
i AN AUDIO COMPRESSOR IS AN ES-

sential tool for audio processing
and it is commonly found in re-
cording studios. Most recording
studios have a selection of com-
pressors, each chosen for some
specialized feature or nuance.
Your home may not be a profes-
sional recording studio, but you
do need our Stereo Compressor,
so read on.

As the device’s name implies,
the Stereo Compressor com-
presses or limits the dynamic
range of an audio signal. (Make
sure you read the sidebar  How
Compressors Work.) In a record-
ing studio, compressed audio
prevents tape-recorder overload
during loud passages without
losing quiet passages in the
noise floor (hiss). Before com-
pressors were invented, the re-
cording engineer would ride the
gain by manually adjusting the
signal level. Compressors are
commonly used to record vo-
calists and acoustic instru-
ments, especially those that
have large dynamic ranges.
Compressed audio can also be
used to create artificial effects
while recording, such as in-
creasing the apparent sustain
of an instrument or completely
squashing the level of a signal.
We will learn how to accomplish
these audio effects later.

Compressors can also be
abused. Have you ever won-
dered why TV commercials
sound louder than regular TV
programming? Well, the pro-
ducer of the offending TV com-
mercial has used a large
amount of compression on the
audio tracks and then boosts
the gain to just below distortion
level. The end result is an appar-
ent increase in loudness to the
listener. This works because
modern TVs and home theaters
have a large dynamic range for
the audio signal.

Film and TV producers take
advantage of the dynamic range
available to them by recording
normal conversation and back-
ground sounds 6 to 12 dB below
the maximum signal level. Then
for dramatic effect, music and
sound effects such as explo-
sions can be that much louder
than the dialogue track. This is
very noticeable when watching
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Designed to lower the audio blasting
that goes with TV-commercials,

the unit also serves as a studio sound
manipulator!

a movie on a high-fidelity video
tape recorder. In fact, for late-
night viewing, when you are try-
ing to be quiet, you have to turn
the TV up just to hear the di-
alogue and then quickly turn it
down when the car chase scene
comes crashing into your living
room. But, with the Stereo
Compressor, you don’t need to
constantly ride the gain. It will
automatically do that for you!

When you patch the Stereo
Compressor between your hi-fi
VCR and your stereo sound sys-

tem, you can enjoy listening to
movies late at night in full
fidelity, at low volume, without
being blasted out of your chair
when Rambo raids your living
room. You can also use the unit
to prevent tape (recording) over-
load while making home audio
recordings.

3
How it is done

The block diagram of the Ster-
eo Compressor is shown in Fig
1. The input signal is fed to a
voltage-controlled amplifier 





(VCA) that has a nominal gain of
unity Some of the output signal
is fed to a precision rectifier fol-
lowed by a logarithmic convert-
er circuit. The output of this
block is a DC voltage propor-
tional to the log of the average
level of the input signal. By
sending some of this DC control
voltage to the VCA we automat-
ically reduce the gain of the VCA
when the input signal exceeds a
user-determined threshold
level. It is important to note that
we determine the signal level
after the VCA and not before.
This allows the output level to
increase and sound normal, but
not increase as much as the in-
put signal does. By varying the
amount of feedback we adjust
the compression ratio, which in
conjunction with the THRESH

control, determines the operat-
ing characteristics of the com-
pressor.

The optional sidechain jacks
permit external processing of
the audio signal or substituting
a completely different audio sig-
nal as the control signal. This
add-on circuitry lets the user
experiment and achieve some
useful audio effects.

How it works
Figure 2 is the schematic di-

agram of the Stereo Com-
pressor. The device has two
independent channels of com-
pression, right and left. The
heart of the circuit is the
SSM2120 dual dynamic range
processor integrated circuit
lC3. The SSM2120 features two
complete dynamic range pro-

cessors. Each one consists of a
voltage-control amplifier, a log-
arithmic converter, and a preci-
sion rectifier. The chip also fea-
tures a dynamic range of 100 dB
at only .0l-percent total har-
monic distortion at + 10 dB in-
put. The remainder of the
Stereo Compressor circuit con-
sists of input and output buff-
ers, the control circuitry and
the comparator.

Since the electronics for both
channels is identical, we will
look at the right channel in de-
tail. The input audio signal
from Jl goes to an inverting
buffer circuit consisting of R40
and R44 and ICl-b. Its output
signal (ICl-b,  pin 7) is coupled
to the signal input on lC3, pin
8, via C4, which blocks any DC
component of the input signal.
The SSM2120 chip is actually
looking for a current input
source, and R43 provides the
proper amount of current to the
chip. The RC filter formed by C8
and R18 eliminates any stray RF
interference.

