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AUTHORS’ PREFACE

he desire to improve the quality of sound in recorded music led to the
Tintroduction of stereophony. This first became available on gramo-

phone records and was so successful that it was later extended to pre-
recorded stereo tapes and finally to BBC radio transmissions.

Stereo receivers are now common items of domestic equipment and the
BBC plan to extend their stereo service in the near future.

Whilst details of the basic theory are available in separate articles, it was
thought desirable to prepare a book containing a survey of the complete stereo
system from transmitter to listener. This inevitably has meant the inclusion
of such items as frequency—changers, i.f. amplifiers and f.m. detectors which
are common to both monophonic and stereophonic radio,

The book includes the latest information available on equipment design,
servicing and operation. It deals with aerials, stereo decoding, transmission
and reception, stereo decoding, acoustics and speaker positioning, receiver
adjusting and circuit analysis.  Designs incorporating integrated circuits,
ceramic filters and electronic push-button tuning are fully described.

Whilst most of the book is desctiptive, mathematical analysis has been
included where required. It is hoped that it will be of use to students,
technicians, enthusiastic amateurs and hi-fi equipment owners, and: that it will
remove some of the difficulties in understanding stereophonic techniques.

The authors have shared equally in the task of writing (although one did
not take the Left channel and the other the Right) and any mistakes found
will naturally be tﬁhe_fault» of the other. . .. .. :

Our thanks are due to the many organizations who have assisted us by
providing circuits and details .of their products and giving permission to
publish them. : Our families, who also deserve our thanks, will now be able
to revert back to listening to the speaker outputs instead of looking at an
oscilloscope trace.

‘ __P. Harvey

K. J. BoHLMAN
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1

STEREOPHONIC SOUND:
BASIC IDEAS

NE of the main aims in the reproduction of sound for entertainment
O purposes, whether pre-recorded or radio transmitted, is that of fidelity.
This means the reproduction of sound in a form as near to that of the
original as possible. The problem of reproducing the frequency range has
to a large extent been overcome, but the dimensional or ‘spacial” properties
of the sound source must also be reproduced before anything approaching
realism is attained.

If we view a three-dimensional scene with only one eye, or listen to a
sound with only one ear, we do obtain some idea of distance or position but
only as a result of our previous experience. We associate loud sounds with
near sources and faint sounds with distant sources. This alone is insufficient
as it gives no indication as to the direction or angular position of the sound
source. A much greater defect is that in a microphone-amplifier-loudspeaker
system the amplitude may be varied by a volume control which gives the
impression of varying the distance from the source.

Just as we require two eyes to judge the distance of an object, we require
two ears to locate the origin of a sound source. In a monophonic system,
Fig 1.1, the listener uses two ears, but his sound source may be a single loud-
speaker.

The speaker represents a point-source of sound whereas the original sound
source may be quite extensive, as in the case of a full orchestra or stage produc-
tion. The listener has no conception of the sound stage width, the directional
properties of his two ears only locate the position of the loudspeaker.

Early attempts to improve this situation consisted of using more than one
loudspeaker, the speakers being placed some distance apart in order to simulate
a wide ‘sound stage’. Each speaker was fed with the same signal which,
although it overcame the effect of listening to a point-source, gave no
impression as to where the individual sounds were coming from. For a listener
placed midway between the speakers the uncanny fecling of being completely
surrounded by sound is obtained. The instruments of an orchestra, for example,
appear to be evenly distributed along the sound stage rather than being
localized to the right or left of the centre.

This difficulty is overcome by using more than one microphone. Indeed,
the use of multiple microphones is often necessary to achieve correct tonal
balance even if only one loudspeaker is used. We now have a rudimentary
‘stercophonic” system consisting of separate ‘left’ and ‘right’ channels, Fig.1.2.
By increasing the number of channels used the effect of realism is enhanced.
In commercial sound film projection three to six channels may be used to
_surround the audience with sound.

" Fig.1.2 indicates the possible sound paths from the extremities of the sound
stage. It will be noticed that crossed channel signals are present (i.e., the left
ear hears sound from the right speaker and vice versa) which complicates the

1
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FIG. 1.1. A MONOPHONIC SYSTEM

Sound source

} Right

|

Left |

charnel | | channet
| |

A A
7 Pt
// / - //

!’ - ,

s, . P

/ -1 //
i J v

FIG. 1.2. A SIMPLE TWO-CHANNEL SYSTEM
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behaviour of the system. In order to determine the required directional
properties of the microphones, the microphone separation and speaker separa-
tion, it is necessary to discuss the way in which the hearer locates a sound
source.

Fig.1.3 shows a listener and a point-source of sound. There are two main
differences in the sound heard by the left and right ears.

(1) Intensity difference. The right ear will hear the louder sound due
to its closer proximity to the source and the fact that the left ear is
partially shielded by the head. The intensity or amplitude difference
will be referred to as Ag —Ay.

(2) Time difference. As the path to the left ear, SL, is longer than
that to the right ear, SR, there will be a time difference or phase lag

of Ty,
Source
& s

i
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FIG. 1.3. THE DELAY BETWEEN LEFT AND RIGHT SOUND PATHS

Although the way in which the brain interprets these left and right
differences is not fully understood, it is reasonable to assume that BOTH effects
play an important part in ‘sound positioning’ by a listener. For the lower
frequency sounds both intensity and phase difference could impart directional
informa'tion, Fig.1.4.

Right

FIG. 1.4. DIFFERENCES BETWEEN LEFT AND RIGHT SOUND SIGNALS

As the frequency from the sound source increases, the time Ty becomes
comparable with half a wavelength of the sound waves, Fig.1.5. The left
and right signals are now in antiphase and it is impossible to determine whether
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FIG. 1.5. THE EFFECT OF INCREASED FREQUENCY, Td REMAINING THE SAME

Ag or Ay is leading in phase. This could imply a signal from the extreme right
or the extreme left of the listener, and an ambiguous situation is reached.
This effect normally occurs at about 1200 Hz (see Chapter 8).

However, the average listener can accurately determine the source position
of a pure tone at frequencies above this. This suggests that the ambiguity is
resolved by additional information due to intensity difference, supported by the
fact that the head becomes a more effective baffle between the cars at high
frequencies. Above 1200 Hz we assume that the intensity difference alone
determines the source position.

We must now attempt to simulate the sound waves by means of a two-
channel system. The positioning of the microphones is very important and
the performance of three possible arrangements will be discussed.

(1) WIDE SPACED MICROPHONE METHOD

This method employs two omni-directional microphones spaced about
3 metres apart. The signal paths a, b, ¢ and d, are shown for two extreme
sound sources in Fig.1.6. Unfortunately, it will be seen that the signals b and ¢
are reversed to b” and ¢’ on reproduction and appear to come from the opposite
side of the sound stage. The effect of this arrangement is to produce a ‘hole’
in the centre of the image sound stage as the extreme left and right sounds
are over emphasized. This may be avoided by increasing the number of
sound channels to three or more. In radio-stercophony only two channels
are economically feasible and other microphone configurations are used to
remove the ‘hole’ in the sound stage.

(2) FOUR MICROPHONE SYSTEM

This system uses two pairs of directional microphones. In Fig.1.7 it will
be seen that the signal paths b and ¢ have been restored to their correct sides
of origin in the reproduction. There is still an crror in the phase of b and ¢
due to the additional distance from source to microphone compared with

aand d.

(3) CLOSE SPACED DIRECTIONAL MICROPHONE PAIR

Two directional microphones are located as close together as possible with
their directions of maximum sensitivity at right angles, Fig.1.8.

This system is sometimes called ‘Intensity Stereophony’. The polar response
curves are cardioid or figure of eight, and a sound source at S will produce

Sound source
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directional microphones

Two pairs of

Polar diagram of
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FIG. 1.7. FOUR-DIRECTIONAL MICROPHONE SYSTEM

FIG. 1.6. WIDE-SPACED MICROPHONE SYSTEM

S
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S Sound stage

Polar diagrams of
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FIG. 1.8. DIRECTIONAL PAIR MICROPHONE SYSTEM. (INTENSITY
STEREOPHONY)

signals of relative amplitudes Az and Ag in the respective microphones. The
arrangement obviously introduces an intensity difference in the two channels,
but there is no phase difference between the electrical signals as the source to
microphone distance is the same for each channel, The phase difference is
introduced when the sound is reproduced by a pair of spaced loudspeakers.
This may be seen in the waveform of Fig.1.9. (Sec also Appendix A, page 185.)

The left ear receives Ay, at maximum intensity and in the shortest time. It
also hears A’g which is Ag reduced in intensity due to the longer sound path
and the directional properties of the human car, with time lag of Tg.
Similarly, the right ear receives Ag+A4';.

The resultant left waveform, Ay +A’g, leads the right waveform, Ag+A’z,
by (B—a) as in Fig.1.9. This shows in fact that the time difference between
the reproduced sound signals may be effected by an intensity difference only
in the electrical channels. Tt would seem that the time and intensity differences
between sound channels are really interrelated (see Appendix A). It may
also be shown that if an inter-channel time difference is introduced, the sound
source appears to move towards the leading channel.*

* Leakey, D. M., Wireless World, April, 1960, pp 154-160, May, 1960, pp 238-240.
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LEFT CHANNEL
T 7
/

RIGHT CHANNEL

FIG. 1.9. THE INTRODUCTION OF PHASE SHIFT B-q BETWEEN THE
REPRODUCED SOUND SIGNALS Ay +A’'pg AND Ap+A’y

Summarizing these methods, we see that the close-spaced directional
microphone pair (or intensity stercophony) is theoretically superior to the
others. In practice too it has advantages over the wide-spaced microphones,
but these may be used to over-emphasize the stereo effect where required.

THE TRANSMISSION OF STEREO INFORMATION

Stereo recording is usually associated with music, both classical and popular,
but with the advent of sterco broadcasting the advantages to be gained by using
stereo speech are being appreciated. In the monophonic production of, say,
Shakespearian or Restoration drama the editor or arranger has to insert the
names of characters in the script to ensure that the listener knows who is being
addressed and by whom. The visual information which would obviously make
this clear is missing, and the sounds produced by two actors with very similar
voice characteristics lead to ambiguity. Stereo drama transmission goes some
way to overcome this as the actors can be placed to the right, left or centre
by the listener. The movement of the characters can also be simulated by
suitable left and right channel mixing.

Stereo information is required just as much for solo instrumentalists as for
a full orchestra, as the echoes and reverberations from a single sound source
in a room or studio are necessary for tonal balance and ‘realism’.
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With disc or tape recording, a two-channel stereophonic system is easily
obtained by recording the left and right information on the sides of the dise
groove or on two parallel tape tracks. The information may be reproduced
monophonically by simply replaying on monophonic equipment, provided
that the tape recorder is arranged to scan the two tracks simultaneously. This

property is known as compatability.

For economy and frequency allocation restrictions it is necessary that a
stereo radio transmission be capable of adequate reception by both mono and
sterco receivers when tuned to the same frequency.
must be compatible to both types of receiver. The r
the two channels by a mono receiver is unsatisfactory.
able to transmit left and right information separately.
channel transmits ‘left plus right’ information for rec
and stereo equipment, the other channel carrying ‘left ¢

The transmitted signals
eception of only one of
This makes it unaccept-
To overcome this one
eption by both mono
. minus right’ information
for use with stereo receivers. This arrangement of channels is produced in
the encoder before transmission. On reception the two channels are then
combined in the stereo decoder to produce the separate left and right signals,

Fig.1.10.
d Sound source B
< 7 ol =
\ /
N s
R
L L+R
Encoder Transmitter Receiver

R L-R

FIG. 1.10. STEREO TRANSMISSION SYSTEM

2

TRANSMITTER, ENCODING
AND MODULATION

INCE 1967 the BBC has radiated stereophonic signals from a number of
v.hf stations using the ZENITH-G.E. STEREOPHONIC BROADCAST SYSTEM,
developed originally in America through the combined efforts of the

Zenith and General Electric Corporations. This system was adopted for use
in the U.S.A. in 1961 and later by Canada, Japan and some European countries.

It would be helpful before looking into the operation of a particular system
to outline the main features that are desirable in a stereo broadcast arrangement
adopted for national use. The important requirements may be summarized
as follows:

(a) The stereo signal information should be transmitted via a single radio-
frequency channel without causing 2 significant increase in bandwidth over
mono transmissions (a bandwidth of 240 kHz is required for v.hf/fm. mono
transmissions).

(b) The area of satisfactory reception should not be reduced for mono
listeners and any reduction for the stereo listener should be kept as small as
possible.

(¢) The system must be compatible, i.c. existing mono receivers should
be able to tune in to the stereo transmission and extract the information
necessary to give satisfactory mono reproduction.

(d) The stereo reproduction should be comparable with other acceptable
forms of stereo (e.g. stereo disc recordings) without resorting to complicated
and expensive receiving equipment.

Over the years (tests were carried out as early as 1926) a number of stereo
broadcast systems have been proposed which more or less meet the require-
ments mentioned. In Europe the interest centred around systems designed to
operate at v.h.f., an extensive network of mono stations having already been
established operating on these frequencies. Also, at v.h.f., there was sufficient
bandwidth available for hi-fi quality. After intensive investigations into a
number of systems the European Broadcasting Union accepted the Zenith-
G.E. system in modified form as the method for Europe, thereby meeting the
desirability of international standardization for stereo broadcasting.  This
system will now be described.

ZENITH-G.E. SYSTEM (PILOT-TONE MULTIPLEX)
(i) L+R and L—R signals

The first step in the system is the production of L+R and L—R signals.
The process is carried out in a device called a matrix. This is a circuit where
the signals are combined or mixed in a special way. In electronic terms the
matrixing network can be quite simple.

Inputs to the matrix are the left and right channel signals originating from
the studio microphones as illustrated in Fig.2.1. These signals will lie in the
audio frequency range of 30 Hz to 15 kHz. The matrix has two outputs,

9 B
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L L+ R To vhi carrier
modutator
30Hz -15kHz MATRIX
L—R To suppressed-
R carrier modulator

FIG. 2.1. MATRIXING THE L AND R SIGNALS

One is the sum of the input signals (L+ R) and the other is the difference
between the two inputs (L—R). In Chapter 1 it was stated that the sum of the
signals from the two channels, ie. L+R, would serve as a monophonic
version of a stereo programme and would provide satisfactory mono repro-
duction. Thus the L+ R signal at the matrix output corresponds to the ordinary
mono signal and requires no further processing. It may, therefore, be fed to
the v.h.t. carrier modulator which will be discussed later.

The provision of a L+R signal thereby meets one of the desirable features
mentioned—namely, compatibility. It will be seen later that an ordinary
mono receiver will be able to extract the L+R. signal from the transmitted
information (due to its position in the frequency spectrum of the composite
signal) and provide the listener with a mono version of the sterco broadcast.

By some means or other it is necessary to induce into the two audio channels
of a stereo receiver the original left and right microphone signals. This is the
reason for the provision of an L—R signal. If a stereo receiver is presented with
L+R and LR signals it can easily recombine them to reconstitute the
original L and R components of a stereo programme. Thus the L+R and
L—R signals convey the stereo content of a sterco broadcast.

