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FOREWORD

His is one of a series of Engineering Monographs
published by the British Broadcasting Corporation,

About six are produced every vear, each dealing
with a technical subject within the field of television and
sound broadcasting. Each Monograph describes work
that has been done by the Engineering Division of the
BBC and includes, where appropriate, a survey of earlier
work on the same subject. From time to time the series
may include selected reprints of articles by BBC authors
that have appeared in technical journals. Papers dealing
with general engineering developments in broadcasting
may also be included occasionally,

This series should be of interest and value to engineers
engaged in the fields of broadcasting and of telecom-
munications generally.

Individual copies cost 3s. post free, while the annual
subscription is £1 post free. Orders can be placed with
newsagents and booksellers, or BBC PUBLICATIONS, 35
MARYLEBONE HIGH STREET, LONDON, W.1.
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THE DYNAMIC CHARACTERISTICS OF LIMITERS FOR
SOUND PROGRAMME CIRCUITS

SUMMARY

The monograph describes a series of experiments carried out in order to establish the optimum dynamic characteristics
of limiters used to protect transmitters and other equipment in the sound programme chain against overload through

excessive signal levels,

It was found impossible, with existing types of limiter, to avoid momentary excessive signal levels at the output unless
the gain control was made so rapid in operation as to introduce audible distortion products. To overcome this difficulty,
a new type of limiter was evolved, in which a fast-acting servo loop is made to operate a slow-acting gain-control system
from which the programme cutput is taken; the programme input is applied to the gain-control element of the latter with
a time delay sufficient to avoid transient overshoot of the signal level.

The gain fluctuations resulting from the operation of a limiter can produce various unaesthetic effects; in the new
design, these effects were mitigated by making the eflective recovery time-constant vary with signal level.

1. Introduction

It is common practice in sound broadcasting to inter-
pose, at the modulation input of each transmitter, a
sound-signal limiter for the prevention of accidental over-
modulation. In this limiter, a portion of the transmitted
signal, rectified and smoothed, controls a variable-gain
element; matiers are so arranged that any increase in
signal amplitude above a prescribed level is offset by a
corresponding decrease in gain, the maximum steady-
state output from the system being thus restricted to a
constant value. On reduction of the signal amplitude,
any lost gain is recovered at a rate sufficiently slow to
avoid appreciable waveform distortion of the signal.
Limiters of this kind have been used not only on trans-
mitters but also in sound recording and on line-trans-
mission systems, and in recent years have been introduced
into individual microphone channels in studios.

The steady-state performance of a sound-signal limiter
can be specified without difficulty, and static character-
istics closely approaching the ideal can be readily achiev-
ed in practice. On the other hand, the transient charac-
teristics of such a device cannot always be described in
simple and unambiguous terms, while the performance
under dynamic conditions is at best a compromise between
conflicting requirernents.

The dynamic characteristics of limiters used in the
BBC were originally arrived at by empirical adjustment
based on conditions obtaining at m.f. transmitters in the
1940 to 1950 period. In more recent years, however,
problems, not originally envisaged, arose from the grow-
ing practice of utilizing limiters to produce intentional
compression effects and from the possible use of several
limiters connected in tandem in international music cir-
cuits, It was therefore decided, in 1964, to re-examine
the subject with a view to specifying the dynamic charac-
teristics desirable in a limiter for use in a modern broad-
casting system. In the course of the investigation, it be-
came apparent that some of the desirable characteristics
were nol obtainable from existing equipment, and new
devices were developed to achieve the required end; the

results of this work were eventually embodied in a new
type of limiter.

For the present purpose, the transient process of gain
reduction—commonly referred to as ‘attack’—and that of
gain recovery will be considered separately, since, in
general, these two aspects of limiter performance may be
regarded as independent.

2. Control Range

The primary function of a limiter in a broadcasting chain
is to prevent overmodulation of the transmission system
by occasional signals of exceptionally high level, the oc-
currence of which cannot be anticipated by a manual-
control operator. From programme level statistics, it ap-
pears that only about 1 per cent of the peaks registered
by a peak programme meter? (P.P.M.) at the studio out-
put exceed the nominal®* maximum level for the system,
while only 0-2 per cent of the peaks exceed a level 2 dB
above this; under normal circumstances, a limiter used
for purely protective purposes might not have to operate
more often than once every few minutes, producing on
each occasion a temporary gain reduction of only a few
decibels. On the other hand, limiters are sometimes used
to compress the dynamic range of the signal. To this end,
the gain of the circuit ahead of the limiter is raised so
that the nominal maximum signal level is as much as
12 dB above the point at which limiting commences; the
automatic-gain-control action is then continuous over
all but the quictest passages of programme. Between
these two extremes, the possibility of excess levels due to
accidental maladjustment of equipment and the cumula-
tive effect of gain changes in the various links of a pro-
gramme chain has to be catered for. It was therefore de-
cided that in determining the optimum parameters for a

* The gualification ‘nominal’ has to be used, firstly because with
manual control there is a small but finite probability that this level
will be exceeded and secondly because the P.P.M. used for measur-
ing levels has itself a finite time-constant and may not, therefore,
indicate the full crest value of the signal waveform.



limiter, any compromise between conflicting require-
ments should be based on the performance observed with
the nominal maximum programme input level set 12 dB
above the threshold of gain reduction; in addition, how-
ever, the performance of the system was checked at lower
input levels.

