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Build special hearing aid, 6r amplified mobile
or base station CB mike for extra talk power
By W. H. Sandtord Jr.

»EVER wonder why television commérci»als
seem t0 be so much louder than the
average program they accompany, or why
some very low-level CB signals are more
readable than others? In both cases, you can
bet that the audio is passed through some kind

of volume compressor or peak limiter before
being applied to the modulator. In plain

terms, it is-an example of what more talk
power can do! : ‘ »
_..Here is a volume-controlled microphone-
preamp that does much of what the profes-
sional limiting circuits do—but at a much

lower cost, and it’s one you can build yourself..
Any sound loud enough to overmodulate a
transmitter automatically reduces the output
of the mike to prevent overmodulation, while -
softer sounds benefit from the normally high
mike gain and r_nodulate the transmitter with
a much higher percentage than they normally
would, Hence, you get a higher average level

-of modulation and more talk power.

But this is réally a universal circuit; instead
of using it to modulate a transmitter, replace
the level control with a high impedance ear-
phone, and presto—a hearing aid with AVC. |

(Turn-leaf) .
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@ @ AMPLIFIED MICROPHONE

If this circuit is used in a homemade hear-
ing aid as shown in the photographs, the
sensitivity (volume) control can be turned
way up to catch distant or soft sounds, but
loud or very close sounds will be lowered
to prevent eardrum overload.

How it Works. Sound waves picked up by
the crystal microphone are converted to
electrical signals and applied to the input of
the integrated circuit amplifier. Called an
operational amplifier by manufacturers and
engineers, it amplifies signals to a sufficient
power level to drive the dynamic earphone.
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Curve illustrates ideal compression action..

It can put out a sound level of such strength
to be uncomfortably loud for a person with
normal hearing. When used as a microphone
preamp, up to 2-volts are available at the
output. The gain of the amplifier (and the
resulting output level) is controlled by
the amount of signal fed back, by RS, from
the output to the inverting input of the am-
plifier. The more signal fed back, the lower
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Location of components on top of perf board.
ICY comes in three different packages. Mark
pin numbers of package you use on diagram.

cé

the amplifier gain. Assume a’case where the
volume control is adjusted for maximum
gain (R3 set for zero resistance). In the
absence of sound waves falling on the micro-
phone, QI acts as a low resistance compared
to the resistance of R2, and the gain of
the amplifier is approximately equal to the

Now in actual use, the author built this
compact hearing aid for under 20 dollars.

ratio of R2 + R5 divided by R2, about 667
times. A 3-millivolt input signal will result
in a 2-volt output signal. Converted to deci-
bels (dB}, thisis a gain of about 57dB.
Lowers Gain. When sound waves fall on
the microphone and an output signal is gen-
erated, diode D1 conducts on the negative
going portions of the output signal and
charges C4. This negative bias on the gate
of Q1 causes the resistance between the
source and drain of QI to increase. The
greater the voltage developed across C4, the
greater the increase in resistance Q1 adds

.in series with R2. This reduces the overall

gain to about 75, which means a 27-millivolt
input is required for a 2-volt output. Con-
verting again to dB gives us a gain of about

-37dB.

Thus if the FET receives a voltage on the
gate great enough to cause its drain-to-source
resistance to increase to about 12,000 ohms,
the amplifier gain is seen to be reduced by
20 dB. Tests with an audio oscillator re-
placing the microphone and an oscilloscope
observing the output waveforms have shown
that after the output signal reaches a peak
amplitude, the input signal can be increased
another 20 dB without changing the output
level. Further increases in input signal level
result in distortion of the output waveform
and this condition must be taken care of
by reducing the amplifier gain with the in-
troduction of resistance into the circuit at

ELEMENTARY ELECTRONICS
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R3 (the sensitivity control). R3 is of such a
value to permit 30dB of volume control ac-
tion.

Bounces Back. The AVC (automatic vol-
ume control), or gain reduction, has a fast
attack since the diode charges C4 rapidly.
The gain recovery takes several seconds af-
ter the sound level is reduced due to- the
discharge of C4 through R7. This is standard
practice in compressor circuits.

The standby power drawn by the ampli-
fier from the battery is very low. The re-
quired positive and negative voltages needed
to operate the integrated circuit are obtained
by the low current divider R8 and R9. These
resistors are bypassed for signals by the two
capacitors C5 and C6.

A desirable feature of the circuit is the

bootstrapping of the positive amplifier input
by returning R1 to the junction of R2 and
C1 instead of to ground. This increases the
apparent input impedance of the input and
reduces loading on the microphone.

The hearing aid is constructed in a 3% -in.
X 2¥-in. x 1%-in. bakelite case with an
aluminum panel. All the parts except the
battery and switch are mounted on a small
piece of perf board which is then fastened
to the panel. A hole is cut in the panel for
the microphone, and the switch and sensitiv-
ity contro! are mounted through one end of
the case. No provision was made to secure
the battery since, in my case, the parts place-
ment permitted wedging the battery into the
case in such a way that the rest of the
components kept it from moving about. W
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PARTS LIST FOR AMPLIFIED MICROPHONE
B1—9-volt battery, Everyready 216 or equiv. Q1—N-channel FET, 2N4416 or HEP-802
C1,C4—1uF electrolytic capacitor, 3 VDC or R1, R5—I1-megohm, % watt resistor
better R2, R4—1500-0hm, ¥ watt resistor
€2—500 pF disc capacitor, 50 VDC or better R3—25,000-0hm linear taper potentiometer
C3—20 pF disc capacitor, 50 VDC or better R6—6800-.0hm, ¥4 watt resistor
C5,C6—10uF tantalum capacitor, 6 VDC or better  R7—2.2-Megohm, % watt resistor
D1—Diode, silicon, 1N914 or HEP-156 R8, R9—68,000-ohm, % watt resistor
EP1—Earphone, dynamic, high impedance (lLa-  $1—Slide or toggle switch, SPST
fayette 40-78010)
1C1—IC amplifier, MC1709CF, G or P (Motorola) Misc.—Hardware, knobs, perforated board,
M1i1—Microphone, crystal (Lafayette 99-45103; push-in clips, wire, solder, battery connector,
Radio Shack 270-095) etc.
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Roar into it like a lion or whisper like a church mouse but the

output from this microphone will remain constant within 3db.