Fig.2.2 illustrates two possible methods of combining or matrixing the
L and R signals. In diagram (a) the transformers T, and T, are used for the
matrixing. The left-hand microphone signals are fed to the primary of T,
and the right-hand signals are supplied to T, primary. To provide the L+R
output, the L signal across W, is added to the R. signal across I¥,, the winding
directions being arranged to give inphase operation. The L—R output is

Ti

i

2 L-R {b) Bridge matrix

la) Transformer matrix

FIG. 2.2. METHODS OF MATRIXING
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obtained by combining the voltages across windings I, and W, which are
wound in phase opposition. An alternative arrangement at (b} employsa b'rldge
circuit with equal value resistors in each arm. When the L and R input
terminals are phased as indicated, the left and right audio currents will be in
the direction shown during one half-cycle. In R, (and R,) the L and R currents
will be flowing in the same direction thereby producing voltage drops which
are additive, i.e. L+ R. The L and R currents in R, (and R;) flow in opposite
directions thus the voltage drops will oppose each other, i.. a difference
{L—R) voltage will appear across the resistor. _ _
Examples of possible waveshapes for the sum and difference signals are
given in Fig.2.3. Diagram (a) shows a 3 kHz sine wave from the left channel
and (b) a 1 kHz sine wave from the right channel; for simplicity they are

+
/\ /\ —— L (3kHz)
A A /AN A4

(o) @] — R {!kHz)
\\\ //’\/

(d}) \//\\//\\/ — ¢ L —-R

FIG. 2.3. EXAMPLE OF L4 R AND L—R WAVEFORMS

assumed to be of equal amplitude. The L+R waveshape of diagram (c) may
be obtained graphically by adding waveforms (a) and (b) at various instants
in time. To obtain the L—R waveshape, the R signal is drawn with its phase
inverted to give —R as shown in diagram (b). If the L and —R waveshapes
are now added graphically, waveform (d) will result. This is precisely what
occurs in the transformer matrix of Fig.2.2, i.e. the right-hand signal is inverted
in phase in W, and added to the left-hand signal in W, giving L+(—R) =
L-R.

As the L—R and L+R signals are formed by combining the L and R
signals, the matrix outputs must contain components at 1 kHz and 3 kHz.



12 STEREO F.M. RADIO HANDBOOK

In general, since the L and R channels may carry signals in the audio frequency
range of 30 Hz—15 kHz, the L+R and L—R outputs will likewise contain
sinusoidal components that lie within this frequency range. At the matrix

output, therefore, the L4-R and L—R_ share the same frequency band as
illustrated in Fig.2.4(a).

Amplitude

re-14:97 kHz-»

L+R
and
L-R

O 30Hz 1S kHz

e Frequency

{a) L+R and L-R signals sharing same frequency
band at matrix output.

Amplitude
(~e-14-97 kHz-m=i =497 Ki-z
L+R e — e L L-R
- Frequency
O 30Hz 1SkHz

{t) L-R signal shifted in frequency to occupy
a higher frequency band

FIG. 2.4. SEPARATING THE L+R AND L—R SIGNALS ON A FREQUENCY BASIS

The sharing of the same frequency band by the sum and difference signals
is undesirable from the point of view of signal recognition at the receiver.
So they must be separated from one another on a frequency basis. This is
achieved by translating the L—R signal to a higher band of frequencies as in
Fig.2.4(b). To obtain the result illustrated, the L—R_ signal is fed to a modulator
where it amplitude modulates a supersonic subcarrier.

(ii) Suppressed Carrier Modulator

The process of ‘shifting’ the frequency band of a signal is called frequency
translation. It may be accomplished using an ordinary non-suppressed carrier
modulator. In the Zenith-G.E. system, however, a suppressed-carrier or
balanced modulator is employed. The use of a balanced modulator helps
to improve the signal-to-noise ratio of the system.

At this point it would be useful to explain some important differences
between suppressed-carrier and non-suppressed-carrier working. In an
ordinary non-suppressed-carrier modulator when the modulating signal is
zero there is a carrier of constant amplitude appearing in the output as shown
in Fig.2.5(c). With the modulating signal applied, the amplitude of the carrier
varies in sympathy with the modulating voltage. On positive half-cycles of
the modulating signal the carrier amplitude increases and on negative half-
cycles it decreases. This action may be brought about using a circuit similar

TRANSMITTER, ENCODING & MODULATION 13
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FIG. 2.5. ORDINARY AMPLITUDE MODULATION

to that shown in Fig.2.6. _ .

When the modulating signal is zero there is a steady bias appl_led to g; at
a level which will permit anode current to flow. The r.f. applied to g, is
amplified by the valve and developed across the tuned circuit L,/C, which is
tuned.to the r.f. carrier. Thus the stage operates like an ordinary r.f. amplifier
with a constant amplitude carrier wave appearing at the output. Ifa moc.lulatmg
signal is now applied, the bias on the suppressor grid is a!ternately raised and
lowered in sympathy with the modulating signal. This causes the'anode
current (which already bears the r.f. variations of the control grid) to risc and
fall as the amplitude of the modulating signal changes. Thus the magnitude
of the voltage across L,/C, will vary. . .

On inspection of the modulated output waveform [Fig.2.5(c)] it would
appear that the modulated carrier consisted simply of a voltage of one frequency
(the carrier frequency) with amplitude variations. However, this is not so:
mathematically and experimentally it can be shown that there are three
frequencies present in the output and they are:

fe: the carrier frequency
fe+fm: the upper side-frequency
fe—fm: the lower side-frequency.
Due to the bandwidth of the anode tuned circuit in Fig.2.6, the side-frequency
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C

Modulated carrier
output

+
N Modulating signal

)
8 -[ 9l
r.t carrier AMAND
it

L =
9 _J-EJ- _—[—3

FIG. 2.6. BASIC CIRCUIT FOR AMPLITUDE MODULATION

components will be passed to the output. The carrier and its side-frequencies
may be represented by an amplitude/frequency diagram as in Fig.2.7(a). Here
we have assumed a carrier frequency of 38 kHz (as this is pertinent to stereo
broadcasting) and a modulating tone of 1 kHz. Thus the side-frequencies will
lie at 39 kHz (fo+f,) and 37 kHz (fo~f) as indicated. For 100 per cent
modulation, the side-frequency components will be a half of the amplitude
of the carrier.

Of course, in sound broadcasting of good quality the modulating signals
will lie in the frequency range of 30 Hz—15 kHz and not be of a
single modulating tone. For raci modulating frequency within this range a
PAIR of side-frequencies will appear in the modulator output, i.e. there will be
side-frequencies at f; +-30 Hz up to f; +15 kHz. The side-frequency components
now broaden into bands (sidebands) on cither side of the carrier as illustrated
in Fig.2.7(b). Therefore, the original audio band of 30 Hz to 15 kHz has been
frequency translated to higher supersonic frequency bands on cither side of
the carrier.

It s important to note that each sideband fully contains the information of

Amplitude Amplitude
Carrier fe¢ Carrier
Lower x Upper
fe-fm fc+fm side-band side-band
Lower side- Upper side-

frequency l l/ frequency

—— {

37k Hz T 39 Hz
38k Hz

38kHz

(a) 38kHz carrier modulated with
a il kHz sine-wave

(b} 3Bk Hz carrier modulated with audio
signals 30 Hz-ISkHz

FIG. 27. THE CARRIER AND ITS SIDE-FREQUENCIES

r
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the modulating signal. Also, that the carrier does not contribute directly to
the magnitude of the information signal; its only purpose is to enable the
detector at the receiver to function properly. Provided a signal (of correct
frequency and adequate amplitude) to take the place of the carrier can be made
available at the receiver, THE' CARRIER NEED NOT BE TRANSMITTED.

Of particular interest is the fact that with non-suppressed carrier working
the modulated carrier does not change its phase position, i.e. the waveform
of Fig.2.5(c) when displayed on ac.t.0. appears as a continuous sine wave free
from sudden changes in phase.

We will now consider the operation of a suppressed-carrier modulator
using the circuit diagram of Fig.2.8 and the waveforms of Fig.2.9. The circuit
shows a balanced modulator consisting of two identical modulated pentode
amplifiers. Carrier voltage is applied in push-pull via T; to the control grids

ht +

e
(o L Lo Sidebands only
[ E:_,

(]
il
[ 1]
W
Y

Carrier

> % Modulating signal

T T2

FIG. 2.8. SUPPRESSED-CARRIER MODULATOR

of the two valves, whilst the modulating signal is supplied to the screen grids
from T, which also provides push-pull drive. The outputs from the anodes
feed a common anode load (L,, C,). It may be considered that each valve
is a separate modulator with the outputs combining in the tuned anode load.

First, we will discuss the circuit action when the modulating signal is
absent (the screen grids will then receive a steady voltage). The carrier applied
to the control grids will modulate the electron streams of the two valves
causing the anode currents of each to vary in sympathy. As I, anode current
is (say) rising, V, anode current will be falling since the carrier drives at the
control grids are in antiphase. Similarly, when V; I, is rising, V; AI,, will .bc
falling. Thus the anode currents will take the form as shown in (ii) and (iii)
of Fig.2.9(a). Provided the modulator is symmetrical and balanced in all
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{a} Modulation absent {b} Modulation present

ty ot ta ‘?
ti) + (i) )
Modulating Zero
signal t signal
+
[{0] (i)
Vi la t Vil
Antiphase
+
{iii) Liii)
Va ia o t valg
|
- |
] b
I |
I i !
i Slide 1r¢qu¢r|\ci¢s only
+| w !
liv) iv
Resul o Zero t Resul ol | .

la | la

180° Phase change

FIG. 2.9. WAVEFORMS EXPLAINING ACTION OF SUPPRESSED-CARRIER
MODULATOR

respects, the anode currents will be of the same amplitude and form. Quite
clearly, because the anode currents are in antiphase and feed a common load,
the resultant carrier current in L,/C, will be zero. Thus there will be no
output from the modulator, i.e. the carrier is suppressed.

When the modulation is present, the screen grids will be ‘swinging’ in
sympathy with the modulation. Therefore, in addition to the carrier variations
of V; and V, electron streams, the anode currents of each will be further
modulated by the push-pull signals at the screen grids. The anode currents
of the two valves will thus take the form of an amplitude modulated wave.
This is shown in Fig.2.9(b) where a sine wave modulating signal (i) is used as
an example. Note that when the modulating signal at ¥, screen grid is going
(say) positive causing V, output to increase in amplitude, the modulating signal
at V, screen grid will be going negative thus causing V, output to decrease
(tz—t;). Conversely, when V7, screen grid is swinging negatively and V,
output is decreasing, V, screen grid will be swinging positively causing V,
output to increase in amplitude (f,—£). The anode current variations will
then be as shown in (ii) and (iii). Note that the cyclic variations of the two
waveforms are in antiphase with one another.

The resuitant anode current flowing in L,/C, may be arrived at graphically
by adding waveforms (ii) and (iii) at various instants in time. During the
period t,—t, the cycles of V, anode current are increasing in amplitude but
those of V, are decreasing. From #,—t, the reverse is true. The resultant I,
will be as shown in waveform (iv) during these periods. Between ¢, and ¢,
the resultant current takes on the phase of V; I, variations, since these are
always greater in amplitude than those of V,. From t;—t,, however, the
resultant I, bears the phase of V, I, variations since these are greater than

- -
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those of Vy. The phase of waveform (iv) during ¢, — ¢, will therefore be opposite
to the phase during £,—#;. A 180° phase change occurs every time the
modulating signal changes polarity.

As the resultant I, is supplied to L,/C; a voltage waveshape will appear
across the tuned circuit similar to waveform (iv). This will be passed to the
output via L,. Note that the output is composed of side-frequencies only
and that the modulation envelope varies at twice the modulating frequency.
Clearly, if the output were rectified using an ordinary envelope detector, the
demodulated output would be a much distorted version of the original
modulation, owing, of course, to the absence of the carrier.

Another way of generating sidebands without the carrier appearing in the
output is to employ a ring modulator which is a balanced bridge circuit
incorporating four diodes (Fig.2.10). The modulating signal is applied to the
diode bridge in push-pull from T;. The carrier input across AB of T, is at a
level substantially greater than that of the modulating signal.

T3

Output of
side frequencies

Q000000

T

Modulating
signa!

—— Current flow due to carrier (A positive to B)
-~ Current flow due to carrier {A negative to B}

Carrier
input

FIG. 2.10. BASIC ARRANGEMENT OF RING MODULATOR

Fig.2.10 gives the direction of current flow around the circuit when the
carrier voltage is applied to T,. If A is positive with respect to B, the influence
of the carrier voltage is to make the diodes D, and D, conduct but to reverse
bias D, and D, When A is negative to B, the carrier causes D, and D, to
conduct but cuts off D, and D,. Thus the effect of T, input on the circuit
is to switch the pairs of diodes on and off in accordance with the polarity
of the carrier voltage. This action takes place continuously and is independent
of the modulating signal since the carrier is of much greater amplitude. Note
that the current splits in T primary and flows in opposite directions in the
two halves of the winding. These currents will give rise to e.m.fs acting in
opposite directions in T secondary. Provided that the primary currents are
balanced (potentiometers may be included in the circuit to correct for asym-
metrical operation) the opposing e.m.fis in T, secondary will cancel each
other thereby suppressing the carrier at the output.

We will now consider the effect of the modulating signal on the operation
of the circuit with the aid of Figs.2.11 and 2.12. Assume that the modulating
signal is just commencing a positive half-cycle and that D, and D; are con-
ducting. The effective circuit is then as shown in diagram (i) of Fig.2.11.
Due to the modulating voltage, current will flow in the direction indicated
with a magnitude varying in accordance with the modulating signal. This
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(1) Effective circuit when DI and D3 conduct
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FIG. 2.12. WAVEFORMS OF RING MODULATOR

corresponds to period a of Fig.2.12. During this time the modulating signal
amplitude is increasing thus causing the current in T; to rise in sympathy with
it. 'When the polarity of the carrier voltage changes, D, and D, conduct and
the effective circuit is then as given in (i) of Fig.2.11. If the polarity of the
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modulating signal is unchanged, current flows around the circuit in the opposite
direction to that in diagram (i). Again, the magnitude of the circulating
current varies in accordance with the modulating signal. This corresponds to
period b of Fig.2.12. As the switching action continues the current reverses
direction each half-cycle of the carrier input as indicated in (iii) of Fig.2.12.
At the commencement of period m, not only does the carrier polarity change
but also the polarity of the modulating signal. This accounts for the 180°
phase change in the current waveform.

The output from T, secondary contains both the upper and lower side
frequencies. There is no component at the carrier frequency, but there are
certain (unwanted) higher frequencies generated by the switching action.
These unwanted components may be removed by a filter which follows the
modulator output. Thus at the filter output only the side-frequencies remain.

Fig.2.13 shows the effective output of a balanced modulator, such as that
described, when modulated with an L—R signal whilst receiving a carrier input

-+
/\ L-R
(i) © d e 1 modulating
U signal

Side frequencies of 3Bk Hz only [carrier-suppressed]
Output of

t suppressed-carrier
modulator

T 180° Phase changes

FIG. 2.13. MODULATOR OUTPUT WHEN L-R MODULATING SIGNAL AND
38 kHz CARRIER ARE APPLIED

of 38 kHz. The output waveform has an amplitude directly proportional to
the L—R modulation and is composed solely of side-frequencies on either side
of the 38 kHz suppressed carrier. Note that during the periods a and b of the
modulating signal the amplitude variations of the output are identical. How
then is the information that the modulating signal has changed polarity con-
veyed by the outgoing signal of the modulator? The answer lies in the 180°
phase change which occurs whenever the modulating signal alters its polarity.

