons in conductors, the 
first tuned circuit and the aerial being the main sources. Random noise can 
also be produced by shot noise due to irregularities in the electron flow in 
valves, and the first valve is generally the worst offender. In an a.m. system 
it is practically impossible to achieve any success against random noise with 
the available amplitude limiters. Owing to the different method of conveying 
modulation in an f.m. system, amplitude limiters can be used with consider- 
able success against random noise provided the carrier is greater than twice 
the quasi-peak value of the noise. 

Impulse noise is periodic or spasmodic, and it can be produced by 
machines, neon signs and the ignition systems of cars. Switching operations 
and atmospherics due to lightning are examples of spasmodic noise. The 
frequency spectrum produced by impulse noise is generally a series of 
discrete frequencies with a frequency separation equal to the recurrence 
frequency; in the initial stages of the pulse all the frequencies are in phase 
and so add to cause a large initial peak of noise. The amplitude of the 
frequency components tends to fall with increase of the reception band 
frequency, so that we find atmospherics are worst on long waves and, unless 
the storm is very close, are negligible on short waves. This is not, however, 
true of ignition noise, which has greatest effect over a frequency range from 
about 4OMc/s up to at least 6 0 0 M c / ~ . ~  The effect of impulse noise is 
appreciably modified by the selectivity characteristic (usually of the i.f. stages) 
of the receiver; if high selectivity is employed, the result at the output of the 
i.f. stages is a damped oscillation which takes a relatively long time to die 
out. The oscillation frequency is approximately that of the mid-band fre- 
quency, and the time duration corresponds to approximately the period of 
the half-bandwidth. This is illustrated in Fig. 25(a) for i.f. stages consisting 
of critically coupled transformers giving flat-topped response. 

The effect of increasing the damping and widening the passband is to in- 
crease the maximum or peak value of the envelope and reduce its time 
duration in direct proportion to the passband change (see Fig. 25(b)). For ex- 
ample, if the passband is changed from f 10 kc/s to & 100 kc/s, the envelope 
maximum is increased ten times and its duration reduced to one-tenth. In 
a receiver of f 100 kc/s bandwidth the main envelope frequency is 100 kc/s, 
which is far removed from the maximum modulating frequency. In contra- 
distinction to random noise effects it is therefore possible to discriminate 
against the impulse noise in an a.m. receiver of wide passband by the use of 
a special form of audio-frequency limiterb which clips the 100kc/s noise 
frequency but does not affect the normal audio programme. This can 
achieve a signal-to-noise ratio improvement of about lOdb over an a.m. 
receiver of passband limited to maximum f,. This improvement is much less 
than can be obtained from an f.m. receiver of f 100 kc/s bandwidth having 
a limiter which removes all amplitude modulation. The output a t  the i.f. 
stages of the f.m. receiver contains only the frequency variations due to the 
noise, and signal-to-noise ratio is of the order of 20dbb better than that 
of the wide-band a.m. receiver. 
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The improvement in signal-to-noise ratio that is obtained when using a 
wide-band system seems to conflict with the generally held view that in- 
creasing bandwidth increases noise, and it is worth while to try to resolve 
this apparent paradox. At low, medium and high frequencies the i.f. stages 
of receivers have generally a narrower bandwidth than the a.f. stages. Any 

t 
Ampli tude 

FIG. 25. R.F. OUTPUT VOLTAGE FROM A RECEIVER DUE TO A NOISE MULSE 
(a) Narrow Passband Receiver; (b) Wide Passband Receiver 

increase of i.f. bandwidth then increases the output noise because it passes 
more of the noise frequency spectrum within audible range of the carrier 
frequency. When the half-bandwidth of the i.f. stages exceeds that of the 
maximum audio frequency, interaction of the noise spectrum outside this 
range with the camer produces no further audible output, and there is little 
change of signal-to-noise ratio with increasing bandwidth. If the passband 

2 1 
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of the audio-frequency stages is less than the maximum audible frequency, 
increasing the i.f. half-passband beyond that of the a.f. stages produces little 
change of noise output. Thus if the a.f. passband is, for example, the same 
as the maximum audible frequency (about 15 kc/s), increase of i.f. half- 
bandwidth beyond 15 kc/s produces little change of noise output. On the 
other hand, if the receiver output supplies a single telephone channel with 
cut-off a t  about 3 kc/s, increase of i.f. half-bandwidth beyond about 3 kc/s 
has little audible effect on noise. 

A different result is obtained when there is no carrier input to the receiver, 
for then each of the noise frequencies in the i.f. passband can interact with 
every other one within audible range of it to produce an audible noise output. 
Increase of bandwidth beyond twice the maximum audible frequency or a.f. 
bandwidth causes noise to increase. 

Summarising, we can say that in the presence of a carrier of peak value 
greater than the quasi-peak value of random noise, increase of bandwidth 
increases noise output as long as the a.f. passband is greater than half the 
i.f. passband, but for greater values there is little change. In an a.m. receiver, 
best signal-to-random noise ratio is obtained by restricting the i.f. bandwidth 
to the minimum required to receive satisfactorily the desired signal. The 
same is true of impulse noise if no Limiter is employed; widening of the i.f. 
passband can accomplish an improvement in signal-to-noise ratio if a special 
form of limiter is employed to discriminate against the short-duration noise 
pulse. The situation is quite different with an f.m. receiver, because widening 
the i.f. passband enables the frequency deviation of signal to be increased so 
that not only does the limiter reduce noise but the signal can be increased, 
giving a greatly improved signal-to-noise ratio. 

THE ANNOYANCE VALUE OF NOISE 
Though the ear must be the final judge of technical quality in any broad- 

casting system, little progress can be made in apparatus design unless an 
objective measurement can replace the subjective observer. Electrical noise 
is generally conveniently measured as a voltage, and there are at least three 
possible types of measurement: we could make the mean, r.m.s. or peak 
value of the noise voltage our criterion. Since the noise waveshape is so 
variable, the three types of reading bear no simple relationship to each other. 
The BBC Research Department have carried out simultaneous objective and 
subjective tests5 and have found that r.m.s. voltage measurements are more 
closely related to what the ear hears, i.e. it is noise power that is important. 
We shall assume in the discussion which follows that it is signal-to-noise 
power that gives a true indication of subjective signal-to-noise ratio. 

EFFECT OF NOISE ON THE CARRIER 
Random Noise 

In order to see why noise is so much less troublesome for f.m. than a.m. 
it is necessary to understand the action of noise on the carrier. To do this 



SIGNAL-TO-NOISE RATIO 

let us consider random noise consisting of an infinity of almost equal ampli- 
tude frequencies spread over the i.f. passband. Each of these frequencies can 
act as a sideband to the carrier, so let us assume that we have one of these 
noise sidebands, f,, separated from the carrier frequency fc by an audio 
frequency f,-f,. This noise sideband rotates round the carrier vector a t  
f, - fcc/s as shown in Fig. 26(a) to produce variations in carrier amplitude 
and also a swing of the carrier vector. The amplitude change produces the 
noise in an a.m. receiver, but the swing has no effect. The f.m. receiver, which 
is fitted with an amplitude limiter, removes the amplitude modulation but 
registers the swing of the vector, because it represents a change of carrier 
frequency. It is not, however, frequency modulation, because the angle of 
swing is independent of the difference frequency f, - f, and is dependent only 
on the amplitude of the noise sideband. The carrier is in fact phase modu- 
lated by noise. 
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We have already shown that phase modulation is frequency modulation 
with bass cut, so that the noise output from an f.m. receiver will not sound 
like the noise from an a.m. receiver but will have a much higher pitch and 
will have less effect because its lower frequencies are attenuated. 

