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Audio gain controls

A survey of the methods used to achieve acceptable
control of gain in audio amplifiers.

by Peter Baxandall B.Sc. (Eng.), F.I.E.E., F.I.E.R.E., M.A.E.S., F.B.K.S.T.S.

The design of gain controls is by no
means as simple as it might appear.
Peter Baxandall examines the
difficulties in design and comments
on many circuits which have
appeared over the years, from very
simple types in which compromises
must be accepted, to those used in
high-performance equipment.

An ideal audio amplifier with variable

gain would have the following charac-.

teristics:

(i) noise output voltage = (source
Johnson noise voltage) X (gain)

(ii) ability to deliver its full output
voltage even at very low gain settings,
which may be less than unity. The
amplifier is therefore capable of han-

dling very large input voltages at the

lowest gain settings. -
The simplest way to achieve (i) is that
shown in Fig. 1(a), but this simple tech-
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Fig. 1. Two small gain controls which do
not fulfil both main requirements. Circuit
(a) gives low noise, but will overload at
low gain settings, while (b) introduces
additional noise.

nique obviously fails lamentably with
regard to (ii), for the maximum input
‘'voltage that can be handled without
‘overloading is the same at all settings.
The arrangement of Fig. 1(b), on the
other hand, achieves (ii) perfectly, but
fails with regard to (i). )

By using sufficiently subtle gain-
control systems, it is possible to satisfy
(i) and (ii) concurrently and almost
perfectly, but the simple and widely
used arrangement shown in Fig. 2 pro-
vides a compromise solution which is
very satisfactory for many practical
purposes.

An ideal amplifier would give a
variation of output noise voltage with
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Fig. 2. This arrangement combines
circuits of Fig. 1(a) and (b) to give
compromise performance.

gain setting as shown by the full-line
graph in Fig. 3, whereas the Fig. 2
scheme gives a characteristic as de-

picted by the broken line. Below a cer-

tain setting of P, the noise level from
amplifier A at the output of P becomes
less than the noise level of amplifier B
referred to its input, so that the noise of
amplifier B becomes the dominant con-
tribution, establishing the level of the
broken-line “plateau”.

Now there is obviously no practical
advantage in achieving an output noise

level which is a long way below:"

audibility at very low gain settings, so
that a characteristic of the broken-line
type is normally perfectly satisfactory,
provided the level of the horizontal
plateau is low enough. For a given
overall maximum gain requirement, the
product of the voltage gains of
amplifiers A and B in Fig. 2 is fixed, but
there is a choice with regard to the
apportionment of this gain between the
two amplifiers. The higher the gain of A
is made, the lower is the position of the
Fig. 3 plateau, but there is the disad-
vantage that the maximum signal input
that can be handled without over-
loading amplifier A is reduced.

In domestic audio control units, the
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Fig. 3. Dotted line shows gain variation
given by circuit of Fig. 2, where residual
noise from amplifier B is predominant at
low gain settings.

Fig. 2 arrangement is usually used. A
suitable choice for the gain of amplifier
B is normally such that full output level
is delivered to the following power
amplifier for an output level from the
pot. slider of about 100mV r.m.s. If the:
wideband noise of amplifier B, with P
set to zero, is equivalent to a noise input
voltage to B of 0.5uV rms, which is fairly
readily achievable, the zero-volume-
setting noise output from B will then be
106dB below the full signal output level.
(It may be added, however, that if the
gain of B is made high enough to cope
with the least sensitive of power
amplifiers, which may require an input
level of several volts, then the signal
level at the pot. slider for full power
output when used with a very-high-
sensitivity power amplifier, will be
much less than 100mV rms, and a figure
much less than the 106dB mentioned
above will then apply. Thus, for ver-
satile use, it is desirable to provide a
preset gain adjustment within amplifier
B, or in the form of a simple passive
attenuator after this amplifier.)

A closer approximation to concur-
rently satisfying conditions (i) and (ii) at
the beginning of the article may be
obtained, on the same principle as in
Fig. 2, by employing three amplifiers
with ganged gain-control pots. between
them, but in general it is much better,
instead, to employ schemes in which
variable negative feedback provides
much of the gain variation.

Variable-feedback gain control offers
advantages both with regard to achiev-
able performance (noise and signal-
handling) and often with regard to
economy of circuit design. Variable
feedback alone cannot normally reduce
the gain to zero; for 100% voltage feed- .
back reduces the gain to unity rather
than zero. Thus, it is usual to combine
feedback variation with passive gain
control, sometimes using a ganged pot.
and sometimes using the parts of the
track either side of the slider, in an
ordinary single pot., to perform these
functions. There are many possible
schemes, of which some have been
known for thirty years or more. .

One of the simplest schemes is that
shown in Fig. 4. The pot. resistance can
be made quite low, e.g. 1k, since it is

‘driven by the op. amp., not the signal

source. This results in a good noise
performance at all settings. Disadvan-
tages of the circuit are:



(a) the minimum gam is unity, not zero,
‘and
(b) a floating signal source is required.
Disadvantage (b) is of little conse-
quence when an input transformer is
used, and (a) may be overcome by
taking the signal output from the pot.
slider. The latter change, of course,
sacrifices the virtue of very low output
impedance possessed by the Fig. 4 ver-
sion.

Signal - ’
source

Out

Fig. 4. Simple feedback gain control.

In assessing' the pros and cons of
various circuits, it is very helpful to
appreciate the relationships between
the circuits in the most vivid possjble
way, rather than relying purely on for-
mal analysis. Very often the differences
between circuits are much smaller than

they appear to be, involving merely the

choice of earthing point and/or the way
of drawing the circuit diagram, rather.
than differences of more fundamental
significance. Sometimes, in redrawmg
circuits employing -op. amps. to
facilitate better understandmg of them,
it is helpful to replace the op. amp.

symbols by ordinary single-transistor

symbols — an unfamiliar-looking

circuit may then suddenly be recog-

nised as an old friend! At other’ times,"
replacing a detailed transistor circuit by
the op. amp. equivalent may reveal its
true nature in the best way.