By JOSEPH RITCHIE

PERENNIAL bhang up when making live recordings is keeping the rec-
A ord level constant (or nearly so). You know what it's like. After setting
up to tape, say, a group discussion, you set the level on one person’s voice.
After the talking starts people speak louder; now and then they quiet down.
The result: a tape with overload distortion and passages where you can just
about (but not quite) hear what someone is saying. To solve this you must
ride gain constantly, which means full attention to the machine’s record-level
indicator and gain control,

The Compress-O-Phone makes this unnecessary. It will give you hands-oft
uniform-level tape recordings, crushing CB and ham talk power, a super-loud
PA system without feedback and hidden-mike tape recordings of top clarity.

The Compress-O-Phone is a dynamic microphone with a built-in speech
compressor the likes of which hasn’t been seen outside of a James Bond
thriller. The compressor is so effective it almost wipes out dynamic range.
Regardless of the sound level into the microphone—a soft whisper, a shout
or murmurs 20 ft. away—the microphone’s output remains constant within 3db.

Used with a ham or CB transmitter the compressor can add nominally
30db of talk power (and that’s not up ro, it is 30db). In fact, some SSB trans-
mitters designed for peak voice power may not be able to handle the sustained

constant level signal from the compressor.

When used with a PA system the tendency to break into mi-
crophonic howling is reduced some 20 to 30db, allowing that
much of an increase in volume level. The only time you |
should not use the compressor is when recording music
because it will eliminate the desirable dynamic range of
the instruments; everything will come out sounding like

a player piano—no expression. :
The heart of the compressor is the op-amp (opera-

tional amplifier) shown in the schematic in Fig. 9.
Unlike clippers, which chop down the dynamic range

by clipping waveform peaks (thereby creating dis-
tortion) or standard compressors, which go into
compression only above a reference sound
level, our compressor introduces no dis-
tortion and goes int0o maximum com-
pression at signal levels representing
a very low whisper. Regardless of
the sound level into the micro-
phone, the compressor’s output
level is essentially flat.

2

-



Compress-O-Phone

How it Werks. Integrated circuit ICl is
an op-amp whose gain is determined by the
ratio of resistance of feedback resistor R3 to
the resistance represented by FET Q1, which
is in parallel with resistor R1. Since R1’s re-

Fig. 1—At right is template for
circuit board. Cut it out and trace
outline of black creas with car-
bon paper on foil side of board.
Fine line at fop. right and bottom,
right does not have to be traced.

TO
MIC.

Fig. 2—Diagram above is an X-ray view of board
from side on which parls are installed. Designa-
tions show locatlion of parts. Note foil from pin
3 on IC1 Yo bollom edge; foil should be trimmed
slightly at edge so it won't touch mike case.

Fig. 3—Diagrams at right show top- und bottom-
view numbering of ICI's pins. Get these right
when installing the IC or it will be destroyed.
Ql’s leads are drain, source and gate. Bend leads
on C8 so it will be in from edge of mike case.

sistance is greater than QI’s static resist-
ance, Rl is effectively out of the circuit and
the gain depends on R3 and QI. At very-

low-level inputs (from the microphone) Q!

appears as a low resistance and the op-amp’s
gain is maximum. As the mike input level
increases part of the output at terminal §

BOTTOM VIEW

TOP VIEW

Q1-BOTTOM VIEW

Fig. 4—Compressor is built on a printed-circuit board which just fits in mike case. Note that the elec-
trolytic capacitor {white) in foreground is folded flat to board. Leave capacilor's leads a trifle
long so it con be folded this way. Ouiput of compressor is at left. Circuit’s input is at the right

3u
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Fig. 5—Hollow tube
sticking out of back
of front halt of mike
is air-pressure re-
Hef tube for mike
element. Tube slips
under board during
final assembly; don't
damage it. Sketch at
right shows connec-
tions to lugs in mike.

on ICI1 is rectified by DI and D2; the re-
sultant DC is applied to Q1’s gate, which
effectively increases Ql’s resistance, thereby
lowering the gain of the op-amp.

When the input increases the DC feedback
to Q1’s gate similarly increases, thereby hold-
ing the op-amp’s output at a fixed level.
Compression is lost only when the input
signal exceeds 200 mv (rms) which is con-
siderably more than the maximum output
level of a dynamic microphone, even when
you shout into it. For all practical purposes,
therefore, the op-amp’s output is constant
regardless of the sound level into the micro-
phone, until the input signal becomes so weak
it is unusable anyway.

Normally, when heavy compression is em-
ployed, the higher voice frequencies repre-
senting sibilant sounds are highly articulated
because they are amplified with respect to
the more powerful lower voice frequencies.
Part of this excess sibilant articulation is at-
tenuated by C4 and C8, which provide a
slight high frequency roll-off.

The compressor is built on a printed, cir-
cuit board that fits in the case of an Allied
Radio Model 3311 dynamic microphone,
making the entire unit self-contained except
for the battery box which is located at the
tape recorder, transmitter or amplifier. The
circuit is specifically designed for the Allied
mike and may not work with other dynamic
mikes with which we haven’t tried it.

Since the gain of IC1 is extremely high the
circuit must be assembled as shown using
the exact parts specified in the Parts List.
Any departure from layout or component
type can cause complete instability and the
chance of destroying IC1. As long as the unit
is assembled on the board shown in Figs. 1
& 4 it will fit in the mike case or in a box
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at the end of a mike cable no longer than
20 ft. If the circuit breaks into oscillation
when mounted at the end of the cable,
shorten the cable until oscillation stops. We
suggest the microphone installation shown.

Construction. First, disassemble the mi-
crophone. At about in the center of the case
there’s a metal band secured by a single
screw. Remove the screw and the band and
you'll see three screws that hold together the
front and back halves of the case. Remove
the three screws and gently pry the halves
apart. As the sections separate you will see
two wires connected to Iugs on the back of
the front section. Note which wire connects
to which lug and unsolder them. Separate
the halves. You will see a long length of
sleeving (spaghetti) attached to the back of
the front section. Be very careful because
this is the mike element’s air-pressure relief
tube and must not be damaged. Set the front
section aside and remove the switch and the
connector at the back of the rear section.

Cut a section of copper-clad circuit board
2% in. long which measures 27/32 in. wide
at the front and % in. at the rear as in Fig.
1. The front of the board will be near the
front section of the mike when the wnit is
completed.

Slide the board into the rear section; it
should go in easily and sit slightly below the
diameter of the case from front to back. If
the back or front lies on the diameter of the
case, file the edges of the board so that it
fits correctly. Insert a ¥2-in. rubber grommet
in the rear of the case where the jack used
to be and set the case aside.