To get some idea of the relative magnitudes of the noise effect in an a.m. 
receiver compared with that of phase-modulated noise in an f.m. receiver let 
us assume that f, - fc = 15 kc/s (the equivalent frequency modulation is 
worst at a high noise modulation frequency) and that the single noise side- 
band is half the amplitude of the carrier. The carrier amplitude changes 
from 1.5E, to 0.5EC, so that it is 50% amplitude modulated. The half-angle 
of swing of the carrier is sin-l0.5, which corresponds to 30". Assuming a 
desired modulation deviation off, = 15 kc/s and a modulation frequency of 
15 kc/s, the angle of swing of the carrier at the highest modulation frequency 
is 1 radian, or approximately 57" so that the percentage modulation of noise 
is 30157 = 52.5%. If the noise and signal were concentrated at 15 kc/s we 
should find the f.m. receiver noisier than the a.m. receiver. 
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Let us now assume that the noise and signal are concentrated at 7.5 kc/s 
from the carrier; the amplitude modulation is still 50% and there is no change 
in 'the f 1 radian angular movement of the carrier vector by noise, but the 
angular swing due to the signal is fa/Cfn - fc) = 2 radians, so that the noise 
modulation percentage is reduced to 27.3 %. Similarly, at 3.75 kc/s the noise 
modulation is reduced to 13.6%. It would be reasonable to consider the 
signal and noise frequencies as distributed evenly over the whole of the spec- 
trum, in which case we find that noise modulation decreases progressively 
as the noise frequency approaches the carrier frequency. The effective noise 
distribution is therefore triangular in an f.m. system (see Fig. 27(b)) as 
compared with rectangular for an a.m. system (Fig. 27(a)). 

FIG. 27. RANDOM NOISE EFPECTIVE FREQUENCY SPECTRUM 
(a) An Amplitude-modulated Receiver; (b) A Frequency-modulated Receiver 

This triangular distribution has an energy content only one-third of that 
for a rectangular distribution, as proved in Appendix 2, and this gives a 
signal-to-noise ratio improvement of 4-75db for an f.m. signal compared 
with a similar a.m. signal. This order of improvement in signal-to-random- 
noise ratio of the f.m. receiver over the a.m. receiver is not maintained if the 
peak carrier amplitude falls below about twice the quasi-peak value of the 
random noise. This is partly due to interaction between the noise frequencies 
beyond audio range of the carrier and partly due to a failure of the limiter. 
When there is no carrier the wide-band f.m. receiver may be much noisier 
than the narrow-band a.m. receiver, since the noise may be insufficient to 
operate the limiter. The input signal at which this effect occurs is determined 
by the bandwidth of the i.f. circuits; the narrower the band the smaller is the 
input signal at which signal-to-noise ratio deteriorates. Hence around an 
f.m. transmitter there is a fairly well defined threshold area2 outside which 
better signal-to-noise ratio is obtained by restricting the carrier frequency 
deviation and the receiver passband. This fact is unlikely to be of much 
importance in broadcasting, since the signal is beginning to lose its entertain- 
ment value when random noise is comparable to the carrier. 

Impulse Noise6 
The action of impulse noise in the receiver is different from that of random 

noise because the noise possesses a definite envelope shape of a given time 
duration, as indicated in Figs. 25(a) and (b). The vectorial representation is 
that of a variable-amplitude vector having a varying phase shift which gives 
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a quasi-elliptical locus, as shown in Fig. 28(a). In an a.m. receiver the noise 
output waveshape from the detector will be that of the envelope (see Fig. 
28(b)). When a carrier is applied the detected output pulse shape depends 
on the phase of the carrier relative to the noise. If both are in phase the 

(a) ( b) L T S P I ~ ~  

FIG. 28. IMPULSE NOISE 
(a) Vector Representation 
(b)  Output Voltage due to Noise Impulse. Carrier Zero 

amplitude change of the noise vector will be reproduced in shape similar to 
that without carrier (Fig. 29(a)). When the phase angle is 90" there will be 
little amplitude modulation of the carrier (Fig. 29(b)); a phase angle of 180" 
gives a negative noise pulse (Fig. 29(c)). Since neither the frequency of the 
carrier nor of the noise pulse repetition rate will be constant-they will 
actually show a random variation-the detected noise output pulse will be 
constantly varying in shape between the in-phase and out-of-phase limits of 
noise amplitude, and examination by a cathode-ray oscilloscope shows a 
series of noise pulses [6], as in Fig. 30. The shape of the detected noise pulse 
tends to be symmetrical about its maximum value but is almost entirely 
above the horizontal axis, and it can be shown7 that such a pulse has a 
frequency spectrum having an appreciable low-frequency content almost 
independent of frequency (Fig. 27(a)). The random variation of shape of this 
repeated noise pulse produces an aural effect like a series of pops. 

In an f.m. receiver the shape of the detected noise pulse is dependent on 
the frequency variation due to the pulse, which actually phase modulates the 
carrier. The amount of phase change will depend on the angle between 
carrier and noise, and maximum change will occur for an angle of about 135". 
The shape of the phase-time relationship will in only a minor way depend 
on the signal and noise phase angle, and as a general rule we can say that it 
has a shape similar to that of pulse amplitude shown in Fig. 29(a). The 
frequency deviation of the carrier is the rate of change of the phase variation, 
and it is shown beneath the latter in Fig. 31. There is maximum positive 
frequency deviation a t  B, a zero at C, where the phase variation is negligible, 
and a negative maximum at D. The detected noise pulse in the f.m, receiver 
will have the shape of the frequency deviation, and owing to the random 
relationship between carrier and noise a cathode-ray oscilloscope will show 
a series of pulses similar to those in Fig. 32. These noise pulse shapes are 
quite different from those shown in Fig. 30, and they have a different form 

Tlmc 

Tlmr 

FIG. 29. VECTOR REPRESENTATION AND ENVELOPE SHAPE OF OUTPUT V O L T A ~ ~  
DIJE TO A NOISE IMPULSE 

(a) In phase with the Carrier; (b) At 90" to the Carrier 
(c) 180' out of phase with the Carrier 

ETS9l50 Tlmc + 
Flo. 30. SHAPE OF AN A.F. NOISE-IMPULSE OUTPUT FROM AN A.M. RECEIVER 

SEEN ON A CATHODE-RAY TUBE 
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of frequency spectrum. The spectrum has little low-frequency content, and 
each individual amplitude is in general proportional to its frequency,' i.e.. 
the noise has an effective triangular spectrum (Fig. 27(b)). The aural effect 
of these noise pulses is that of a series of clicks, which have a much lower 
annoyance value than pops. The actual reduction in noise of clicks in an f.m. 
receiver compared with pops from an a.m. receiver is about the same as for 
random noise, i.e. there is an improvement in signal-to-noise ratio of about 
4.75 db. 

In the above discussion we have assumed that the input carrier is correctly 
centred in the i.f. passband. If this is not so, the locus shapes of the impulse 
noise seen on a c.r.0. are changed as shown in Fig. 33(a) and (b). There is, 
however, little difference in aural effect. 

Reference was made in the previous section on random noise to the 
threshold effect with signal-to-noise ratio, and we find the same state of 
affairs with impulse noise. This threshold effect occurs at a peak-carrier to 
peak-noise ratio of unity, and for smaller values there is a very sharp fall in 
signal-to-noise ratio. The reduction in signal-to-noise ratio is dependent on 
the frequency deviation of the carrier, and for 75 kc/s the decrease is about 
20db; but since the signal-to-noise improvement is much greater than this 
above the threshold, the f.m. receiver still gives an appreciably better per- 
formance than the a.m. receiver. The reason for the threshold point and the 
improved performance of the f.m. receiver below the threshold point can be 
explained by reference to a vector diagram. 

In Fig. 34 is shown the vector diagram for a peak-signal to peak-noise 
ratio of unity when the phase variation is nearly maximum. The dotted 
circle indicates the amplitude level of the resultant signal and noise after 
passing through the limiter. Under these conditions the phase and frequency 
variations are similar to those of Fig. 32, the output noise is clicks, and 
signal-to-noise ratio improvement is fully effective. In Fig. 35 we see another 
vector diagram in which peak noise exceeds peak signal. Again this gives a 
similar phase variation to that in Fig. 32, and the noise output will be that 
of a click. At some other instant the phase of signal and noise may be such 
that the noise locus encloses the carrier (Fig. 36(a)). The phase variation is 
now quite different because the resultant vector swings right through 360•‹, 
as shown in Fig. 36(b). The frequency deviation is no longer above and 
below the horizontal axis as in Fig. 32 but is more like the amplitude pulse 
of Fig. 28(b). The frequency spectrum has changed from one propor- 
tional to frequency to one independent of frequency, from triangular to 
rectangular. The noise output will therefore be a pop, and it is the pops that 
produce the deterioration in signal-to-noise ratio. Since the phase angle 
between carrier and impulse noise undergoes a random variation, there will 
be a mixture of pops and clicks in the output when the peak impulse exceeds 
the peak signal, and it is the proportion of pops to clicks that decides the 
final signal-to-noise ratio. As there will always be some clicks, the f.m. 
receiver will show a better performance as regards signal-to-noise ratio than 
the a.m. receiver, even at signals below the threshold. The clicks will 
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FIG. 31. PHASE AND FREQUENCY VARlATlON 
DUE TO NOISE IMPULSE 
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FIG. 32. SHAPES OF A.F. NOISE- 
IMPULSE OUTPUT FROM A N  F.M. 