Signal
source

(a)

Signal
source

(b) -
Fig. 5. Slng/e transistor equa/ent to F/g.
4. neglecting d.c. conditions.
Rearrangement in (b) shows circuit to be
easily recognizable,

On replacing the op. amp. in Fig. 4 by
a transistor, the circuit of Fig. 5(a) is
obtained. Though the collector would in
practice be taken to a positive supply
line, it is here shown as earthed, for in
the present context we are concerned
only with a.c. aspects and it is best to
omit irrelevant details.

Shifting the earthing point to the

emitter of the transistor, but making no’
.other changes, leads to Fig. 5(b), which .

ios a simple common-emitter ampli-
fying stage with adjustable feedback.

If the output in the Fig. 4 circuit is
taken from the pot. slider instead of
from the point shown, then the circuit,
redrawn with a transistor in place of the
op. amp,, is as in Fig. 6(a). Merely shift-
ing the earthing point to the pot. slider
then yields the circuit of Fig. 6(b). It is

_now evident that moving the slider to

the right has two separate effects — it
increases the amount of resistance in

" the emitter lead, thereby increasing the

amount of negative feedback, and it
reduces the collector load resistance.
Both these effects contribute to
reducing the gain, which becomes zero

~ with the slider fully to the right.
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Fig. 6. Fig. 4. Circuit with output taken
from pot slider and rearranged at (b) to
show dual function — varying emitter

-resistance and varying feedback.

Employing just a single transistor, as
in Fig. 6(b), will give a noise perform-
ance which is inferior to that achieve-
able with more elaborate arrangements.

‘ This is largely because the resistance

inserted in the emitter lead is itself a
generator of Johnson noise, which is
effectively added in series with that

. generated in the internal resistance of

the signal source. The transistor d.c.
operating current must be chosen in
relation to the source impedance, for
good noise performance, and it will then
be found that to obtain a substantial
reduction of gain by inserting emitter
resistance, the amount of resistance
needed will give considerable degrada-
tion of the noise figure.

The above noise difficulty may be
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Fig. 7. Fig. 6(b) using an op. amp.

solved by replacing the single transistor
by a suitable pair or triple, having a
much higher mutual conductance than

- the single transistor but whose input

stage operates at a similarly low cur-
rent. The increased mutual conduct-
ance and output current permit the
resistance values associated with the
gain-control pot. to be made much
lower, with a correspondingly reduced
effect on the noise performance at low
gain settings. The well-known configu-
rations for pairs and triples as used in
audio class ‘B’ output stages may be
adapted to the present application, but
an interesting alternative is that shown
in Fig. 7. Here the supply connexions to
the op. amp. are used as the equivalent
of the transistor collector in the Fig. 6(b)
circuit — a way of using an op. amp.
which perhaps deserves to be more
widely borne in mind.

Assuming infinite mutual conduct-
ance, the voltage gain of the Fig. 6(b)
idealized circuit is simply k/(1-k),
Expressing this in decibels gives the
graph of Fig. 8(a). The Fig. 8(b) graph is
a measured one for the circuit of Fig. 7. .

With the idealized circuit of Fig. 6(b),
unity gain occurs when the pot. is set for_
k=0.5, and the curve is quite symme-
trical about this centre point. With the
Fig..7 circuit, however, the curve is not
symmetrical about the unity-gain point.
This is because the right-hand part of
the pot. is shunted by the parallel value
of the two 1k resistors going to the
supply lines.

Another very simple feedback gain-
control circuit is shown in Fig. 9. With
high forward gain in the op. amp. itself,
this circuit gives a gain, between the
input and output terminal pairs shown,
accurately equal to k/(1—k). (This
formula, as for the Fig. 6(b) case, may be
prefixed by a minus sign if it is desired to
allow for the fact that phase inversion
occurs.)

The Fig. 9 circuit, unlike those pre-
viously discussed, has the feature that
the current in the gain-control resist-
ance chain is supplied by the signal
source. This makes it impossible to
achieve a good noise figure over a wide
range of gain adjustment, no matter
how the resistance values are chosen in
relation to the signal-source impedance.
That this must be so can best be under-
stood as follows. Negative feedback as
such never has any effect on the signal-
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Fig. 8. Gain variation of Fig. 6(b) circuit is
.at (a). Measured performance of
equivalent op. amp. circuit of Fig. 7 is
shown at (). %
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Fig. 9. Feedback gain-control circuit,
which has disadvantage of source-fed
resistor chain, giving poor noise figure
over wide range.

to-noise ratio, at a given frequency, of
an amplifier circuit to which it is
applied, though the resistors introduced
for the purpose of providing the feed-
back may do so. Thus the output
signal-to-noise ratio of the Fig. 9 circuit
is the same as that of the circuit shown
in Fig. 10. If R is made low, say equal to
the internal resistance of the signal
source, it will degrade the signal-to-
noise ratio at the source terminals*,
whereas if R is made much higher, a

“When a resistive source of internal resist-
ance R is shunted by a load resistance equal
to R, the signal voltage is halved, but the
Johnson noise voltage is reduced by a factor
of only 2. The signal-ta-Johnson- -noise ratio is
therefore worsened by 3dB.

Fig. 10. Circuit of Fig. 9 gives same noise
performance as circuit shown here.

large amount of resistance is introduced
into the op. amp. input circuit at inter-
mediate slider settings, with correspond-
ingly large Jolinson noise and maybe
noise from the op. amp. equivalent
current-noise generator.

Comparing Fig. 10 with Fig. 1(b)
might - suggest that the Fig. 9 circuit is
no better than that of Fig. 1(b) as
regards noise performance. This is not
so, however, for to effect a given
number of decibels reduction of gain
below maximum, the slider in Fig. 9 has
to be moved a smaller fraction of the
way from the signal-source end of R
than is necessary for the same gain
reduction in the Fig. 1(b) circuit. The
noise performance of Fig. 9 is better
than that of Fig. 1(b), but is nevertheless
not very good,

Another feature of the Fig. 9 circuit
which makes it undesirable for some
applications is that the loading of the
signal source varies with the pot. set-

ting. If the signal source has a complex

internal impedance, the overall
frequency response will vary with the
gain setting.

This undesirable characterlstlc of the
Fig. 9 circuit may, to a large extent, be
overcome by inserting an emitter-
follower (or op. amp. follower) between,
the signal-source and the left-hand end
of the resistance chain. With a 50k
signal-source, for example, R could be

made about 5k}, giving reduced Johnﬁ_
son noise from R but nevertheless sub-

jecting the signal-source to negligible
loading.