Making the Board. Remove any protective
plastic cover which may be on the board and
scrub the copper foil with a cleanser such as
Ajax; wash thoroughly and dry. Place a piece
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Compress-O-Phone

of carbon paper face down on the foil and
tape the template in Fig. 1 on top of the car-
bon paper. Using an ice pick or pointed tool,
indent the copper foil at the drilling points
(small holes) by pushing the tool through the
template and carbon paper. Using a fine-tip
ball-point pen. carefully trace the template
outline. And make certain you trace the ar-
rowhead which is opposite pin 1 on IC1. Re-
move the template and carbon and using a
Kepro RMP-700 resist pen (Allied 47 C
1102) fill in the outline traced on the foil.
Be very careful the foil outlines don't touch.
It is better to make the resist fill-in lines
thinner rather than thicker. Don’t worry
about the drilling circles: pass the pen di-
rectly over the indents in the foil. When the
excess copper is etched away the indents will
indicate the drilling location.

Don't forget to place a drop of resist on
the arrowhead pointing to pin 1 on ICI. Also
put a dot of resist for the pin 7 lead in IC1.
While pin 7 isn’t used you will have to have
a hole for the lead. Make certain the resist
line from pin 3 doesn't touch the edge of the
board. because if it does it will short to the
mike case.

Allow about 15 minutes for the resist to

Fig. 6—Power box conlains two balteries, on-
off switch, input connector and output cable.
Secure the batteries with clamps or wire loops.

dry and then immerse the board in at least
V4 in. of etchant solution. After about 20
minutes of agitation inspect the board to see
if all the excess copper is dissolved. If any
trace of unwanted copper remains, immerse
the board again until all areas not covered
with resist are free of copper. Thoroughly
rinse the board and remove the resist with
steel wool or resist solvent.

Inspect the board carefully to make certain
no foil areas are touching. Also, check that
there is at least 1/32-in. between the foil
going to pin 3 and the edge of the board. If
foils touch, or there is no clearance trim away
some of the excess with a very sharp utility

4 >

g

1>
SO

Fig. 7—Schematic above is of power supply. Cir-
cuil supplies posilive, negative DC to compressor.

Fig. 8—Pictorial, left, shows paris layout in our
power box. Walch polarity connections of C10,C11.

Electronics Illustrated
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Fig. 9—Compressor
schematic. Gain of op-
amp (IC1) is determined
by ratio of resistance
of R3 to the resistance
represented by Ql in
parallel with R1, At low
PLI input levels to op-amp,

knife or an X-acto knife.

Drill the board with a No. 57 (0.043 in.)
drill at the indents in the foil. With the parts
in position it is more than likely that attempt-
ing to solder with a standard-size iron tip
will result in shorts. The board must be sol-
dered with a fine-point soldering tip. We sug-
gest the Ungar 4037 heating element with a
PL-111 pencil tip.

Except for R5 all resistors are mounted
on end as shown in the photo in Fig. 4. All
components must be inside the edge of the
board or the board won't fit into the mike
case. Except where shown, all parts must be
flush with the board. Solder capacitor Cl
in place with Y4-in. leads between its body
and the board so that it can be folded flat
against the board. Capacitor C9 should have
about 1/32 in. of lead between its body and
board so it can be tilted inward to allow
clearance in the case.

Form the leads of capacitor C8 with a
Is-in. jog as shown in Fig. 3 so C8 will be
inside the edge of the board. The right side
of C8 (Fig. 3) faces the edge of the board.

Install transistor Q1 with at least Y4 in.
leads between it and the board. Integrated
circuit IC1 is the last component to be in-
stalled and should have at least Ys-in. clear-
ance between its bottom and the board.

When installing IC1 make certain pin 1,
which is opposite the tab on the case, is op-
posite the arrowhead on the foil. You don't
get a second chance; if power is applied with
IC1 incorrectly installed, it's bye-bye ICI,

Connect about 20 ft. of 3-conductor/

- single-shielded cable (Belden 8734 or equiv.)
to the board. Connect the shielded hot wire
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_glPIN4) S Ql represents low ro-

(PINS 8,6) T sistance and op-amp’s
+E e — gain I8 maximum. As
+K B | Bl input signal increases,
Clz = - part of output at pin 5

is rectified by D1,D2
and DC is applied to
Ql's gate, increasing
Ql's resistance. This
lowers gain of op-amp.

to the connection from C10. Connect the
shield to the foil ground, the red wire to the
+E foil and the black wire to the —E foil.
Solder the original microphone wires to
the board’s input terminals. Slip the free end
of the 20-ft. cable through the microphone
case and slide the board into the case. Then
slide the front of the microphone with the
relief tube under the board toward the rear
of the case. Connect wires to their matching
front-half terminals and reassemble the case.
[Continued on page 112]

PARTS LIST

B1,B2—12.6 V mercury battery (Mallory
TR-289 or equiv.)

C1—10 uf, 6-V electrolytic capacitor, single-
ended leads (Lafayette 89 T 6073)

C2,6—.22 uf, 25-V capacitor (Sprague
5C224, Allied 43 C 6698)

C3,C7—.1 pf, 3-V capacitor (Sprague HY-120,
Allied 43 C 6671)

C4,C8-—50 puf, 500-V disc capacitor

C5—.002 uf, 500-V disc capacitor

C9-—.05 uf, 500-V disc capacitor

C10,C11—100 xf, 15-V electrolytic capacitor

C12—2 uf, 6-V electrolytic capacitor

D1,D2—I1IN60 germanium diode

IC1—MC1433G integrated circuit (Motorola,
Allied 50 F 26 MC1433G-MOT. $8.25.
Not listed in catalog)

PL1—Four-contact male cable plug (Ampheno!
91-MPM4L, Allied 47 C 0326 or equiv.)

PL2—Phone plug

Q1—2N3820 field-effect transistor (Texas
Instruments)

Resistors: 4, watt, 10%,

R1—100,000 ohms

R2—4,700 ohms

R3—1 megohm

R4—100 ohms R5—47,000 ohms

S1—DPST toggle or slide switch

SOl-~Four-contact female chassis connector
(Amphenol 78-PCG4, Altied 47 C 0331)

Misc.—Microphone (Allied Model 3311, Stock
No. 12 C 7156), 5% x 3 x 2Y-in. Minibox
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Compress-O-Phone

Continued from page 33

After the mike is checked, pack the rubber
grommet at back of handle with silicon ad-
hesive to secure the cable. Instali PL1.

The battery power supply is assembled in
a 5% x 3 x 2Ws-in. Minibox; the layout
isn't critical. Just make certain the polarity
of C10 and Cl1 is correct and be sure of
the connections to SO1. Plug PL2 is con-
nected to a length of shielded cable—any
length necessary.