The output signal from the
internal VCA of lC3 (pin 4) is
actually a current signal. It is
restored to a voltage signal by
current-to-voltage converter
ICl-a and its feedback resistor
R46. The signal from ICl-a, pin
1 is routed to output stage am-
plifier lC5-a via R34. The output
signal from lC5-a,  pin 1, is cou-
pled via R35 and C9 to jack J3.
OUTPUT potentiometer R55 lets
you adjust the unit’s gain.

The output signal is also sent
to the rectifier input (lC3, pin 9)
via R36 and C7 either directly,



or via the optional side-chain
jack circuitry including R50.
The side-chain jacks consist of
a standard l/4-inch  open-cir-
cuit OUT phone jack (J7) and a
l/4-inch  IN phone jack (J8) with
a normally-closed switch built
into them. These jacks form a
normalized patch point for ad-
ditional audio processing. With
nothing plugged into J8, the
signal path is uninterrupted.
By inserting a phone plug into
the side-chain IN jack (J8), the
normal signal path is broken
and either the processed origi-
nal signal is sent to the rectifier
input, or a completely different
(new) signal is sent to the rec-
tifier input. We will later see how
to use this feature for some
really powerful audio process-
ing.

But first, the control side of
the house. Resistor R22 pro-
vides a reference current to the
log-averaging circuit within IC3
via pin 2. It also forms an RC
timing circuit with C5. This RC
circuit determines the response
time for the compressor. The
time constant is set so that the
compressor will respond rapidly
without distorting.

Potentiometer R51 along with
other resistors, develops the
threshold level signal. The volt-
age from the wiper of R5 1 is sent
to the threshold input of IC3
(pin 1) via R42. Another resistor
R41 across the threshold pin 1
and the control output pin 3 es-
tablishes the internal gain of
the control stage. The control
output signal from pin 3 goes to
a voltage-divider network cen-
tered around potentiometer
R53 then to the inverting VCA
input of IC3 (pin 7). A positive
voltage on this input reduces
the VCA gain, which is what we
need to make the compressor
work. Note that both the invert-
ing and non-inverting control
inputs (pins 5 and 7) are tied to
ground via R5 and R7. The con-
trol inputs must remain close to
ground potential for proper op-
eration. A 6-millivolt change in
voltage at these control pins
causes a 1 dB change in VCA
output. Diodes D6 and D7 en-
sure a unipolar control voltage.
Potentiometer R53 is the com-
pression RATIO control. It gives







BOTTOM VIEW of the PC board, shown same size, details the foil pattern home-brew
experimenters must assemble.



an adjustable compression
ratio of 2 to 1, all the way to
about 25 to 1.

The last portion of the circuit
is the comparator formed by
IC4-b, two input resistors Rl0
and R20, a bicolor light-emit-
ting diode LED3, and current
limiting Rll for the light-emit-
ting diode Dl. Notice that op-
amp IC4-b is a comparator. Nor-
mally it is unwise to use an op-
amp for this purpose because
the output stage saturates,

which will slow down the com-
parators response time. (Note:
Dl through D3 are light-emit-
ting diodes or LEDs. This sym-
bol identification code was used
in this story in order to agree
with PAiAs kit symbolism.) In
this instance, we need to get an
output that changes from one
supply rail to the other. This
makes dual-LED interfacing
very simple. Along with being
an excellent audio op-amp, the
NE5532 functions well as a

comparator in this application.
The power supply circuit con-

sists of an externally connected
Wall-Wart l2-volt AC trans-
former PWRl and associated di-
odes and capacitors. (See top-
right corner of Fig. 2.1 One side
of the 12-volt AC line is tied to
ground and the hot side goes to
half-wave rectifiers D8 and D9.
These diodes deliver bipolar,
unfiltered DC, and each supply
is filtered by electrolytic capaci-

Continued on page 72



tors Cl3 and C14. Even though
PWRl is rated at 12-volts  AC, the
filter capacitors charge closer to
the peak value of the l2-volt AC,
and just about 15-volts DC is
delivered to the + l2-volt DC
regulator IC6 and -12-volt DC
regulator IC7. The output of
each voltage regulator section is
filtered for decoupling purposes
by electrolytic capacitors Cl1
and C12.