RECEIVER 

Phase 

0 

Frequency 

FIO. 33. EFFECT OF MISTUNING ON THE A.F. NOISE-IMPULSE OUTPUT 
(a) From an A.M. Receiver; (b) From an F.M. Receiver 

FIG. 34. RESULTANT OF CARRIER FIG. 35. RESULTANT OF CARRIER AND 
AND NOISE IMPULSE WHEN THE NOISE IMPULSE WHEN THE NOISE IS 
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generally outnumber the pops, because pops are only produced while the 
noise locus encloses the carrier (Fig. 36(a)), and this occurs much less often 
than the condition shown in Fig. 35. Signal-to-noise ratio improvement 
below threshold is generally not less than about 12 db over the a.m. receiver. 

FIG. 37. &LATIVE S I G N A L - T ~ O I S E  RATIO AGAINST A RELATIVE INPW SIGNAL 
FOR AN F . M .  ANDA.M. RECEIVER 

We have shown that the threshold effect occurs when the peak carrier 
equals the peak noise, and since the peak impulse noise is directly propor- 
tionaI to the passband of the i.f. amplifier it follows that the threshold can 
be made to occur at a lower signal value if the passband is reduced; this 
means that the signal frequency deviation must also be reduced. Fig. 378 
indicates the relative signal-to-noise ratios against input signal obtained with 
a.m. and with f.m. having different frequency deviations. The threshold 
effect, the improvement obtained by reducing bandwidth and frequency 
deviation, and the improvement over a.m. reception below threshold are all 
clearly marked. 

SIGNAL-TO-NOISE RATIO IMPROVEMENT 
We have shown that so long as the peak carrier exceeds the peak noise, 

frequency-modulated reception produces a lower aural noise output than 
a.m. reception and that the amount of noise reduction is much the same for 
random and impulse noise, viz. 4.75db. There are other ways of increasing 
signal-to-noise ratio improvement, such as increasing frequency deviation 
and applying pre-emphasis and de-emphasis. For example, it is not necessary 
to confine the carrier-frequency deviation to within audio-frequency range 
(approximately & 15 kc/s) of the carrier; by increasing the deviation the 
audio output from the frequency-modulated receiver, being directly propor- 
tional to frequency deviation, is increased. Hence, increasing the frequency 
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deviation from & 15 to f 75kc/s is equivalent to increasing the signal 
voltage five times (14db) in comparison with an amplitude-modulated signal 
of & 15 kc/s sidebands. 

In an a.m. receiver having no amplitude limiter no advantage is gained by 
increasing the passband width, because sideband frequencies outside the 
f 15 kc/s region round the carrier contribute practically nothing to the audio 
output. When a suitable amplitude limiter is included in an a.m. receiver a 
reduction in impulse noise interference can be gained by increasing passband 

25 TIMES INCREASE DUE TO 
WIDER MODULATION PASS BAND 

Frequency modulation signal/noise ratio 
23.25 

2-82 TIMES INCREASE DUE TO PRE- EMPHASIS AT 
TRANSMITTER AND DE - EMPHASIS AT RECEIVER 18.75 

3 TIMES INCREASE DUE TO PHASE MODULATION BY NOISE 

FIG. 38. SIGNAL-TO-NOISE RATIO IMPROVEMENT OF F.M. OVER A.M. 

4.75 

DATUM LEVEL 

width, because it reduces the duration and increases the fundamental fre- 
quency of the envelope of the noise impulse wave train as described in the 
introductory section on noise (p. 19). The amplitude limiter can effectively 
clip the high peak amplitude of the pulse, and the resulting signal-to-noise 
ratio, though not as good as that for an f.m. receiver of comparable passband, 
is about lOdb better than for a non-limited receiver. This method of noise 
suppression is not satisfactory against random noise interference. 

The improvement in signal-to-noise ratio is best illustrated by means of 
the stepped diagram of Fig. 38, the first step of which represents an improve- 
ment of 4-75 db due to the reduction in noise because of its phase-modulating 
effect on the carrier. The second step of 14db results from the fivefold 
increase of modulation depth by increasing the deviation from f 15 kc/s to 
&- 75 kc/s. This step could be made even larger either by increasing frequency 
deviation or  by reducing the passband of the audio-frequency stages of the 
receiver. There are objections to increasing f,; it adds to the costs of trans- 
mitter and receiver by requiring greater bandwidth, it takes up a greater 
channel width, and it increases the threshold value of the carrier. The value 
chosen, f 75 kc/s, is a gdod practical compromise. Restriction of a.f. pass- 
band helps by reducingthe nuhe energy; thus by restricting the a.f. passband to 
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ETSPIS7 -olll 
FIG. 39. (a) Example of a Preemphasis Circuit 

(b) Example of a De-emphasis Circuit 

7-5 kc/s the effective noise energy 
is reduced to a quarter and signal- 
to-noise ratio is increased by 6db. 

Owing to the equivalent trian- 
gular distribution of noise in an 
f.m. receiver having a limiter 
stage, pre-emphasis (increased 
amplification of the higher modu- 
lating frequencies) a t  the trans- 
mitter followed by de-emphasis at 
the receiver is more effective in 
raising signal-to-noise ratio for 
frequency modulation than for 
amplitude modulation. Appendix 
3 gives an example toillustratethe 
point. Subjective comparison tests 
have been carried out by the BBCO 
and an improvement of 4.5 db has 
been registered, and this is the 
value used to illustrate the third 
step in Fig. 38. American tests1•‹ 
have suggested that even higher 
values can be obtained if greater 
pre-emphasis is employed, but the 
BBC has found that pre-emphasis 
should not exceed about 50 psec 
if distortion and overmodulation 
(and consequently intermodula- 
tion) by the high audio frequencies 
are to be avoided. 

A word is perhaps necessary on 
the use of microseconds to define 

pre-emphasis. One type of pre-emphasis circuit is shown in Fig. 39(a), and it 
will be noted that if L = 0.5 H and R = lOk52 the time constant of the anode 
circuit of the tetrode a.f. amplifier is 

Assuming that r ,  (slope resistance of valve) is much greater than 10,00052, 
the frequency response is as shown in Fig. 40; there is 3db  gain at 
f = 1/(2?rL/R) = 3180c/s, and the rise above this frequency is at a rate of 
nearly 6db  per octave. The de-emphasis circuit is usually a series RC circuit 
in the detector of the f.m. receiver (Fig. 39(b)), and its response curve (Fig. 40) 
is the inverse of the pre-emphasis circuit, thus attenuating the over-amplified 
high audio frequencies. The time constant RC of the circuit is 50psec, and 
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suitable values are 0.5 MQ and 100pF. If values of pre-emphasis higher than 
50psec are attempted it is found that the high-frequency content of many 
programmes is such that the general level of the programme must be reduced 
if the over-amplified high frequencies are not to cause overload distortion in 
the final a.f. stage or the modulator. 

Since the modulator for a frequency-modulated transmitter requires 
negligible power to operate it and a high-power a.m. transmitter requires a 
modulator capable of supplying to the modulated amplifier power equal to 
half its unmodulated carrier power, there is an appreciable saving in operating 
costs and a higher overall efficiency by the use of frequency modulation. As 
an example, a modulated amplifier supplying 50 kW of unmodulated carrier 
would require about 70kW of d.c. power; the modulator has to supply 
25 kW, and this would call for about 45 kW of d.c. power. If all this modu- 
lator power could be usefully employed in the last stage of an f.m. transmitter 
we could supply a carrier power of 50 + 45 x 50170 = 82 kW, an increase of 
1-64, or 2db. We could therefore, if we so wished, add this as a fourth step 
to the signal-to-noise ratio improvement. It  is not wise to do so, because the 
transmitter designer is more likely to accept the reduction in power input 
than to design a larger output stage using the same total power. 

An overall signal-to-noise ratio improvement of 23db can be expected 
from the use of pre-emphasised f.m. with a deviation of f 75 kc/s and an a.f. 
passband of 15 kc/s. Reduction of the a.f. passband can effect more improve- 
ment, as stated above, and this explains why Fig. 37 indicates an improvement 
of 28 db. 

