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Limiters, compressors and expanders can solve many of today’s audio

processing problems—just so long as you understand how they operate.

The limitations of the available media
have long been a problem in recording
and producing high quality audio. The
dynamic range of the human voice or of
common musical instruments is much
larger than that of conventional discs
and tape. Typical vinyl discs and analog
tapes provide 60dB to 70dB of dynamic
range between the noise floor and the
maximum output level. Music can easily
exceed a 40dB range between soft and
loud passages, yvielding only a 20dB 5/N
ratio on the low-level program material.

Devices were developed to compress
the dynamic range of signals, making the
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loud sounds softer and the soft sounds
louder. This reduced dynamic range fits
comfortably on tape, without the low
levels being lost in noise and the high-
level sound causing distortion.

Unfortunately, some audio processors
actually create probiems when dealing
with the dynamic range of the human
voice and musical instruments. In the
case of vocals, these problems inciude
amplifier overload, pickup of room noise
and excessive sibilants in speech.

Gain changing
Dynamic-range changing devices pro-
vide a signal at their cutput, which sup-
posedly differs only in level from the
original signal. The device's gain

changes with the signal level as needeg:
to alter the dynamic range; the wavep
form shape theoretically remains thi
same, but its size (voltage) is made larg
or smatler as necessary.

The ideal compressor or expander i
like a skilled, and very fast, mixing
engineer who rides a fader on the signal
correcting for undesired changes i
level. Nothing is changed about thd
signal but its level.

Because the characteristic of interes
for such units is gain, their steady-statd
operation may be described with a grap
of input level vs. output level. On a log
log scale {(dB output vs. dB input) we g
a graph similar to Figure 1, which is com
monly reterred to as a transfer curve. Fo
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AMPLIFIER LEVEL dBm) ¥5. AMPLIFIER (26m} When mixing a song for today’s com-
@ j petitive airwaves it is often desirable to
" L 1 1 w add more “punch” to the sound in an at-

L / tempt to capture the listener's attention.

’?r— The basic philosophy is to make the
L r 7 A music fit the listening medium, Often a

¢ single’s mix, which will get a lot of AM
L Z‘4 radio play, will be different from the

| // 1 ' LT album mix, which will be played on FM

E 0 /Z or on quality home systems.

6_. A | ¢ This development has led to limiters

/ and compressors that operate in many

unusval ways, each optimized for one
particular recording application or
ptayback medium.
What we need'is a device that will in-
J J crease the level of the soft sounds and
20

decrease the level of loud sounds, a
characteristic that is shown in Figure 2.
ey As the input signal ampliitude increases,
the output signa! amplitude increases by
a smaller amount. When the input signal
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Figure 1. A basic transfer curve, showing output in dBm vs. wnput in dBm (log pioi). A conven-
tional amplifier produces a fire at a 45° angle, with gain determining the actua! position on the

graph, amplitude decreases, the output signal DYNAMI
amplitude decreases by a smaller major i
COMPRESSOR LEVEL (dBim) VS, AMPLIFIER (dbm) amount. There is always a point where high leve
u the input level equais the output level, IWeEt 03
] ] s b
“ L J called the unity-gain point. Take
i L The slope of the curve is called the
1 : /J compression ratio. A compressor whose Every:
L ] - = 1 : output level increases by 1dB for every hit tha
o8 - 3dB of input leve increase is said to have charts
4 W a 3:1 compression ratio. sales 2
5 The classic block diagrams of a com- make ¢
o /’ pressor are shown in Figure 3. Com- involve
| L pressors come in two flavors: feedback But
- L
] — L J[_r_i and feedforward. v
s L The feedback-type compressor is the WOrK ¢
i = L il oldest and most common of the two | Youth:
-2 = T varieties. In this design, the output signal m ﬂle ¢
e —( level is sensed and an appropriate gomg t
L L j voltage fed back to the gain-controi ele- casset
- ment that precedes it. As the input level So rez
-w - - -2 - ° ‘ s 2 1 » is increased, the output level tries to in- can lav
wour crease. This is sensed by the level-sensor "
Figure 2. Typical compression graph showing how the output level will decrease or increase | circuil, which in turn drives the gain- Reac
dependent upon the input level. control element in an effort to reduce the Reach

amplitude. Changing the gain after the tape 1
a conventional amplifier the graph is a | level sensor changes the slope of the tane t]
straight line at a 45° angle. The gain of | compression characteristic. P

the amplifier determines where the line Such circuits are easy to build, and are | Ca85€1
is positioned on the graph, but the slope | self-correcting for errors in the gain ele- Becau
is always the same. ment or level sensor. However, they prope;
guarantee that the output wiil overshoot fromt