Two ground systems are used
in the Stereo Compressor, one
for power return and the other
for signal return. This design
practice reduces the pos-
sibilities of ground loops that
introduce unwanted AC hum to
the audio signals.

construction
Assembly of the Stereo Com-

pressor is relatively straightfor-
ward. PAiA Electronics has
complete kit of parts available
for the Home Theatre version
(no sidechain jacks) and the
Studio version (includes side-
chain jacks). If you want to roll
your own, the circuit can be
built on a Radio Shack experi-
menters PC board or you could
copy the same-size drawing of
the circuit board provided in
these pages and make your own





board. The SSM2120 chip (IC3)
is available from several sources
including PAiA,  Newark and Al-
lied. The other parts are com-
mon garden variety types avail-
able from local and mail-order
parts suppliers. If you do bread-
board the circuit, make certain
you use good grounding tech-
niques. Return all signal and
power grounds to one common
point to eliminate any ground
loops. Should you elect to use
the PAiA circuit board, the cir-
cled letters in Fig. 2 are termina-

tion-point identifiers for hook-
up wires that run from the front
and rear panel-mounted parts
to the PC board. These intercon-
nections are shown in Figs. 3
and 4.

The three light-emitting di-
odes Dl through D3 require
lead extensions made from #22
insulated hookup wire. Mark
the leads so that you can readily
identify the anode and cathode
terminals. Twist the leads of the
LEDs  and cut their length so
that the LEDs  will fit into the



. HOW COMPRESSORS WORK

a b

The gray band is the usable dynamic
range of a quality audio tape. The dotted
band below the gray band is the inherent
tape noise (hiss) common to all tapes.
The range (height) of these bands var-
ies with tape quality. The audio signal in
(a) shows a loud passage that is too loud

for the listener, so the volume was
turned down (b) to lower the loud pas-
sage in the tape’s dynamic range. How-
ever, the quiet passage was lowered into
the noise band common to all tapes.
The quiet passage is either lost in the
hiss or will sound appalling when played

back. A compressed audio signal of the
same passage (c) permits the quiet pas-
sages to be recorded above the hiss in
the tape’s usable dynamic range while
the loud passage is reduced in volume
for the listeners pleasure.





three holes provided for them
on the front panel. These holes
are between the POWER swi tch
Sl a n d  t h e  T H R E S H

potentiometer R52 (See Fig. 4).
If you choose to omit the side-

chain option (A big mistake-
Editor) ,  el iminate jacks J5
through J8. Resistors R49 and
R50 normally mount on the ter-
minals of jacks J5  and J7. When
the sidechain jacks are omitted,
these l 0 0 0 - o h m  resistors are
connected to terminals R and S
and S and T, respectively, on the
PC board.

The light-emitting diodes (D2
and D 3) combined ground path
must return straight to the

power supply common. The
LED’s comparatively high cur-
rent that is switching on and off
in this ground return could
cause popping sounds in the
audio output when connected
t o  s i g n a l  o r  e v e n  p o w e r
grounds.

Testing
After you have wired the Ster-

eo Compressor, check for solder
bridges, cold-solder joints, in-
correct component polarities
and all the other nasty errors
that prevent a circuit from func-
tioning normally and some-
times result in self-destruction.
Do this before applying power!

PARTS LIST

All fixed resistors are s-watt, 5%. Miscellaneous
Rl. R8-47-ohms J1-J4-Jack, RCA-phono, PC-
R2, R33, R43, R46-39,000-ohms mount (Home Theatre version only)
R3, Rll, R12, R14, R15, R45- Jl-J5, J7- Jack, ¼-in., mono-
2200-ohms phone, panel-mount (Studio ver-
R4, R9-150,000-ohms sion only)
R5, R35,  R37, R39,  R47-R50- J6, J8-Jack, t/a-in., mono-phone,
IOOO-ohms closed-circuit, panel-mount (Studio
R6, R26, R41,  R42-68,000-ohms version only)
R7, R8, RIO, R20-330,000-ohms PWR1-Wall-Wart 12-volt AC trans-
R9-150,000-ohms former
R13, R21, R27-1500-ohms PC board, wire, audio coaxial cable
R16, R17-1800-ohms (see text), knobs, hardware, case,
R22, R25-1.5-Megohm solder, etc.
R23, R24, R28, R29-200-ohms
R30-R34, R36, R38, R40, R44- The following are available from
1O,OOO-ohms PAiA Electronics, 3200 Teakwood
R51,  R52-1O,OOO-ohm panel- Lane, Edmond, OK 73013. Tel:
mount potentiometer 405-340-6300. FAX: 405-340-
R53-R56-1OO,OOO-ohm, panel- 6378. Email:  http://www.paia.com.
mount potentiometer