Using the Compressor. The Compress-O-
Phone can be connected to any input with
an impedance of 10,000 ohms or higher.
While it can be used with input impedance
of less than 10,000 ohms (down to 2,000),
the distortion increases sharply below 10,000
ohms. The compressor’s output level is ap-
proximately ! V (rms). This is just about
right for a high-level (tuner or auxiliary) in-
put, and we suggest using a high-level input
rather than a mike input to avoid overload.

Turn on power with Si, speak into the
mike and adjust the recorder’s or amplifier’s
volume control for normal meter indication
or sound level. That’s the whole bit. As you
record you will note that the level meter al-
ways peaks at the same spot. With transmit-
ters, adjust the modulation level control for
100 per cent (actually 85 per cent is correct)
modulation—it will be 100 per cent con-
stantly. With PA amplifiers, adjust the level
control until the system starts to howl, then
back off slightly on the gain for maximum
volume level at the verge of howling. Or,
simply adjust the volume control for the de-
sired volume level. Even if the speaker turns
his head while talking the sound level will
remain constant, —§-

New Fun From Olden, Golden Radios

Continued from page 59

An Investment? While we recommend this
hobby primarily for your personal enjoy-
ment. it can also be an investment, Many
newer collectors who are anxious to obtain
early models of certain makes are now paying
five to ten times what the original collector
paid, and a few models are almost unobtaina-
ble unless a collector passes on and his estate
is liquidated by the executor, or he retires
to a smaller home and disposes of his collec-
tion piecemeal or as a job lot._.@_

Electronics Illustrated



Speech
compressor/limiter

This simple compressor/limiter, which

. was developed for p.a. applications, uses
the voltage-controlied attenuator
designed by D. Self, Wireless World,
December 1975. Resistor R sets the
threshold voltage and the compression
law. The output signal from the atten-
uator is made as large as possible by the
inverting CA3130 before being applied
to the rectifier and low-pass filter. This
minimizes the effects of diode
non-linearities and capacitor leakage.
The low-pass filter is necessary to
obtain :a fast attack time of around
500us and long decay time of about 1
min.

The circuit was used successfully
with a microphone in a p.a. system with
no noticeable distortion. Bandwidth of
the circuit is 15Hz to 25kHz.

M. B. Taylor,
Kingston-upon-Hull.

CA3130
+

470p

10k

10k

opt
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" ETI Project

Audio Compressor

-~ Audio Compressor

Increase your talk power with this circuit.

THE HUMAN VOICE, being expressive
at its best, varies considerably in level,
even when one is speaking in a normal
conversational voice. The peaks are
considerably higher than the lower levels,
which can give rise to problems when
the speech waveform is being modulated
onto a carrier by a transmitter. For
example, if the mic gain control is set so
that the peaks are just giving 100% mod-
ulation, then soft sounds can barely be
heard whereas if the gain is turned up to
give a higher level on vowel sounds, etc.,
then plosives (p-sounds) will give over-
modulation and consequent splattering
and poor speech quality.

A higher ratio of average power to
peak voltage can be achieved by several
methods, including compression or
clipping of the audio signal and
compression or clipping of the radio
frequency signal. Radio frequency com-
pression or ALC {automatic level
control) is often used in the final stages
of SSB transmitters.

Radio frequency clipping is the most
effective method of increasing the
average power; however it requires
complex circuitry, since it is necessary
to generate an SSB signal, clip, and then
insert this signal into the transmitter
IF chain.

Almost as effective as RF clipping
is a combination of audio compression,
clipping and filtering, which is relatively
simple and can realise an improvement
in signal to noise ratio of up to 5dB
on weak signals.

COMPRESSION

When speaking into a microphone it is
desirable to keep the voice level as
constant as possible. This can be

quite difficult as any change in the
distance to the microphone will cause a

ETI CANADA—APRIL 1979

drastic change in its output. To over-
come this a variable gain amplifier

can be used which senses the average
speech level and adjusts its gain
accordingly for a constant output
voltage. The compressor operates with a
fast attack (gain reduction}) and a slow
decay (gain increase), to quickly
respond to the voice while remaining at
this level to prevent amplification of
background noise during speech pauses.

CLIPPING

The average power contained in a

speech waveform is quite low compared
to the peak voltage, and much less than
the average power of a sine wave of the
same amplitude. If the low energy high
voltage peaks are cut off at a preset level
the remaining signal can be increased
without overdriving the transmitter.
The average power is therefore increased.
Clipping will slightly change the sound |
of the voice but will increase the
intelligibility of a weak signal, as well as
preventing the transmitter from being
overdriven by limiting the maximum
signal voltage.
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ETlI Project Audio Compressor

COMPRESSION

GROUND
RFC1

INPUT

SOCKET OUTPUT

TO TRANSMITTER

> OUTPUT LEVEL

Fig. 2. Component overlay of the Audio Processor. Note the RF choke
and capacitor mounted between the PCB and jnput socket.

- PARTS LIST

RESISTORS all sW, 5%

RY ..... 10k R12. .. .. 10k Two source are available for the pcb for
R2 ..... 1™ R13..... 1k this project: B8 & R Electronics, P.O. Box
R3 ..... 1k R14, .. .. 270k 632F, Hamilton, O.nt. L9C 6L9. Also
R4,5....100k R15. . . . .1k Spec_trum Electronics, 38 Audubon St. S.
R6 .. ... 68k  R16,17 .. 100k Hamilton Ont L.8J 1J7.
R7 ..... 47k R18. .. .. ™
R8 ..... Tk R19, 20 18k
R9, 10 10k R21. .. .. 1k
R11. .. .. 1k
POTENTIOMETERS
RV1 ... .47k lin mini trimpot
RV2 ... .1TMlin mini trimpot
RV3 . ... 1008 lin mini trimpot
CAPACITORS
Cl...... 1u 16 V electro
C2,3....100n
c4. ., .... 33u 16 V electro
C5. ..... 100n :
Cc6, ..... Tu 16 V electro
cC7...... 10u 16 Vv eiectro
C8,9....100n
C10—C12 . 1u 16 V electro
Ci3..... in
c14. . ... 3.3n
C15. . ... 4u7 16 V electro
cCis. .. .. in

Q1 .. ... MPS6515

Q2 ..... 2N5485 FET

1IcCT. .. .. LM324

D1-D6. . . 1N914 or sim

LED1. .. .Red LED
MISCELLANEOUS

RFC1. . . .1mH or higher Radio

Frequency Choke
SW1. . ... SPST miniature toggle

Metal box to suit, 9V battery and holder,
microphone plug and socket to suit,
length multi wire shielded cable,

44 ETI CANADA—-APRIL 1979



-

rassor/ limites -

n' attenuator Enmrooratmg second

LT RTINS

.. 10NIC Cancetiation circuitry -

by D. R. G. Self, B.A.
University of Sussex

Cowf 182212

Cawel lgtiom Civen T+Y7’

Compression and limiting play an
increasingly important role in the re-
sources of a modern sound studio. The
conventional function of signal level
control is to avoid overload, but it can
be used in the realm of special effects.
To date, however, relatively few designs
for high-fidelity compressor/limiters
have been published.