The improvement in signal-to-noise ratio obtained by the use of frequency 
modulation means that the variation between very loud and very soft passages 
in a programme can be increased if desired. The maximum dynamic range 
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at present employed on the BBC medium-wave transmissions is about 25 db, 
and the range could be increased by another 15-20db by using frequency 
modulation. Clearly any increase in dynamic range would have to be deter- 
mined on an artistic as well as a technical basis, and the size and ambient 
noise level of the normal room in which the receiver operates must play an 
important role in any decisions reached. 

Not only is an increase in signal-to-noise ratio achieved from the use of 
frequency modulation, but there is also a better discrimination against trans- 
mitters on an adjacent channel or even on the same channel. An a.m. 
receiver requires a signal-to-interference ratio of about 60db at the detector 
in order that interference may be negligible, whereas the same result is 
achieved with f.m. reception if the ratio is 30db. This follows from the section 
on random noise (p. 22), where it is shown that a single interfering frequency 
produces only phase modulation of the desired carrier. Let us imagine that 

the interfering signal in Fig. 41 is f;equency 
modulated so as to cause the vector angle of 
swing to be three revolutions (1080"). The 
actual movement of the desired carrier vector 
cannot exceed 8 = s i r 1  Ei/Ec, which is about 
6" if Ei = EJ10, or 30" if Ei = Ec/2. This 
angular movement is very small compared to 
the angular movement caused by the normal 
programme, and the undesired output will be 
very weak and severely distorted even when 
the desired carrier is unmodulated; it will 
certainly be masked by desired programme. 
The mush area between two interfering f.m. 
stations will be much less than that between 
two a.m. stations. 

In mobile receivers this large reduction of 
the modulation of a smaller undesired carrier 
can produce a phenomenon called 'capture' 
effect when operating between f.m. trans- 
mitters operating on a common camer fre- 

quency and each with a different programme. As the receiver is moved away 
from one transmitter towards the other, a point is reached when the second 
programme is heard as a slight background to the first. This occurs when the 
first carrier is about twice that of the second. As the second transmitter is 
approached its programme becomes louder, and both are heard equally loud 
when the two carriers are equal. From this point the first programme 
weakens until a t  a carrier ratio of 1 : 2 it is hardly audible behind the second 
programme. The second transmission is then said to have 'captured' the 
receiver. 
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The BBC plan for v.h.f. broadcasting employs a separation of 200 kc/s 
between transmitters geographically near to each other, and stations on the 
same channel are to be of the order of 300 miles apart. 

METHODS OF PRODUCING FREQUENCY MODULATION 

VARIATION OF MASTER OSCILLATOR FREQUENCY 
In order to produce frequency modulation of a transmitter, the modulator 

must cause the carrier frequency to deviate from its unmodulated value in a 
manner linearly proportional to the modulating voltage. Variation of carrier 
frequency is most easily achieved by varying the L or C of the oscillator 
tuned circuit, but as yet we have not considered what the relationship between 
the variation of L or C, with respect to the modulating voltage, should be. 
The expression for the unmodulated carrier frequency is 

If now the tuning capacitance C changes to C - AC, f, rises to fc + fd, so that 

If we can assume that AC/C is very small compared with 1 (note that 
fdmaxlf, in the proposed f.m. transmission is less than 0.001), then we find 
on consulting square root and reciprocal tables that the square root of some- 
thing close to 1, for example 0.99, is 0.995, i.e. the square root of 1 - 0.01 
= I - 0.01/2. Similarly the reciprocal of 0.995 is 1.005, that is the reciprocal 
of 1 - 0.005 = I + 0.005. Provided therefore that ACIC is less than 0.01 we 
can say that I + fdlf, = I + AC/2C or fd = AC. fc/2C, which is proportional 
to AC. Since the deviation frequency fd is to be proportional to the modu- 
lating voltage Em, this means that AC must be proportional to Em. 

For sound broadcasting a very simple, though not very practical, way of 
achieving f.m. would be to place across the oscillator a condenser microphone 
which produces a change of capacitance proportional to the sound intensity 
striking it. Since all microphones produce a voltage (or current which is 
effectively converted to a voltage), we have the problem of converting a 
voltage to a capacitance or inductance variation, and this is possible with the 
aid of a variable-reactance valve. This type of valve, normally a multi- 
electrode valve, has the oscillator tuned circuit in its anode, so that its 
anode-cathode circuit is in parallel with the tuned circuit. The r.f. voltage 
from the oscillator tuned circuit is suitably stepped down and shifted in 
phase through 90" before being applied to the grid of the reactance valve. 
This grid voltage produces an r.f. anode current in phase with itself and there- 
fore 90" out of phase with the r.f. anode voltage. The anode-cathode space 
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appears as a reactance to the tuned circuit: a capacitive reactance if E, (and 
hence I,) leads on E,, or an inductance if I, lags behind E,. The magnitude 
of the current, and hence the reactance, can be controlled by applying the 

modulation voltage to bias the grid. Increase of Em increases I, and makes 
the anode~athode  space appear as a lower reactance, i.e. a larger C or a 
smaller L, and vice versa. An example of a reactance valve is given in Fig. 
42(a), and the vector diagram in Fig. 42(b) shows how it operates. X, must 
be much greater than R, which is chosen to have a value giving a suitable 
step-down from E, to ED. By this method the anode current cannot be exactly 
at 90" to E,, so that a resistance component as well as a capacitance com- 
ponent is produced. This resistance component will vary with the modu- 
lating voltage and so cause amplitude modulation of the oscillator. The 
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amplitude modulation can be made small by making the oscillator tuned 
circuit impedance low, and it can be removed by following the oscillator by 
a limiter valve. Some distortion of the frequency modulation of the oscillator 
does occur due to this undesired amplitude modulation change, and steps 
may be taken when high-fidelity modulation is required to remove the vari- 
able resistance. One way of doing it would obviously be to inject into the 
grid circuit a small amount of E, in reverse phase, as indicated in Fig. 42(c). 
The resultant E, is the sum of IR and -AE,, and this can be made exactly 
at 90" to E,. Naturally there are many other methods of obtaining a 90" 
phase shift between anode and grid. Thus the CR network in Fig. 42(a) may 
be replaced by an RL network which produces again the equivalent of a 
capacitance in the anode-cathode space. If the CR network is replaced by 
the RC circuit, the result is an equivalent of inductance in the anode4athode 
space. 

It is possible to reduce amplitude modulation by using reactance valves in 
push-pull (see Fig. 43(a)). The vector diagram of Fig. 43(b) shows that valve 
V1 produces the equivalent of C and that of V2 the equivalent of L. Increase 
of I,, means increase of Cal, and this lowers the frequency to f, - f,. The 
inductive reactance produced by the anode-cathode space of V2 is in 
parallel with the tuned circuit, and decrease of I,, causes the total L to be 
increased; so again the oscillation frequency is decreased. Thus, when the 
modulation voltage is going positive on V1 and negative on V2 the net effect 
is a decrease of oscillation frequency.?TXevector diagram of Fig. 43(c) 
illustrates this point by separating I,, and I,, into their in-phase ( I d  and 90" 
out-of-phase (Ix) components. For convenience it is assumed that in the 
unmodulated condition I,, and I,, are equal in amplitude and have 
numerically equal phase angles of opposite sign-in mathematical terms they 
are conjugates. The in-phase components are in the same direction and so 
the effective in-phase component is their sum, i.e. IRl + IR2 = 2IRl. The 
out-of-phase or reactive components are in opposite directions and the 
effective out-of-phase component is their difference, i.e. IX1 - IX2 = 0. 
Positively increasing modulating voltage applied to V1 causes I,, to increase 
to I,, +A], and, owing to the push-pull connection, causes I,, to decrease 
to I,, - Ala2 (Fig. 43(d)). The effective in-phase component is 

if the two valves are identical. Since the effective in-phase component has 
not changed there can be no amplitude modulation; even if we cannot 
assume that the two valves are identical in performance we see that push-pull 
reactance modulation can reduce appreciably the amplitude modulation by 
reducing the change of in-phase component from AIR, to AIR, -AIR,. The 
effective out-of-phase component is 

if the valves are identical; thus the push-pull connection has given us a 
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reactance change of twice that of one valve. When the modulation voltage 
changes to its negative cycle the reactive out-of-phase component changes 
direction from capacitive to inductive and the vector diagram is that of 
Fig. 43(e). 