3. Attack Characteristic

3.1 General

Because of the finite charging time-constant of the sig-
nal rectifier and smoothing system which produce the
control bias of a limiter, some time nccessarily elapses
after the arrival of a signal before the appropriate degree
of gain reduction is effected; moreover, if the incoming
signal waveform includes a pulse having a duration small
compared with the charge time constant of the rectifier,
the full degree of gain reduction required can never be
achieved. Thus, with the rapidly fluctuating signals which
occur in the transmission of speech and music, the gain
of the limiter—and hence the output signal amplitude—
may from time to time exceed the steady-state value
which would have been obtained with a constant input
level; this effect will be referred to for brevity as ‘over-
shoot’. If the overshoot signal amplitude at the limiter
output is greater than the maximum for which the re-
mainder of the transmission chain is designed, audible
distortion or interference with other channels may be
caused.

3.2 Duration of Overshoot

It seems reasonable to suppose that there is some
ctitical value for the duration of the signal overshoot
below which any resuliing distortion would not last long
enough to be audible, though the figure may be expected
to vary somewhat with the amplitude of the overshoot
and with the transfer characteristic of the overloaded
transmission chain. On the basis of early experience with
limiters operating on medium wave transmitters in a
purely protective capacity—i.e. without any attempt to
compress the dynamic range—the critical fime has, in the
past, been assumed to be of the order of a few milli-
seconds, the criterion for adequate limiter performance
being that no overshoot should be observable on a stand-
ard P.P.M., of which the integrating time* is 10 ms.

In referring to the duration of the overshoot, it is con-
venient to have some quantitative indication of the time
taken by the limiter to perform its function. In this con-
nection, it is common to use the term ‘attack time’, a
single quantity derived, by a process usually unspecified,
from the envelope of the output signal obtained when a
tone is suddenly applied to the input. In fact, the form of

* The minimum duration of a tone burst required to produce a
meter indication 2 dB below that obtained with a steady tone of the
same amplitude. The figure given is that which would be obtained
with a signal rectifier of 2-5 ms charging time-constant and effec-
tively infinite discharge time, followed by an indicating instrument
having negligible overswing.

the initial transient varies so much between different
types of limiter that more than one quantity is required
to describe it; for the purpose of this monograph, how-
ever, it will be sufficient to use a single quantity T,;,, de-
fined as the time taken, after the sudden application of a
tone, for an initial 12 dB overshoot at the limiter output
to be reduced by 4 dB.7

It is convenient at this point to deal likewise with the
definition of a quantity Ty, representing the recovery
time of & limiter; this will be taken as the time, after the
cessation of a signal, required for the gain, after an initial
reduction by 12 dB, to return to within 4 dB of its final
no-signal value.}

3.3 Assessment of Distortion Due to Qvershoot

The initial experiments in the present investigation
were aimed at determining the longest permissible dura-
tion of overshoot for a limiter operating with a nominal
maximum input signal 12 dB above the threshold of gain
reduction if the distortion due to the transient overloading
of the transmission system is to remain inaudible, To this
end, the limiter under test was followed by a circuit having
a transfer characteristic designed to imitate that of the
transmission system.

In practice, distortion will frequently arise in equip-
ment having a fairly well-defined overload level above
which clipping of the signal waveform takes place; to
simulate the possible conditions, a full-wave peak clip-
ping circuit was constructed. This was designed to repre-
sent a system containing an ideal a,m. transmitter or an
amplifier having a high degree of negative feedback, the
transfer characteristic remaining in each case substanti-
ally linear up to the overload point. Fig. 1 shows the
harmonic distortion produced by the clipping circuit as a
function of signal level; the clipping level was determined
by observing, on a C.R.O., the flattening of the signal
waveform.