Capacitors
Complete kit of electronic compo-

Cl, C8-2000-pF,  ceramic disk
nents including circuit board,

C2-C7,  C9, C10-10-µF, 16-volt,
knobs, wall-plug transformer,

electrolytic
phone jacks, etc., but less case-

Cl l .  C12-47-µF. 16 volt, elec-
US$74.75 #9601  K

trolytic   
C13, Cl4-470~µf, 25 volt, elec-

Home  Theatre desk-top case,

trolytic
punched, anodized, legended, with
wood end caps and hardware-

Se&conductors US$19.25  #9601DTC
IC1, IC2, IC4, IC5-5532 dual low-
noise op-amp Studio rack-mount case, standard
IC3-SSM2120  dynamic range 19-in. wide, 1-¾-in. high, punched,

processor anodized, legended front panel. In-
lC6-7812 +  12-volt regulator cludes l/4-in. jacks and all hard-
lC7-7912  -12-volt  regulator ware-US$29.50  #9601RMC
Dl-Light-emitting diode, red
D2, D3- Light-emitting diode, bi- Please add US$7.00  for shipping
color, red and green and handling for kit orders in the
D4-D7-1N4148 silicon signal di- USA.
ode
D8, D9--1N4001 silicon power di- PC ‘board only-$22.50 #9601PC
ode (shipping prepaid)

The best way to test the Stereo 
Compressor is to connect it be-
tween a CD or cassette deck and
your hi-fi audio system. Set the
RATIO control (R53) fully counter
c l o c k w i s e  a n d  t h e  T HR E S H

control fully clockwise. Set the
OUTPUT contro l  to  about  ten
o’clock. These are the minimum
settings. You should hear un-
distorted,  noise-free audio.
Both LEDs (D2 and D3) should
be green. If there is distortion or
noise, you need to go back and
check your wiring and compo-
nent polarities. If everything
sounds good and you have
green LEDs, then everything
should be working fine. Note:
with no input signal the LEDs
may drift slightly and not track
the THRESH contro l .

Once everything is working,
s l o w l y  r o t a t e  t h e  T H R E S H

control. At some point around
mid-rotation, the LEDs should
start  to indicate red.  This
means compression is starting
to  occur .  Rota te  the  R A T I O

control clockwise. You should
hear a decrease in volume as the
compressor squashes the sig-
nal. At full counterclockwise ro-
tation there might be some
distortion. This is to be ex-
pected.

Using the compressor
The main use for a com-

pressor is to keep levels from
getting out of control while re-
cording vocals and acoustic in-
struments. This takes a little
experimentation. For avocalist I
usually start out around a 4-to-1
compression ratio with the
THRESH set so the LED indicates
red when the singers reach
their nominal level. This way if
they hit a note 20 dB higher
than nominal (which would def-
initely clip most tape decks) the
signal out of the compressor
only increases by about 5 dB.

The Stereo Compressor can
increase the apparent sustain
of a sound. By using a large
amount of compression and re-
storing the level with the OUTPUT

control, the compressor will ini-
tially reduce the output signal
by a large amount. As’ the input
signal  level  decreases,  the
amount of compression will de-
crease and the output level will



THRESHOLD AUDIO OUTPUT
POWER CONTROLS CONTROLS
SWITCH R51  ,R52 R55, R56

LIGHT-EMITTING RATIO
DIODES CONTROLS
D1 -D3 R53, R54

FRONT PANEL view of the Stereo Compressor. Since the unit can be used in the
recording studio, channel reference is made to 1 and 2 instead of LEFT and RIGHT,
respectively.

remain relatively constant. The
Beatles used this on the final
piano chord in A Day In The Life
to make the sound linger on.

To use the compressor as a
limiter while recording, set the
RATIO to about 20 to 1 and set
the THRESH control so that the
LEDs  momentarily change from
green to red on peak signals.
This will preserve as much dy-
namic range as possible.

When the Stereo Compressor
is connected to a hi-fi VCR for
late night viewing, set the RATIO

control as high as possible with-
out distorting and set the
THRESH control to change the
LED’s color during quiet spoken
passages. This will allow you to
preserve the fidelity and stereo
spread of the movie sound
track, hear all the dialog, but
not get blown out of your seat
when the F-114 does a strafing
run in your living room. The
above settings are intended to
be starting points, so feel free to
experiment.