The main design problem is the vol-
tage-controlled attenuator, v.c.a.,
which increases attentuation of the
input signal in response to a voltage
from a control loop as shown in Fig. 1. In
limiting,.this circuit block continuously

- monitors the peak output level from the

v.c.a. and acts to maintain an almost
constant level if it exceeds a threshold
value, or, in compression, allows it to
increase more slowly than the v.c.a.
input signal. This is illustrated in Fig. 2.,
which shows the input-amplitude/out-
put-amplitude characteristic for both
compression and limiting. Note that
limiting makes ‘use of a much tighter
slope to ensure that the output voltage
cannot exceed the chosen limit, and
that the threshold (point of onset of
attenuation) takes place at a higher
level than for compression.

Traditionally, studio-quality com-
pressor/limiters (as the two functions
are so similar it is logical to produce a
system that can be used for either com-
pression or limiting) used one of two
types of v.c.a. Either the audio signal
was chopped at an ultrasonic frequency
by a variable mark/space square wave
-~ which requires complex circuitry and
careful filtering of the audio output to.
avoid beats with tape-recorder bias
frequencies — or it was attenuated by an
electronic potential divider, one arm of
which was a photoresistor, the control
signal being applied via a small filament
bulb. The last-mentioned has disadvan-
tages because.photoresistors are
non-linear devices, therefore noticeable
distortion is introduced into the audio

signal, and the thermal inertia of the
builb filament limits - the speed” of

attenuation onset.

Most moden compression systems
use field-effect transistor operated
below pinch-off as a voltage-variable

resistance in a potential divider. This

with Havmpn Tt

output
v.c.a —
\ Y
i e Tl
I time tull wave -sensipg %
] constant rectifier amplitier ‘
| ; : |
e BE )

Fig. 1. Voltage-¢controlled attenuator
W!th dc. contrd loop.

limiting (A)

OUTPUT AMPLITUDE

INPUT AMPLITUDE

Fig. 2. Amplitude characteristics for
compression and limiting—the _
last-mentioned uses an almost zero
slope to prevent the output
exceeding a preset level.

input

controt
voltage

k1g. 3. Basic v.c.a. circuit providing
up to 45dB of attenuation. This
configuration introduces
second-harmonic distortion which is
greatest at 6dB of attenuation.

techniqu-e‘has many advantages; it is 8-
simple, cheap, and fast-acting configu-

_ration that can provide an attepuation
-variable between 0 and 45dB. The only

problem is that an f.e.t. is a squareslaw -
device, and tends to generate a level of
second-harmonic distortion that
increases rapidly with signal amplitude.
A typical arrangement is shown in Fig. 3

. = Ry Ryand C, allow the source of the '

fet to be set at a d.c. level above .

ground, so that a control-voltage that
moves positive with respect to ground
can be used, to avoid level-smftmg pro-

_blems in the control loop. This d.c. leval.
is isolated from the input at out«put hy~
Cl s

The distortion introduced by thxs cir-
cuit is at its worst for the 6dB attenua-
tion conditien, because at this point the

-drain-source resistance equals R,, and

the maximum power level exists in the
f.e.t. Table 1 shows the level of se-
cond-harmonic distertion introdueed
into a sine-wave signal of 108mV r.m.s.
amplitude, under the 6dB attenuation
condition, for three different f.e.t. types.
Measurements were made with a Mar-
coni TF2330 wave analyser, higher-
orders of harmonic distortion provedfo

be negligible amplitude in all cases.
These measurements were made opone .
sample of each type of f.et. and, be-
cause product:on spreads are large, the

. results should be treated with some

caution, However, it is clear that these
levels of digomon are unacceptahle for
high-quality applications.
Fortunately, a technique®. extsu (or
reducing f.e.t. distortion to manageable
levels, if the control-voltage is applied
to the fet. gate and summed with a .
signal consisting of one-half the voltage,
from drain to source, then the distortion
level is dramatically lowered. The. con-
figuration in Fig. 4 shows a simple way
of realising this; the signal fraction fed
back is not critical and 10% resistors-can
be uged for R, and R, Surprisingly, this
distortion cancellation ptocedure leaves’
the attenuation/control-voltage cha-
racteristic almost unchanged. Table 1
shows the new maximum distortion
values for,100mV r.m.s. input. (Note
that the maximum no longer occurs at
6dB attentuation, but at .a point that



' vanebwnh the fet:

<3

588

tion'is least effebt

perior, the 2N5459 was used in the final
version of the v.c.a. :

To' det.ermme appropriate slgnal le-
?eh in the v.ca., measurements were

-made of maximum distortian generated,

ie the v.c.a. was set to 2dB attenuation,

agamst r.m.s. input voltage; results are.

shown in' Table 2. The question now
arises as to whether this distortion per-

formance is adequate for a high-quality
compressor/limiter. There is no general
agreement as to the amount of second

darmonic distortion that can be intro-

duced into-a program signal before it "
becorhes aurally detéctable, but 0.1% is’
" 'afigure that is quowd ‘Fhis means that - - °
the permijssible ingut voltage to the

v.c.a. would Be. restricted to below

100tV dans. 1 Practice, however, the

g -dttenuation level will be constantly

gini. and because distortion level

peala fajrly sharply with: attenuation
chiingte, this level of distortion will only

" be preseht ‘for a very small percentage

9{ the tiie. In dny case, ‘se¢ond harmo-

power amplifiers and headphones were
used for monitoring). '

1" The control.loop consists of an am-
v phﬁer which senses the ¥.c.a:output =
 juvel. A;full-wave rectifioatipn system
. 4s normal practice because program
" ‘waveforms have positive and negative

peaks titat can vary by as.much as 8dB,

" and an 8dB uncertainty in the output
- fevel is -usually unacceptable. A time-

constant arrangement is used with

the rectification circuit to control the’

attack and decay rates.
" Fhe output sensing amplifier in the

s iysﬁm {s a non-inverting op-amp which

. allows a high-input impedance because
the outpyt impedance of the vica.stage

- peches a maximum-of ahout 30k at

2ero attemiation. The full-wave e rectifi-

- ‘estion system ‘consists of a transistor
: ‘phese-splitter driving two- op:amp pre-