Fig. 2 shows, in diagrammatic form, the experimental
layout. A recorded excerpt of piano music known to be
particularly susceptible to clipping distortion was repro-
duced, via the limiter and clipper circuit, on a BBC
standard high-quality monitoring loudspeaker in a quiet
listening reom acoustically treated to simulate a domestic
environment. Ganged attenuators operating in opposite
sense were introduced inte the system immediately before
and after the clipper, and it was thus possible, without
altering the reproduced volume, to vary the separation 3
(dB) between the clipping level and the steady-state
maximum output level from the limiter. For each value
of T,1s, a number of observers were invited, in turn, to
find by trial the minimum value of 8 consistent with the
avoidance of audible distortion.

T Following the principles of the current C.C.I.T.T. specification
for compressors, the figure of 4 dB, which appears in the definitions
of both Ta,, and Taya, is chosen because, on the linear scale of the
C.R.O. used 1o observe the signal envelope, it represents a point
midway between the initial and final amplitudes; in the measure-
ment of recovery time, however, the amplitude observed is that of a
tone, too low in level to actuate the control circuits, which is applied
to enable the gain to be measured.
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Fig. 2— Assessment of distortion due to overshoot:
experimental arrangement

Fig. 3 shows the relationship between T,,5 and S ob-
tained* using a BBC standard limiter in which the attack
characteristic was modified as required by inserting vari-
ous values of series resistance in the charge circuit of the
control rectifier; the results represent the mean for five
observers, and limits representing plus and minus one
standard deviation are shown. The recovery time Tgq,
was set at 300 ms.

For values of T,;, down to 0-5 ms—the shortest time
obtainable with the type of limiter used—the value of S
was never less than about 3 dB.

In order to extend the scope of the tests, an existing
BBC Research Department limiter design, originally in-
tended for stereophony, was modified to permit T, to
be made as low as 10 ps. For such rapid operation, special
precautions wete necessary to prevent any components
of the rectified signal in the control system from entering
the programme chain, giving the subjective effect of dis-
tortion. To this end, particular care was taken to prevent
steep-fronted current impulses generated in the control
system from entering the common d.c. supply, to pre-
serve symmetry in the push-pull variable-loss circuits up
to the highest audio frequencies, and to mount the push-
pull transistors concerned in thermal contact so as to
minimize drift of balance with temperature. As the limiter
had been originally designed for stereophony, the vari-
able-gain stage was duplicated, but for the present pur-
pose, the control signal was derived from only one of
these stages; the other was used to provide a check on
the amount of any residual breakthrough of control

* These tests were carried out by T, G. Tzatt, who also constructed
the experimental equipment used,
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signal under working conditions. Fig. 4 shows the ar-
rangement in block schematic form; VG! and VG2 are
the two variable-gain stages, the gain-bias relationships
of which were matched to within 0-1 dB over the working
range. The control signal and programme input were

wvarigble
gain
amplifier 1
Vi1
>—¥]

. S rectitiar and
mput [ smoothing system

.*

L5 o © > output
51 L‘gl_ - P
variobie
gain
amplifier 2
viG2

Fig. 4 — Limiter with duplicate variable-gain stage and
attack time variable over extended range

applied to both VG1 and VG2 while the programme out-
put was taken from VG2 alone, At any time during an
experiment, programme input to VG2 could be interrup-
ted by the switch S1, the gain control action of VG2 con-
tinuing to follow that of V(31; any incursion of the con-
trol signal into the programme output could then be
heard against a quiet background. It was found possible,
by careful balancing of the push-pull ¢lements in VG2,
to reduce interference from the control chain to such a

level as to be only just perceptible when the gain of the
chain after the limiter was increased by 20 dB or more
above normal.

The subjective test procedure detailed in Section 3.3
was repeated using the modified stereophonic limiter
described above. However, as T,;, was progressively te-
duced, it was found that audible distortion could no
longer be eliminated by increasing the value of S or even
by removing the clipper altogether—although all other
elements in the chain were capable of accepting the full
12 dB overshoot from the limiter without overloading.
Breakthrough of the control signal into the programme
circuit was demonstrably negligible, and it was therefore
concluded that the distortion heard was that due to
modulation of the programme by the control voltage;
that is, it was a necessary consequence of the rapid change
in gain. This type of quality impairment will be referred
to for brevity as modulation distortion.

For values of T,y from 0-4 ms upwards, the curve (a)
shown in Fig. 5 was obtained; the minimum value of 8
is again about 3 dB. There was no value of T,,; for which
the distortions arising from signal overshoot and from
over-rapid gain reduction could be simultaneously
avoided.

It will be seen that the increase in S with T,, shown as
curve (@) in Fig. 5 is more rapid than in the corresponding
curve of Fig. 3. The divergence arises from differences in
the form of the initial signal transient in the two cases;
this factor, already referred to in Section 3.2, does not,
however, affect the conclusion of the previous para-
graph.