Using the sidechain jacks
Along with regaining control

of your hi-fi VCR, there are all
sorts of useful functions avail-
able via the side chain jacks. By
patching an audio processor in
the sidechain jacks, all sorts of
cool thing are possible. One of
the most useful is creating a de-
esser. This is a device used to
remove sibilance from vocals.
Sibilance is that nasty Shhhh
sound that occurs when S
words are spoken or sung, be-

cause of the way S sounds are
formed in the human vocal
track.

When we form an S sound, air
passes between the teeth and
tongue forming a burst of white
noise and a short blast of air. If
the speaker or vocalist is close
to the microphone, this is
picked up as a brief overload
and noise burst. This burst of
sound mostly contains high fre-
quencies. By setting an equal-
izer to boost high frequencies
and patching it into the side
chain, the compressor will dras-
tically compress the signal
when the high frequencies are
present, but act normally when
they are not.

You cannot eliminate sib-
ilance, but it can be minimized
with a de-esser. Any equalizer
will work. The best way to figure
out what frequencies to boost is
to listen to the audio through
the equalizer. Start boosting
until you have noticeably in-
creased the sibilance. Anything
above 3 kHz usually works; you
may have to experiment. A sim-
ilar problem, although at the
other end of the audio spec-
trum, relates to P and B thump
sounds. These can be mini-
mized the same way by boosting
the offending bass frequencies
(less than 300 Hz) via the side-
chain.

Another abuse of a com-
pressor is to totally squash an
individual instrument signal,
then restore its level. This is
done with vocals, snare drums,

kick drums, etc. U2 does this on
a lot of their recordings. By
squashing instruments that
have a percussive quality (such
as drums or slap bass) the
amount of percussive attack is
increased. This occurs because
the compressor does not re-
spond instantly. The initial at-
tack transient portion of the
signal gets through the com-
pressor unaffected while the re-
mainder of the signal is com-
pressed normally. The end
result is overall increase in the
percussive quality of the pro-
cessed sound.

The Stereo Compressor can
also be used as a ducker. A
ducker is a device that reduces
one signal’s level based on a dif-
ferent signal. This effect gets
used a lot on radio commer-
cials. In this case, a different au-
dio signal is fed into the side
chain such as an announcer’s
voice. When the announcer
speaks, the output of the com-
pressor is reduced. This is
useful for keeping background
music at maximum volume, but
letting the announcer’s voice
cut through the background
music by reducing the music
level when the announcer
speaks. Listen closely to any ra-
dio commercial and you will
notice this effect. Duckers  are
also great for D Js or a presenta-
tion with background music.

This ducker effect is also used
in the studio to allow one in-
strument to cut through on a
mix. If you want a particular in-
strument to be more noticeable,
such as a snare drum, send the
snare signal into the sidechain
and have the rest of the mix
feeding the compressor nor-
mally. When ever the snare
drum plays, it will reduce the
level of the main mix, increas-
ing the presence of the snare
drum without increasing its
level. Just by adding a fewjacks,
we have increased the power of
an already useful tool.

The Stereo Compressor is a
state-of-the-art audio processor.
It can be used to upgrade your
home recordings, as an addi-
tion to a professional recording
studio, or it can just allow you to
enjoy late-night movies without
riding the gain. Enjoy! R 75



Non-Stereo Compressor
I would like to share my thoughts

about the article, “Build a Stereo Com-
pressor” (Electronics Now, August 1996).
Although the two-channel compressor
project will prove to be a fine addition
to someone’s audio-processing needs
(Analog Devices makes great, innovative
ICs), it is not a stereo compressor.



For the unit to operate in the stereo
mode, both rectifier log converters
from channels one and two would need
to be summed into a single  control volt-
age that would then feed directly to the
VCAs  of both channels in a strapped
configuration, thereby preserving cor-
rect stereo imaging. By that I mean that
any high-level peak appearing in only
one channel will cause an equal amount
of gain reduction in both channels,
keeping the left/right balance correct.

Any two-channel processor, when
connected to a stereo signal (i.e., com-
plete mix), would process the left and
right channels independently. If a sud-
den loud signal appeared in only one
channel, such as a lead instrument that
was panned hard left or right within a
total stereo mix, only that channel’s
VCA would respond, causing the over-
all level in that channel to decrease.
That decrease in level to only one
channel will cause image shifting. All
mono information (bass drum, bass gui-
tar, etc.) would sound off-center from
the original mix.

As a two-channel compressor, I’m
sure the unit will be a wonderful addi-
tion to an effects rack. As for stereo
compressing a final mix, say from CD or
DAT to a cassette format-no way!
RON TOZIER
Newton, KS