‘dision-rectifier stages in antiphase. The

principle of a precision rectifieris illus- -

‘trated in Fig. 5. The réctifying element is
placed in the feedback loop of an
bp-amp, 80 that the effect of the forward
voltage drop on the output voltage is
divided by the open-loop gain. During

" -pasitive half-cycles, if the input voltage

exceeds the d.c. level stored on the

" capacitor C, the op-amp output swings
- positive and C is charged through diode

D-until its stored voltage is équal to the
input voltage. Thus C takes up a voltage

. mcross it equal to that of the positive

‘peak of the input signal. During nega-
tive half-cycles, and while the input is
lessthanthe voltage on C during positive
‘half-cycles, the op-amp saturates nega-

- tively and ‘D rémains ﬁrmly reverse-

‘Bigged. - Obviously ‘this. is only a

;mlf-wav? rectification circuit, the -

#i:where can- -
;:" Fl’om these.
" fesults the ZN5457 and 2N5459 are su-

'T&h 1. Second—harmomc distortion level
“introduced into 8 sine-wave of 100mv r.m.s.

. Devies 2N3879 INB4ET7 2N5450
2 nd harmonie. - PR ) )
at—8dB S 13%  10%  B.9%
2nd harmonic L N
with cancellation’ 0.39% 0.12% 0.12%

mmsmmlmm’ 248 -10dB-  2dB

‘Table 2. Maximum distortion generated by
~various input voltages at 2dB attenuation. g

" “hic distortion alone has a relatively low -
o "objectiormbxhty factor”. Thé proof of
" ‘the pudding is in listening to the tom-
pressor output signal; inputs of music .
¢ ‘around 200mV r.m.s. produiced no trace
"ot gudible distortion. (Geod class A .

s {8 in the feedback loop of an op-amp.

Input 2nd harmonic
{mV, r.m.s.) {%)
20 . 0.006
- -850 0.10
S100 0.12
200 i - 0.19
D800 0.34
1,000 ; 0.58

]

"‘I‘wlo 3. Prototype cahbranon dm and

[compression ratios

' VC;  Threshold Comguulon

. V) (mv, pk) ratio
©28 . 10 23
356" 20 5.1
$0 .. 50 . 10
8.7 . 100 ’ 20
85 200 35

88 . 500 .. 50

C3 . 4!——-'-!°)outpvu!

‘control
voltage

Fig. 4. Standard circuit techruque
for reducing fee.t. distortion by
‘summing half of the drain/source.
voltage with the control voltage.

D
Prvadmmsmmmane() OULPUT

Fig. 5. Basic.precision rectifier
circuit where the rectifying element

Wireless World, December 1975

‘full-wave version uses two of these

driven in antiphase, and charging a
common capaciter. A resistance
through which the charging currents
flow determines the attack time, and

‘another in parallel with C defines the

decay time-constant.
The complete circuit is shown in Fig.
6. The v.c.a. is essentially as described

~ above and the attenuation threshold is

set by the variable resistance R, As the
resistance is increased the level of con-
trol voltage required for attenuation to
begin is reduced, and the system’s
input/output characteristic moves
smoothly from A to B on Fig. 2. The
threshold decreases and the compres-
gion slope becomes less flat as the sy-
stem turns slowly from a limiter into a

- compressor by the manipulation'of a

single control. The output sensing am-
plifer consists of IC, and has a gain of 19
over the audio band. This is rolied off to

_ unity at d.c. by C,. Transistor Tr; and its

associated components form a conven-
tional phase-splitter driving 1C,and IC,.
the precision rectifiers. The rectifier
circuitry is more complex than implied
above, three modifications have been
made improve the performance.
Firstly, IC, and IC, charge C,
via ~ current amplifier stages
Trs and Tr, otherwise the current-limi-
ted 741 outputs would be unable to
provide enough current for the faster
attack times (less than 1mS). Secondly,

. the feedback loep from C, to the inver-

ting unputs of IC, and IC; is completed
via a f.e.t. source-follower. Withgut:this,
C, would be ioaded by the tiwo 741
inputs, and this would severely timit the

- haximum decay times available. Incor-

‘porating the source-follower allows
decay times of several minutes by using
large resistance values for Ry. The
conventional source-follower has a
large negative offset voitage and is
unusable in this application because due
to their rectifying action IC,and IC; are

.+ ‘unable to provide a voltage on Cgythat is

negative of ground. This would be re-
quired to allow the source-follower
output to be at ground when- there is no
input to the rectifers. However, if a
modified source-follower is used, with a

_constant-current source and resistance
. combination in the source circuit, the
i offset voltage can be varied on either

side of zero by manipulation of R,,
which varies the driving current. The

-offset voltage is arranged to be plus

0.3V, to allow a large safety margin for
thermal variations, component ageing,
etc. This means that under no-signal
conditions C, takes up a standing
quiescent voltage of plus 0.3V. The
effect of this is taken up m the calibra-
tion of R,

The third modification is the addition

of R,,, D; and Ry, D, These two.net-

works prevent 1C, and IC, from satura-
ting negatively, during negative
half-cycles of their input voltage, by
allowing local negative feedback
through D, and D, This limits the ne-
gative excursion of the 1C outputs to
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about two Volts, The prevention of
saturation is necessary because the
recovery time of the 741s causes the
frequency response of the precision
rectifier circuit. to drop off at about
1kHz. The addition of the anti-satura-
tion networks provides a frequency
response that starts to fall off signifi-
cantly above about 12kHz which is
ample for our purposes:-as program
signals have very little energy content
above this frequency. o

The final part of"the circuit defines
the attenuation time constants. Resistor

Rgsets the attack time constant and R, .

the decay time constant; these can
range between zero and 1MQ(220us and
10s) for Ry, and 1k() and infinity (10ms
and 20min) for Ry, They-can be either
switched or variable resistances, de-
pending on the ragge of .variation re-
quired.

The circuit in Fig. 6. shows the com-
pressor output being taken directly
from thev.c.a. This is only suitable if the
minimum load to the output is greater

Fig. 6. Complete circuit where the
output is taken directly from the
v.c.a,—this may be buffered for _
loads greater than 100k}, '
A
than 100k(), otherwise the v.c.a. atte-
-nuation characteristic will be distorted
by excessive loading. If lower resistance’
loads are to be driven a buffer amplifier
stage must be interposed. The IC, am-
plifier stage is suitable for most appli-
cations, and its gain is (R,+ Rg)/Rg For
the unity gain case Ry & Cs can be
eliminated and R, replaced by a direct
connexion.