To complete the picture, the effect of varying the re-
covery time of the limiter was investigated. For curve (a)
of Fig. 5 the value of recovery time Ty, was 400 ms;
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repetition of the subjective tests with Ty, reduced to
100 ms produced curve (b). It will be seen that for a
given attack time, the effects of overshoot are more pro-
nounced with the shorter recovery time. The explanation
of this effect lies in the fact that in the course of the test
passage the gain of the limiter rarely returned to its no-
signal value ; the degree of overshoot produced by a given
peak in the signal waveform therefore depended on the
gain existing at the time, which in turn was a function of
the previous signal level and of the rate of gain recovery.

As indicated earlier, it was originally supposed that the
variation of S with T,;, would be primarily attributable
to variation in the period of time for which the overshoot
signal was clipped. However, the results shown in curves
() and (b) of Fig. 5 could, to a first approximation, have
been equally well predicted on the assumption that any
signal peak extending beyond the clipping level will pro-
duce audible distortion, irrespective of the duration of
the excursion. According to this argument, lowering the
value of T,,, will cause the limiter to operate on peaks
of short duration which would otherwise have no effect,
so that the average gain is reduced; increasing the re-
covery time Ty, will likewise reduce the average gain.
Variation in S with attack and recovery time is then a
direct consequence of the resulting variation in average
gain,

Whether it be the duration or the amplitude of the
overshoot which mainly determines the degree of audible
distortion, the conclusion to be drawn from the experi-
mental evidence is the same; for the complete avoidance
of such distortion, it is clear that, with the type of auto-
matic gain control under consideration, the overload
point of the transmission system must lie several decibels
above the steady-state limiting level—a condition which
entails an appreciable sacrifice in efficiency and/or signal-
to-noise ratio. It would have been possible, by extending
the scope of the experiments to other types of programme
and by employing a greater number of observers, to
establish more accurately the factor of safety required.
In the circumstances, however, it was considered more
profitable to consider some alternative form of automatic
gain control which should be equally effective under
dynamic and static conditions, without itself introducing
audible distortion.

For the complete avoidance of overshoot in an auto-
matic gain control device, some form of signal delay is
necessary to allow time for gain reduction to take place.
Possible applications of this artifice are discussed in the
next section.

3.4 Limiter Systems Utilizing Delay Networks
3.4.1 Current Practice

Overshoot in a limiter can, in principle, be reduced to
any desired extent by introducing an appropriate delay
network ahead of the variable-gain element, so that by
the time the programme signal reaches this point in the
chain, the gain reduction effected by the control circuits
is substantially complete. It is clearly essential with this
arrangement that the gain control system be operated by

the signal incoming to the limiter and not by the signal
at the output. The resulting circuit, which is well known
to the art, is shown in block schematic form in Fig. 6.

rectifier
and
smoothing
system
> -
signal 3> 4
ingput
control
current
~ ]]I ~ P N signal
L - - oltput
dela variable
ngtwork ain
arnplitier

Fig. 6 — Inpui-controlled limiter with delay network

To eliminate overshoot with all types of signal it is
necessary that the rectifier and smoothing system which
provides the control voltage for the variable-gain element
have a sufficiently short charging time to register fully the
crest value of the shortest peak likely to occur—ideally,
the shortest peak which the bandwidth of the system will
allow to pass. It can, however, be predicted from the
bandwidth of the system—and the conclusion has been
confirmed by experiment—that in order to meet this re-
quirement with the circuit of Fig. 6, the rate of gain re-
duction would have to be so great as to produce modula-
tion distortion.

3.4.2 Use of Step-shaping Network

By a slight refinement to the system of Fig. 6 it was
found possible to avoid both overshoot and modulation
distortion. In Fig. 7, which shows the new arrangement,?®
the control rectifier system is made sufficiently rapid in
action to register the crest value of the shortest incoming
pulse. The rate of rise of the control signal reaching the
variable-gain clement is then restricted by a step-shaping

rectifier
and slep-
smoothing  shopin
system ne twor

signal

iriput ‘ control
current
| . w - signal
- C - . output
delay variable
network _gain
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Fig. 7— Input-controlled limiter with step-shaping and
delay networks



network so that the resulting rate of change of gain is not
rapid enough to cause audible modulation distortion. To
avoid overshoot, the arrival of the signal at the variable-
gain element has to be delayed, as before, for a time
sufficient for the control signal to reach its full value.

it twice
limiting level liriting
_______ level

1 half
limiting
" level

—‘:s'lgnul\r_
l amplification half ne-signal

i amplification

fa}

limiting
level

Fig. 3 — Waveforms illustrating the action of the circuit
of Fig. 7

Curves (a) to (/) in Fig. 8 show the voltages in various
parts of the system of Fig. 7 as a funcrion of time. For the
purpose of illustration, the incoming signal, illustrated in
curve (@), consists of a sinusoidal voltage together with a
single narrow pulse, the rate of rise of which is the maxi-
mum possible for the system; for simplicity the ampli-
tudes are made such that if no automatic gain reduction
took place, the peak voltages produced at the output of
the system by the sinusoidal train plus pulse and the
sinusoidal train alone would be respectively iwice and
half the limiting level.