Now that the operation of the suppressed-carrier modulator has been
discussed in some detail, we may now continue with the description of the
Zenith-G.E. system which uses this type of modulator. Fig.2.14 illustrates the
essential processes where a balanced modulator is used to effect the frequency
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‘L—_‘ J SUPPRESSED— To vr"corrizr
30Hz -15kHz MATRIX CARRIER Sidebands only modulator

MODULATOR 23-3797kHz~ Isb
38'03-53kHz—usb

R

L-R
(30Hz~I5kHz)

+38kHz { subcarrier)

FIG. 2.14. BLOCK DIAGRAM OF PROCESSES SO FAR DESCRIBED

translation of the L—R signal. The carrier input to the modulator is at the
supersonic frequency of 38 kHz. The 38 kHz input is referred to as the sub-
carrier rather than just the ‘carrier’ to distinguish it from the higher v.h.f.
carrier used to carry the information radiated from the transmitting aerial.
The subcarrier is suppressed at the output to less than 1 per cent by the action
of the balanced modulator. At the output, the side-frequencies produced lie
within the range of 38 kHz—15 kHz to 38 kHz—30 Hz and 38 kHz 430 Hz to
38 kHz+15 kHz with an L—R modulating signal of 30 Hz to 15 kHz. Thus
the Ls.b. extends from 23 kHz to 37-97 kHz and the w.s.b. from 38-03 kHz
to 53 kHz. Both sidebands are then combined with the L+R signal. Fig.2.15
shows the frequency spectrum of the combined signals. There is now a

Amplitude
Suppressed subcarrier
38kHz
|
I
|
L+R 8KH :
30Hz-I5kHz 2 L-R LOWER SIDEBANDY{ [L-R UPPER SIDEBAND
23kHz—3997kHz : 38-03kHz — 53kHz
[} 10 20 30 40 S5O Frequency {kHz)

FIG. 2.15. FREQUENCY SPECTRUM OF L+R AND TRANSLATED L-R SIGNALS

frequency space (8 kHz wide) between the highest L+R signal component
of 15 kHz and the lowest translated L - R signal component of 23 kHz. This
frequency gap is wide enough to allow efficient separation of the signals at the
receiver. The amplitude of the L—R sideband components is one half that
of the L+R signal. This is to compensate for the presence of both sidebands
of the translated L—R signal, which become additive at the output of the
receiver detector.

(iii) The Pilot Tone

The subcarrier signal input to the balanced modulator is not obtained
directly from an oscillator working at a frequency of 38 kHz, but indirectly
from a stable 19 kHz oscillator via a frequency-doubler as shown in Fig.2.16.
As ‘frequency-doubling’ is employed at the receiver as well, it would be
helpful at this point to say something about this technique.

When an amplifier is operated in class-C or class-B, the anode or collector
current pulses have an appreciable harmonic content. To extract a harmonic
it is merely necessary to tune the output circuit to the desired harmonic of the
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FIG. 2.16. GENERATING THE SUBCARRIER

drive signal and to adjust the angle of current flow so that an appreciable
component of the harmonic frequency involved is contained in the current
pulses. If the output circuit is tuned to the second harmonic, the stage is a
frequency-doubler. With the load tuned to the third harmonic, the stage
becomes a frequency-tripler. It is possible to extract in this way higher order
harmonics but the amplitude becomes smaller as the order of harmonic
increases. Usually, the frequency multiplication obtained with a single stage
is restricted to doubling and tripling. If a high multiplication factor is required,
several doublers and/or triplers are arranged in cascade.

Fig.2.17 shows a basic circuit employing an n-p-n transistor which may be
used as a frequency-doubler. Class-B operation is employed, i.e. the collector
current only flows on positive half-cycles of the input signal. The angle of
flow is therefore 180° which produces collector current pulses very rich in
second harmonic content. L,,C,, in the collector is tuned to the second harmonic
of the input signal frequency, thus this particular harmonic is developed across
the tuned circuit. The impedance of L,,C,, to the fundamental frequency is
very small hence there is no appreciable voltage at this frequency across the
tuned.circuit. The peak-to-peak amplitude of the second harmonic between

O +

|
Ly :

T
J

FIG. 2.17. BASIC CIRCUIT OF A FREQUENCY MULTIPLIER

-0 —
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the collector and the tap on the coil is limited to approxln_mtelyf t}vlwcc thce1
line supply voltage. Tapping the coil prevents undue damping of the tl}llr}eh
circuit by the output resistance of the transistor thereby maintaining a hig
Q. Waveforms illustrating the circuit action are given in Fig.2.18.

WA
Base-emitter O$

f
|
|

:MM;t

voltage

=

Collector
current

Collector
voltage

FIG. 2.18. WAVEFORMS ILLUSTRATING FREQUENCY DOUBLING

One may well ask at this stage why the subcarrier is generated in this way:
why not use a 38 kHz oscillator and eliminate the need for a frequency-
doubler? The reason lies in the need to re-introduce at the receiver a 38 kHz
subcartier of the correct phase and amplitude so that the L —R_ information
may be successfully demodulated. Clearly, some sort of synchronizing signal
must be transmitted so that the receiver can reconstitute the 38 kHz subcarrier
in the correct phase. The original subcarrier is suppressed at the transmitter
to allow a greater deviation of the f.m. carrier by the L+R and L—R side-
bands (this is why a balanced modulator is used). One way of providing a
synchronizing signal without reducing the deviation available to the
programme information would be to radiate the original subcarrier at a low
level (as a pilot signal). However, this would create 2 formidable problem at
the receiver: the circuit designer would be faced with the task of filtering out
a synchronizing signal from a mass of sideband components spaced as little as
30 Hz in frequency and of considerably greater amplitude.

The method used is to transmit a pilot signal, referred to as the pilot tone,
at a frequency one half that of the original subcarrier, i.e. at 19 kHz. Fig.2.15
on page 20 shows that there is a 8 kHz frequency gap between the L-+R
signal and the translated L—R lower sideband into which the pilot tone may
be accommodated. Here the 19 kHz pilot has sufficient room to permit
simple tuned circuits at the receiver to provide the necessary filtering. If the
filtered pilot is then applied to a frequency-doubler, the required 38 kHz
signal may be reconstituted. The reason for using a 19 kHz oscillator in the
signal encoder now becomes clearer, since the oscillator provides a reference
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between the transmitted 19 kHz pilot tone and the 38 kHz subcarrier feed to
the balanced modulator. Correct phasing between the pilot tone and the
suppressed subcarrier is necessary to avoid any ambiguity as to the parent
channel of the transmitted L and R hand signals. The two signals are phased
so that the zero-crossing points of the 19 kHz pilot are coincident with those
of alternate cycles of the 38 kHz suppressed subcarrier. This happens in such
a way that at each of the coincident crossings the subcarrier is crossing the
zero axis in a positive dircction, as shown in Fig.2.19. The frequency of the
pilot tone oscillator is 19 kHz +2 Hz and its phase is maintained within +3°
of the nominal value.

19 kHz pilot tone

38 kHz suppressed
subcarrier

FIG. 2.19. PHASE RELATIONSHIP OF PILOT TONE AND SUBCARRIER

(iv) The Multiplex Signal
The block schematic diagram giving the essentials of the complete stereo
encoder is shown in Fig.2.20. Operation of the individual blocks is as pre-

. DL +R (30Hz ~ I5kHz)
——
MATRIXING
30Hz -i5 kHz NETWORK ® LR
SUPPRE SSED-
—— CARRIER Sidebands
MODULATOR  153-37.97 kH 2
38:03-53 kHz

3BkHz

e e
Multiplex output
FREQUENCY to vht corrier
DOUBLER modulator

19kHz

19 kHz
OSCILLATOR {3 i9KHz

Pitot tone

FIG. 2.20. THE STEREO ENCODER

viously described with the outputs @, @, and @ combining to form the
multiplex or combination signal. The modulating signal applied to the v.h.f.
carrier modulator thus consists of three separate components:

® The L+R mono information as a normal audio signal with a frequency
range of 30 Hz-—15 kHz.

@ The sidebands of the frequency translated L—R signal extending from
23 kHz to 53 kHz and existing on either side of a 38 kHz subcarrier suppressed
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to less than 1 per cent. This information together with @ provides the stereo
signal.

® A pilot tone at an amplitude of 9 per cent of signal modulation for the
purpose of reconstituting the 38 kHz subcarrier at the receiver.

Fig.2.21 shows the frequency spectrum of the multiplex signal input to
the v.h.f. carrier frequency modulator. Precisely the same frequency rela-

Amplitude
19k Hz Pilot
/ Residual 38k Hz subcarrier
L+R /
30Mz ~ISkHz L-R LOWER SIDEBAND || [L-R UPPER SIDEBAND]
| 23kHz - 39-97kHz 1 38-O3kHz -53kHz
o 10 20 30 40 50 60  Frequency (kHz)

FIG. 2.21. FREQUENCY SPECTRUM OF MULTIPLEX SIGNAL

tionships between the three components of the multiplex signal will apply
at the output of the receiver f.m. detector. The amplitudes shown for the
L+R and L—R signal components should not be regarded as being static,
For example, if a single sound source were placed at the centre of the sound
stage the left and right channel signals would be equal in which case L—R = 0.
Thus the L—R sidebands would disappear and only L+R transmitted. As
the sound source moves across the sound stage, the magnitude of the L and R
channel signals will vary thus altering the amplitudes of the L+R_ and L—R
components,

An example showing the build-up of the multiplex waveform is given in
Fig.2.22. At (a) and (b) are the left and right channel signals with the left
signal assumed to be three times the frequency of the right. The matrix output
signals are given in () and (d). Waveform (e) shows the output from the
balanced modulator when modulated with the L—R. signal of (d) and when
receiving a subcartier input of 38 kHz. Diagram (f) shows the effect of adding
the L+R signal of (¢) to the output of the balanced modulator. Waveform {g)
is the constant but small amplitude pilot signal of 19 kHz. When this is added
to waveform (£), the complete multiplex waveform (h) results. The effect of
adding the pilot tone is to raise and lower the peaks of waveform {f).

(v) Modulation of the v.h.f. Transmitter

After the original left and right channel signals have been encoded, the
resulting multiplex waveform is fed to the modulator of the v.h.f, transmitter.
Band II (87-5 MHz to 100 MHz) is reserved for v.h.f. broadcasting. Most
v.hf. receivers, however, have a coverage extending to 108 MHz which
includes the mobile services (police, ambulances, etc.). Frequency modulation
of the v.h.f. carrier is used for transmitting both mono and stereo information;
this is essential for compatibility. In this section we shall discuss some of the
basic ideas of frequency modulation. Detailed circuit diagrams of the trans-
mitter will not be considered because various circuits can be used.

In frequency modulation, the instantaneous frequency of the carrier wave
is varied in accordance with the modulating signal but the amplitude of the
catrier wave is kept constant. The character of a frequency modulated wave

r
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Right -hand channel af signal
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suppressed carrier
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FIG. 2.22. BUILD-UP OF MULTIPLEX WAVEFORM

Multiplex signal waveform

is illustrated in Fig.2.24. Between A and B the modulating signal is zero and

the carrier is maintained at its unmodulated or average frequency. When the

modulating signal increases in the positive direction (B to C) the frequency

of the carrier increases in direct proportion. From C to D the carrier frequency

decreases (also in direct proportion to the modulating signal) so that at D it
c
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FIG. 2.23. MODULATION OF THE V.H.F. CARRIER
+ C
sz"o /\
la} © A o) D! TF ~a—
- | | !
! | !
| Carrier |
! modulated | |
+ |
[ l
!
[{-Y e t Constant amplitude
Carrier Frequency  Frequency

unmodulated increasing  decreasing

FIG. 2.24. FREQUENCY MODULATION

returns to its average frequency. Between D and E, after the modulating
signal has changed polarity, the carrier frequency decreases. During E to F
the carrier frequency decreases and at F it again assumes its average frequency.
This frequency variation of the carrier is called frequency deviation. Within
certain limits, the amount of deviation is determined by the amplitude of
the modulating signal. For Band II v.h.f. broadcast transmissions the deviation
limits are 75 kHz of the carrier frequency. This figure corresponds to the
largest amplitude or volume of the modulating signal.

Fig.2.25 shows the effect on carrier deviation when the modulating signal
amplitude is varied. Fora signal of low volume, the deviation may be +10kHz
as in diagram (a), or less. With a large volume signal the deviation increases,
reaching +50 kHz [diagram (b)] or more up to a maximum of +75 kHz.

The frequency of the modulating signal determines the rate at which
the carrier is caused to deviate. For example, a carrier of (say) 100 MHz when
modulated with a signal of 1000 Hz at maximum volume, will increase in
frequency to 100-075 MHz, return to 100 MHz, decrease to 99-925 MHz and
finally return to 100 MHz in 0-001 second. If the modulating signal frequency
is increased to 2000 Hz but the amplitude is kept the same, the carrier will
be taken through a cycle of deviation in half this time, i.e. 0-0005 second. The
tone or timbre of the modulating sound determines the manner in which the
above cycle is carried out.

SIDE-FREQUENCIES

At first sight it may appear that if the frequency deviation is +75 kHz,
the bandwidth would be 2 x 75 kHz = 150 kHz. However, in fact, it may
be much greater because of side-frequencies generated by the modulation
process.
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FIG. 2.25. SHOWING HOW THE FREQUENCY DEVIATION OF THE CARRIER
VARIES WITH THE AMPLITUDE OF A MODULATING SIGNAL OF CONSTANT
FREQUENCY

Amplitude modulation of a carrier by a single tone causes the producti.on
of a pair of side-frequencies, the upper and lower on either s1.de of the carrier.
With frequency modulation a large number of side-frequer}aes are generated
whose frequencies differ from the carrier frequency by multiples of the modq-
lating signal frequency. For example, wher_l a carrier ef frequency f is
frequency modulated by a sinusoidal f., the side-frequencies produced are

fc:}:fm,fcizfm,fci:sfm,f;-:l:‘l'fm,fc ;{:Sfm ... ete

fc~4fm fc+ 4tm
fc
fc‘Sfm\ /fc+5fm
L[]
| ] | ] |
[ t
fc—tm fctfm
fc—2 fm fc+2fm
fc=3fm fc + 3fm

FIG. 2.26. EXAMPLE OF SIDE-FREQUENCIES PRODUCED BY FREQUENCY
MODULATION

This is illustrated in Fig.2.26. The reason for the appearance of multiple side-
frequencies is that when the carrier is modulated, the varia..tlons of instantaneous
frequency do not allow the individual cycles of the carrier to be exactly sinu-
soidal.  As Fig.2.27 indicates, the time required to complete consecutive
quarter-cycles steadily decreases. Thus the actual carrier is a distorted sine wave
oscillation.

Theoretically, there is an infinite number of side—frequencies present but
most are of negligible amplitude. For practical purposes the significant number
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of side-frequencies involved is determined by the modulation index. This 2 - o) E = o)
is defined as < '
Carrier Frequency Deviation
Modulating Signal Frequency
The actual amplitudes of the carrier and side-frequencies relative to the
unmodulated carrier amplitude are dependent upon the modulation index, but
they are not proportional to it. The greater the magnitude of the modulation
index, the larger the number of significant side-frequencies involved. Calcula- E‘ - E
. . - . . hal
tion of the amplitudes is rather involved (see Appendix B, page 188) and the P | oo oo e | S5 E ww memem | 58
solution requires taking Bessel functions of the modulation index. The B 528538088 |88 H | 9neeo | ©09
) . S . J 00000000 |00 Sl obooo | 0o
Bessel functions for various modulation indices are obtained from tables. Ly &
To give some idea of the method of solution, consider a modulating signal 5 5
of 15 kHz at maximum amplitude causing a carrier deviation of +75 kHz. - a —
The modulation index is therefore 75/15 = 5. By taking Bessel functions of I !
the modulation index (5), the relative amplitudes of the carrier and side- 5 e
~ . . . . el
frequencies to the unmodulated carrier amplitude (assumed to be unity) may E 8 E £
be obtained. The actual amplitudes (from tables) are tabulated in Fig.2.28(a). Z ” g Z. ' g
. . . . - . e
As the order of the side-frequency increases the amplitude tends to diminish = E =3 . E -
although there are several fluctuations. Above the 8th order pair of side- 8 Z g & 8 zZ | 2&
frequencies the amplitudes are less than 1 per cent and for practical purposes = | &2 s Sl &S
be excluded. As th ight pairs of side-f ies with amplicud OF U3
can be excluded. As there are eight pairs of side-frequencies with amplitudes = = = @
greater than 1 per cent, the total bandwidth of the transmission would be S S
16 times the frequency separation of adjacent side-frequencies, i.e. 240 kHz. __?g _g)
Reducing the amplitude of the modulating signal but keeping its frequency 5 5
constant has the effect of decreasing the bandwidth. This is shown in Fig.2.28(b) 2 EB=Es5s5s35 |55 2 —g:] e -g_ <€
where the amplitude of the 15 kHz modulating signal has been reduced to SRl snT e | og «
provide a frequency deviation of +30 kHz. The modulation index for this
condition is 30/15 = 2. The table gives the amplitude of the side-frequencies

Modulation index = 2

FIG. 2.28. TABLES AND FREQUENCY SPECTRUMS OF CARRIER AND ITS SIDE-FREQUENCIES SHOWING RELATIVE AMPLITUDES

I5kHz modulating signal at reduced amplitude

{b)
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involved [from tables listing the Bessel functions of the modulation index (2)].
This time only those frequencies up to the 4th order pair have a magnitude
greater than 1 per cent, thus for practical purposes the bandwidth may be
assumed to be eight times the frequency separation, i.e. 120 kHz.