The compressor should be driven
from a reasonably low impedance out-
put (less than 5kQ)). '

Construction is straightforward; the
layout is not critical and the prototype
was assembled on 0.lin matrix Vero-
board. To set up the circuit R, is adju-
sted so that the voltage across C, is
about plus 0.3V wnth no signal input. -

The value required will vary due to
production spreads in the f.e.t.s. To
calibrate R, it is necessary to relate the
level of input signal at which attenua-
tion commences, with the voltage
across Cy This can be done with an_
oscilloscepe, or preferably-an a.f. mili-
voltmeter, As a gulde ‘the calibration
data for the prototype is shown in Table
3, along with the values of the eom-
pression ratio (number of dBs the input
must increase by to increase the output
by 1dB). This data'must be regarded.as
only a guide. It is worth noting that as
the contfolling factor setting the com-
pression/limiting function is thé" vol-
age acres C; R, could be replaced by a
1k(} resistor connsected to a remote“
voltage source.

The compressor/mmter is quite
streightforward in use, provided a few
points are kept in mind. Firstly, if it is
being used in the limiting mode to pre- -
vent overload of a subsequent device,
the fastest possible attack time shouild
be used, to catch fast transients, and a




decay time (say 100ms; R,, = lOkﬂ);

Jlow the system to recovér rapidly

en the transient has passed. Second- |
if a-noisy programme signal is being
npressed a long decay time should be

1ployed,. otherwise the noisy back- -

ound will be faded up during quiet

1ssages, and the familiar compressor

oreathing noises” will be: heard. Fin-

lly, signals with a large v.Lf. content
hould be avoided or filtered, otherwise
1.1£. modulation of the signal will result
if a fast decay time is in use.

If a stereo compressor/limiter is
constructed from two of the systems
described above- it is necessary to gang
‘together R, Ry and Ry between the:

two channels.” A disect conne¥jon bet-

ween the non-grounded sidés of the twa ..
Cs is also needed. It might be necessary

to select matched f.e.ts to avoid stereo

- image shift during compression, due t©
“differing attenuation characteristics in
the two v.c.as. A well-smoothed p.s.u.

providing +15V should be used to -

power the compressor/hmlter. ‘

. Oomyomtl list

lcp v3 7‘1 e .

2oe H:lMLor equivalent
O 2NBAS8
S | JO 2N3819
" Dparsg 1544 or low-leakage eqmvalent
39k
1

Ry - . - 25kvariable, with 1k in

’ .- series

R, S22k
Rey & IM o :

R, < 210k R

R, - 18k , C

R, k- ‘

R, 120k o
Ry . 82k All resistors
Ry 22k (except Ry UW

Rauw 200k R i

Rip s 18k

Rip » 3.3k

Ryn 10k

Ry - 3k .

‘Re | . 120k

Reon see text
Ry 100k

C, " - 10uF 25V electrolytic

C, 100uF 25V electrolytic

C, - 100nF 250V polyester

C, 220nF 250V polyester

Cs 50pF 40V electrolytic

Ce 4.7pF 40V electrolytic

Chs 100nF 250V polyester

Gy 10pF 18V tantalum bead
Printed eircuiit boards

Wireless World has arranged a supply of
stereo glass fibre p.c.bs. One off price is £3
inclusive; make cheques or postal orders
payable to M. R. Sagin, 11 Villiers Road,
Landon NW2.

“Electronic circuit calcula-
tions simpli

We apologize that once again it has been
necessary to postpone publication of Part 6 of
this serles, on'LC circuits. The seventh, and
" final, part will be on active devices,

A British Standard, BS E 9111, on the quality
assessment of jow-power, fixed-value, non-
wirewound resistors has recently been published,
being the English text of a European Standard
CEEC 40 100, with additions. Copies are availajple
from BSI Sales Department, 101 Pentonville Road,
London N1 9ND at £2.70.

Television distribution equipment from Wolsey is
briefly described in their new short-form catalogue,
available from Wolsey Electronics, Cymmer Road,
Porth, Mid Glamorgan...........,...... WwW401

+ Fult deacriptions of a range of anslogue and digital

thérmometers, recorders and associated equip-
ment, thermocoupies and application information
are given in a new catalogue from :‘&gmark
Electronics Ltd. Brookside Avenue, Rustington,
Sussex BNIB3LF.................. e WW402

Moore Reed have sent two new leaflets, which give
technical data and general descriptions: of the
company's ranges of stepping motors and rotary
contact encoders. The leaflets contain useful
descriptions of general interest on each of the

. clagses of device, Moore Reed & Company Ltd,

Walworth, Andover, Hants SP10 5AB. . ... WwW404

The Annual Report at_\d Accounts of the Indepen-
dent Broadcasting Authority are now published,

‘glving details on the financial position, technical

developments, programmes and programming,
advertising and engineering information. The
Report is obtainable from H.M. Siationery Office or
booksellers at £1.00.

General transducer techniques are described and
specific information is given relating to a range of
transducers for the measurement of pressure,
displacement, acceleration and force in a new

" brochure from Sales Department, S.E. Labs (EMI)
Ltd, Feltham, Middx. Thek:blication is entitled “A

guide to your transducer requirements” .. WW405

We have received a copy of the new catalogue of
gears from Davall, which, in addition to data on a

. vast range of gear products, containg a technical

section providing tabular information, conversions,
‘glossary and bibliography. Davall Gear Company
Ltd, Weltham Green, Hatfield, Herts AL9

B 2 | - S A WW406

. Hewlett-Packard have prepared an eight-page

guide to their range of optoelectronic devices,
including red, green and yellow le.ds, alphanu-
meric displays and 'opto-couplers. P.i.n. diodes are
also included. The brochure is obtainabie from GDS
Sales Ltd, Michaelmas House, Salt Hill, Bath Road,
Slough,Bucks ......................... Ww407

v Self-balancing chart recorders which use fan-fold

chart paper and feature *1% accuracy, the SM
range from Channel Electronics can provide up to
six-point dotting with colour and a wide range of
speeds. Channel Electronics (Sussex) Ltd, Cradie
Hill Industrial Estate, Seaford, Sussex BN25
BE ww408

A brochure on the E.E.V. range of travelling-wave
tubes is now available, which gives descriptions of
t.w.ts for high-capacity microwave links, including
10W and 20W types working at 4, 6, 8 and 11GHuz.
E.E.V,, Chelmsford, Essex CM12QU...... WW409

A book on the design and use of heat pipes has been
produced by Solek. Costing £17.50, the publication
includes ‘information on the theory and design of
heat pipes, testing, wick materials and applications
in 300 pages.. The price includes one 12in, %in
diameter heat pipe with its data sheet. Solek L.td, 16
Hollybush Lane, Sevenonks, Kent........ Wwdlu

Wireless World, December 1975

Unitrode have published a 32-page semiconductor
selection guide which presents information, in
tabular form, on rectifying devices, transistors,
diodes and i.cs. There is also a section on reliability,
a list’ of application notes and mechanical details.
Walmore Electronics Ltd, 11-15 Betterton Street,
Drury Lane, London WC29BS......... .. WW4ll.