The control voltage at the output of the rectifier and
smoothing system is shown at (b); the charge time-con-
stant of the system is made so short—of the order of
10 ps—that the voltage rises in step with the increase of
signal above the limiting level, reaching a final value
corresponding to the crest of the signal wave, As usual in

10

practice, the ratio of discharge to charge time-constants
is so large that, on the time scale concerned in the present
discussion, the discharge of the smoothing capacitor may
be neglected.

The control signal from the rectifier passes through the
step-shaping network before reaching the variable-gain
amplifier. In Fig. 8, curve {¢) shows the current at the
output of the step-shaping network and curve (d) the
resulting change in the amplification of the variable-gain
amplifier. The step-shaping network is designed, on the
basis of subjective experiments, to allow the required total
gain reduction to be effected in the shortest possible time
consistent with the avoidance of audible modulation dis-
tortion.

Fig. 8, curve (¢}, shows the signal reaching the input of
the variable-gain amplifier afler passing through the
delay network. The time delay thus produced is made
such that the peak in the signal waveform arrives at the
moment when the amplifier gain has been reduced to the
value required to avoid overshoot.

Fig. 8, curve (f), shows the signal at the output of the
limiter. It will be seen that the level of the sinusoidal
wave train is reduced in anticipation of the superimposed
peak.

It may be noted, in passing, that if variable gain is
achieved by the use of slow-acting devices, such as certain
types of photo-sensitive element, it may be possible to
dispense with part or all of the step-shaping network.

3.4.3 Use of Duplicate Variable-gain Stage

Input-controlled limiter circuits suffer from the prac-
tical disadvantage that the form of the output/input
characteristic depends on the gain/bias law of the vari-
able-gain element. Ideally, any increase of input signal
above the limiting level should bring about an exactly
compensating decrease in gain, but, with few exceptions,
the required relationship is difficult to achieve. In an
output-controlled limiter, on the other hand, the servo
action makes the output/input characteristic substauntially
independent of the gain/bias law of the variable-gain
glement,

By utilizing the duplicated variable-gain system of Fig.
4, it is possible to produce a limiter circuit with signal
delay ahead of the variable-gain eleinent, while retaining
the advantage of a servo system. Fig. 9 shows the result
of applying this artifice? to the circuit of Fig. 7. As in
Fig. 4, the variable-gain amplifier VG1, together with a
rectifier and smoothing systern designed to respond to
the shortest peak in the incoming signal, form a self-
contained output-operated limiter, while the programme
output is taken from a second variable-gain amplifier
YG2. As in Fig. 7, the gain variations of the amplifier
from which the programme output is taken are slowed
down by a step-shaping network, the time taken to effect
gain teduction being compensated by delaying the arrival
of the programme signal.

The arrangement of Fig. 9 is not difficult to realize in
practice; it is easier to contrive two accurately matched
variable-gain elements having an unspecified gain/bias




law than to obtain a single element having the special
form of characteristic required for a conventional input-
controlled limiter.
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Fig. 9 — Output-controlled limiter with step-shaping and
delay networks

3.4.4 Determination of Characteristics of Step-shaping
Network

Reference has been made to the design of the step-
shaping network on the basis of subjective tests; this pro-
cedure will now be described.

To keep the length of the required delay-line to a mini-
mum, it was necessary to choose a form of step-shaping
network which allowed the required gain reduction to be
effected in the shortest possible time consistent with the
avoidance of audible modulation distortion. Subjective
experiments were carried out using the simple half-
section low-pass filter shown in Fig. 10(a), the step re-
sponse of which was of the form shown in Fig. 10(5). An
overshoot & of about 12 per cent was allowed ; thisled toa
momentary reduction of the limiter gain to a figure slight-
ly below its steady-state value. Provision was made for
varying the time r which elapsed before the gain first
reached its final steady-state value while keeping L/C
constant, i.e. without altering the form of the step re-
sponse,

For the purpose of the tests, the limiter arrangement
of Fig. 9 was used, but in the first instance the delay net-
work was omitted; care was taken to ensure an adequate
margin of safety in the circuit to avoid overload under
transient conditions. The programme material consisted
of an excerpt of piano music known to give a clear indi-
cation of the onset of modulation distortion; the limiter
was ‘lined-up’ to give a maximum gain reduction, on
programme, of 12 dB. In each experiment, the observer
compared the output of the test limiter with that of a
conventional limiter operating under identical conditions
but having an attack time sufficiently long to make the
modulation distortion inaudible. Starting with a time =
so short that modulation distortion was obvious, the ob-
server then increased + gradually and the figure =, at
which distortion became imperceptible was noted.
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For eight observers the mean value of =, was 250 us,
with a standard deviation of 56 ps. The experiment was
repeated with networks having step-responses varying
from the oscillatory form produced by low damping to
the exponential form obtained when L=0; all were
found to require a longer time to approach the final
steady-state than that obtained with the circuit of Fig. 10.