Compressors its final value when the input level is sud- :

Musicians and vocalists tend to move | denly increased. This is because the cir-
around when working intc a micro- | cuits do not see any change in level until
phone, causing the signal tevels to fluc- | the output of the compressor changes, by
tuate. Sometimes this movement is | which time the overshoot has occurred.
unavoidable, as with a live performance, Feedforward designs sense the input 4
and sometimes it is simply due to the | level and generate the necessary control o
vocalist's movement during a take, The ; voltage for the gain element to make the
solutien to such problems usually must | output level change as desired. Because |

L be found in the audio processing chain. ' thelevel sensor sees the signal the instant
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Figure 3. Two basic compressor block diagrams: a typical feedforward compressor circuit
{top); and a feedback compressor circuit (bottorn).
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Figure 4. A transfer curuve for a typical limiter, showing the gain reduction in the output signal
above the threshold level or turnover point.
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Figure 5. A basic limiter block diagram. A typical compressor circuit may be essentially con-
verted to a limiter by the addition of the diode as shown, for transistor-based circuits.

it is applied; this approach reduces the
overshoot problem. However, feedfor-
ward designs place more stringent re-
quirements on the accuracy of the level
sensing and control circuitry. Any inac-
curacy in these circuits results in a cor-
responding error in the gain setting,
There is no feedback loop to reduce the
error.

The graphs shown in Figures 1, 2, 4, £
and 8 are all straight lines on linear dB
scales. This characteristic is obtained
with level sensors that output a voltage
proportional to the dB signal level
Voltage-controlled amplifiers (VCAs) also
exhibit similar characteristics, the gain in
dB being proportional to the voltage on
the control input. 1t is possible to design a
compressor or limiter that has non-linear
curves, although they are not very com-
mon today.

Solid-state circuits lend themselves
well to the log and antilog functions re-
quired for linear dB action. it is possible,
however, to build a compressor with
level sensors and control elements that
are not linear dB action. Such circuits are
commoniy used only in specialized
noise-reduction systems, and in simpie
feedback-type limiters. In any case, the
principles are the same.

Compressors can be quite complex
devices. Some provide multiband opera-
tion in which the compressor divides the
frequency spectrum into several bands
and then processes each one separately.
Although this approach produces a sub-
jectively louder sound, the result is a fre-
quency response that varies according to
output level.

Limiters

Sometimes a recording or production
engineer encounters a signal that is nor-
mally fairly constant in level, but which
occasionalty increases suddenly, causing
the system tg clip or distort. Examples in-
clude kick drum, certain vocals, syn-
thesizers and cymbal crashes. To correct
such signal fluctuation requires a limiter,
a device that operates as a normal linear
amplifier for signals below some preset
input level but becomes a compressor for
signals above that level.

Some units found in the studio are
composed of both a compressor and
limiter. The compressor is used to reduce
the signal's dynamic range, while the
limiter prevents tape saturation.

A transfer curve for a typical limiter is
shown in Figure 4. The level at which the
limiter changes from unity-gain opera-
tion to compression is referred to as the
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Figure 6. A typical transfer function graph for an expander circuit, showing the basic function
of making loud sounds louder and soft sounds softer.
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Figure 7. A basic block diagram of an expander circuit.

threshold level, or turnover point. This
point is normally variable, allowing the
threshold to be adjusted to match the re-
quirements of the studio operating levels
and the program material. As with a con-
ventional compressor, above threshold
the compression is characterized by the
slope of the transfer curve.

The knee in the transfer curve may be
sharp, as shown in the graphs, or round-
ed. Some limiter manufacturers claim
that the side effects from a rounded-knee
characteristic are less audible; this is a
matter for vour ears to decide.

A compressor may be converted into a
limiter by the addition of a diode before
the gain-control element, as shown in
Figure 5. The dc wvoltage from the
threshold controt is applied to the output
side of the diode, forcing the signal level
to exceed the threshold before compres-
sion can occur.

As with compressors, limiters may be
designed in either a feedback or feedfor-

ward configuration. A feedforward-type
requires predictable characteristics in its
level sensor and voltage-controlled ele-
ment, a straightforward task with
transistor-based circuits. 1If the exact
slope of the compression is not of great
concern, a feedback-type limiter does
not require closely controlied eiements.