If the amplitude of the modulating signal is kept constant but its frequency
lowered, the modulation index increases and a greater number of significant
side-frequencies are involved. Fig.2.29 shows the case for a modulating tone
of 75 kHz at maximum amplitude. The modulating index for this set of
circumstances is 75/7-5 = 10. As the table shows, side-frequencies up to the
14th order are 1 per cent or greater thus the bandwidth becomes 210 kHz
which is slightly less than with a 15 kHz modulating tone at maximum
amplitude.

Of course, during a musical programme the modulating signal is con-
tinually altering in amplitude and frequency. Thus the modulation index
and hence the transmission bandwidth will be varying from instant to instant.
The maximum bandwidth is dependent on the higher modulating signal
frequencies and the maximum frequency deviation. As previously shown a
15 kHz signal at maximum amplitude yields a total transmission bandwidth
of 240 kHz which is that required for mono transmission.

It is interesting to note that with frequency modulation the amplitude of
the carrier varies with the modulation index., Indeed, for some values of
modulation index the carrier disappears and all of the transmitted power is
carried by the sidebands.

DEVIATION DUE TO THE MULTIPLEX SIGNAL

The rrak deviation of the transmitter carrier frequency caused by the
multiplex signal is +.75 kHz as for mono v.h.f. transmissions.

Mathematically, the instantaneous deviation of the main carrier may be
expressed as

0.9<L%R n L_stinZw ¢+ 01 sinwt) « 75 kHz

* i 1

1st term 2nd term 3rd term

The Ist term represents the compatible mono signal, the 2nd term the frequency
translated difference signal and the 3rd term the pilot tone where

& 19kHz
2

The expression reveals that only 90 per cent of the peak deviation is available
for the sum and difference signals whilst the remaining 10 per cent is taken up
by the pilot tone (9 per cent) and the residual 38 kHz subcarrier.

One of the features of the Zenith-G.E. system is that if the original L and R
signals are restricted to a maximum value which either alone just causes the
maximum carrier deviation of 90 per cent, then the total deviation of the
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carrier by the sum and difference signals cannot exceed this permitted
maximum. Two extreme cases are listed in columns A and B of the table
given in Fig.2.30. Column A shows the results when equal maximum ampli-
tude signals of the same phase are fed into the left and right channels
{(maximum amplitude is represented by unity). Quite clearly, L+R and
L—R become 2 and 0 respectively. The (L+R}{2 and (L—R)/2 values are 1
and O (a reduction by a factor of 2 is used to restrict the numerical values to
the range of 4-1). The unity value of the (L+R)/2 signal corresponds to the
maximum permitted deviation of 90 per cent (67-5 kHz). Since the (L—R)/2
signal is zero, there can be no deviation due to the difference-signal. This
is shown in Fig.2.31(a) and represents a pure mono transmission. The other
extreme occurs when equal maximum amplitude signals are fed into the left
and right channels but the phase of one signal is opposite to the other (column
B). In this case 90 per cent of the peak deviation will be available to the
(L—R)/2 signal and 9 per cent to the pilot tone. Fig.2.31(b) illustrates this
condition where it will be noted that each sideband of the translated L—R
signal contributes one half of the available 90 per cent. It may be thought that
both sidebands should be shown at the 90 per cent level, but it must be
appreciated that carrier modulation by the L—R signal is due to the combined
effects of the upper and lower side-frequencies which at various instants
will have an amplitude twice that of a single side-frequency.

Columns C and D together with Fig. 2.31(c) give the results for inter-
mediate conditions when the signal in one channel is missing and the signal
in the other channel is at maximum amplitude. Then the available deviation
is shared between the L+ R signal and the L—R sidebands. Column E and
diagram (d) illustrate the case when both channels are carrying signals at
reduced amplitude. Here the total deviation of 54 per cent is divided between
the L+R signal and L—R sidebands but not equally. If the amplitudes of the
left and right channel signals are kept at these values (but a phase difference
introduced between the signals) the relative contribution of L+R and L—R
towards the total modulation will alter (also the total modulation itself).

EFFECT OF REDUCED DEVIATION

It is now opportune to say something about the performance of the system
and in particular what effect the Zenith-G.E. system has on the signal-to-noisc
ratio compared with ordinary mono transmissions.

Fig.2.31 shows that the maximum carrier deviation for the L+R signal
is limited to 90 per cent of 75 kHz which is 67-5 kHz. It is this signal, of course,
that the mono listener receives when tuned to a stereo broadcast. A reduction
in carrier deviation means that a smaller signal is available at the output of the
receiver demodulator and consequently the signal-to-noise ratio is lowered.
If the L+ R signal were allowed to command the whole of the available devia-
tion of +67-5 kHz, the reduction in the signal-to-noise ratio would be about
1 dB as compared with normal mono transmissions. This only holds good
when the L and R channel signals are identical in amplitude and phase in
which case L—R. will be zero. In a typical stereo programme, however, it
has been found that the average deviation due to the L+R signal is reduced
a further 3 dB. Thus the mono listener suffers about a 4 dB reduction in
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A B C D E
L=1 L=1 L 1 L=290 L 5
R=1 R=-1 R R R=10
L+ R 2 0 1 1 0-8
L-—R 0 2 1 —1 02
LTR 1 0 05 0-5 0-4
2
LR 0 1 0-5 —05 0-1
2
Percentage of o
deviation available 909, 0% 459, 459, 36%,
to MONO SIGNAL (+-67-5kHz)
(=)
2
Percentage of
deviation available .
to STEREO SIGNAL 0% 90% 459, 459, 9%,
(L — R) (467-5kHz)
2
Percentage of
deviation available .
to MONO plus STEREO 909%, 90%, 90%, 90% 459,
SIGNALS
Percentage of )
deviation available 9% 9% 9% 99, 9%,
to PILOT TONE* ( +6-75 kHz)
Total Deviation 999, 999%, 999%, 99%, 549,

(100% = -+75 kHz)

* Varies between 89, and 109, of maximum deviation.

FIG. 2.30. TABLE SHOWING THE PROPORTIONS OF THE PEAK DEVIATION
AVAILABLE FOR THE SUM, DIFFERENCE AND PILOT TONE SIGNALS
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(d) TRANSMITTER MODULATION WHEN L=0-5, R=0-3

FIG. 2.31. DIAGRAMS SHOWING PERCENTAGE MODULATION CAUSED BY L+R,

L—R AND PILOT TONE WHEN SIGNALS OF VARIOUS AMPLITUDES AND PHASES
ARE FED INTO THE LEFT AND RIGHT CHANNELS
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signal-to-noise ratio as compared with ordinary mono transmissions. Except
for fringe reception this should not be very noticeable.

As far as the stereo listener is concerned the position is more complicated.
It has been demonstrated that the signal-to-noise ratio in respect of random
circuit hiss is reduced by up to 22 dB, whereas the audible effects of impulsive
electrical interference is increased up to about 15 dB. This, of course, is a
more serious reduction and is the price to be paid for transmitting the addi-
tional stereo information. Listeners in the areas of fringe and middle reception
areas for ordinary mono transmissions will find that more efficient aerials
and improved receivers are desirable.

MAXIMUM BANDWIDTH OF STEREO TRANSMISSION

It has been shown that the maximum deviation available for the L—-R
signal is 90 per cent of £75 kHz = +67 kHz. This peak deviation, however,
is due to the combined effects of the lower and upper side-frequencies of the
L—R signal. The deviation caused by any siNGie side-frequency of the
translated L —R information (in the extreme case of L=1,R= —1orL= —1,
R=1) will be 45 per cent of 475 kHz = +33-75 kHz. In determining the
maximum bandwidth required for the L—R signal it is this deviation value
that must be used.

For reasons set out in Appendix B it is wrong to consider only the maximum
modulating frequency of 53 kHz. This signal produces a modulation index of

BT e
53

giving two pairs of side-frequencies with amplitudes greater than the arbitrary
level of 1 per cent. Hence, the bandwidth required to pass the L—R signal
would arpear 1O BE 4 X 53 kHz = 212 kHz. This is insufficient: a greater
bandwidth is necessary at the lower modulating frequency of 42 kHz. For
a modulating signal of 42 kHz the modulation index is

giving three pairs of significant side-frequencies and a bandwidth of 6 x 42kHz
= 252 kHz as shown in Fig.2.32. The reason for the higher modulating fre-
quency of 53 kHz resulting in a smaller bandwidth is given in Appendix B.
If one chooses an arbitrary level of 0-5 per cent for the significant side-
frequencies a bandwidth approaching 300 kHz is indicated.

For stereo reception, receiver if. bandwidths are generally found to be
in the range of 200—300 kHz as opposed to 150—250 kHz for mono reception.

PRE-EMPHASIS

When noise is superimposed on a frequency modulated carrier whose
amplitude is greater than the noise, the resultant wave is modulated both in
amplitude and phase. The idea is illustrated in Fig.2.33 where the phasor V.
represents the carrier voltage and V,, a single noise voltage having a frequency
greater than that of the carrier. As the noise frequency is higher, V, rotates
anticlockwise relative to the carrier voltage. V, is the resultant of the two
voltages and has an amplitude which varies between the limits of Vo+V,
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AMPLITUDE
Mod Index = O-8 lo +
C
Component Amplitude
Carrier 0-85
Ist order side-trequencies 0-37
o5 +
2n¢ w Ll o-08 ] \ | 42kHz
3rd 0 [ 0-0l l /
Ath 0 2 | 2
3
| 1 5

6 x 42 kHz = 252 kHz

—— e —-}tw

)
\
1
<——— BANDWIDTH——3
|
1
1
i

FIG. 2.32. MAXIMUM BANDWIDTH OF STEREO TRANSMISSION

FIG. 2.33. VECTOR DIAGRAM SHOWING HOW NOISE SUPERIMPOSED ON
AN F.M. CARRIER CAUSES AMPLITUDE AND PHASE MODULATION OF THE
RESULTANT

and V,—V, for each cycle completed by V,. In addition to the amplitude
variation, the phase of V, oscillates about the phase position of the carrier.
Therefore, the resultant of the two voltages is modulated both in amplitude
and phase at the difference frequency of the two voltages.

An f.m. receiver can be made insensitive to the amplitude variations of the
resultant by incorporating effective a.m. limiting in the design. The phase
modulation, however, involves a frequency swing to which the f.m. demodu-
lator will respond and so some of the original noise signal is passed to the
output. Itis a characteristic of phase modulation that the amount of frequency
swing introduced is proportional not only to the amplitude of the modulating
signal but also to its frequency. Thus for Fig.2.33 the higher the frequency of
Va relative to the carrier, the greater will be the degree of frequency variation
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introduced into the resultant signal and hence the larger the noise output of
a responding receiver.

As Fig.2.34(a) indicates, the noise in the output of an f.m. receiver increases
with the frequency difference (f) between the carrier and the noise voltage.

Detector Modulatin
O/P Voltage Signal amplitude
A

Signal
1
\
[

|
Noise :
|
:
o 5kHz (1) 0 I5kHz (1)
(a)} Noise OfP increases with frequency (b) Pre-emphasis at transmitter
Detector De-emphasis
O/P Voltage Network OfP \
/1
Signal : Signal ll
! |
! |
. }
i |
Noise | Noise !
|
' |
1 1
I5kHz (1) ¢ IS5kHz (1)

o]
(¢) Detector O/P after signal
pre-emphasis at transmitter

(d) Output of receiver de-emphasis
network. {Note improvement in
signal to noise ratio)

FIG. 2.34. DIAGRAMS ILLUSTRATING PRE-EMPHASIS AND DE-EMPHASIS

In this diagram the origin 0 refers to the cartier signal since we are now con-
sidering the detected output. Of course, a limit is set to the audible effects
of the noise which is assumed to be 15 kHz. Quite clearly, the signal-to-noise
ratio is at its worst for the higher frequency modulating signals which occupy
the same frequency position as the larger amplitude noise voltages. The noise
can be made less annoying by including after the detector a CR network
which attenuates the high frequencies relative to the middle and lower fre-
quencies. The network would, however, operate also on the programme
signal and affect the tonal balance. To compensate for this, high frequency
boost or pre-emphasis is given to the audio signals at the transmitter [diagram
(b)]. At the receiver detector output [diagram (c)] an improvement in the
signal-to-noise ratio at the higher modulating frequencies 1s already evident
but the tonal response of the programme signal needs correcting. This is
the purpose of the attenuator or de-emphasis network of the receiver which
restores the tonal balance of the programme and simultaneously attenuates the
noise voltages [diagram (d)].

Pre-emphasis may be achieved by including a simple LR network like
that shown in Fig.2.35(a) in the audio signal path at the transmitter. For
example, the LR combination may be used to form the load of an a.f. amplifier
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FIG. 2.35. PRE-EMPHASIS AND DE-EMPHASIS NETWORKS

in which case the gain of the stage would rise with increasing frequency.
Provided suitable values were used for L and R the desired degree of boost
would be obtained. The de-emphasis network usually takes the form of
diagram (b) connected to the detector output. As the final output is taken
from across C it will fall with rising frequency.

The actual values used in the pre-emphasis and de-emphasis networks will
vary from circuit to circuit but the degree of boost or attenuation is dependent

upon the time-constant of the filter. Rather than specifying component values .

it is more usual to quoté the time-constant. In Great Britain this is 50 ps for
f.m. broadcast transmitters. For stereo broadcasting the same time-constant
is used in contrast to the 75 us time-constant used in the U.S.A. Pre-emphasis
networks may be included in the L and R channel signal paths as illustrated in
Fig.2.36. The outputs of these networks are limited to a2 maximum amplitude
of +1 so that the permitted deviation of 90 per cent is never exceeded.

PRE - EMPHASIS
50uS

MATRIX

PRE -EMPHASIS
50uS

FIG, 2.36. PRE-EMPHASIS OF L AND R CHANNEL SIGNALS

In a stereo receiver or a mono receiver with added decoder, the de~emphasis
filter will not appear immediately following the f.m. detector as is normal mono
practice. The reason for this is the need to preserve the detected pilot and
L—R modulating signals prior to the re-forming of the original L and R
channel information.
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THE RECEIVER ; TUNING AND
DEMODULATING

HE stereo f.m. receiver must select the required incoming signal, amplify
T it, remove the carrier, and reassemble the left and right audio frequencies
prior to amplification and reproduction. It must, in fact, reverse the
processes of encoding and modulating described in Chapter 2. Fig.3.1 shows
the general layout and indicates the complex nature of the receiver. This

TUNING LEFT N
INDICATOR AuDIo S
88-108 MH2 AMP
AGC I L
L
R.F. RF IF. M
TUNING [T amp [N MIXER e un S levonulatoR) DECODER DE-EMPHASIS | 50,5
B | |
R
[] 1077 MHz
1 1
I |
1 ¢ R|
| | STEREQ RIGHT
TUNING LocAL
LoToNNG pos AEC INDICATOR L. auDo ‘
: OR SWITCH V4 AMP

987-1187 MHz

FIG. 3.1. F.M. STEREOPHONIC RECEIVER

resembles a conventional f.m. mono receiver with the addition of a decoder
and an extra audio amplifier, but it must be remembered that the bandwidth
of the i.f. amplifier must be at least 200 kHz and that extra care must be taken
to reduce noise. It is therefore inadvisable to convert a standard mono receiver
with an i.f. bandwidth of 150 kHz to stereo by adding a decoder; the sensitivity
and bandwidth are usually unsatisfactory.