With the introduction of the delay-line before the
variable-gain stage, the maximum rate of change of gain
occurs just before, instead of simultaneously with, the
signal peak initiating the gain reduction. It was thought
that in these circumstances less distortion might occur
for a given rate of change of gain. The subjective experi-
ments were therefore repeated using an adjustable delay
network in conjunction with the step-shaping network of
Fig. 10. In each experiment the delay network and step-
shaping network were adjusted simultaneously, a small
factor of safety against signal overshoot being introduced
by making the delay 5 per cent greater than =. The mean
value of =, for six observers was 200 us with a standard
deviation of 35 us. The difference between this result and
that obtained without the delay network is in the expected
direction and 1s probably large enough to be statistically
significant.

In view of the foregoing, it was decided, in designing
an experimental limiter, to adopt a value of r, of
305 ps, three standard deviations above the mean arrived
at in the last series of experiments; on a ‘Normal® distri-
bution, modulation distortion would then be perceptible
to less than 0- 5 per cent of observers. The corresponding
delay time to be provided in the network ahead of VG2
is then 320 us.



4. Recovery Characteristic

4.1 General

The operation of a limiter may impair the programme
quality by the introduction of effects which, while not
classifiable as distortion in the ordinary sense of the word,
can nevertheless be acsthetically objectionable. These
impairments, which increase in severity with the degree
of gain reduction, depend largely on the rate of gain re-
covery with time.

If the gain recovery period extends over several sec-
onds, it will be observed that occasional exceptionally
high signal levels, momentary in duration and in some
cases making little impact on the ear, produce a sudden
and prolonged gain reduction. At the other extreme, if gain
recovery is substantially complete within a syllabic period,
say 0-2 second, the following effects are apparent:—

On speech, the rise of gain between words, or even be-
tween syllables, frequently exaggerates breath noises as
well as certain initial consonants. On music, the rise of
gain during sustained piano notes or during the natural
decay of sound in reverberant surroundings opposes, and
may even temporarily reverse, the original fall in level
with time. In a sustained choral or orchestral passage,
random fluctuations in the crest value of the signal pro-
duce corresponding inverse fluctuations in gain, the re-
sult being heard as a flnttering effect. The rise in gain at
every pause in the programme accentuates background
noise, such as studio rumble, tape hiss, or ‘print-through’.
In the case of a sporting commentary, the level of any
ctowd noise in the background follows the fluctuations
in gain, giving rise to an effect often referred to in the
literature as ‘gain pumping’.

When the limiter is used as a syllabic compressor, the
unaesthetic effects of rapid gain recovery have, of course,
to be accepted as the price paid for the increase in average
signal level obtainable by this means. The discussion
which follows is, however, concerned with the more diffi-
cult case of a protective limiter, the function of which,
like that of a human operator, is to apply such overall
corrections to the programme level as may be necessary
to prevent overload of the transmission system, while
making the minimum possible change in the short-term
dynamic range.

4.2 Double- and Triple-time-constant Circuils

To avoid the more extreme effects described above, it
is usual to arrange, as a compromise, for the recovery
time-constant of the limiter control circuit to be of the
order of 500 to 1000 ms. There is, however, no single
relationship between gain recovery and time by which all
of the effects described can be avoided, and various
attempts have therefore been made to achieve a better
compromise by making the effective recovery time-con-
stant vary automatically with the nature of the signal. In
one such device, introduced into early BBC limiters, the
reservoir capacitor of the control-bias rectifier was made
to discharge, through a resistor giving a time-constant of
500 ms, into a much larger capacitor which, in turn, was
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discharged through another resistor producing a time-
constant of 40 seconds; this arrangement gave, in effect,
a double time-constant, the gain-recovery period being
automatically prolonged according to the amount and
duration of the gain reduction which preceded it. Similar
devices have been providedin various commercial limiters.
These artifices, while appreciably ameliorating the situa-
tion, still fail to bridge the gap between the morg extreme
requirements, and the present experiments were aimed at
extending the range of conditions over which satisfactory
operation is possible.