As already mentioned, the Fig. 9
circuit as it stands produces the gain-
control characteristic shown in Fig.
8(a), which is symmetrical about the
unity-gain point. Over a range of about
30dB, and using an ordinary linear pot.,
the scale shape obtained approximates
fairly reasonably to the desirable one
having uniformly-spaced decibel divi-
sions, though for many applications a
gain of more than unity would be pre-
ferred at the centre of this control range.
The modification shown in Fig. 11 pro-
vides an increased gain at the point of
inflexion of the control characteristic,
but has the weakness that the gain

cannot be reduced right down to zero..

Provided R, and R, are made much
lower in value than the pot. resistance,
however, the minimum gain may be
made sufficiently low for many pur-
poses.

If a stud type pot. is used, and
assuming there is complete freedom in
the choice of its law and total resistance
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value, the Fig. 11 modificiation gives no
advantage, the required performance
being obtainable with better economy
of components by adopting the Fig. 9
arrangement.

The circuit of Fig. 12 possesses a
combination of several good features. It
employs only one op. amp., has a high
input impedance, the feedback network
can be of low resistance for good noise
performance, and the values of R, and
R, can be chosen, in relation to R, to
make the point of inflexion in the con-
trol characteristic occur at a gain of
much greater than unity, as sometimes
desired.

Analysis shows that the gain of the
Fig. 12 circuit is given by:

R
R+—> -
Vou _ 1=k .
Vi R,
" R+
R k
orvem_ k. RU-E)TR, 2
V. 1-k .~ R,+R,

Thus, if R, and R, are each much
greater than R, the gain is
approximately proportional simply to
,R/(1—-k), and is approximately equal to
Ry,/R, when k=0.5. Thus the control
characteristic is fairly closely as in Fig.,
8(a) but shifted upwards. For lower -
values of R, and/or R, the characteris-
tic is of modified form, covering a smal-
ler number of decibels with reasonable
linearity:

The curve shown in Fig. 13 is the
result of a measurement using the Fig.

" 12 circuit with the following values:

R=1kQ R, =330 Rb 3.3k

Comparison of this curve with Fig. 8(a)
gives a

shows that it poorer

Fig. 11. Variation of Fig. 9, giving
increased gain at halfway position of
slider.

Signal
source

Fig. 12. Circuit featuring only one
amplifier, high input impedance,
low-resistance feedback chain for low
noise and flexibility in choice of inflexjon
point.
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approximation to the ideal linear shape
for values of k above about 0.2. (The
ideal curve would not, of course, remain
linear down to k=0, for this would
make it impossible to fade a programme
down to zero volume. For most audio
purposes, the ideal characteristic would
cover about 40dB linearly, curving
down to “minus infinity dB” below
about k=0.2.)

Another circuit combining feedback
and passive gain variation by means of a
single linear pot. is shown in Fig. 14.

0OdB = Unity qain
40 ;’
30
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10 //
il

-10

VOLTAGE GAIN (dB)

(o] 0.2 0-4 0.6 0.8 1.0
VALUE OF k

_Fig. 13. Curve of circuit in Fig. 12.
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This, in essence, is the circuit used by
the BBC in their OBA9 outside broad- 50 J!_
cast amplifier, published in 1952. The e
gain is given by:— 40 a1
Voout =kR+R‘,X . R, 3. ) ’/,/
Vin R, 7 (1-R)R+R, -
or Vou _ 1+ER/R, 4 E.;
Vi. 1+(1-R)R/R, z
: <
The Fig. 14 circuit cannot give zero 8
voltage gain, the gain with k=0 and @
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; Fig. 15. Full-line curve shows calculated
= L performance of Fig. 14 for two values of
- R,
Fig. 14. Circuit providing feedback and
passive control in one pot.

Fig. 16. BBC OBAS circuit of 1939, with peak programme meter.
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100% negative feedback being R /(R +

Ry). Though not an ideal feature, the

minimum gain in the BBC design is
nearly 90dB below the maximum gain,
and is stated to be “effectively nil in
normal conditions of use”2,

The full-line curve in Fig. 15 is a
calculated result for the Fig. 14 circuit,
using the values R=100k$, R,=330%
and R, =3.3k{.. For the broken-line
curve, Ry was changed to 10kQ. (The
values in the BBC design were R = 1IMQ,
R, =390 and R, = 100k{2.)

Figure 15 shows that with.an or-

dinary, linear 100k pot. in the Fig. 14
circuit, a control law not departing by
more than 2dB from the ideal linear
decibel scaling is obtained over an
approximately 40dB range. In the BBC
design?, a stud type of 1MQpot. was
used, giving 38 steps of 2dB each and
two larger steps at the low-gain end. Of
course, if the luxury of stud pots. is
allowed, any of the circuits here dis-
cussed may be given whatever control
law is desired.

Though there is much to be said on
grounds of economy, especially in
stereo systems, for using a single pot.
section to vary the feedback and effect
passive attenuation, the use of ganged
stud type pots. to perform these opera-
tions separately gives the designer
greater freedom of choice in optimizing
the design in all its aspects. This tech-
nique was used in the BBC.OBAS out-
side broadcast amplifier, designed well
over forty years ago!l. Starting at the
maximum-gain setting, anticlockwise
rotation of the knob first simply applied
increasing negative feedback to the first
stage, by raising the effective value of
the feedback resistance in the cathode

circuit. When this purely local feedback
had been increased sufficiently to give a

gain reduction of 16dB, further rotation
of the knob maintained this first-stage
feedback constant but proceeded to
insert increasing passive attenuation
between the first stage and the second
(output) stage. In this way the two-
valve amplifier was made capable of
delivering full output level to line, at low
distortion (abour 1%) for peak
microphone input levels extending over
a range of 56dB. (It is evident that the
designers of this amplifier and the
associated units gave high priority to
keeping the number of valves used
down - to the absolute minimum
necessary number. This is understand-
able enough, bearing in mind that the
AC/SP3 television pentodes used were
physically large and consumed four
watts of heater power each. Now that
high-gain devices are very small and
cheap, and consume relatively tiny
amounts of power, the designers of
today are justified in adopting a very
different outlook, often exploiting the
plentifulness of gain to eliminate, or
reduce the size of, transformers and also
to achieve lower distortion levels in
equipment of very much smaller size.
Now that it has become fairly easy and
cheap to obtain very low distortion
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Fig. 17, BBC OBAY circuit, designed in 1952.
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Fig. 18. Author’s design of 1961.
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Fig. 19. Circuit by McWhorter of 1966.