Referring to Fig.3.1 we see that the incoming modulated carrier is amplified
and then mixed with a local oscillator signal to produce a difference-frequency
of 107 MHz. After amplification, the carrier is removed from this inter-
mediate frequency signal by demodulation leaving the multiplex signal as
shown in Fig.2.21. This is decoded to produce the left and right audio signals.
These are de-emphasized to reduce the amplitude of the higher frequencies
(enhanced in transmission to improve the signal-to-noise ratio: see Chapter 2)
amplified and fed into the loudspeaker system.

In a monophonic receiver the de-emphasis takes place immediately after the
demodulation, but this MUST come after the decoder in a stereo system as
otherwise the de-emphasis removes the pilot tone and the L—R sidebands.
Remember that the L—R information was frequency translated upwards to
a subcarrier of 38 kHz and any de-emphasis network that attenuates the higher
audio frequencies will have a drastic effect on these supersonic frequencies.

This is made use of when a mono receiver is picking up stereo transmitted
signals, for the L—R information and pilot tone are effectively filtered out by
the de-emphasis network, leaving only the required L+R signal.

39
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THE R.F. TUNER AND AMPLIFIER

Commercial receivers are usually tunable over the range 88 to 108 MHz,
a frequency ratio of only 1-23 : 1. With this narrow band it is possible to pre-
tune the r.f. stage to 98 MHz and use a damped tuned circuit having a band-
width of 20 MHz at 3 dB down. The r.f. tuning in Fig.3.1 is then unadjusted
by the user when selecting the required station. This arrangement, however,
is only used on the cheaper circuits as it offers no ‘image rejection’.

To explain this, consider a receiver tuned to 100 MHz. In order to provide
an i.f, of 107 MHz the local oscillator will be tuned to 110-7 MHz (the local
oscillator is usually tuned ABOVE the signal frequency although some manu-
facturers use the lower oscillator frequency—89-3 MHz in this case). Now,
if an unwanted signal of 121-4 MHz is received in the aerial circuit it also
produces a difference of 10-7 MHz with the local oscillator and will be selected
and amplified by the if. circuit, Fig.3.2.

100 mHz 1O 7 mHz 121l 4mHz

10 7mHz —etet— O - 7m Hz

Required Local Image
frequency 0s¢ frequency

FIG. 3.2. IMAGE FREQUENCY

The unwanted frequency and the image frequency will be separated by
twice the intermediate frequency, 214 MHz. This is one reason for using an
i.f. as high as 10-7 MHz to separate the signal and its image. The ability of a
receiver to suppress this image frequency is known as ‘image rejection’.

A fixed or pre-tuned r.f. input offers little or no image rejection for, as
shown in Fig.3.3, at the lower end of the tuning range the local oscillator
frequency of 98-7 MHz tunes in the 88 MHz aND the image of 109-1 MHz,

88mHz 98:7mHz 108 mHz
1

|

|

~— O 7mHz —=t—107mHz — !

|

Signal Local Image
osc 109-1mHz

FIG. 3.3. R.F. PASS-BAND FOR IMAGE REJECTION

which is only 1-1 MHz above the top frequency of the tuning range. This
difference is usually too small to be filtered out by the pass-band of the tuning
circuit without attenuating the reception at the top end of the tuning range.

It is therefore desirable to provide variable tuning of the r.f. input as well
as of the r.f. amplifier and local oscillator. As this requires a three-gang tuning
capacitor, with additional tracking and lining-up problems, it is usually found
only in the more expensive receivers. When r.f. tuning is used an image
rejection figure of 50 dB is typical.

As the mixer introduces noise it is desirable to amplify the r.f. signal before
mixing in order to improve the signal-to-noise ratio of the receiver. The r.f.
amplifier also prevents direct coupling between the local oscillator and the
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aerial, and suppresses unwanted radiation. This radiation would cause annoying
interference between fum. and television receivers operating in close
proximity. The r.f. amplifier also prevents de-tuning of the local oscillator
caused by variable aerial loading.

It will be shown later that in order to suppress any unwanted a.m. com-~
ponent of the incoming f.m. signal, a limiter circuit may be used. To be
effective this limiter circuit must be kept saturated and the r.f. amplifier pro-
vides the receiver sensitivity for this to occur. Wehilst it is possible to incor-
porate a very high gain r.f. amplifier for high sensitivity, this introduces
noise and the gain must be limited to a usable level. The amplification is
limited by an automatic gain control (a.g.c.) signal fed back from the if.
amplifier, Fig.3.1. Receiver sensitivity must be quoted together with the
corresponding noise figure ; a typical figure for a good circuit is 2 WV for
30 dB quieting. This means that at least 2 xV input is required if the signal-
to-noise ratio is to be greater than 30 dB. In poor reception areas any
further increase in signal must be obtained by improved aerial design and
installation if the noise level is to be kept down.

An example of a pre-tuned r.f. circuit and amplifier is shown in Fig.3.4.
L,C, form an acceptor circuit tuned to 98 MHz; this determines the centre

<y % *r—ll—’To mixer
=

[ — »To oscillator
AGC Tune

FIG. 3.4, PRE-TUNED R.F. AMPLIFIER

frequency of the incoming pass-band (see Fig.3.3.). No aerial transformer is
used here as the input impedance is typically 75 Q to 100 @ which matches
the average aerial.

TR, is connected in common-base mode as this provides positive feed-
back; there is an output-to-input feedback at the frequencies used and the
gain obtained is higher than for common-emitter mode. The gain of TR,
is set by varying the bias, which is determined by Ry Cj and the a.g.c. signal
from the if. amplifier output. Tuning is by L,C, after amplification.

Fig.3.5 shows another r.f. arrangement using an aerial transformer. The
pre-tuned circuit here is of the rejector type and contains a d.c. blocking
capacitor, C,, to ensure correct bias conditions for the transistor. The damping

D
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FIG. 3.5. PRE-TUNED R.F. AMPLIFIER

provided by the input impedance of the transistor ensures adequate bandwidth.
Tuning is by means of L,C,.

As stated earlier, for adequate image rejection variable input tuning is
required. Fig.3.6 shows a circuit incorporating this in conjunction with a
balanced input. L,C; form the first tuned circuit followed by L,C, after
amplification.

Field effect transistors (fee.t.s) are now commonly used for the first stages
of f.m. receivers and Fig.3.7 shows a typical circuit. They have the advantages
of low noise and a relatively high input impedance.

Balanced aerial +ve

9 =i—-.To mixer
TR

l( > L2 /::4(:2

_________________ - To oscillator
AN

AGC
FIG. 3.6. R.F. TUNABLE AMPLIFIER WITH BALANCED INPUT
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FIG. 3.7. R.F. TUNABLE AMPLIFIER. USING EE.T.

A comparison of the circuits in this chapter with actual receiver designs
will show that manufacturers use tapped transformers and inductances, as in
Fig.3.7. These have been omitted here in circuits intended to illustrate the
basic principles. The tappings are chosen to limit the damping of the tuned
circuits by the transistor impedances (or to ensure correct load matching).

THE FREQUENCY-CHANGER (MIXER)

In this part of the receiver the amplified r.f. carrier of frequency £, is com-
bined with the local oscillator signal of frequency f; to produce an output
of frequency fy—f;, the intermediate frequency.

The simple addition of a carrier e; to the oscillator voltage ¢, will produce
a waveform as shown in Fig.3.8(c), the amplitude of which varies with a
frequency of f,—f;. The average value of this waveform is zero, and to extract
the i.f. component e +-¢, is detected or rectified to produce the waveform (d).
This is fed into a circuit tuned to the intermediate frequency f,—f,. Fig.3.9
shows the basic mixer circuit, the voltage sum being detected by the diode D,
sometimes called the first detector, and the i.f. component extracted by the
tuned LC circuit.

The tuned circuit is necessary as the waveform (d) will have a large com-
ponent at a frequency of fy+f,, together with others of higher frequency
but smaller amplitude, which must be rejected.

In practice, a transistor is used for mixing and detecting, the rectifying
action of the base-emitter junction detecting the added voltages, the transistor
amplifying the weaker carrier signals, Fig.3.10.

Alternatively, the two signals to be mixed may be fed together into the base
of the transistor and the tuned circuit arranged to have one side grounded,
Fig.3.11.

gThe local oscillator is usually of the type shown in Fig.3.12, in which
oscillation is maintained by capacitor feedback, via Cf, from collector to
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FI1G. 3.8. THE ADDITION OF TWO VOLTAGES OF DIFFERENT FREQUENCY
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FIG. 3.10. A TRANSISTOR MIXER
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FIG. 3.12. TRANSISTOR OSCILLATOR

o;_'(

emitter, the frequency being determined by a tuned collector circuit. The
output required is of the order of 400 mV.

The oscillator transistor operates in common base mode—the base being
grounded to a.c. by C;. The oscillating voltage V, drives a current through
Cy, chosen so that the current I, flowing into the emitter leads ¥, by approxi-
mately 90°. Because of the transit time of the transistor there is an internal
90° phase lag from emitter to collector. Hence the collector current, I, is in
phase with I/, and the oscillation is maintained, Fig.3.13. With some transistors
the transit time may be negligible, and in this case Cr is adjusted to give the
appropriate phase angle.

The circuit of Fig.3.12 has the disadvantage that the tuning capacitor is not
at earth potential at either end. To overcome this the oscillator is usually
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FIG. 3.14. OSCILLATOR WITH GROUNDED TUNING CAPACITOR

rearranged as in Fig.3.14.

Difficulty is often experienced in identifying the type of oscillator circuit
from the circuit diagram, as by redrawing the circuit as in Fig.3.15 the transistor
appears to be operating in common-base mode. It will be seen in fact that the
two circuits are identical.
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FIG. 3.15. THE OSCILLATOR OF FIG. 3.14 REDRAWN
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A.F.C. AND AUTOMATIC TUNING
The outline drawing of Fig.3.1 shows automatic frequency control (a.f.c.)
fed back from the demodulator stage. This takes the form of a d.c. voltage.
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To adjust the oscillator frequency by applying this d.c. feedback a voltage-
sensitive variable capacitor is used, shown dotted in Figs.3.14 and 3.15. Now,
a semiconductor junction diode has a capacitance which decreases with applied
reverse voltage and may be used for this purpose.

Fig.3.16 shows typical characteristics for a silicon junction diode. For the
oscillator frequencies used (approximately 100 MHz) a trimming capacitor,
C, is necessary as in Fig.3.17. This also blocks the d.c. path through L, to earth.
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FIG. 3.16. THE CAPACITANCE OF A SEMICONDUCTOR p-n JUNCTION (TYPICAL

Oscillator

C 1
{QOpF =™ lﬁkn AFC
1 VOLTAGE

- QL#

FIG. 3.17. AUTOMATIC FREQUENCY CONTROL CIRCUIT

The variable capacitance diodes may also be used to tune the r.f. stages
and the oscillator; this eliminates the mechanical variable capacitors enabling
push-button switches to tune the receiver by applying preset voltages to the
capacitor-diodes, Fig.3.18. This technique allows the r.f. circuits to be placed
in the best position for screening, as they are now independent of any
mechanical connection to the tuning dial and associated mechanism.

In many recetvers the functions of oscillation and mixing are performed
by the same transistor, called a self-oscillating mixer. Fig.3.19 shows a
possible circuit in which the collector circuit is tuned to the i.f. and the L,C,
circuit tuned to the required oscillator frequency. The collector supply is
taken through the primary of the i.f. transformer and a capacitor Cj is intro-
duced to block the d.c. path to earth via L.

One further refinement is included before the frequency-changer—namely,
an i.f. trap. This is a simple acceptor circuit tuned to the i.f. and connected
across the input to the mixer stage, Fig. 3.20. It effectively shorts any incoming
signal of 10-7 MHz which may have passed through the 1.f. stage and which
would be passed through to the i.f. amplifier as an unwanted signal.
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MODULATION

In the previous description of frequency changing, Fig.3.8, no modulation
of the incoming carrier was considered. The effects of both amplitude and
frequency modulations on the i.f. waveform are shown in Fig.3.21.
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= - l Comd’ el rc As an example the carrier in Fig.3.21(a) is modulated by a fall in amplitude.
-3 a . - -
9 2 TL l/‘ ST When the carrier, e,, is added to the local oscillator voltage, e, (of constant
| ° i i amplitude and frequency), the sum e,+e; is produced. This is then detected
1

and the'i.f. component, shown dotted, is extracted by the i.f. amplifier. Notice
that the i.f. waveform is itself now amplitude modulated in the same way as
the carrier showing that the information contained in the carrier is still preserved
in the i.f. signal.

In Fig.3.21(b) the carrier is modulated by an increase in frequency, the
result of which is a corresponding DECREASE in intermediate frequency. (This
is because the local oscillator is tuned to a frequency above that of the carrier,
any increase in carrier frequency tending to bring the frequencies closer
together and hence giving a lower beat frequency. For local oscillator
frequencies below the carrier, an increase in carrier frequency gives a corres-
ponding increase in intermediate frequency). Again, the information in the
carrier is passed to the i.£. signal in the same form, i.e as a frequency modulation.

It is interesting to see that the two forms of modulation remain quite
distinct after frequency changing, the amplitude modulated i.f. having no
change in frequency, and the frequency modulated i.f. having no change in
peak amplitude. In considering the reception of stereo information we are
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only interested in the frequency modulated 1.f.; any a.m. component, inch}ding
impulsive interference, can be suppressed without any loss of the desired signal.

Reference to Fig.3.1 (page 39) shows that after mixing, the signal is now
passed to the if. amplifier.

THE LF. AMPLIFIER

The if. amplifier provides the selectivity and most of the gain of the
receiver. The superhet principle ensures that we are only concerned with a
fixed frequency amplifier, which greatly simplifies the design problems.
However, we have seen that the bandwidth of an if. amplifier for stereo
reception must be at least 200 kHz. This relatively wide bandwidth may be
obtained by flattening the tuning of the i.f. transformers, Fig. 3.22, but this
reduces the stage gain and necessitates the use of three or four stages. Alter-

I °
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> | 2
[l 11
From i il
! To next
previous 1 C 1
1 1 stage.
stage. H I "
—
TRy
€ 1—_—“!

AAA
YYVy

>
‘? R2
+
FIG, 3.22. A 107 MHz LF. AMPLIFIER. STAGE
(T, and T, are the tuned i.f. transformers)

natively, the coupling transformers may be tuned to slightly different frequencies
to widen the bandwidth by stagger tuning. As explained in Chapter 2, any
reduction in bandwidth will result in poor channel separation.

Note that in Fig.3.22 the earth is at the Top of the diagram and hence the
decoupling capacitor, C,, is taken to this line. Resistors R, and R, provide the
base bias for TR,.

The ideal response of the i.f. amplifier, having a centre frequency of 10-7
MHz and a 300 kHz bandwidth, is shown as the solid line in Fig.3.23.

e d 300:kHz — ]
I
|
Gain == - OdB
/ : \
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FIG. 3.23. SELECTIVITY ~o |/ | \\ -
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r
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The sharp cut-off at 10-55 and 10-85 MHz would ensure adequate selectivity
between broadcast signals but in practice tuned transformer coupling gives a
response similar to the dotted curve of Fig.3.23. It is therefore necessary to
specify the performance of a receiver in terms of the frequency pass-band at a
given attenuation (in dB). For example, the bandwidth shown is 200 kHz
at 3 dB down.