Limiting thresholds are set by the
diode bias voltage, or its equivalent com-
ponents. The limiting function may be
performed with a field-effect transistor
(FET), or combination of a light-
dependent resistor (LDR) and a light-
emitting diode (LED). Such relatively in-
expensive designs allow low-cost limiters
to be built inte power amplifiers or mix-
ing consoles.

Expanders

Expanders are the functional inverse
of compressors: They make soft signals
softer and loud signals louder, as shown
in Figure 6. As can be seen, the slope of
the lines is always greater than the 45°
slope of a linear amplifier.

If an expander has an increase in out-
put level of 3dB for an increase in input
level of 1dB, it is said to have an expan-
sion ratio of 3:1.

In the block diagram of a typical ex-
pander, Figure 7, the only change from a
compressor is the addition of an inver-
sion stage to make the gain increase with
increasing signal level.

Noise gates

Many recording sessions and live per-
formances use open microphones de-
signed to pick up some desired instru-
ment or vocalist. However, when there is
no sound from the desired source the
microphone continues to pick up am-
bient noise. If there are very many of
these open mics, the background noise
can get out of hand. A similar problem
arises when trying to add a track from a
noisy tape into an otherwise quiet mix.

What is needed is a2 way to turn down
the gain when the signal level drops
below some preset value. A device that
does exactly this is the noise gate. Noise
gates are to expanders what limiters are
to compressors. Above the threshold
level a noise gate operates as a normal
amplifier; bejow threshold the gain

.decreases with decreasing signal level,

making soft sounds much softer.

This action effectively gates out, or
removes, the background noise, but does
not affect the desired signal. The noise-
gate characteristic shown in Figure 8
looks much like a limiter’s transfer curve
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Figure 8. A transfer function for a typical noise gate circuit, The curve resembles the transfer
curve of a typical limiter flipped diagonally from what is shown in Figure 4.
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Figure 9. The basic block diagram of a noise gate.

that has been flipped over diagonalty.

As with a limiter, a noise gate has two
important parameters: threshold and ex-
pansion ratio. By adjusting the threshold
level, the unit can discriminate between
the desired signal and unwanted
background noise. If there is insufficient
level difference between them there will
be erratic changes in gain, as the noise
gate switches in and out of expansion
mode.,

The noise gate block diagram shown in
Figure 9 looks much iike a cross between
an expander and a limiter. The inverter
is used, as in an expander, to make the
gain increase with increasing signal
level, However, the diode now prevents
the level sensor's output from exceeding
the desired threshold—when this occurs
the gain is clamped. Below threshold the

noise gate functions as a conventional
expander.

Noise gates can also be used for special
effects. An excellent example of this is
the “Phil Collins” gated reverb drum
sound. The signal js fed through a reverb
unit that has been set to a fairly long
RTg, . The recirculation signal on the
reverb decays to below an appropriate
level, which gives a rich sound that ends
abruptly when the noise gate cuts in.

Time effects

So far we have considered oniy the
steady-state behavior of these devices,
When the signal amplitude changes with
time, however, such signal processing is
not so easy. Audio signals are, by their
nature, ac waveforms that go positive
and negative many times per second. It is
essential that the signal amplitude be
controlled without affecting the
waveshape of these ac signais.

For example, if the signal amplitude is
adjusted too quickly, the waveshape will
be changed, causing audible distortion. If
it is adjusted too slowly, on the other
hand, some signal peaks will pass
through unchanged and the compressor
has failed to do its job.

Figure 10 illustrates a typical limiter’s
response to a time-dependent waveform.
A tone burst with an instantaneous 20dB
change in amplitude is applied to the in-
put. When the signal amplitude in-
creases, the limiter takes a certain
amount of time to respond. resulting in
overshoot at the output. As the limiter
adjusts to the new gain required, the out-
put amplitude decays to the desired
value. When the signal amplitude drops,
the output level also drops by the same
amount. As the limiter readjusts to the
new signal level, the output gradually in-
creases.

Many audible’ problems are related to
the time required by the unit to adjust
the gain, including the pumping and
breathing sounds heard as the medium-
level background material is modulated
in amplitude by high-level program
material. .