It was found that some of the difficulties associated
with a long recovery time could be overcome by making
the time-constant dependent on output signal level;® a
recovery time-constant far in excess of that normally
permissible can be allowed, provided that the system is
arranged to revert autornatically to the usual compromise
value of 500 to 1000 ms during pauses or quiet passages
in the programme.

There remains the problem of achieving a sufficiently
tapid gain recovery after the limiter has been operated by
a signal of less than syllabic duration, while at the same
time avoiding flutter effects on sustained passages. These
two requirements are in direct confiict; a useful compro-
mise can, however, be achieved by a double-time-con-
stant circuit having fixed parameters, so designed that
whenever the limiter operates as a result of a short dura-
tion signal peak, part of the gain is recovered very rapidly,
leaving the remainder to be restored at a slower rate,

The circuit arrangement finally adopted® incorporated
both the artifices described above, so that the overall
effect may be loosely described as that of a tople time-
constant. The steps by which the parameters of this
system were arrived at will now be briefly telated; the
values given, which are based on the subjective judgement
of the three authors using a variety of recorded pro-
gramme material, should be regarded as provisional only
and are not claimed to represent the optimum com-
promise in all circumstances.

4.3 Choice of Parameters

Fig. 11 shows, in simplified form, the essential elements
of the triple-time-constant circuit. The longest effective
time-constant is formed by the product C,(R, 4 R,"); for
programme levels below the prescribed change-over point,
R, is short-circuited electronically—a process symbolized
in Fig. 11 by the switch S1—leaving an intermediate value
of time-constant C;R,. The shortest time-constant is
formed by CR,.

It is convenient to consider first the circumstances in
which the longest possible recovery time is desirable.
Probably the most extreme requirement is represented by
a staccato chord played in a concert hall without audi-
ence, followed by a pause during which the reverberant
sound is heard to die away. For the present purpose, a
test passage illustrating this condition was selected from

* The instrumentation of this part of the experimental equipment
was carried out by R. L. Deane.
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Fig. 11 — Control rectifier system with triple time-constant

experimental orchestral recordings made in St Andrew’s
Hall, Glasgow; observations were made first with a
BBC standard type of limiter which had been modified to
allow the recovery time to be lengthened, and later with
an experimental limiter of the type shown in Fig. 9. It
was found that in order to avoid apy audible change
in reverberation, the longest time-constant C,(R, +R,")
had to be at least 4 seconds; however, in order to allow
for the possibility of the simultanecus operation of two
or three limiters in tandem—a condition in which the
overall rate of gain recovery with time is greater than that
of each limiter alone—this figure was later increased to
10 seconds.

The intermediate time-constant C;R, should ideally be
such that the limiter gain is fully restored within the inter-
vals between different speakers in a discussion or inter-
view, but is held at its reduced value as long as the one
person continues to speak. As previously indicated, the
best compromise is obtained with a time-constant of be-
tween 500 and 1000 ms; in the present case, a value of
720 ms was adopted.

The signal level at which the change of time-constant
takes place has to be set sufficiently low to avoid appreci-
ably interfering with the ‘tail’ of a long reverberation
process, but not so low that the operation could be upset
by background noises. For programmes including classi-
cal music covering a wide dynamic range, a suitable
change-over point was found to be that at which the out-
put signal falls to 20 dB below the limiting level.

Initial tests using a relay to change the recovery time-
constants produced an audible discontinuity on pro-
longed reverberation; however, a satisfactory compro-
mise was eventually effected by the use of approprate
solid-state circuitry producing a gradual transition.

The function of the short-time-constant circuit C,R, is
to avoid prolonged gain depression after a brief, isolated
excess signal. The initial division of the control voltage
resulting from such a signal is determined by the capaci-
tance values of C; and C,,

\t
G+ G

being the proportion of the control voltage developed
across C, and consequently subject to the rapid rate of

control voltoge
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decay associated with C;R,. Certain sibilant speech sounds
produce brief but large excess levels and it was found neces-
sary to allow about three-quarters of the control voltage
to be discharged quickly, i.e. to make C,=C,/3, in order
to avoid prolonged gain depression.

If the excess signal is maintained for a sufficient period,
the distribution of voltage between C, and C, changes,
at a rate dependent on the time-constant formed by
(Ci-+Cy)and

Ry(R; +Ry)
R, + R, + Ry’

eventually the proportion of the control voltage across
C, becomies

_ R
R1+ R1r+ R2

which, with the restrictions already laid down, is
negligibly small. The rate of gain recovery is then
almost entirely determined by the long time-constant
Cy(R, +Ry).

The time taken for the redistribution of voltage is de-
termined almost entirely by R,. If the value of this re-
sistor is too high, flutter effects may occur—if too low,
gain reduction may be unnecessarily prolonged. The
compromise value acrrived at by trial was such as to make
C,R; =33 ms.