We have said that several 1.f. stages will be required as the overall gain is
reduced by stagger tuning, or flattened tuning, and the gain of the transistors
at 10-7 MHz may not be high.

Fig.3.24 (overleaf ) shows a complete four-stage 1.f. amplifier using h.f. alloy-
diffused transistors. At the intermediate frequency there is some capacitive
feedback from collector to base which may cause oscillation; this can be
effectively prevented by the stopper resistors connected directly to the collector
terminals, neutralization not normally being required. A d.c. voltage, propor-
tional to the signal at the collector of TR, is fed back to the r.f. amplifier to
provide the automatic gain control described earlier. This will limit the in-
put to the i.f. amplifier and prevent overloading.

Recent developments have lead to the use of integrated circuits and ceramic
resonators or filters to provide the required bandwidth characteristics. The
use of filters does introduce some ‘insertion loss’ between stages, as a passive
filter cannot introduce any voltage or current gain, but it removes the diffi-
culties of stagger tuning or ‘lining up’ of the amplifier.

To explain the behaviour of the band-pass filter we must first examine the
characteristics of a single crystal element. Fig.3.25 shows the attenuation
produced by the series insertion of a crystal into a circuit operating at a variable
frequency.

€in <€ out

I l

|
|
Attenuation :
|
|

-

R A
Frequency

FIG. 3.25. SINGLE-CRYSTAL FILTER

At the resonant frequency, f,, the attenuation is a minimum, and at the
anti-resonant frequency, f,, the attenuation peaks at a maximum. Band-pass
characteristics may be obtained by connecting three crystals in the form of
a T, Fig.3.26(a). If the crystals are manufactured so that CR, and CR; havea
resonant frequency f,, equal to the anti-resonant frequency of CR,, say f,, the
bandwidth is approximately 0-8 of f,—¥, as shown in Fig.3.26(b). (f, is the
resonant frequency of CR,).

The three crystal elements may be replaced by one, as in Fig.3.27, and if
ceramic is used in place of quartz the device is known as a ceramic resonator.

In an i.f. amplifier several filters may be used in cascade if separated by the
amplifier stages; the filters cannot be coupled together directly or capacitively.
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FIG. 3.27. CERAMIC FILTER

Correct impedance matching (approximately 330 Q) must be provided to give
satisfactory operation and Fig.3.28 shows a typical double filter arrangement
using integrated circuit amplifiers.
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FIG. 3.28. LF. AMPLIFIER USING CERAMIC FILTERS AND INTEGRATED CIRCUITS

The insertion loss characteristics of one and two cascaded filters are shown
in Fig.3.29. When more than one filter is used it is important that they are all
tuned to the same centre frequency. The units themselves are not tunable
and are graded by the manufacturer into frequency groups and colour coded.
The filters used in any i.f. amplifier must all be from the same frequency group.

Typical frequency gradings for the Vernitron FM4 ceramic filter are:

w T
COLOUR ' ORANGE | YELLOW | GREEN BLUE } VIOLET
|

Centre Frequency | 10-625 | 10-6625 | 10-700 | 10-7375 ' 10-775
MH:z : } |

The fact that some i.f. amplifiers will be working at a centre frequency slightly
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FIG. 3.29. INSERTION LOSS OF CERAMIC FILTERS

different from 10-7 MHz is of no consequence as this figure is, to a certain

extent, arbitrary. o
The clectrical performance of the FM4 ceramic filter is summarized in the

following table:

SINGLE FILTER TWO CASCADED FILTERS

3 dB bandwidth 200 to 280 kHz

6 dB bandwidth 180 kHz min. 230 kHz typ.
40 dB bandwidth 900 kHz max.
80 dB bandwidth 800 kHz typ. 900 kHz max.
Insertion loss ‘ 5 dB max. 10 dB max.
Impedance 330 Q + 209,

It should be noted that in matching the filters to 330 Q account must be
taken of the input and output impedances of the integrated circuits; these
may be ignored if they exceed 3000 Q. _

An integrated circuit contains the transistors, diodes and resistors of the
amplifier fabricated on a single silicon crystal. The external connections are
used for the input, output, power supplies and decoupling capacitors. Fig.3.30
shows a diagram of the basic external connections to a CA 3011 or CA 3012
integrated circuit used as an if. stage.

The basis of the integrated circuit (I.C.) is the differential amplifier, Fig.3.31.

With no signal applied to the input the current through each transistor is
approximately the same. For a positive input, Vy, the collector current of
TR, increases causing a volt drop across R, reducing V" and hence the current
in TR,. In this way the total current through both transistors remains approxi-
mately constant.

The effect is reversed for a negative input. As the input signal increases,
limiting takes place at about 0-6 V and is the same for both positive and negative

THE RECEIVER; TUNING & DEMODULATING 55

+1i0ov.

I.f.

Output to
Input

demodulator

-
v

FIG. 3.30. INTEGRATED CIRCUIT LF. STAGE

+V

Feedback
voltage

FIG. 3.31. DIFFERENTIAL AMPLIFIER

signals due to the symmetrical design of the circuit. This amplitude limiting
gives a certain amount of a.m. and interference rejection which is desirable.

The complete internal circuit of a CA 3012 I.C. is shown in Fig.3.32. A
typical gain for 4 uV input is 65 dB, more than adequate for driving ceramic
filters with an insertion loss of 5 dB.

We can now incorporate the I1.C.s and ceramic filters into a final circuit
based on the outline given in Fig.3.28. Two typical circuits are given, one
for a positive supply (Fig.3.33) and one for a negative supply (Fig.3.34).

DEMODULATION

The next stage (see Fig.3.1, page 39) is the f.m. demodulator; this converts
the frequency deviations (carrying the information) into voltage variations.
A frequency-sensitive circuit must be used having a response similar to that
shown in Fig.3.35. As maximum modulation corresponds to a frequency
deviation of 175 kHz the response should be linear over this range. The
centre frequency will correspond to the nominal intermediate frequency, and
the demodulator output will be zero for an unmodulated carrier with the



56 STEREO F.M. RADIO HANDBOOK

+i0oVv

A\

AAA

J‘ YYVv

®
QF@>
23

—

@—-a\w

FIG. 3.32.

® ®©

INTEGRATED CIRCUIT AMPLIFIER., CA3012

56kn<
3

VWY

<

S
:;330

FM4

AGC

Inpg._l '——@ TRy
O

"1

<

33kn <
<

VWYY

Output

ov

FIG. 3.33.

INTEGRATED CIRCUIT L.F. AMPLIFIER (POSITIVE SUPPLY)

THE RECEIVER; TUNING & DEMODULATING 57

ov
I ..
- Z6Bkn 330 330 :: Output
r M1 Fma 1 Fma i
Pl i, 77,
LT
330,
Input TR
o—ll«@ !
& D! Za70 :
|0kn§§ nmié I EIT—T—J I'_J._T__TJ
’ —12V.

FIG. 3.34. INTEGRATED CIRCUIT I.F. AMPLIFIER (NEGATIVE SUPPLY)
1
|

+ |
[
|

r ~75 kHzI

Demodulator
output voltage

o Input signal
frequency

|
75 kKHz

|

|

A
/1 |
Centre
frequency
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receiver exactly on tune. This property can be made use of for automatic
frequency control (a.f.c.).

A simple tuned circuit couLp be used for f.m. demodulation but is unsatis-
factory for high-fidelity work as it affords no amplitude modulation rejection
and introduces harmonic distortion due to the non-linear tuned circuit response
curve. The most common frequency sensitive circuits are the Foster-Seeley
phase discriminator and the ratio detector, both based on tuned transformers.
Of these two circuits the ratio detector is invariably used as it offers automatic
a.m. rejection whereas the Foster-Seeley discriminator is sensitive to the level
of the input signal and must be preceded by a limiter stage.

In order to describe the behaviour of these demodulators we must first
consider a tuned transformer and its vector (phasor) diagrams. Fig.3.36
shows an untuned transformer with a primary voltage Vp applied. If the
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secondary is unloaded the primary behaves as a simple inductor in which the
current, ip, and flux, ¢, lag the voltage by approximately 90°.

Tuning the primary by a capacitor, Cp, affects only the primary impedance
loading, Fig.3.37, and as the total primary circuit now appears resistive
(dynamic 1mpedancc at resonance) it is in phase with Vp.

FIG. 3.37.

When the secondary is tuned by Cs, Fig.3.38, the voltage output, Vs,
will not be the same as the secondary induced e.m.f, es, due to the voltage
drop in the secondary leakage reactance Xs (the secondary is now loaded by
the capacitor).

is
>/ HO00 \— Yp, s
i T
1 c 11] z l v
woT  SHEL ax
I]] ‘ { VS

FIG. 3.38.

As the secondary is tuned to resonance, is will be in phase with es. The
output voltage Vs will lag is and also es by 90°. We see that Vs lags Vp by
90° when the circuit is on tune.

When the applied frequency is BELOW resonance the secondary circuit
becomes predominantly capacitive and is leads es, Fig.3.39. Vsstll lags is
by 90°, however, and we see that Vg is ADVANCED in phase.

Is
y
X '5
3
: -V, €
es P €
Tcs i

FIG. 3.39. FREQUENCY BELOW RESONANCE

When the applied frequency is ABOVE resonance the secondary circuit
becomes predominantly inductive and is lags es, Fig.3.40, and hence Vs is
RETARDED in phase.

The next step is to convert these phase displacements of s, which are
proportional to the frequency deviations we are trying to detect, into voltages.

st
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The sccondary is centre-tapped giving voltages +Vg/2 and — V2 with
respect to the centre-tap. These voltages are added to Vp to give V4 and Vi,
Fig.3.41 The changes in V4 and V3 for frequencies below, above and at
resonance are indicated in Fig.3.42.
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FIG. 3.42.

In the Foster-Seeley discriminator V4 and Vg are detected or rectified and the
resultant voltages summed to give the output, Fig.3.43. On-tune, V4=Vp
and the output is zero, but at other frequencies the output is proportional to
the frequency deviation.
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FIG. 3.43. FOSTER-SEELEY DISCRIMINATOR
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Unfortunately, the Foster-Seeley discriminator responds to changes in
input amplitude as well as frequency and a limiter is always required as a
preceding stage to suppress the a.m. component in the i.f. signal.

The ratio detector, which is a modification of the previous circuit, has far
superior a.m. rejection characteristics. In this circuit V4 and Vp are detected
by diode capacitor circuits as before, but one of the diodes is reversed, Fig. 3.44.

VA
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A -3
- 5 Required demodulated
¢—= signal, proportional to
+ < difference of V, and V,
> A B8

CBT =Rs
]

D

-—
-
v
FIG. 3.44. RATIO DETECTOR

V4 and Vg now appear across C4 and Cp, connected to two equal resistors
at C and D. The potential at the centre-point of these resistors will be pro-
portional to the DIFEERENCE between the voltages V4 and Vp. Up to this point
the behaviour is similar to the Foster-Seeley discriminator, but as the voltage
between C and D is V4+Vp it remains CONSTANT with changes of input
frequency, provided that no change in input amplitude occurs. If this voltage
can be held constant we have a means of suppressing any a.m. component
present in the input. A capacitor connected across C D will hold the voltage
constant provided that the time-constant is large compared with the frequency
of any a.m. component. In practice, a capacitor of the order of 10 uF is used,
giving a time-constant between 0-1 and 0-2 second.

As it is inconvenient to add Vp to the centre-tap directly, due to the d.c.
level of the preceding stage, a tertiary winding is used to provide a voltage
of the same phase. Unbalance in the detector circuits can cause an output to
appear even when the frequency deviation is zero, therefore balancing resistors
are used in series with the diodes. One resistor is usually variable to enable the
output to be set to zero for the on-tune condition. The complete circuit for a
typical balanced ratio detector is given in Fig.3.45.

The multiplex signal, as in Fig.2.22 and Fig.2.23, appears at the output
of the demodulator.  Considering the tuner, i.f. amplifier and demodulator,
typical voltages are 0-5 V multiplex output for a 5 uV f.m. input.
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DECODING THE MULTIPLEX
SIGNAL

HE purpose of the decoder is to extract and separate the left and right

signals from the multiplex waveform. There are several ways of doing

this, but in all cases the aim is to reduce to a minimum the crosstalk
between channels and the signal distortion. We must remember that the
multiplex signal is of the form

09 [(E;_I_L) —+ (L:R) sin 2 w t] + 0:09 sin w ¢

and contains four necessary components:
a) the left signal, L;
he left signal, L
b) the right signal, R ;
ght sig
(¢) the 19 kHz pilot tone, sin w ¢;
(d) the 38 kHz modulation, sin 2 w ¢.

Reference to Fig.2.22 (page 25) will show how these components are
assembled in the transmitter. In decoding, the 19 kHz pilot tone is first filtered
out and doubled to produce a 38 kHz signal exactly in synchronism with the
transmitter subcarrier.

Consider the simplified waveforms of Fig.4.1. Diagram (f) shows the
multiplex signal wiTeOUT the 19 kHz pilot tone which we shall assume has
been filtered out. This waveform is sometimes referred to as the ‘composite
audio signal’ but it must be remembered that it contains 38 kHz modulation
components well above the normal audio range.

Some methods of combining this waveform with the reconstituted 38 kHz
subcarrier to produce channel separation will now be described.

THE ENVELOPE DECODER AND SWITCHED DETECTOR

If a relatively large 38 kHz signal is simply ADDED to the audio signal,
the envelopes of the peaks of the positive and negative half-cycles have the
same shapes as the left and right channel signals. Fig.4.2 shows this (using the
waveforms of Fig.4.1).

The explanation of this is that the positive and negative half-cycles of the
38 kHz signal alternately ‘push up’ the left components and ‘lower’ the right
components of the composite signal. The 38 kHz signal literally ‘separates’
the alternate half-cycles of the multiplex or audio waveform. The left and
right channel signals can now be recovered by using two detector circuits,
one sensitive to positive voltage and the other to negative voltage. This is
called switched detection.

Fig.4.3 shows a block diagram of such a decoder.

The 38 kHz signal may be derived in one of two ways, either by syn-
chronizing a local 38 kHz oscillator with the 19 kHz pilot tone or by doubling
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FIG. 4.1. THE COMPONENTS OF THE DETECTED ‘AUDIO’ SIGNAL.
(19 kHz PILOT TONE NOT INCLUDED)
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FIG. 44. TWO METHODS OF PRODUCING THE SYNCHRONIZED 38 kHz SIGNAL
(a) Triggering a local oscillator by the pilot tone
(b) Doubling the pilot tone frequency

the 19 kHz tone directly, Fig.4.4.

From Fig.4.2 it is obvious that not only must the reinserted 38 kHz sub-
carrier be in synchronism with the transmitter subcarrier, but must also be
EXACTLY IN PHASE WITH IT. Any error in the phase of the subcarrier will lead
to a lack of channel separation (crosstalk) as shown in Fig.4.5.

100
80
Channetl
Separation g0 |
dB at38kHz
20 |
o} 5 10 )

Phase error  (degrees)
FIG. 45. EFFECT OF PHASE ERROR ON CHANNEL SEPARATION
The phase of the 38 kHz signal may be corrected by a phase shift of 45°

in the pilot tone prior to doubling, Fig.4.6. This may be effected by detuning
the 19 kHz tuning coil. In many receivers the phase control is made variable
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or preset to facilitate optimum channel separation. This is equally important
if the 38 kHz signal is derived from a triggered local oscillator, Fig.4.4(a).