If, in an attempt to avoid these prob-
lems, a limiter is designed to be slow-
responding, it will not be able to prevent
peak amplitudes from exceeding the
desired level. Any design is a tradeoff
between audible side effects and in-
complete processing.

This situation has led several manufac-
turers to provide atiack- and release-time
controls on their units. Such controls
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Flgure 10. Kepresentative waveforms showing probable tone-burst response for a compression
circuit, illustrating the time response of such a unit.

allow an engineer to increase the attack
time and reduce the release time until
side effects begin to be audible on the
particular material being processed.

Adjustable attack and release times
also enable the user to operate special ef-
fects by adjusting the timing. For exam-
ple, the attack time may be lengthened
to allow the beginning of notes to distort,
giving guitars a “gritty” edge to their
sound when played hard.

Compressor and Iimiter features

There are many features available on
compressors and limiters that may be im-
portant for a particular application. Most
professional compressors provide an in-
dication of the gain or gain reduction
taking place, and many units aiso allow
monitoring of input or output signal
level. This visual aid can be helpful when
adjusting drive levels in a system.

Some compressors and limiters allow
the contro! voltages in the level-sense
path to be tied to other similar units for
use in multichannel systems. If a pair of
units is used on the two channels of a
stereo mix, tying these points together
will prevent the image from shifting
because of unequal channel compres-
sion.

A few units allow the input to the level-
sense circuitry to be patched for special
effects. In this way an external equalizer
can be inserted into the level-sense path
for removing rumble or other low-
frequency noise that would otherwise

disrupt the level-sensing action. A de-
esser is a compressor that has been set to
work on high frequencies by the inser-
tion of an HF boost in the level-sense
path. Putting a notch filter at the power-
line frequency into the level-sense path
of an expander or noise gate would allow
strong hum to be reduced further than
the action provided by a conventional
expander. When music is present the
filter would mask the hum that would be
let through, vet the humn cannot keep the
expander gain up.

An unusual, but useful, application for
the level-sense input would be to have a
microphone picking up background
sound to control the level of the main
mic channel. With the unit set for a 2:1
expansion, the desired wvocal would
always be kept a fixed level above the
music or noise.

Compressors can sometimes function
as remote-controlled attenuators, to pro-
vide a remote volume-contro! function
using only dc on the control wires. This
might be used, for example, to control
the headphone volume in the studio, or
could allow a musician to have footpedal
control of the instrument level.

Performance specifications
The standard performance specifica-
tions of distortion and signalto-noise
ratio are difficult to apply to devices that
modify the dynamic range of program
material. Because a signal's gain changes
with input level, as well as the selected

compression or expansion ratio and
threshold level, these performance
measurements also change.

The noise will generally get worse at
high gain values (low signal Jevels for ex-
panders and high signal tevels for com-
pressors). Distortion wili sometimes peak
at intermediate values or the extremes of
gain, depending on the type of gain-
control element used. Be wary of units
that are specified at only one gain value,
or at 1:1 compression ratio. It is best to
examine a family ot curves of distortion
for different gain settings.

Specifications such as frequency
response, common mode rejection and
maximum input leve]l should be com-
parable to other types of signal-
processing devices. Precautions taken
with unbalanced systems apply especial-
Iy to compressors, which can significant-
ly increase system hum when they have
no input signai. Using such a device at
different places in the system places dif-
tering constraints on residual noise and
headroom. Carefully study the system's
gain structure before specifying any par-
ticular device.

If is difficult to quantify the specifica-
tions unique to limiters and compressors
in a way that allows meaningful com-
parison between the audible perform-
ance of different units. Attack time and
release time are only two aspects of the
dynamic behavior. A limiter's distortion
performance during the attack portion of
its response will significantly alter the
perceived distortion for actual program
material.

Many compressors and limiters are
marginal for headroom, and hard clip on
large inputs until the level sensor
responds and reduces the gain. Other
units are designed with more headroom
or an integral softclip circuit, which
greatly reduces the level of high-order
distortion product$ during overdrive.

Some compressors and Hmiters suffer
from leakage of the control signal into
the output signal path. which results in
low-frequency energy at the output dur-
ing large swings in signal level. This will
usually show up in two-tone, difference-
frequency intermodulation measure-
ments, if the tones are spaced closely
enough in frequency.

Compressors and limiters, more than
any other signal-processing device,
should pass a listening test before pur-
chase. The necessary performance
criteria are not yet well enough
understood to simply rely on paper

specification. [R-E/p}
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