levels, there is little argument for doing
otherwise, whereas when the OBA8 was
designed, lower distortion would have
meant more valves, higher power con-
sumption and shorter operating time on
standby batteries. The designers were
therefore justified in making the distor-
tion just comfortably low enough, but
no less, though they were doubtless

quite capable at that time of achieving
much lower distortion levels had this
been thought desirable. In most
circumstances of use, it is doubtful
whether the subjective quality of the
OBAS8 could be distinguished from that-
of the best modern equipment. The
wéakest feature of the design is that the
secondary of the input transformer,
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which stepped up to the exceptionally
high impedance of 300k{2, is shunted by
a 300k resistor, thus sacrificing, in
simple theory, 3dB of potentially-
available signal-to-noise ratio. This
point does not appear to have been
appreciated at the time.)

Figures 16-19 show four practical
amplifiers which use a combination of
feedback and passive gain control. The
McWhorter design* of Fig. 19 employs
the basic circuit of Fig. 12, which has
also re-surfaced recently in a Philips
tape recorders.

My own circuit3 of Fig. 18 is the same
in broad principle, but unlike Fig. 12 has
the negative feedback and the signal
output taken from different electrodes
of the output stage. This permits injec-
‘tion of the feedback voltage in series
with the transformer secondary, thus
obviating the introduction of local
emitter feedback in the input stage.

Though this circuit was in regular and

very successful use for some years, a
weak point in its design ultimately be-
came evident, but only after hard ser-
vice had caused the pot. slider to make
erratic contact with the track. Unfor-
tunately, if the slider fails to earth the
track, there is a signal path straight
through the track from the output col-
lector to the input base. This is positive
feedback and is of greater magnitude
than the negative feedback from the
output emitter. Violent oscillation
therefore occurs during moments of
poor slider contact, with accompanying
very loud noises from the loudspeaker!
The other circuits described do not have

this weakness — a-point worth bearing

in mind.
To be continued

References

1. Barrett, A. E., Mayo, C. G. and Ellis, H. D.
McD. “New Equipment for Outside Broad-
casts.” World Radio July 21, 1939, pp. 12-13
and July 28, 1939, pp. 10-11.

2. Berry, S. D, “New Equipment for Outside
Broadcasts”, The BBC Quarterly, Vol. VII,
No. 2, pp. 120-128. (Summer 1952).

3. Baxandall, P. J., “Low Distortion
Amplifiers — Part 2”, B.S.R.A. Journal,
Vol. 6, No. 11, pp. 246-256. (Nov. 1961).

4. McWhorter, M. M. and Warner, G. S., “A
Low-Noise Transistor Microphone
Amplifier”, IEEE Trans. on Audio & Elec-
troacoustics, Vol. AU-14, No. 1, pp. 27-31.
(March 1966). ]

WIRELESS WORLD, OCTOBER 1980

BOOES

A Users Guide to Copyrighi, by Michaei F.

Flint, is intended to make clearer the subject

of copyright “to enable people whose jobs —
or even hobbies — cover any copyright field,

‘to acquire a general understanding”. It is,-

:however, only a reference book, and does not

cover all the more complex legal aspects
which may arise when dealing with this
‘intricate subject. The book is laid out in a
‘manner which will enable its reader to obtain
the relevant piece of information quickly,
and each chapter is sub-divided into well
defined sections, each with a reference
number and a bold sub-heading. Part 1, the
first 14 chapters, is a general explanation of
the copyright law, whilst the second part
gives a more specified description of
copyright in practice, with chapters directed
at publishers and printers, advertising agen-
cies, the music industry etc. The book is
published by Butterworth Law Publishers
Ltd, 88 Kingsway, London WC2B 6AB, and
its price is £8.50 in limpback form.

Microcomputers are responsible for a great
number of paperbacks, mainly from the USA,
and the pace of publication does not appear
to be slackening. Three such books have
reached this office recently, among others
too numerous to mention, each slanted in a
different way.

The first is by a British author, Robin
Bradbeer, and is entitled The Personal Com-
puter Book, published by Input Two-Nine at
£5.25 and distributed by MCB Publication,
198/200 Keighley Road, Bradford, West
Yorks. BD9 4JQ. This one assumes no
knowledge of computers — not even enough
to know what computers will do — and,
accordingly, the first two chapters are ex-
tremely basic. The rest of the book is an
attractively written explanation of the more
important aspects of computing techniques
and of computers, a very useful feature being
a survey of equipment currently on the
market. Several appendices provide infor-
mation which is quite difficult to find else-
where in one place, such as bus standards,
addresses of clubs, manufacturers and pub-
lications.

The second book, by E. A. Parr, is
published by Bernard Babani (Publishing)
Ltd., The Grampions, Shepherds Bush Road,
London, W6 7NF at £1.75. This one is entitled
A Microprocessor Primer, and approaches
the subject by way of a hypothetical device,
the DIM-1, so that the author can explain
general features of microprocessors without
being constrained by any particular design.
Having gone through this process, he then
sets out to study the Z-80. This is a small
book (75 pages) but within its scope achieves
its purpose. ! ’

Thirdly, there is Introduction to Micro-
computers for the Ham Shack, by Harry L.
Helms, Jr., published by Howard Sams and
distributed by Prentice-Hall International, 66
Wood Lane End, Hemel Hempstead, Herts
HPZ 4RG at £3.20. Also a small book, this is
concerned with the application of micros to
amateur radio. Three chapters are allocated

to the basics of micro operation and pro-
gramming, after which two chapters describe
present and future operations using micros to
send and receive Morse, to convert slow-scan
tv to fast-scan for ordinary viewing, to store
frequencies, in digital modulation, and in
several other roles..

Early Radio Wave Detectors, by V. J. Phillips,
gives a comprehensive account of various
radio wave detectors used before the advent
of the crystal and thermionic valve. Among
the types described are spark-gap, elec-
trolytic, magnetic, thin-film and capiliary
detectors, as well as tickers, tone wheels,
heterodynes and coherers, the type of detec-
tor which makes use of ‘“a phenomenon
which occurs in a poor electrical contact, the
sort of contact which the engineers of today
would call a ‘dry joint’ .