The local oscillator signal may be automatically held in phase with the
transmitted pilot tone by applying feedback forming a phase-locked loop.*
The system consists of a voltage-controlled oscillator generating a 76 kHz sine
wave. This is divided by 2 to obtain both a normal and an inverted 38 kHz
square wave, Fig. 4.7(a). The normal signal is again divided by 2 to give a
19 kHz quadrature signal for feeding back along the phase-lock loop. A
quadrature signal is used as one input to the phase-sensitive detector to ensure
a zero average output when the oscillator is exactly in phase. Changes in phase
then give either a positive or negative error signal which pulls the voltage-
controlled oscillator back into phase, according to whether it is leading or
lagging’ the input pilot tone.

The inverted 38 kHz signal is also divided by 2 to give a 19 kHz square
wave in phase with the incoming pilot tone. When ‘phase-lock’ is achieved
the in-phase detector registers this by providing a d.c. output. This output is
filtered and amplified to operate both the sTerEO/MONO switch (enabling the
38 kHz signal to reach the decoder) and the stereo indicator lamp.

The filters are necessary to limit the bandwidth of the feedback loops; too
high a bandwidth causes ‘phase jitter’ which reduces channel separation, and
too low a bandwidth will require a long ‘locking-in’ time.

Owing to the complexity of the phase-locked loop (see footnote) discrete
components are now usually replaced by an integrated circuit. A typical
arrangement is shown in Fig.4.7(b) using an MC 1310P integrated circuit
(Motorola).

A channel separation of 40 dB over the whole audio range is obtainable

* Portus, R. T., Haywood, A. J., “Phase-Locked Stereo Decoder.” Wireless World.
Sept., 1970.
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[Courtesy Heath (Gloucester) Ltd.}

HEATHKIT AR1214 AM-FM STEREO RECEIVER. FEATURES INCLUDE
INTEGRATED CIRCUIT LF. AMPLIFIER WITH CERAMIC FILTERS, INTEGRATED CIRCUIT
QUADRATURE DETECTOR AND INTEGRATED CIRCUIT PHASE-LOCK MULTIPLEX DECODER.

DECODING THE MULTIPLEX SIGNAL 69

with this circuit. With a 16 mV input of 19 kHz the stereo switches on and
decoding takes place. However, due to hysteresis this input may have to fall
to 10 mV before the switch turns orr and the circuit reverts to ‘mono’ operation.
The audio output is about 500 mV r.m.s.. The oscillator must work within
43 per cent of the nominal frequency; 0-5 per cent for temperature variations,
which leaves 25 per cent for detuning due to drift of component values.

The circuit may be switched to MONO operation by earthing terminal 8
through an external MoNo/sTEREO switch. This is useful in poor signal-to-noise
conditions where the pilot tone is still large enough to switch into ‘stereo’
mode.

Some receivers are designed to accept both a.m. and f.m. When receiving
a.m. it is desirable to stop the 76 kHz oscillator by an am/em switch which
carths terminal 14.

The separation of the left and right channels by the 38 kHz signal is some-
times described as switched detection or synchronous detection. The
subcarrier can be considered as ‘steering’ the left and right components into
the appropriate channel detector, Fig.4.8 Whilst this is sometimes referred
to as an alternative method of decoding it can be seen that it is really an alter-
native explanation of envelope decoding.

The electronic ‘switch’ may consist of diodes or transistors.

19kH2 ‘Audio’
FILTER )
i
4
Diode or Transistor L
Switch
Multiplex
Signal
19kHz .| PHASE
> ame ADJUST DOUBLER 38kHz

'FIG. 4.8. DECODING CONSIDERED AS ‘SWITCHED DETECTION’

Fig.4.9 shows a simple diode switch in which the diodes are alternately
switched on and off by a large 38 kHz signal. In a circuit such as this it will be
obvious that a large 38 kHz component will be present in the audio output.
Although de-emphasis will be applied it will not be sufficient to remove
this, and if it did the higher audio frequencies would also be reduced giving a
poorer audio performance. The presence of this 38 kHz component is un-
desirable as it may cause distortion in the audio amplifiers which follow and
beat frequencies to be produced with tape recorder oscillators. A balanced
detector, as in Fig.4.10, eliminates most of this trouble as the potentials at
R and L (depending on which pair of diodes are conducting) will be the
same as that of point X. But this is the mid-point of the transformer winding,
i.e. the zero voltage point of the 38 kHz source.

In some designs the point X may be grounded and the composite audio
signal applied to point Y; this does not affect the circuit operation.
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—

38kHz

;

Composite
hh/".\/fignol

FIG. 4.9. DIODE ‘SWITCHED’ DETECTOR

38kHz

x

4 Left output: Djand D2 conduct
Right output: D3and D4 conduct
Composite
Audio
Signal

FIG. 4.10. BALANCED DETECTOR TO REDUCE THE 38 kHz COMPONENT IN THE
AUDIO OUTPUT

If possible the receiver must be compatible and detect both mono and
stereo transmissions. If the diodes are biased into a forward conducting state
when no pilot tone is present (on mono transmissions) the audio signal is
applied equally to left and right outputs, Fig.4.11. This does not affect the
stereo operation as the 38 kHz switching signal is large compared with the
d.c. bias.

In transistor switched detectors the audio signal is usually applied to the
bases of a pair of transistors. The transistors are alternately turned on and off
by raising and lowering their emitter potentials by the 38 kHz signal, Fig.4.12.

DECODING THE MULTIPLEX SIGNAL 71

1
3BkHz Y |} R b,
H

AAAA
Yy

Y

!

-—

Composite
Audio [
Signal -

v

FIG. 4.11. BIASED DIODES FOR MONO-STEREO COMPATIBILITY. CAPACITORS
ARE USED TO BLOCK THE D.C. PATH THROUGH THE TRANSFORMER.

i ! + 10V
< < l <
10 k.n.:E T lOOkn:E :E IOkn
L ~tt—— 2 R
TR

<N "y
Composite
Audio —>—f q
Signal &
tka Ss6ka % Ika
. ‘»

38 kHz

FIG. 4.12. A SWITCHED TRANSISTOR DETECTOR

If the emitter of TR, is positive, TR, cuts off and no output appears at the
collector; at the same time the emitter of TR, will be negative, the transistor
will amplify the base signal producing an output at the collector of TR,
When the 38 kHz signal reverses at the next half-cycle the operation is reversed.

This transistor circuit will not suppress the 38 kHz switching signal and a
large component will be present in the output. This can be removed by a
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— ——
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. - —V out
Vin —"= jgkaZ 2:27F u
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FIG. 4.13. 38 kHz PARALLEL T FILTER

parallel T filter, Fig.4.13, in each channel output. _

In the absence of the 38 kHz signal in the circuit of Flg.4.12 the‘blas enables
the two transistors to amplify the base signal equally and 1d;nt1cal outputs
appear at both the left and right collectors. Hence automatic mono-stereo
compatibility is achieved. o o '

Another decoder circuit, which forms the basis of integrated-circuit designs,

is shown in Fig.4.14.

AAA
AAA
\AAAS

l YVVY

Yyvy

L — R

38kHz

‘Audio’

-

FIG. 4.14. PRINCIPLE OF THE INTEGRATED CIRCUIT SWITCHED DECODER

The operation is as follows:

(a) When the 38 kHz signal is in its negative half-cycle, TR, is turned
orr, and TR, is turned on by the positive base potential applied.
The audio signal at the collector of TR; appears at the collector
of TR, as the rRIGHT output.

(b) When the 38 kHz signal is positive, TR, is turned oN and the
emitters of TR, and TR, go more positive. This turns orf TR,
and the audio output from TR; appears at the collector of TR, as
the LEFT output.

Again, no 38 kHz suppression takes place and the outputs must include suitable
filter circuits.
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THE MATRIX DECODER

This is similar to the matrix encoder described in Chapter 2, Fig.2.2(b),
page 10, but in this case it is used to produce the L and R signals from L+R
and L—-R. Fig.4.15 shows a possible circuit, although it suffers from the
disadvantage that the L+R and L—R must be isolated and have no common
ground connection.

)

L+R ép U}
PR

L-R
L-R ————

FIG. 4.15. DECODING MATRIX

It must be remembered that the L—~R signals have been frequency trans-
lated by the 38 kHz subcarrier, and must be restored to their original 0 to 15
kHz range before matrixing.

A practical arrangement is to extract the L+R, (L—R) sin 2ewt and the
pilot tone signal from the composite audio signal by means of filters and re-
combine them in a matrix to produce L and R, Fig.4.16. As this circuit
offers no advantages over the switched detector it is not widely used.

CHANNEL SEPARATION AND CROSSTALK

Unfortunately, none of the systems and circuits so far described gives
complete channel separation. Some of the LEFT signal appears at the RIGHT
output, and some of the RIGHT at the Lerr. The reason for this in the switched
or envelope detector is that although the receiver treats the incoming signal
as a switched or ‘time-division-multiplex’ waveform, it was never assembled
as such in the transmitter. Even if it had been, the fast rising and falling sides
of the square switching waveform would be decidedly rounded off after
transmission due to the system bandwidth.

The effect is shown in Fig.4.17, where for simplicity the right signal is
assumed to be zero. The signals are combined to give (L—R)/2 and (L+R)/2
(which in this case will be identical as R is zero). The difference signal,
(L—R)/2, is frequency translated by modulating a 38 kHz subcarrier producing

L-RY\ .
sin 2wt.
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Frequency kHz

O-15 L+R
> kHz

Composite ’l L-R
Audio —>—4 < -/\/
Signal 23 —53 L-R) Sin wt =
2>~ kHz { M\/va' <:———>L /\/
=
— ngw’ =3
=
>
S
FREQUENCY —R N\
L3>+ 19 kHz DOUBLER — M

<
38 kHz I I ? \/\
R-L

FIG. 4.16. MATRIX DECODER

(a) Bandwidth of composite signal

(b) Block diagram of decoder
(Waveforms refer to Fig. 4.1)

Filters
(b}

To encode the information the sum and difference components are now

added giving
Iﬂ + Lk sin 2wt.
2 2

In the receiver the decoder chops this waveform by its switching action
and it can be seen that some of the left signal appears in the time intervals
allocated to the right channel and a proportion of the left signal appears at
the right output.

The mathematical theory of crosstalk is given in Appendix C (page 196).

One method of correcting this defect is to feed a neutralizing signal to the
two channels in opposition to the crosstalk. A phase-inverted (L+R) signal
is added to the L and R outputs and adjusted to the amplitude required for
maximum channel separation. As well as cancelling the crosstalk this does
slightly reduce the main channel amplicudes, but is of little importance.

Fig.4.18 shows how a simple diode switched detector (as in Fig.4.9) is
modified for crosstalk compensation.

A complete decoder circuit is shown in Fig.4.19 incorporating an input
signal amplifier, TR,, which is also used to provide a compensating waveform
proportional to —(L+R). This stage is followed by a 19 kHz amplifier,
TR,, feeding a doubler circuit and 38 kHz amplifier TR;. The composite
signal from the emitter of TR, is mixed with the restored 38 kHz signal
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Left signal L
R=0

N

Sum and difference
Signals
L~-R _ L+R
2 2

Frequency translation ‘of
Difference signals
(L; R) in2 wt

Combined signal

(%—Rl) + (L;R)Sin2wt

After decoding :
L

This should
be zero

FIG. 4.17. CROSSTALK IN ‘SWITCHED’ DECODERS. RIGHT SIGNAL, R, SHOULD
BE ZERO; BUT A FRACTION OF THE LEFT SIGNAL, L, APPEARS AT THE RIGHT
OUTPUT

—P -
<, <,
3 2
i+ 4
-
el 11
[ul A
- L
3ekHz Q)
B
Composite —{L+R)
Signal Crosstalk

Compensation
FIG. 4.18. CROSSTALK COMPENSATION IN A SWITCHED DIODE DETECTOR
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and fed into a balanced detector (as in Fig.4.10). The crosstalk compensation
signal is then added to the outputs.

With the integrated circuit decoder (Fig.4.14) the crosstalk compensation
is achieved by duplicating the circuit as in Fig.4.20.

+9V.
+ 45V
b
>
>
g
R -
Lg———y
38 kHz—>—9
CA 3026
‘Audio’ —>—1 4
> z
Channel &
Sepqrotion;> VR| T
S ‘5
> 4 -

FIG. 4.20. CROSSTALK COMPENSATION ON A CA3026 INTEGRATED CIRCUIT
DECODER

TR,, TR, and TR; behave exactly as described earlier with reference to
Fig.4.14. TR,, TR, and TR, behave in a similar manner except that their
base inputs are ‘cross connected’, the left signal being applied to the right
output and vice versa. This gives the crosstalk compensation. The audio
signal driving TR is obtained by emitter coupling with TR; which is set by
the coupling resistor VR, to give the correct amount of compensation for
maximum channel separation.

Crosstalk is also present in matrix decoders, but the cause of the trouble
is different from that discussed above. The (L+R) and (L—-R) signals (see
Fig.4.16) are derived from different circuits and travel via different paths. The
result of this is that a certain amount of phase and amplitude distortion is
inevitable, giving rise to crosstalk. The correction circuits, however, are the
same as for the switched decoder.

THE SAMPLING DECODER*

Fig.4.17 shows that the crosstalk introduced in switched decoding is due
to the breakthrough of one channel on to the other immediately before and
after switching takes place. Midway between switching operations the break-
through is seen to be virtually zero. If the left and right signals are reconstituted

* Waddington, D. F. O’N. “Stcreo Decoder Using Sampling.” Wireless World,
Feb. 1971.
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from voltage levels at these mid-points, it is obvious that the crosstalk will
be reduced to a negligible level, Fig.4.21. The composite audio waveform is
sampled for about 1 per cent of the 38 kHz cycle time at these mid-points,

Right |3 3 § 3 3 1 3 1
Sampling
Puises:

Left |

Composite A AA
Audio £ \/
Signal v v V

Right L ] J ]

Samples T l [ I

Left
Samples
(Virtually zero)

FIG. 4.21. SAMPLING THE COMPOSITE WAVEFORM AT MID-SWITCHING POINTS

and the sampled voltage held until the next sampling pulse is applied, Fig.4.22.
The composite signal is fed to a transistor in series with a small capacitor.
The sampling pulse momentarily turns on the transistor allowing the capacitor

Sampling
Points
~a

S
4
P ’ﬁ
= \\ 7
- > /7
Holding
Period -

FIG. 4.22. THE RECONSTITUTED RIGHT CHANNEL WAVEFORM

to charge up to the audio voltage at the time of sampling. The capacitor holds
the voltage at this level (with 2 small exponential decay) until the next sampling
pulse occurs.

The sampling pulses themselves are derived from a pulse generator driven
by the 38 kHz signal. Fig.4.23 shows a block outline of the arrangement.
The 38 kHz component in the output is small and up to 40 dB separation
between channels is obtainable. The sampling decoder circuit is described
on page 117.
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el ;ﬂﬂﬂmﬂh
SAMPLE HOLD | |

4

PULSES CIRCUIT
Composite
I 30KHZ PO P S—
Signal
3

RIGHT
SAMPLE CTR?:liJDIT [t R Aﬂ—m{qmp
PULSES

FIG. 4.23. BLOCK OUTLINE OF SAMPLING DECODER SYSTEM

DE-EMPHASIS

After the separation of the left and right signals, a 50 us de-emphasis is
applied to the collector outputs of the decoder, Fig.4.24.
Typical values for the resistors and capacitors are

12 kQ and 4-7 nF; or
47 kQ and 0-01 uF.
The 38 kHz filters which follow the decoding in an unbalanced circuit affect

the de-emphasis and care must be taken to see that the performance is not
reduced to an unacceptable level.