FIG. 44. S. T. AND C. PUSH-PULL VARIABLE-REACTANCE VALVE MODULATOR 

Push-pull reactance modulation has the further advantage that it reduces 
the effect of hum in the h.t. supply or from the heaters and also tends to 
reduce mean carrier frequency variation due to h.t. or 1.t. change in the 
supplies to the reactance modulators. 

In the S.T. and C. type of transmitter which is to be used for the BBC v.h.f. 
transmissions a push-pull reactance modulator is employed, and its circuit 
diagram is shown in Fig. 44. It differs only slightly from that of Fig. 43(a); 
the oscillator operates in push-pull and the 90" phase-shifted input voltage 
to the reactance valves is obtained from a coil coupled to the oscillator 
circuit through a network, which preserves the 90" phase shift with negligible 
amplitude change over the maximum frequency deviation range. The phase- 
shifted grid voltage is common to both reactance valves, one of which 
appears as an inductance and the other as a capacitance. There is 180" phase 
difference between the anode voltages of the reactance valves because they 
are connected to opposite ends of the oscillator tuning coil; this achieves the 
change from L to C variation between the reactance valves instead of having 
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a 180" phase shift between the r.f. voltages in the grid circuits, as illustrated 
in Fig. 43(a). The modulating voltages are, of course, in push-pull for 
Figs. 43(a) and 44, and the vector diagram corresponding to Fig. 43(c) is 
that shown in Fig. 44. The current vectors Zal and I,, are in phase but 
traverse the oscillator half-coil in opposite directions, so that the effective 
reactance current is I,, - I,,, and any change of grid voltage due to push- 
pull modulation voltages at the grids produces a reactance current change 
of AI,, + AIa2. 

TO REACTANCE 
-C 

VALVES 

FIG. 45. THE PRODUCTION OF A D.C. VOLTAGE FOR AUTOMATIC FREQUENCY CORRECTION 

In order to reduce the possibility of unwanted frequency modulation due 
to hum or changes of h.t., a d.c. 1.t. supply is used for the audio amplifier 
valves preceding the reactance valves, for the reactance valves themselves and 
for the oscillator; the h.t. supply to the oscillator and reactance valves is 
electronically stabilised. In spite of all these precautions carrier mean fre- 
quency stability cannot be as high as that of a crystal oscillator, and some 
attempt must be made to approach crystal stability. This is generally 
achieved by comparing the carrier mean frequency or a related frequency with 
that of a crystal oscillator. The frequency difference between the two is 
either converted to a d.c. voltage or is employed to supply power to drive 
a motor controlling a capacitor across the oscillator tuned circuit. The d.c. 
voltage corresponding to the frequency difference is used to bias the reactance 
valves so as to reduce the drift. An example of the latter is shown in Fig. 45, 
and it will be recognised as a common form of automatic frequency correction 
circuit. The frequency-modulated carrier and the comparison crystal oscil- 
lator are supplied to a frequency changer in whose output there are two 
circuits, one tuned above the nominal difference frequency of carrier and 
crystal and the other tuned below. Two diodes rectify the output of the tuned 
circuits and their d.c. outputs are connected in opposition. When the carrier 
frequency is at its correct value, the frequency changer output frequency is 
centred between the frequencies of the tuned circuits. The output voltages 
from the diodes are therefore equal and no bias goes to the reactance valves; 
any error in carrier frequency causes a voltage of either positive or  negative 
sign to appear across AB and so change the bias on the reactance valves, 
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which, if correctly connected, will then change the carrier frequency to bring 
it back towards its correct value. 

The motor-driven corrector circuit is used in the transmitter to which 
Fig. 44(a) applies, and a block schematic diagram is shown in Fig. 46. The 
initial master oscillator frequency is at about 5 Mc/s. It  is followed by 

FIG. 46. THE METHOD OF AUTOMA~C FREQUENCY ~ORRECION EMPLOYED M THE 
S. T. AND C. TRANSMITTER 

multiplier stages (18 times) which bring the final carrier frequency into the 
range 88-108 Mc/s, but these are omitted from the diagram, since they do not 
affect the automatic frequency correction. The master oscillator frequency 
is mixed with that of a crystal oscillator to produce a resultant frequency of 
nominally 7.5 Mcls, and this is divided down 500 times to 15 kc/s in four 
stages. This output of 15 kc/s, together with an output from a crystal oscil- 
lator operating at 15 kc/s, is fed to a two-pair balanced modulator system, 
the output of which supplies a two-phase field to a synchronous motor 
mechanically coupled to a trimmer capacitor (C1 in Fig. 44) across the master 
oscillator tuned circuit. The balanced modulators produce sum and dif- 
ference frequencies of the master oscillator and crystal oscillator, and it is 
the difference frequency which drives the motor in such a direction as to 
reduce the difference between the master oscillator nominal 15 kc/s and the 
crystal 15 kc/s. When there is no difference between them the master oscil- 
lator is on correct frequency, the motor field is stationary, and there is no 
drive. The master oscillator 15 kc/s derived frequency will, of course, be 
frequency modulated, but since dividing reduces the modulation index, 
inertia and friction in the motor itself will prevent any movement due to this 
cause. Thus if we assume that the master oscillator (operating at about 
4.5 Mc/s) is fully modulated (f, = 3.75 kc/s) at f, = 50c/s, we find after 
dividing down 500 times that the modulation index is 3750/(500 x 50) = 0.15 
radians = 85", which is the half-angle of carrier vector swing and will have 
negligible effect on the motor. The modulators are essential to the production 
of the difference frequency, and the chief advantage of operating them in the 
balanced condition is that it reduces the possibility of interaction between the 
master oscillator and the crystal oscillator and also reduces the amount of 
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undesired 15 kc/s current circulating in the motor. In the circuit of Fig. 46 
there is no component of crystal frequency in the output if each pair of valves 
is correctly balanced. There is a phase difference of 90" between the crystal 
inputs to the two pairs of modulators, and this is obtained by the CR phase- 
shift network shown in Fig. 46. This phase shift is essential in order to pro- 
duce the two-phase field which drives the motor. The motor itself has to be 
specially designed for operation at low speeds. The advantages gained from 
this type of frequency correcting circuit are: 

1. It does not affect the bias point of the reactance modulators, which can 
be set for minimum distortion. 

2. It has a wide lock-in range (about f 175 kc/s). 

3. Failure of the correction circuit does not throw the master oscillator right 
off its frequency, but allows it to continue from its last corrected value. 
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FIG. 47. THE METHOD OP FREQUENCY DIYISION USED IN THE 
S. T. AND C. TRANSMITTER 

A description of this frequency-correcting circuit would not be complete 
without a short note on the method of dividing down the 7-5 Mc/s frequency- 
changed master oscillator output. The divider consists of two valves (Fig. 47), 
a frequency changer and a multiplier. The 7.5Mc/s input is applied to the 
frequency changer, which has in its anode a circuit tuned to (say) 1-5 Mc/s. 
This output is taken to a multiplier which quadruples the frequency to 
6Mc/s, and the latter is then connected back to the other frequency-changer 
grid to react with the 7.5 Mc/s to boost the existing 1.5 Mc/s. The divider 
only provides an output when it has an input of approximately 7.5 Mc/s, and 
it starts up after shock excitation of the 1-5 Mc/s, due either to the switching 
on of the 7.5 Mc/s or due to transient excitation from the h.t. circuit (or noise 
in the valves) after the 7.5 Mc/s has been applied. 

Since a normal LC circuit cannot have a frequency stability equivalent to 
that of a crystal, it would appear that frequency correction might be dispensed 
with if it were possible to frequency modulate a crystal. The chief difficulty 
lies in the fact that a crystal does not act as a simple resonant circuit but has 
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a number of secondary resonances, which often fall within maximum devia- 
tion frequency range of its main resonance. The Marconi FMQ system has 
overcome the problem of spurious responses and produced a crystal capable 
of modulation. This is the other type of transmitter that will be used for the 
BBC v.h.f. service, and the block diagram of Fig. 48 shows the general 
arrangement. Push-pull reactance modulation is employed, and an unusual 
feature of the circuit is that the current in the reactance valves does not 
modulate the crystal but is used to develop a voltage driving another valve 
whose current modulates the crystal. This valve has a much higher mutual 
conductance than the reactance valves, so that it acts as a reactance current 
amplifier. A buffer valve tuned to the crystal frequency (between 3-5 and 
4.5 Mc/s) precedes the multiplier stages and provides automatic gain control 
to stabilise the action of the oscillator valve, preventing the crystal from bCi~g 
overdriven and ensuring that the reactance valves are not overloaded by the 
r.f. input voltage. 