Among the items described under the
heading “Miscellaneous detectors,” are the
‘physiological’ receiver, which made use of
the electrical sensitivity of a frog’s leg to
displace a pointer on the smoked surface of a
rotating drum, and the use of a human brain.
as a coherer, the description of which is
supplemented by a photograph for which an
advisory note is given for the benefit of
“readers of delicate sensibilities”. Be for-
warned, however, the note appears at the
bottom of the page, and the photo at the top!

The last chapter, entitled “And so to the
modern era,” covers the early crystal and
thermionic valve type detectors and how
they were used — an appropriate finale to an
interesting and well-illustrated book. The
publishers are Peter Peregrinus Ltd, Mar-
keting Dept, Station House, Hitchin, Hert-
fordshire SG5 1RJ, and the price of the book
in hardback form is £16.

Digital Techniques and Systems, by D. G.
Green, is intended as a first course book for
students with a basic knowledge of elec-
tronics and telecommunication transmission
techniques, but the combined coverage of
basic techniques used in modern digital
circuits, and elementary principles of data
communication, laid out in a logical
sequence, make it useful for anyone wishing
to gain insight irito this field.

Chapter 1 gives a concise introductory
description of a few of the uses of modern
digital applications to which he may put the
knowedge that he is about to learn. The
second and third chapters cover the opera-
tion of electronic gates of all kinds and the
remainder of the book, which includes
chapters on digital modulation, data-links
and pulse code modulation, is devoted to the
subject of data transmission over telephone
lines.

Worked examples are included in the text,
and each chapter concludes with exercises,
some of the questions of which have been
taken from past C and G examination papers.
Multiple-choice questions are also provided
at the end of the book, which is priced at
£4.95 and published by Pitman Books Ltd, 39
Parker St, London WC2B 5PB.
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Audio gain controls

2 — Obtaining equal -gains in the two channels of a stereo pair

by Peter Baxandall, B.Sc. (Eng.), F.L.E.E., F.L.LE.R.E., M.A.E.S.

Continuing his survey of gain control
problems and solutions, Peter
Baxandall discusses tracking volume
controls in stereo amplifiers,
concluding with a proposal for an
unusual design of control.

Stereo gain control tracking

Connected with the problem of obtaining a
satisfactory scale-shape for the volume-
control law in stereo control units, is that
of achieving an accurately equal gain in
the two channels at all knob settings. Pre-
ferably, the channel gains, if adjusted to be
equal at one volume control setting, by
means of the balance control or otherwise,
should remain within +1dB of equality at
all other settings of operational
significance. This is quite likely not to be
the case if cheap types of carbon-track,
ganged log. pots. are used.
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KNOB SETTING

Fig. 20. Approximation to log. law obtained
by changing resistivity of halves of
carbon-track pot.

Figure 20 shows the measured gain-
variation law on one channel of a very
high quality, commercial control unit,
having a simple, passive volume-control
circuit, using the above type of pot. The
very rough approximation to a logarithmic
(linear-in-dB) law is obtained by making
the two parts of the pot. element of
different surface resistivities, the resistivity
changing suddenly from one. value to
another at half-rotation of the knob. At
the point of change, there is a severalfold
change in slope, which is a quite undesir-
able feature. Though some quite cheap
commercial pots. give a better approxima-
tion to a logarithmic law than that of Fig.

20, there is clearly much to be said for
employing a type of gain control circuit

which inherently gives a smooth and

nearly logarithmic law without needing

pots. with a non-linear resistance law. It
ought to be easier to make ganged linear
pots. *with accurate matching between
sections than to make ones with non-linear
laws and equally good matching, though
unfortunately, limited experience in
measuring the departure from linearity of.
cheap so-called linear carbon-slider pots.
has shown that undesirably large errors

often occur.

One solution to the problem of obtain-
ing a good scale shape and accurate
tracking is, of course, to employ ganged,
stud-type volume controls. These should
give not more than 2dB per stud, at the
most, and should have a click mechanism
to make sure they are never left in an
unsatisfactory half-way state between one
stud and the next. Then, provided their
internal resistors are accurate and stable,
very accurate tracking will be obtained.

Careful measurements have been made
of the resistance versus knob-position
relationship for eight specimens of R.S.
Components 10k() linear “slide tandem”
pots, and Fig. 21 shows the results for
three of these. It will be seen that:

(a) none of the specimens has a truly
linear law;
(b) the departure from linearity, though

- (©).

of somewhat different nature for the
three specimens, is nevertheless of
fairly accurately the same shape for
the two halves of each specimen, and
this is the case also for the other five
specimens;

there are considerable differences
between the absolute total resistance
values of the specimens, and, in the
case of specimen number 3 par-
ticularly, between the two resistance
elements in one specimen.

For normal audio control-unit applica-
tions, minor departures from the nominal
volume-control law are unimportant,
provided they are equal for the two
channels. Differences in the . absolute
resistance values for the two elements in a
stereo pot. may or may not cause gain mis-
tracking, dependent on the nature of the
associated circuit.

Consider first the circuit of Fig. 22(a),
which gives a range of gain well suited to
most control-unit applications. (The
circuits of Figs. 12 and 14 are better suited
to microphone-amplifier applications,
where the higher maximum gain given is
advantageous.) It is necessary in practice
to insert a resistor Ry in series with the
input end of the pot. to limit the maximum
value of k obtainable to, say, 0.9 or 0.95,
otherwise — see Fig. 8(a) — the
characteristic becomes too steep at the
high-gain end. Note that % is defined as
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Fig. 21. Samples of chéracteristics of dual linear pdts.
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shown in Fig. 9, and is not the same as &’
in Fig. 22. The reason for introducing k' is
that it enables a more straightforward
comparison to be made between the

. behaviour of the (a) and (b) circuits in Fig.
22 — k' is a measure purely of the knob
position, whereas, as shown in Fig. 9, k
involves also the value of the fixed series
resistor.

Ideally infinite gain

1 (1= k’)R

Vin in out l
i Vout
- Finite gain A )

(A is negative) |

(b)

Fig. 22. In circuit (a) the total resistance of R
compared with R, varies the control curve,
whereas the circuit at (b).is independent of
track resistance.