With a recovery time-constant as short as 33 ms, some
gain variation during the signal cycle—and hence some
waveform distortion—is to be expected at low frequen-
cies. Since, however, the 33 ms time-constant is operative
only at the onset of a signal, such effects are transient in
character and could not be detected subjectively on any
of the available programme material.

5. Design of Experimental Limiter

5.1 General

Figs 12{(@) and 12(¥) show an experimental limiter
based on Fig. 9 and incorporating the gain-recovery cir-
cuift of Fig. [1. It is unnecessary for the present purpose
to constder the design in detail, but mention will be made
of such aspects as may be of general interest.

The servo loop, including the output-controlled vari-
able-gain amplifier VG1, had an attack time T,,, of less
than 10 ps. To achieve the necessary speed of operation,
the amplitude/frequency characteristic of this part of the
circuit had to be vniform beyond the normal audio fre-
quency range, the upper frequency Jimit being about 180
kHz.

1t was feund advantageous to provide a meter cali-
brated in decibels of gain reduction. This was actuated
by a signal derived from the variable-gain-element con-
trol-voltage and applied to a differential amplifier to
eliminate the standing voltage.

The delay network was constructed from ten second-
order all-pass sections; the group delay of 320 us is con-
stant to within 10 per cent from 0 to 16 kHz.






3.2 Variable-gain Element

In the design of a variable-gain e¢lement for a limiter
it is necessary to ensure that no component of the control
signal appears at the programme output. Devices, such
as variable-mu valves, diodes or transistors, in which the
mean current is varied by the control signal, have there-
fore to be arranged in accurately balanced push-pull or
bridge circuits. Light-controlled variable resistors have
been produced which are inherently free from control-
signal breakthrough but devices of this kind so far avail-
able have a response time of the order of 1 ms, which is
too long for use in the fast-acting servo system. For the
present purpose, the most convenient form of variable-
gain circuit consists of an attenuator including in its
shunt arm the source-to-drain path of a feld-elfect
transistor (F,E.T.},* the control voltage being applied to
the gate. No d.c. supply is superimposed on the pro-
gramme signal current flowing in the F.E.T. and the gate
impedance is very high; in these circumstances, the mean
current between source and drain is zero, and break-
through of the control signal into the programme output
is negligible.

In the experimental limiter, p-channel-type F.E.T.s are
used in the variable-gain circuits of both the slow- and
fast-acting control systems, the circuit constants being
arranged to permit a maximum gain reduction of 20 dB.
The current/voltage relationship in the source-to-drain
path is non-linear, but the signal voltage across this path
was kept sufficiently low to avoid audible waveform dis-
tortion.

It may be noted that any distortion produced by the
F.E.T. could, if necessary, be partially compensated by
applying a portion of the outgoing programme signal
voltage to the gate,! though some modification to the cir-
cuit would be necessary to avoid control voltages appear-
ing at the programme output. Alternatively, a tetrode
F.ET. could be employed, the control signal being
applied to one gate and the compensating signal derived
from the programme output to the other.

In order to obtain the required flat-topped output/
input characteristic for the limiter, it is necessary that the
relationship between control voltage and source-to-drain
resistance for the F.E.T.s in VG| and VG2 be identical ®
This requirement was met by selecting the F.E.T.s and
by adjusting the values of the resistors associated with
them in the variable-gain circuits.

6. Conclusions

It has been found that the control circuits of conven-
tional limiters are not fully effective under transient con-
ditions unless the speed of operation is made so high as to
produce audible distortion through modulation of the
programme signal. The difficulty has been overcome by a
new type of control system involving both fast-acting
and slow-acting variable-gain circuits in conjunction with

* A similar requirement would, of course, arise in the two chan-
nels of a conventional stereophonic limiter using F.E.T's.

15

an appropriate signal delay network. The same artifice
could, of course, be applied, where necessary, to com-
pressors and other automatic gain control devices.

The gain recovery characteristics of limiters are also
subject to conflicting requirements. Attention has been
concentrated on the difficult case in which the overall
programme volume has to be regulated without intro-
ducing aesthetically objectionable effects through short-
term gain fluctuation and a compromise solution, in-
volving automatic variation of the effective recovery time
constant over a range of about 300: 1, has been evolved.
It is possible that similar devices could form the basis for
an automatic gain control for unattended studios,
though for this purpose some of the recovery time-
constants might require to be modified.

An experimeatal limiter embodying the various fea-
tures referred to above has been constructed. The oppor-
tunity has been takem to cxplore the potentialities of
F.E.T.s as variable resistance elements; these appear to
be superior to any of the devices hitherto employed in
aufomatic gain control circuits,
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