FIG. 48. BLOCK SCHEMATIC DIAGRAM OF TAE MARWNI FMQ T R A N S ~ R  

A very much simplified circuit diagram of the frequency modulator and 
oscillator is shown in Fig. 49. The crystal oscillator valve V4 has its anode 
circuit connected to the crystal via the $A transformer LlCIC2. The crystal 
operates when unmodulated at its series resonant frequency, and the purpose 
of the $A transformer is to convert the crystal series circuit into its parallel 
equivalent so that the reactance modulation, which is a parallel component, 
can be fully effective. Maintenance of oscillation is achieved by coupling 
anode to grid of V4 through the phase-adjusting network L2C3C4. This 
network provides two r.f. outputs at approximately 0" and 180" to the anode 
voltage, i.e. the two reactance valves are fed with oppositely phased r.f. 
voltages, approximately in and out of phase with the oscillator (V4) anode 
voltage. The 90" phase shift required for reactance modulation is obtained 
by the capacitance C5 in the anode circuit of V1 and V2. The coil L3 acts 
as an r.f, choke and the anode load is effectively C5. The currents from Vl 
and V2 will be very nearly in phase with the grid voltages, so that the anode 
voltage across C5 will be practically at 90' and 270" to each grid input 
voltage. The required overall phase shift of 90" can be achieved by adjusting 
the tuning of the L2C3 and C4 circuit. Valve V3 acts as an amplifier, con- 
verting the reactance voltage across C5 into a reactance current to the 
oscillator valve V4 anode circuit. Capacitor C5 is variable and can be used 
to control maximum frequency deviation. Decrease of C5 increases the grid 
voltage of V3 and increases frequency deviation. 



Fro. 49. SIMPLIFIED CIRCUIT DIAGRAM OF THE MARCONI FMQ TRANSMITTER 
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The a.f. modulating voltage is supplied to V1, and phase reversal to V2 
is achieved by a large resistance in the common cathode circuit of V1 and 
V2. This resistor R1 is bypassed to r.f. but not to a.f. by a small parallel 
capacitor. The two valves are balanced by adjustment of their screen voltages, 
and when no modulation voltage is applied there is no r.f. voltage across 
C5. Application of a.f. causes the balance to be upset, and a leading or 
lagging r.f. voltage is produced across C5. The result at the anode of V4 is 
a lagging or leading current similar to that shown in Figs. 43(c), (d) and (el. 

The output from the buffer valve V5 is rectified by a biased diode V6 
(actually the grid and cathode circuit of the first multiplier valve), and this 
d.c. voltage biases the oscillator valve V4 to maintain amplitude stability of 
oscillation. 

FREQUENCY MODULATION THROUGH INTEGRATED PHASE MODULATION 
On page 11 we have already shown that phase modulation is frequency 

modulation with bass cut, and so it is possible to produce frequency modula- 
tion from a phase modulator by including a bass boost circuit in the modula- 
tion voltage amplifier as indicated in Figs. 12(a) or (b). A bass boost circuit 
effectively integrates the frequency response-hence the term 'integrated 
phase modulation.' This method of producing frequency modulation has the 
merit that a crystal master oscillator may be employed, with consequent high 
mean frequency stability of carrier. It has the disadvantage that the per- 
missible maximum frequency deviation is small and there have to be a large 
number of multiplier stages. This is serious when wide-band frequency 
modulation (f, = 75 kc/s) is required, and its use is largely limited to low- 
power speech communication systems. It is unlikely to be used for v.h.f. 
broadcasting. The original Armstrong modulator was, in fact, a phase 
modulator; amplitude modulation is first employed, and the sidebands thus 
produced are shifted through 90" and then added back to the carrier. The 
circuit diagram of Fig. 50(a) shows how it is achieved. A balanced modulator 
(valves V1 and V2) enables the carrier to be filtered from the sidebands, 
which are given a 90" phase shift by the transformer in the anode circuit. 
The 90" phase-shifted sidebands are amplified by V4, and they appear in the 
common anode circuit to V3 (the carrier amplifier valve) and V4 together 
with the carrier. The carrier voltage is applied in the same phase to the grids 
of the modulator valves V1 and V2, and the push-pull anode connection 
causes the anode current components to cancel each other if the valves are 
properly balanced. Fig. 50(b) recalls why phase modulation results. The two 
sidebands form a resultant at 90" to the carrier, causing it to swing from side 
to side, and the angle of swing is dependent only on the sideband amplitudes 
and not on their frequency. It is not, of course, exact phase modulation 
because the resultant carrier is not constant in amplitude, and this causes 
modulation distortion. By restricting the angle of maximum swing to 25", 
distortion (mostly third harmonic) does not exceed 3 %. 

A more obvious and direct way of producing phase modulation is to place 
a reactance valve across the tuned circuit of a buffer valve following a crystal 
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master oscillator (Fig. 51(a)). The action of the circuit is represented by the 
vector diagram of Fig. 51(b). When the carrier is unmodulated the buffer 
tuned circuit is resonant to the input carrier frequency and the output voltage 
is in phase with the anode current I,, which is itself in phasi with E,. When 
the modulating voltage goes positive the reactance valve appears as a capaci- 
tance (say), so that the buffer tuned circuit is capacitive and the output 

1 h 
OSCl LLATOR 

REACTANCE 
MODULATOR 

FIG. 51. PHASE MODULATION, USING A REACTANCE VALVE ACROSS A BUFFER VALVE 

voltage E," lags on the anode current I,. When the modulating voltage goes 
negative the reactance valve appears as an inductance and the output voltage 
E,' leads on I,. The swing of the E, vector is unaffected by the modulating 
frequency, and hence we have phase modulation. If a single-valve reactance 
modulator is employed its reactance does not change from capacitive to 
inductive, but the buffer tuned circuit plus reactance valve still does so, 
because in the unmodulated condition the reactance valve acts as part of the 
tuning reactance and modulation causes it to increase and decrease about its 
unmodulated value. 

With phase modulation of this type there will inevitably be some amplitude 
modulation, but this can be reduced by not allowing the phase swing to exceed 
f 25". This is in any case essential, since the phase variation must be 
linearly proportional to modulating voltage. With the single tuned circuit . 
the greatest possible variation of phase is f 90•‹, and this occurs when the 
frequency is zero or infinite. The difficulties of using phase modulation for 
wide-band f.m. transmission is best appreciated by taking an example. Let 
us assume that the maximum deviation frequency which must be catered for 
at 50c/s is f 25 kc/s; this gives a modulation index of & 25,000/50 = f 500 
radians. The maximum phase swing of f 25" corresponds to a modulation 
index of approximately 0.5 radian, so that the initial index must be multiplied 
1000 times to achieve f 500 radians. A large number of multiplier stages 
is required and this not only increases cost but makes it more difficult to 
maintain a low noise and hum level. Direct multiplication by 1000 would 
entail a low master oscillator frequency-90 kc/s if the final camer is 90 Mc/s. 
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Frequency changing can overcome this disadvantage; for example, if the 
master oscillator frequency has the more normal value of 4.5 Mc/s, it could 
be phase modulated f 0.5 radian and followed by a doubler and tripler stage 
to raise the p.m. carrier to 27 Mc/s f 3 radians. By applying this and a Mth 
harmonic of the original master oscillator to a frequency changer we can 
regain the original 4.5 Mc/s modulated at f 3 radians and repeat the multi- 
plication process. 

MEASUREMENTS ON FREQUENCY-MODULATED 
TRANSMITTERS 

A frequency-modulated transmitter, like its amplitude-modulated counter- 
part, requires check measurements to be made on its equivalent modulation 
percentage (in this instance it is actually frequency deviation), its transmitted 
carrier frequency, and the noise, hum and distortion content of its modulated 
wave. Noise, hum and distortion can only be checked after the modulation 
has been extracted; measurement of carrier mean frequency when unmodu- 
lated presents no difficulties, but special arrangements have to be made for 
checking its value when modulated. 

Frequency deviation is generally measured by a voltmeter in the audio- 
frequency circuit, the readings being calibrated using the Bessel function 
zeros of the carrier. 