The gain of the Fig. 22(a) circuit is glVCn
by ~

Vout kR

V.,  (-R)R+R, |
. |
k’
B 5
“I-R ¥ R,/R o

The gain of the Fig. 22(b) circuit is given
by:—

% R

Vi 1k — 1/A

It will be seen that equations (5) and (6)
are of exactly the same form, 4 being a
negative number to represent the fact that
the amphﬁcr is a phase inverting one.
Thus if A is made equal to R/R;, the two
circuits will have identical graphs relating
overall gain to knob position.

.Circuit (b) has an advantage over (a),
however, in that the control characteristic
is quite independent of variations in the
absolute resistance R of the pot. element,
whereas in (a) an increase in R requires a
proportionate increase in R, to return to
the same control characteristic. Thus,
using a pair of circuits of the (b) type in a

out _ _ : ] (6)

stereo system, differences in the element
resistances in the two halves of the ganged
pot., which, as already mentioned, are
found to occur in practice, will not affect
the accuracy of tracking between the
channels, whereas in (a) an increasing

discrepancy will occur as the gain setting is_

increased. It has been assumed that the
amplifier input impedance in circuit (b) is
very high, so that there is no significant
loading on the pot. slider.

To carry out the Fig. 22(b) scheme in
practice, an economical recipe is required
for a phase-inverting amplifier of high
input impedance and feedback-stabilized
gain. The simple arrangement shown in
Fig. 23(a) is not very good, for to avoid
significant loading of the slider, the
resistors Rzand Ry, must be made very high
in value, which then seriously degrades the
noise performance. This problem may be
satisfactorily solved by inserting a unity-
gain follower between the slider and R,, R,
and R, now being made of very much
lower values. This arrangement is shown
in Fig. 23(b).

Amplifier A in Fig. 23(b) has to handle
only quite small voltage excursions, even

though Vi, and/or Vo may sometimes

reach levels of several volts. There is no
need to use an op. amp. for A, better
economy, with little degradation in perfor-

mance, resulting if a simple emitter-

follower is used. A satisfactory practical
design is given in Fig. 24. Over a range of
gain adjustment of approximately 30dB,
the departure from the ideal straight-line
graph is no more than +1dB. The unity-
gain op. amp. follower at the left has been
included so that the complete circuit
presents a high input impedance to the

between stereo channels can probably be
held within +1dB limits in production,
over a 30dB range of gain, using low-cost
carbon pots.

source of V,, at all gain settings — this 20
source may be the tape and radio inputs to
a control unit, for example. Without this o
follower, the ipput impedance at maxi- Circuit of Fig 25 re
mum gain setting falls to 1.09kQ. withB=0.1222 | 2
Because the gain of the Fig. 24 circuitis -~ A
. 5 o O >
independent of the total resistance of the 2 }/’(
. » z Z
pot. element, being dependent only on the £ w N
slider tapping ratio, the tracking error  ©-10 // S;',ﬁ,‘;'v‘ shown
[U] ) 2
5
g

Alternative technique. An alternative
technique, which, like the previous one,
avoids the necessity to put fixed resistance
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Fig. 23. Two circuits embodying the Flg
22(b) idea. Circuit (b) uses voltage follower
to avoid need for high-value resistors
R, and R,

(b)

Fig. 24. Practical version of Fig. 23(b) is
shown at (a), with its control characteristic
at (b) (lower curve).

»
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Fig. 25. Feedback amplifier limits
maximum gain without use of fixed
resistor in series with pot. Characteristic is
upper curve in Fig. 24(b).

maximum gain, is shown in Fig. 25 in its
simplest form. :

Here a fraction B of V, is fed back as
overall negative feedback in series with
V... The forward gain, A, of this feedback
system is —k'/(1 — k'), so that applying
the usual feedback formula gives:

Vou _ A _ —R/1-K)

Vi 1-Ap  I-[-R/(I-k)IB
from which’

Vout N -.k‘l

Ve | TRARE D

Comparing equation (7) with (5) and
(6), it will be seen to be not quite of the
same form, for the third term in the
denominator of (7) involves &', whereas
this is not the case in (5) and (6). Suppose
we choose f in the Fig. 25 circuit so that
equation (7) gives the same maximum
gain, i.e. gain at &' = 1, as that given by
the Fig. 24(a) circuit in accordance with
equation (6). This requires f = 0.1222,
and equation (7) then yields the broken-
line curve shown in Fig. 24(b). Looking at
these two curves, it is very tempting to
conclude that the circuits of Figs. 24 and
25 inherently give slightly different shapes
of characteristic, but more careful thought
shows that this is actually not the case.

Referring to equation (7), this may be
written:

Vou _ K
1z 1-(1-B)K’

m

1 (1 —B)k’
T8 “ T=( -p%

1 kR’
=55 X — " ®)
1<,
Equation (6) may be written:
Vou _ R
V., 1-1/A-F ®

in

Comparing (8) and (9), it will be seen
that if A and f are so chosen that
(1 - 1/A) = 1/(1 — B), then the only
difference between the equations is that
the right-hand side of (8) is multiplied by
the constant factor 1/(1 — B). This

means that the curves for the two circuits
are exactly the same in size and shape, but
that represented by equation (8) is
displaced upwards relative to the equation
(9) curve by 20 log 1/(1 — B) decibels.
Thus, the real difference in behaviour
between the circuits of Figs. 24 and 25 is
that when designed to give identical shapes
of control characteristic, the Fig. 25
circuit, at all knob settings, gives a slightly
higher gain than does that of Fig. 24.

Passive control using linear
pots.

A single linear pot. used as shown in Fig. 1
or Fig. 2 gives a control law. which is quite
intolerable for normal audio purposes. It is
well known that by shunting a load
resistor from the slider to earth, a
characteristic approximating more closely
to the ideal uniform decibel spacing may
be obtained, though unfortunately only
over a range of some 20dB or thereabouts.
Fig. 26, based on calculations I did while a
student in 1942, shows what happens as

~ the loading is varied.

o
-10
-20
[11]
°
-30 H
-40 -
=50 : 4
(o] 0.2 0.4 0.6 (o) 1.0
VALUE OF k

Fig. 26. Family of curves obtained from
shunted linear pot. slider.