= l -L =
RIZ TCI Cz.l.. =R
L ——————4 R

&
t

FIG. 4.24. DE-EMPHASIS APPLIED AFTER CHANNEL SEPARATION
Typical values for 50us :

RI,R2:12kQ RI,R2:4-7kQ

or
CI,C2:4~7 nF CI’CZ: 0-01 uF
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TYPICAL RECEIVING AND : i
DECODING CIRCUITS * '
- >
N this chapter we shall consider the important circuit arrangements and > g; ©
I interesting features of the radiogram and tuner-amplifier with decoding ) + &

facilities. Radiograms are now usually equipped to decode and reproduce

stereo transmiissions at the time of purchase, or provision is made to easily fit S §§ . ;a’;ég S
a decoding unit at a later date. If the reproducing equipment of a unit audio HTeET ) s 1
system is to be linked to f.m. reception, the tuner-amplifier may serve as the o4 %
o
3 8

P

main unit of the system. Some tuner-amplifier designs, in addition to incor-
corporating an f.m. tuner, decoding unit and high-power stereo amplifier,

Il
- T

q
include a.m. tuning for the reception of LW, MW and SW stations. The 3¢ L3¢
compactness of the tuner amplifier has been made possible by the use of @3 S s5c3d
circuit modules employing solid-state electronics. In a number of designs Ik Dolﬁ }
this has been achieved without detracting from the high quality normally )| )|
associated with separate tuner and amplifier systems. ’I_iig n 5&“’;
Y] S873

POWER SUPPLIES

As transistors are used almost exclusively in receiving equipment, a low
voltage d.c. supply 10—40 V (say) is needed. Thus the first requirement is
to step down the mains supply to a lower voltage. A double-wound trans-
former is normally used as it has the advantage of isolating the equipment
from mains potentials. Full-wave rectification is preferred to half-wave
because the former provides better regulation and the ripple voltage is less.
The rectifiers may be arranged in a conventional full-wave circuit using a ;
centre-tapped transformer with two rectifiers or form a bridge circuit. The ]
bridge arrangement makes more efficient use of the available secondary ]
voltage but requires four rectifiers. Thus the choice is a question of economics.

With some equipment a single line supply of positive or negative polarity
will be required, whereas in others lines of both polarities may be necessary,

Fig.5.1. This diagram shows the power supplies for a Bush sOUND sysTEM

which includes an am/fm stereophonic radio tuner and a high quality stereo

amplifier. A full-wave bridge circuit is used incorporating four silicon diodes

(D;—D,) and a centre-tapped secondary winding. The tapped secondary is

used to provide a stable d.c. output, split to form two lines of opposing polarities

with respect to the chassis. Large values are chosen for the reservoir capacitors -
C, and C, as the ripple voltage is approximately inversely proportional to the
value of the reservoir capacitor. The a.f. push-pull stages require a 33 V
supply which is taken directly from C, and C, (between the +16:5 V and
—16'5 V lines).

R,,C, and R,,C; in the negative line supply form two RC filter sections
to give a smoothed d.c. supply to the fm. tuner, a.m. mixer and i.f. amplifiers.
Similarly, in the positive line R;,C; and R,,C; reduce the residual ripple to
an acceptable level for feeding the remaining stages which include the decoder

80
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T

D.C. SUPPLIES USED IN A BUSH SOUND SYSTEM

FIG. 5.1.
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section. Additional line filters are included in some sections but have not been
shown. .

The d.c. resistance of the secondary winding protects the rectifiers from
damage by the large current pulses which flow due to the initial charging of
C, and C; at switch-on. C, is an r.f. by-pass to keep impulsive interference
entering via the mains out of the d.c. supplies. LP; is a warning lamp which
is illuminated when the power supply is switched on.

VOLTAGE STABILIZATION

A number of designs are now incorporating a stabilizer circuit to help
maintain a constant d.c. output voltage. The main causes of output voltage
variation are (a) fluctuations in the mains supply; and (b) changes in the
current drawn by the load.

The basic principle of voltage stabilization is shown in Fig.5.2. Essentially,
three separate devices are necessary. One is a sampling device to detect varia-

REGULATOR >

R

From rectifier AMPLIFIER D.C. output

VOLTAGE R,
REFERENCE

_ T | _

FIG. 5.2. BASIC PRINCIPLE OF STABILIZER

tions in the voltage fed to the load. This is the purpose of the potential divider
Ry,R, connected across the output.  Secondly, a stable voltage reference is
required with which the sampled voltage may be compared so than an ‘error
voltage’ is available. Thirdly, a device which we will call a regulator, is needed
which responds to the error voltage and restores the output voltage to the
correct level.

Suppose that the voltage across R;,R, rises due to an increase in mains
voltage. The voltage across R, will rise and this is fed to the amplifier where
it is compared with the stable voltage reference. The error voltage is detected,
amplified and applied to the series regulator. This causes the resistance of the
regulator to increase thereby increasing its voltage drop and restoring the
output to the correct level. The regulator may be connected in series or in
shunt with the load as indeed may be the measuring device but the principle
of operation remains the same. An amplifier is not essential but its use improves
the regulation of the stabilizer circuit.

Fig.5.3 shows a typical circuit employing the principle described. The
zener diede D; which 1s supplied with a suitable current via R, provides the
stable voltage reference, this being applied to the emitter of TR,. Suppose,
for example, that the d.c. supplied to the load falls due to a reduction in the
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sy TR2. REGULATOR 20V
> <
B3 SRs
z0ng g 39k
< d
FROM
RECTIFIER TR| aMmpLIFIER D.C. OUTPUT
CIRCUIT TO LoAD
AR
4.3V
415V
<
S R4
S 2.2k
A Dy ::
Y ZENER DIODE
*o i — ot

FIG. 5.3. TYPICAL BASE CIRCUIT ILLUSTRATING PRINCIPLE OF FIG. 5.2

mains voltage. The voltage across R, will fall thereby reducing the forward
bias of TR,. Asa result, TR, current will decrease and the volts dropped across
TR, collector load resistor (R,) will be less. This will cause the base of TR,
to go more negative. Now, TR, is connected as an emitter-follower, thus the
emitter of TR, will go more negative causing the output voltage to rise. In
this manner the output is restored to its former correct value. One disadvantage
of the circuit shown is that variations in TR, current, which flow in D,, alter
the reference voltage.

The stabilizer circuit used in the Leak Stereofetic F.M. Tuner power supply,
Fig.5.4, is different to the one just described but the principle is essentially
the same. The tuner requires +9 V at about 90 mA and —5 V at about 5 mA.
Separate full-wave bridge circuits are employed to provide two lines of
opposing polarities, with C, and C, forming the reservoir capacitors. Any
variation in voltage level of the d.c. output lines will cause mistuning of the
local oscillator in the tuner front end and may cause limiting of the output
audio signal. Thus each rectifier circuit is complemented by a stabilizer. Since
the same circuit configuration is used in the positive and negative lines, we
need only consider one circuit (say the upper one in the diagram) to under-
stand the operation. This will now be described.

Consider first Fig.5.5 which illustrates the basic idea of the Leak stabilizer.
A zener diode D, is fed with a suitable current from the d.c. input via R,. The
reference voltage across the zener diode is supplied to the base of the series
regulating transistor TR;, connected as an emitter-follower. Thus the voltage
supplied to the load will be approximately the voltage applied to the base,
i.e. the reference voltage. More precisely, the output voltage is the reference
voltage less the basc-emitter voltage drop of TR,. Provided the reference
voltage is constant the output voltage must remain steady. To a first approxi-
mation, the voltage across D, will remain constant in spite of variations in
the level of the input to the circuit, any variations being felt across R, rather
than across D,. Unfortunately, the current in D, is not constant when the
input level changes and due to the finite slope resistance of the zener diode
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STABILIZED SUPPLY USED IN THE LEAK STEREOFETIC F.M. TUNER
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TR,

LOAD

FIG. 5.5. BASIC IDEA OF EMITTER-FOLLOWER CIRCUIT USED IN FIG. 5.4

changes in zener voltage occur. Thus the regulation of this circuit is not
perfect. To improve the voltage regulation a constant current circuit may be
used to supply the zener diode. This technique is employed in Fig.5.4 to
which we now refer.

The zener diode D; supplies a reference voltage to the base of the series
regulator VT, The voltage is not fed dircctly but via the potential divider
VR, and R, connected in shunt with D,. The output of the regulator can be
varied by about +0-5 V by means of VR,. Rj acts as a ‘starter’ resistor for D,
which subsequently is fed by V'T,. The zener diode controls its own current
by means of a constant current transistor (V'T;) feeding base current back into
its own transistor feeder (V'T,). That is, VT, is a constant source feeding base
current to VT,. VT, feeds a constant current to D; which in turn sets up a
constant current in V'Ty. Should (say) the +14 V line rise as the result of an
increase in mains voltage, the emitter-coliector voltage drop of VT, will be
greater, However, since it is fed with constant base current from V7T, the
collector cutrent of VT, will remain constant. Hence the current in D, will
be steady and so will be the output voltage from VT emitter.

The collector-emitter resistance of VT together with C; form an RC
filter to reduce the ripple voltage at the regulator output. C; decouples the
tipple at VT, base.

R.F. AMPLIFIER AND MIXER STAGES

A typical front end using bipolar transistors is given in Fig.5.6. VT, is
the r.f. amplifier operating in the common base mode. Signals from the 75 @
external aerial are coupled vig C; and C, to the primary of the aerial input
transformer T, A step-up ratio is used to match the aerial to the impedance
of the fixed tuned input circuit formed by T, secondary, C, and C,. The
f.m. aerial socket is coupled to the ferrite rod acrial used on the a.m. bands.
Thus, when using an external f.m. aerial, additional a.m. pick up is transferred
to the ferrite rod via C;. This helps to offset possible null points when the
ferrite rod is of a fixed orientation.

Signals from the input circuit are transferred to the emitter of I/T via the
capacitive divider formed by C, and C,. This arrangement prevents undue
damping of the tuned circuit by the low input resistance of V'T,. C, grounds
the base to signal and R, provides a suitable forward bias current. As V7T,
is a silicon transistor, the base-emitter voltage drop is larger (0-5 V in this case)
than with germanium types. A.G.C. is applied to VT, base via R,. Amplified
signals are developed across L;, CV; in the collector circuit of V'T,. CV,
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provides variable tuning over the range of 88 MHz to 108 MHz. L, and CT,
are adjusted during r.f. alignment for optimum gain at opposite ends of the
band. The output of the r.f. amplifier is capacitively coupled to the emitter
of the mixer transistor via C,,. Lg, C,, from a series resonant 10-7 MHz trap
to prevent if. breakthrough. Also, the trap isolates the i.f. stages from the
aerial to prevent radiation at 10-7 MHz. )

VT, is the mixer transistor of the self~oscillating variety. R, provides the
d.c. return for the emitter circuit and Ry, R, are used for base biasing. The
transistor is operated in common base, the base being grounded to signals by

s The oscillator tank circuit is formed by L,;, CV, CT, and D, (vari-cap
diode). A tap on Ly, is used to couple the tank circuit to the transistor. Oscil-
| latory energy from L, tap is applied to the emitter of V'T, via C,,. Anmplified,
in-phase energy is returned to the tank circuit from the collector of the mixer
via Cy5. The principle of operation of this type of v.h.f. oscillator has been
discussed in Chapter 3, page 45. In this receiver, the oscillator is tuned on
the low side with respect to the signal frequency. The difference frequency
of 10-7 MHz is extracted by the tuned if. transformer T, in the collector
circuit of the mixer.

When the a.fic. switch is in the on position, a control voltage derived
from the fm. detector is used to bias D,. The change in capacitance which
results brings the oscillator into step should there be a tuning error. The
hold range of the a.f.c. is not less than 1-8 MHz with a signal input of 1 mV
at 95 MHz. An important design feature is that the amplitude of the oscillatory
voltage across D, must not be such that it brings the diode into forward con-
duction, otherwise uncontrollable changes in oscillator frequency may occur,
In the afic. oFr position the d.c. control voltage is removed and the receiver
may be tuned manually. It should be noted that manual tuning should not
be carried out with the af.c. switched on as the a.f.c. will tend to correct for
tuning variations. It is possible to finish up apparently correctly tuned in but
with the a.f.c. at the end of its hold range and unable to cope with any sub-
sequent drift.

F.E.T. FRONT END

Some designs are now making use of the advantages to be gained by
incorporating f.e.t.s in the front end, in particular the dual-gate metal oxide
semicoriductor field effect transistor (m.o.s.fe.t.). Before looking at a typical
circuit it may be useful to briefly consider the operation of the f.e.t.

An fle.t. has a resistive channel of a semiconductor material whose resistance
can be varied by an electric field cutting into the channel and altering its
cross-sectional area. Fig.5.7 shows the basic construction. A resistive channel

of n-type silicon is shown with non-rectifying connections at either end. One

_‘—"ll'___‘r connection is called the source and the other the drain. On either side of the

o N channel are formed regions of p-type silicon which are connected together

© and a connection is brought out from these areas called the gate. This forms

I_J'_| FH— an n-channel device but p-channel f.e.t.s are available with a resistive p-channel
and n-gate areas.

) The fee.t. is a unipolar device, i.e. it conducts by majority carriers only,

= whereas the ordinary bipolar transistor conducts by majority and minority

~—A '%——' carriers. Thus if the drain connection of Fig.5.7 is made positive with respect to

the source connection, conduction will take place by electrons from source to

drain. To vary the conduction of the channel a voltage is applied between
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gate and source (gate negative with respect to the source for an n-channel f.c.t.).

The effect of varying the gate-to-source voltage is shown in Fig.5.8. As Visis

increased, the potential field (shown shaded) extends further into the resistive

(@) (b) (c)
FIG. 5.8. EFFECT OF GATE-TO-SOURCE VOLTAGE ON DRAIN CURRENT

channel reducing the effective cross-sectional area. This causes the channel
resistance to increase and reduces the current flow from source to drain (Iy).
Thus the effect of increasing Vs is to ‘pinch-off” the current. The voltage
corresponding to zero Iy is called the pinch-off voltage. Fig.5.9 shows typical
characteristics. The relationship between drain current and gate-to-source
voltage is Iy oc Vs which is confirmed by the parabolic form of the Is— Vs
curve of diagram (a).

The current flowing in the gate lead is very small indeed (a fraction of a
microampere) since the gate-channel junction is essentially a reversed biased
diode. A high input resistance results, of the order of 107 Q at d.c. Thus the
fe.t. is a voltage-operated device like the thermionic valve but unlike the
bipolar transistor which is current operated. In some respects the fe.t. is
similar to the pentode valve (compare the curves of Fig.5.9 with the I,—17
and I,— V, characteristics for a pentode). The mode of operation outlined is
called the depletion mode since the drain current is reduced when Vi is
increased. An f.e.t. offers the following advantages: (a) a high input resistance—
typically 107 Q at d.c.; (b) low noise performance—better than valves and
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FIG. 5.9. CHARACTERISTICS OF F.E.T.
bipolar transistors; and (c) good signal handling characteristic resulting in a
reduction of cross-modulation and intermodulation products. This means
that the fee.t. is well suited to r.f. and mixer applications.
An af. amplifier using a junction-gate fe.t. is shown in Fig.5.10. The
input signal is applied between gate and source. R; provides a suitable bias
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FIG. 5.10. JUNCTION-GATE F.E.T. AMPLIFIER

for the gate, obtained in the same way as cathode bias for a valve. C, decouples
R, to prevent a.c. negative feedback. R, provides the d.c. return for the gate
to the negative line. The amplified signal is developed across the drain load R,.
In this circuit a standing current of 0-6 mA is obtained with a V4 of 3-05 V
(7-25 V—4-2 V) and a gate voltage of —4-2 V.

The fee.t. just described is called the junction-gate f.e.t. or JGFET. There
is another type known as the insulated gate f.e.t. (IGFET) or metal oxide
semiconductor f.e.t. (MOSFET). These may be of the depletion mode or
enhancement mode variety. Fig.5.11 illustrates the basic construction of an
n-channel enhancement mode MOSFET. The source and drain are heavily
doped n-+ regions which are diffused close together on to a p-type section
called the substrate. Between the source and drain and extendin