Most f.m. transmitters use a.f. voltmeters calibrated in terms of frequency 
deviation. The calibration is achieved by detection of the heterodyne be- 
tween the frequency-modulated master oscillator and another r.f. oscillator 
whose frequency is displaced by about 1000c/s. The anode circuit of the 
detector is tuned to the heterodyne note (1000c/s) and tone modulation is 
applied until the heterodyne amplitude falls to zero. This occurs when the 
modulation index fd& = 2.405; a second and third carrier zero occurs at 
indexes of 5-52 and 8.654. Thus if the modulation tone is 480~1s and the 
master oscillator is multiplied 18 times, the third carrier zero represents a 
deviation of f 75 kc/s for 

fd = 0.48 x 8.654 x 18 = 75 kc/s 
The first and second zeros correspond to 20-85 and 47.8 kc/s respectively. 
Other calibration points can be obtained by changing the modulation fre- 
quency. The latter should not, of course, be at a submultiple of 1000c/s, 
otherwise the modulation itself may produce a response at lOOOc/s and so 
confuse the carrier zero. By skilled operation it is possible to dispense with 
the 1000c/s tuned circuit. For example, it is possible to discriminate against 
a low- and high-frequency tone, and if the heterodyne note is made about 
600~1s and the modulation (say) 1735~1s aural discrimination in favour of 
the 6004s can be achieved and it will be heard to disappear at the first zero 
when the deviation frequency is 75 kc/s. 
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DETERMINATION OF CARRIER MEAN FREQUENCY 
The chief advantage of some continuous indication of carrier mean fre- 

quency is that it provides a check on the linearity of modulation. Any 
variation that occurs when modulation is applied indicates that distortion of 
the modulation content is being produced by the modulation process. When 
a transmitter is fitted with automatic frequency correction it is a simple 
matter to obtain visual observation. The bias type of corrector gives a d.c. 
reading corresponding to carrier mean frequency, and it can be calibrated in 
terms of frequency. With the motor-corrected type the position of the rotor 
during modulation will show whether modulation distortion is occurring. 

Most frequency-modulated transmitters are likely to be provided with a 
receiver to give an aural quality check, and the necessary frequency-to- 
amplitude convertor will then provide a voltage related to the carrier mean 
frequency. 

DETERMINATION OF NOISE, HUM AND DISTORTION OF MODULATION CONTENT 
For this purpose some means of regaining the modulation voltage from 

the f.m. carrier is required, i.e. the frequency change must be reconverted to 
an amplitude change. There are two basic principles underlying methods of 
achieving this. The first converts the frequency deviation into an amplitude 
change, which is then detected by a diode. The second involves integration 
by a valve charging or discharging a capacitor with impulses derived from 
the frequency-modulated signal. The amplitude of the pulses is constant, but 
their number, and therefore their mean value, are proportional to the instan- 
taneous carrier frequency. We shall deal only with the first method, which 
involves converting the frequency-modulated carrier into a combined 
frequency- and amplitude-modulated carrier, the amplitude change of which 
is detected by a diode, the frequency change being ignored. 

Thc simplest form of convertor is a circuit off-tuned from the carrier; when 
such a circuit is connected in the anode of a tetrode or pentode valve it pro- 
duces an output voltage/frequency curve as shown in Fig. 52(a) if a constant- 
amplitude variable-frequency voltage is applied to its grid. By detuning the 
circuit to bring the unmodulated carrier to point A, frequency modulation 
results in an output voltage of amplitude proportional to the frequency 
deviation of the carrier. It will, however, only be linearly proportional if the 
frequency excursion is confined to the linear part of the selectivity curve. By 
applying the output voltage to an amplitude detector. such as a diode, an 
audio-frequency signal corresponding to the original signal modulating the 
transmission is obtained. Conversion to amplitude change can be obtained 
on either side of the selectivity curve (at A' as well as A) and the only dif- 
ference will be a 180" phase shift in the detected modulation (see Fig. 52(b)). 
If the circuit is not off tune the amplitude change will be very distorted and 
equivalent to a full-wave rectified version of the original modulation (Fig. 
52(c)). The length of the straight part of the selectivity curve usable for 
frequency-to-amplitude conversion can be increased by damping the tuned 
circuit, as shown by the dotted selectivity curve in Fig. 52(a). 



M E A S U R E M E N T S  O N  F . M .  T R A N S M I T T E R S  

output 
vdtage A 

I 

l ! I  Frequency ---+ 

FREQUENCY 
DEVIATION 

AMPLITUDE 
CHANGE 

FREQUENCY 
DEVIATION 

AMPLITUDE 
----- CHANGE 

; Frequency ---) 

FREQUENCY 
DEVIATION 

ETSP130 

Conversion efficiency can 
be doubled by using two cir- 
cuits tuned in opposite direc- 
tions, one using point A and 
the other point A' in Fig. 
52(a). Since the amplitude 
changes are at 180' the two . 
diodes must be connected in 
phase opposition in order 
that the a.f. outputs may 
add. Fig. 45 is an example 
of this type of convertor, 
known as the amplitude dis- 
criminator. If the input fre- 
quency to the two tuned cir- 
cuits is varied, the d.c. out- 
put voltage across the diode 
loads (AB in Fig. 45) follows 
the S shape shown in Fig. 
53. In normal operation fre- 
quewy deviation is confined 
betwqen X and Y, where the 
voltaqe changeis linearly pro- 
portio a1 to frequency. The 
turno $ er at Z and Z' approxi- 
matelf represents the tuning 
frequency of either circuit. 
At thle carrier frequency un- 
modulated value VAB is zero ; 
if there is any change in car- 
rier mean frequency during 
modulation it will appear as a 
positive or negative variation 
of VAB, and this can be used 
as the indicator required] in 
the previous section. 

The curve in Fig. 53 can 
be obtained by suitable con- 
nection of two coupled tuned 
circuits, and this phase dis- 
criminator, as it is called, is 
much more common than 
the amplitude discriminator. 
it is shown in one of its 
simplest forms in Fig. 54(a). 
The secondary of the coupled 

FIG. 53. AMPLITUDE/FREQUENCY CHARACTERISTIC OF THE TWO OFF-TUNED 
CIRCUITS CONVERTOR 

INPUT 

F M  :3 

Fm. 54. THE PHASE DISCRIMINATOR FREQUENCY-TO-AMPLITUDE CONVERTOR 
(a) Circuit; ( h )  Vector diagram 
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circuits is centre tapped, and half its voltage in series with the primary voltage 
is applied to a diode Dl and the other half also in series with the primary is 
applied to a second diode D2. The primary voltage is developed via capacitor 
C1 across the r.f. choke Ll between the centre tap of the secondary and the 
centre point of the diode load resistors. The outputs of the two diodes are 
connected in phase opposition, and an overall output voltage/frequency curve 
similar to that of Fig. 53 is obtained when the primary and secondary are 
tuned to the carrier unmodulated frequency. The fact that the curve of Fig. 
53 is repeated makes it clear that the phase discriminator must produce a t  
the two diodes the equivalent of two tuned circuits off-tuned in opposite 
directions, and this can best be explained by reference to the vector diagram 
of Fig. 54(b). The primary voltage vector is V, and the two half-secondary 
voltage vectors f 4V2 are shown in phase opposition because of the centre 
tap. At resonance the primary and secondary vectors are at right angles, but 
for other frequencies greater or less than resonance the two secondary vectors 
are tilted to positions such as, for example, f. BV,' and f BV," respectively. 
The amplitudes of the secondary vectors decrease as the off-tune frequency 
increases, and their loci are the circles shown. The primary voltage vector 
does not appreciably change its length until the off-tune frequency is large. 
Assuming V, remains constant, we see that the voltages VDl and VD2 applied 
to the diodes have maximum values when the secondary vectors are at 
approximately 45". This causes the frequency response of the input voltage 
VD, to be similar to that of a circuit off-tuned below the carrier frequency 
and that of VD2 to be similar to that of a circuit off-tuned above the carrier 
frequency. The actual frequencies of maximum response are determined by 
the Q of both circuits and the degree of coupling between them; decrease of 
Q and increase of mutual coupling M increases the off-tune frequencies for 
the maxima. 

The phase discriminator is not difficult to align if we note these points: 

I .  Primary tuning affects the symmetry of the positive and negative halves 
of the S characteristic of Fig. 53, a primary resonant frequency less than 
carrier frequency makes the lower frequency peak of greater amplitude 
than the upper (Fig. %(a)), and the converse is true (Fig. 55(b)). 