Very much better results than the above
can be obtained with passive circuits using
linear pots. if one or more fixed tapping
points are provided, and the simplest such
scheme is that shown in Fig. 27(a). If the
resistors R, and R}, are made of very much
lower -value than the pot. resistance, the
attenuation with the slider at the tapping
position is determined almost entirely by
the values of R, and Ry, and is virtually
unaffected by any non-linearity in the law
of the pot. element itself. There is,
however, a sudden change in slope as the
slider passes the tapping point, and a
typical characteristic is shown in Fig.
27(b).

By adding a loading resistor between
the slider and earth, a much better
characteristic can be obtained, and it is
possible to choose the value of this resistor
so that there is no discontinuity in slope as
the tapping point is passed. Fig. 28 shows
a practical design employing a centre-

- tapped linear pot. with the slider output

suitably loaded, together with the
characteristic obtained. Over a control
range of about 35dB, the departure from
the ideal straight line is not much more

81
" * 4

than +1dB. By having two tapping points

on the pot. element — and low-cost slider

pots. can be obtained with this feature —

the nearly-linear control range can he

extended to about S50dB if required,
satisfying the most exacting needs.

For instrumentation purposes, the

above technique can be extended much

(a)

o 02 0-4 06" 08 1.0
k (KNOB POSITION)

(b)

Fig. 27. Tapped linear pot. (a) gives approx.
log. characteristic, shown at (b). With R,
and Rp low, gain at mid position is almost
independent of track linearity or resistance.

100k linear
centre -tapped
J

18k 1-k

(a)

NEEEEE

(o] 02 04 0.6 [02-) 1
k (KNOB POSITION)

g |

(b)

Fig. 28. Practical version of Fig. 27.
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) Uniformly — wound
resistance solenoid
with equally - spaced

Relative turn 75.n.per section

numbers \16
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Fig. 29. Multiple-tap linear pot. with

transformer-fed taps for precise voltages.

further, providing attenuators of
extremely high precision and stability. An
interesting example from a different field
occurs in the Wayne Kerr B5009
Logarithmic LCR Bridge, in which
readings are taken from an approximately
25cm -long “slide-rule”, which has a
logarithmic scale covering a 16: 1 ratio.
The circuit associated with this device is
shown in Fig. 29. The use of a tapped
transformer winding to energize the
tappings on the resistance element ensures
extreme precision in the ratios of the
voltages at these points, since they are
determined almost purely by the turn
numbers on the transformer. As the slider
is moved down from the top, the attenua-
tion at each tapping position increases by
successive factors of 2, or 6.02dB. In the
absence of the loading resistor on the
slider, V_,, varies linearly with slider posi-
tion between tapping points, whereas, for
a perfectly logarithmic scale, it is the log of
V.. that is required to vary linearly. The
error amounts to approximately 0.5dB
midway between tappings. By adding the
right value of loading resistor as shown,
this error is reduced to less than +0.05dB.

By using a transformer, the attenuation
characteristic is made almost perfectly

independent of production variations or
non-uniformity in the resistance element,

provided only that the physical positions of -

the tappings are accurately maintained.
With the Fig. 28(a) type of arrangement,
variations in pot. resistance do have some
effect, but it may be kept small by making
the resistance of the resistor-chain
connected to the tapping(s) much less than
the resistance of the pot. itself.

For high-grade audio control-unit
applications, where the use of slider-type
controls is considered appropriate, there
would seem to be a strong case for using
the Fig. 28 arrangement but with two
tappings. By using +2% resistors to feed
the tappings, excellent stereo tracking
should be obtained with a most desirable
shape of control characteristic.

BBC log. attenuator

An interesting and very neat solution to
the problem of providing a wide-range
gain control having uniformly-spaced
decibel scaling was devised in 1946 by C.
G. Mayo and R. H. Tanner of the BBC
Research Department. It was used in a
portable microphone amplifier made by
the BBC for acoustic measurements®, but
was unfortunately not taken up com-
mercially. .

The principle is given in Fig. 30, and
Fig. 31 shows the actual construction.
These illustrations are taken from
reference 5. A is a block of resistive
material, of which the underside is covered
by a conductive electrode B. The input is
applied between B and another electrode
G, the output being taken between B and a
slider D. The various series and shunt
paths through the resistive material may
be regarded as approximately equivalent
to the ladder network shown, the output of

-each successive section of the ladder being

a constant fraction of that of the previous
section, giving a scaling with uniformly-
spaced decibel divisions. The useful range
of the model illustrated was about 70dB.
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Simplified diagram of attenuator

O ° " g g &

Output

Analogous circuit

Fig. 30. BBC gain control principle at (a) is ‘distributed’ equivélent to attenuator

network at (b).
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Fig. 31. Attenuator whose principle is
shown in Fig. 30. Note screen round
output. Photograph by courtesy of
Electronic Engineering

It is pointed out that the output im-
pedance of this type of attenuator does not
become low when the attenuation is large,
so that it is very important to avoid appre-
ciable stray-capacitance coupling between
input and output. The output connexion is
therefore brought out coaxially, with a
screening plate as shown in the photo-
graph.

It has occurred to me that there is no
essential need to employ a thick block of
resistive material, and that an attenuator-
based on the same broad principle could be
made using carbon-coated s.r.b.p. sheet
material of the type commonly used in
ordinary carbon pots. To test this idea, a
quick experiment was done with the set-up
shown in Fig. 32, and yielded the rather
impressive result shown in Fig. 33. The
very first graph obtained was somewhat
inferior, apparently because of
unsatisfactory contact between the steel
vice jaw and the carbon coating. This was
overcome by interposing a strip of polished
copper foil between the carbon coating and
the vice jaw. '

Though an attenuator having a very
extended range of operation as in Fig. 33
may fulfil some requirements, it is not
ideal for use in control units etc., for the
range of control needed in practice covers
far less than 100dB, except that an “off”
position coming soon after the position
giving 40 or 50dB attenuation is really
desirable. The Fig. 32 type of construction
could readily be modified to provide such a
characteristic, by shaping the conductive
electrode, or metallic coating, somewhat as
shown in Fig. 34. Halving the width of the
carbon track, for example, would double
the slope of the graph.
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"It is relevant to consider the suitability
of attenuators based on the above principle
for stereo purposes, i.e. whether sufficient-
ly accurate tracking would be readily
obtainable. Since the slope of the attenua-
tion characteristic depends, to a first order
at least, on nothing but the width of the
resistive track, it would be important, for
stereo use, to adopt a form of construction
in which production variations in this
width are minimized. The Fig. 34 con-
struction does not appear to be ideal, for it
relies on cutting the edge of the carbon

material accurately in relation: to the

position of the metallized coating. The
arrangement shown in Fig. 35 would seem
much preferable, since accuracy of cutting
is no longer involved and the metallized
coating could be deposited by some form of
printing technique with a very high degree
of consistency.

The lower impedances usually used in
transistor equipment, compared with
earlier valve equipment, ease the problem
of keeping the input-to-output stray
capacitance sufficiently small, but it is still
important to adopt a constructional
arrangement which aims to minimize such
capacitance. Working at 1k() impedance,
‘Wwith a control giving up to 100dB attenua-
tion, the stray capacitance must be kept to
less than 0.1pF. The connexion “rail” on
which the slider moves must therefore be
positioned away from the carbon surface
~and screened from this and the input con-
nexion by an earthed screening plate.

Another advantage of the Fig. 35
arrangement is that, because of its
symmetry, unwanted slight lateral move-
ments of the slider during its traversal
would be expected to have less effect on the
attenuation than with the Fig. 34 form of
construction — though it has been found
that even with the latter, movements of
about 1mm at right-angles to the direction
of traversal produce only a small fraction
of 1dB change in output provided the
slider contacts the carbon track within 2
or 3mm of its edge.

Other methods of log.
control and stereo tracking

@ Perfect tracking of stereo channel gains
at all settings, without the need for preci-
sion gain-control circuits, may be obtained
by first producing, from the incoming L
and R signals (L + R) and (L — R) signals.
If the (L + R) signal is fed to one half of a
ganged gain-control circuit, multiplying it
by a factor «, and the (L—R) signal is fed
to the other half of the gain-control
circuit, which multiplies it by a factor 3,
then the sum of the gain-control circuit
outputs is given by:

sum = (a+B)L + (a~B)R (10

and the difference of their outputs is given
by:—

difference = («+B)R+(a—=p)L  (11).

Thus, though the balance as such is
perfect, it is obtained at the price of
introducing some cross-talk when « is not

Carbon-coated

s.rb.p (800n/0)

Pin 'vice
jaw

To amplifier
and C RO

i,

To
oscillator

Vice jaw
55mm

Scale of mm marked lightly
in pencil on carbon surface

Fig. 32. Experiment using sheet instead of
block in Fig. 30.
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Fig. 33. Measured result obtained w:th Fig.

32 arrangement.
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Fig. 34. Suggested form of control using
Fig. 32 principle. Characteristic steeper at
low-gain settings.

O Slider
Output
O]
Metallized Carbon surface
coating

Fig. 35. Symmetrical version of Fig. 34 for
improved consistency of performance.

quite equal to B. The effects of stereo
cross-talk are discussed in detail in refer-
ence 6.

@® Perfect tracking without the introduc-

tion of crosstalk can be produced if a

single gain-control circuit is used to
control both channels. This can be done,
for example, by first making the L and R
audio signals modulate two different r.f.
carrier frequencies, the two amplitude-
modulated carriers being fed to the same
gain-control circuit and being subsequent
ly demodulated in phase-sensitive detector
circuits. Though this technique could give
virtually perfect results, it would not seem
to be very attractive economically.
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@® Various simple gain-control circuits
give a nearly linear relationship between
attenuation in decibels and control
position over a range of several dB. If a
sufficient number of such circuits are put
in cascade, and the controls are ganged, an
approximately linear relationship may be
obtained over any required range. While
this technique is not usually very attrac-
tive when carried out literally with
mechanically-ganged pots., it would
appear to be worth bearing in mind as a
possible technique for providing electronic
gain control with a logarithmic
characteristic. The idea is quite old.,

® At the present time the most
satisfactory technique for wide-range
electronic gain control is that which
exploits the fact that silicon planar tran-
sistors follow with high accuracy the
relationship:—
Ic=Ioqube/’°T 12)
where I is the collector current and Vi, is
the base-to-emitter voltage. (The other
quantities are constants.)

Circuits can be designed in which the
gain in decibels is linearly related to the

" control voltage over a range of about

100dB, and by using the “log-antilog™ or
predistortion technique, a performance
sufficiently good, with respect to distortion
and signal-to-noise ratio, to justify the use
of such circuits in very high-quality audio
systems, can be obtained. A very sound
and clear treatment is given in reference 7.
This type of circuit is at the heart of
compander systems of the dbx type. It
could be used to provide gain control in
audio control units, a single pot. varying
the control voltage to a pair of such
circuits in the two audio channels. The
distortion and noise performance, though
good, is not quite up to the highest stan-

‘dards sometimes demanded, maybe

unnecessarily, in expensive control units,
but some further refinement of i.c.
versions of these gain-control circuits,
including the reduction of residual even-
harmonic distortion by the use of more
fully balanced arrangements, may take
place. -

® In a fully digital audio system, gain
control with perfect stereo tracking and
any desired control law may be carried out
on a purely numerical basis.

References

5.- Shorter, D. E. L. and Beadle, D. G,,
“Equipment for Acoustic Measurements”,
Electronic Engineering, Vol. 33 No. 283, pp.’
326-331 (September 1951).

6. Harwood, H. D. and Shorter, D. E. L.,
“Stereophony: the effect of cross-talk between
left and right channels”, BBC Eng. Mono. No.
52 (March 1964). 3

7. Curtis, D. R., “A Monolithic Voltage-
Controlled Amplifier Employing Log-Antilog
Techniques”, ¥.A.E.S., Vol. 24, No. ‘2, pp93-
102 (March 1976).

8. McKenzie, A. A., “Philips and the MIC/
DIN problem”, Hi-Fi News, Vol. 24, No. 9, p.
65 (September 1979). O



	BaxGain-1
	BaxGain-2
	BaxGain-3
	BaxGain-4
	BaxGain-5
	BaxGain-6
	BaxPot-1
	BaxPot-2
	BaxPot-3
	BaxPot-4
	BaxPot-5