2. Secondary tuning controls the frequency of zero voltage, a secondary 
resonant frequency greater than carrier raises 'zero' voltage above carrier 
frequency (Fig. 56(a)) and vice versa (Fig. 56(b)). 

3. Mutual inductance varies the upper and lower maximum frequencies, 
moving them further apart as M is increased (Fig. 57). There is an 
optimum coupling giving the greatest linear range of conversion, for too 
large a value of M produces a double S shape, as shown in Fig. 57. 

For measuring noise, hum and distortion the transmitter is suitably tone 
modulated and output from either amplitude or phase discriminator is 
amplified. These measurements can then be carried out as they are for the 
BBC amplitude-modulated transmissions. 
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FIG. 56. EFFECT OF A SECONDARY MISTUNING ON THE AMPLITUDE~FREQUENCY 
CHARACTERISTIC OF THE PHASE DISCRIMINATOR 

FIG. 57. EFFECT OF MUTUAL-~NDUCTANCE COUPLING ON THE AMPLITUDE/FREQUENCY 
CHARACTERISTIC OF THE PHASE DISCRIMINATOR 
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RECEPTION OF FREQUENCY-MODULATED TRANSMISSIONS 

We will conclude this supplement with a short note on the reception of 
f.m. signals. A block schematic of a suitable receiver is shown in Fig. 58. 
It differs from the corresponding a.m. receiver only by the inclusion of the 
limiter and frequency-to-amplitude convertor. As the receiver will be operat- 
ing in the v.h.f. range, oscillator frequency stability will be all-important. It 
can be made satisfactory by using a crystal-controlled oscillator (a separate 

DIPOLE 

AMPLIFIER Q 
CTSVl44 

S W K E R  

FIG. 58. BLOCK SCHEMATIC OF THE F.M. RE- 

crystal is needed for each transmission) or by fitting some form of automatic 
frequency correction through bias control from the frequency-to-amplitude 
convertor, which provides a positive or negative d.c. voltage when the in- 
coming signal is not correctly centred in the i.f. band of the receiver. This 
bias may be used either to control the d.c. supply voltagesll to the oscil- 
lator electrodes or to control a reactance valve across the oscillator. 

The intermediate frequency will have to have a high value (about 10 Mc/s) 
in order that the required wide passband may be satisfactorily obtained and 
the possibility of second-channel interference from other f.m. stations in the 
band (88-108 Mc/s) be reduced. . 

We have already described the two main forms of frequency-to-amplitude 
convertor, and it is only necessary now to deal with the limiter. The limiter 
is an essential part of the receiver, for without it there would be no hope of 
achieving the high signal-to-noise ratio so characteristic of good f.m. recep- 
tion. The purpose of the limiter is to remove any amplitude modulation 
produced by noise or unwanted disturbances in the transmission path or the 
receiver itself. There are a number of possible forms of limiter, but the most 
practicable is the saturated amplifier having a gain factor inversely propor- 
tional to the signal amplitude. A simple type is shown in Fig. 59, and it 
operates by 'squaring' both parts of the incoming waveform; grid current 
damping and anode current pseudo-saturation due to using a low anode 
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voltage help to square the positive half of the wave, and a low screen voltage 
produces a short grid base to square the negative half. A tuned curcuit in the 
anode selects the fundamental component of the squared wave. The time 
constant of the grid CR circuit must be much greater than that of the carrier 
frequency but not so long as to prevent the bias following any amplitude 
change present. Anode and screen voltages are usually of the order of 
40 volts. 

It is possible by modification of the diode connections to the phase 
discriminator to use them as limiters and so combine the limiter and fre- 
quency-to-amplitude convertor stages. The diodes act as a variable damping 
across the primary and secondary tuned circuits, so that with any increase in 
applied voltage the a.c. resistance of the diodes falls and the overall gain of 
the frequency-to-amplitude convertor is reduced. This type of combined 
limiter-convertor is called the ratio detector.12 Its performance approaches 
but does not quite equal that of a separate limiter.13 
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APPENDIX 1 

THE EXPRESSION FOR A FREQUENCY-MODULATED WAVE 
In order to derive a mathematical expression for a frequency-modulated 

carrier we must define what is meant by the frequency of a rotating vector 
such as E sin 8. The angle 0 is the angular distance covered by the vector E 
in its rotation from some reference point, r = 0, in time. If the frequency f 
is constant, the angular frequency w = de/dt is constant and equals 2 4  
where w is in radians per second and f is in cycles per second. The angle 8 
at any time instant t ,  is therefore 8, = wt,. When the frequency f is itself 
varying with time we must find the wave expression by integrating w, because 

When a carrier is frequency modulated, its frequency is varied above and 
below a mean value fc in accordance with the instantaneous amplitude of the 
modulating voltage Em sinpt, and thus its instantaneous frequency is 

fc' = f, + KE, sinpt = fc  + fd sinpt 

where & = KE,, the deviation frequency corresponding to the modulating 
voltage amplitude Em. The expression for the angular travel 8 of the carrier 
vector is 

8 = 2nJ f dt = 2nj (h + fd sin pt) dt 

= 2m f,t -- cospt ( $ 1  

Hence the mathematical expression for the frequency-modulated wave is 

E sin wt - - cospt ( ;: ) 

FIG. 60 (a) 
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We can interpret this pictorially by considering the vector E sin wt as the 
reference vector and noting that 4 = - f,/fA cospt is the angular swing of 
the vector due to ,the frequency modulation. Referring to the modulation 
cycle of Fig. @(a), we can tabulate the angular swing 4 and the carrier 
frequency at the modulation cycle points A, B, etc. 

Point on 
Cycle 

Angular 
Time 

in Cycle 
Cos pt 

Angular 
Position 

of Vector 4 
Carrier 

Frequency 

Carrier frequency is obtained from f = f, + f, sinpt, and the vector repre- 
sentation is shown in Fig. 60(b). 
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APPENDIX 2 

RELATIVE ENERGIES IN RECTANGULAR AND TRIANGULAR NOISE SPECTRA 
In determining the relative energies of rectangular and triangular noise 

spectra we need consider only one half, e.g. the upper noise sideband. 

amplitude k 

Frcqucncy- 

FIG. 61. FREQUENCY SPECTRUM OF NOISE IN A.M. AND F.M. RECEIVERS 

Referring to  Fig. 61, the noise energy in the rectangular wave is 

where k = the amplitude of each individual noise voltage 
fa = maximum audible frequency 
R = the resistance into which the noise voltages work 

Hence w n r  = k 2f,/R 

For the triangular noise spectrum the noise energy 

The ratio rectangular spectrum noise energy 
= 3 

triangular spectrum noise energy 
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APPENDIX 3 

THE EFFECT OF PRE-EMPHASIS AND DE-EMPHASIS 
The effect of preemphasis followed by de-emphasis is to modify the shape 

of the noise spectrum, and to show that this increases the signal-to-noise 
ratio improvement of f.m. over a.m. let us assume that the effective noise 
spectrum due to the de-emphasis circuit in the a.m. receiver is that shown in 
Fig. 62(a). The treble cut follows a linear law between 4 fa + fa, and we can 
sum the effective noise energy from 0 to f f, and from 4 fa to fa as follows. 

0.5k2 
Noise energy from 0 to 4 f - 

" - R  R 

The equation to the cut-off line XY is k{l-5 - CfIfa))  because a t  X(4 f,) the 
noise amplitude is k and at YCf,) it is Sk. 

.'. Noise energy from 3 fa to f a= -  k2(1.5 - f fa )2df  
R [ a  

R 

k2fa Total noise energy in a.m. output = 0.792 - 
R 

If the same de-emphasis circuit is employed in the f.m. receiver, the 
triangular noise energy above 3 fa is modified as shown in Fig. 62(b). 

Noise energy from 0 to $ f' a -  - - i;d f2df 
(see Appendix 2) o 
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The equation to the curve VWY is k(l.5 - fVa)jva. 

FIG. 62. EFFECT OF DE-EMPHASIS ON THE NOISE FREQUENCY SPECTRUM 

Noise energy from 3 fa to fa = (1.5 - - f f J 2  a'f c: 

k 2 f a  Total noise energy = 0.188 - 
R 

Ratio a.m./f.m. = 4-2 = 6.25 db 

This is 1.5 db better than that without pre-emphasis and de-emphasis. 
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