We have received a copy of Pye Ether's new
brochure on their range of transducers for
industrial measurement. Descriptions are offered of .
devices for the electrical measurement of displace-
ment, pressure, force, acceleration, vibration,
speed, torque and temperature, and associated
signal-conditioning, display and recording equip-
ment is illustrated. Pye Ether Ltd, Caxton Way,
Stevenage, Herts....................... WWwW412

Highland Electromcs have sent us a leaflet on an
over-voltage trip circuit breaker, designed to
operate within 2% of the setting in four ranges
centred on 25V d.c., 50V d.c,, 118V a.c. and 242V a.c.
Contact rating of load-switching controls is 30A at
250V u.c. Highland Electronics Ltd., 33.41 Dalling-
ton Street, London EC1IVOBD ........... WWwW413

A booklet from Fairhurst Instruments forms an
introduction to a logic tutor and Karnaugh mapper,
describing the construction and use of the
equipment. It is available, on payment of 15p for
postage and packing, from Fairhurst at Dean
Court, Woodford Road, Wilmsiow,

Cheshire ..ol . WW4L4

A booklet from Marconi presents specifications and
applications information on two precision signal
sources, employing signal generators and associat-
ed digital synchronizers, with which frequencies
locked in 10Hz steps to 88MHz and 100MHz steps
up to 520MHz can be generated at crystal stabilities.

Marconi instruments Ltd, St. Albans, Herts AL4

OIN....o Ww415

Speed detection
alternative

An alternative method of speed detec-
tion on the roads has been proposed,
based on the Doppler effect in vehicular
noise. * The method correlates the noise
frequency spectrum. as the vehicle
approaches an observer with the spec-
trum as it moves away. The results of
empirical investigation demonstrate

‘that the Doppler shift can be extracted

from a motor vehicle's noise and related
to the vehicle’s speed. Although sources
of inaccuracy are significant at lower
speeds, a resolution of +5% was easily
achieved at 60 m.p.h. Such a technique
might be found useful in large scale
traffic speed and density monitoring
systems and may prove to be practical
with the use of dedicated mini- or
micro-processors. A single computation
centre could simultaneously serve a
large number of inexpensive micro-
phone sensors. There is considerable
interest in computer controlled traffic
systems, and it's possible that the
acoustic speed measuring technique
could become economically competitive
with the widely used radar method.

~Jakus, K. & Coe, D. S. "Speed Measurement Through
Analysin of the Doppler Fffoct in Vehicular Noiw,” [EEE
Trans, on Vehioular Technalugy, Veol. VT-24, Aug. 1875,
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R1 A"A%
100k R4
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R2
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O ANAA-
R3
INPUT 100k
1
INPUT
2
INPUT
3
i l

Fig. 14 Unity-gain inverting d.c. adder, or ‘audio mixer".

FIG. 15 shows how two unity-gain inverting d.c.
amplifiers can be wired in series to make a precision
unity-gain balanced d.c. phase-splitter- The output of
the first amplifier is an inverted version of the input
signal, and the output of the second amplifier is a
non-inverted version.

ouTPUT
1

[INVERTED!
1

ouTPUT ’
H

(NON i

INVERTED) |

H

|

w1

Fig.15 Unity-gain balanced d.c. phase-splitter.

FIG. 16 shows how a 741 can be used as a
unity-gain differential d.c. amplifier. The output of this
circuit is equal to the difference between the two input
signals or voltages, or to e,-e,” Thus, the circuit can also
be used as a subtractor. In this type of circuit the
component values are chosen such that R,/R,=R,/R,,
in which case the voltage gain A, =R,/R," The circuit
can thus be made to give voltage gain if required.

R2
100k
R1
100k
(o]
R3 o
100k
INPUT ‘
2
OUTPUT
: -9V
INPUT Ra
l 100k
ov
O -0

Fig. 16 Unity-gain differential d.c. amplifier, or subtractor.
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FIG. 17 shows the amp can be made to act as a
non-linear (semi-log) a.c. voltage amplifier by using a
couple of ordinary silicon diodes as feedback elements.
The voltage gain of the circuit depends on the
magnitude of applied input signal, and is high when
input signals are low, and low when input signals are.
high. The measured performance of the circuit is shown
in the table, and can be varied by using alternative R,
values.

>
b
C1
10u :
o___{ I.__/\/\/\,\
+ SEE
S
INPUT
QUTPUT
0- Yo
INPUT voLTS | R = 1@ Ry = 10xQ
(RMS) VAR ML GAIN] v RMS)[Gain
™" MOWY X110 | 20wV | x21
10mV 30k | X33 | 170wV | X 17
100w (50mV [X&S | 360wV | X36
I S60mV  |X0S6| 470MV |X047
™ 600mY  |X0 07| 560MV X006

Fig. 17 Circuit and performance table of non-linear
{serni-log) a.c. voltage amplifier.

—AAAA
R2
10k
+9v
R1 2 7
10k TO 10M 6
(SENSITIVITY} 3 741 > O
-~ 4 R3 D1
330k
-9V
R4
100k
INPUT OUTPUT
21
2N3819
R5 c1
™ u
ov +i {SEE TEXT)
o ¢ O
Vin Viy Via Viv Vour
(R; =10KQ) (R, = 10OKSY (R, = IMQ) (R, = 10MS)
50mv 500 mv 5V 50 V 285V
20mv 200 mV 2V 20V 281V
10 mV 100 mV v 0V 279V
5mV Somv 500 mY sV 260V
2mV 20mv 200 mV 2V 203V
Imv 10mv 100 mV 1 Vv 148V
500 uv SmVv . 50mv 500 mV [(EURY
200 uv 2mV 20mv 200 mV [UETAY
100 vV ImV 10 mV 100 mV .20V
50 uV SO0 uV SmV SO mvV ARTIAY

Fig. 18 Circuit and performance detaiis of constant-volume
amplifier.
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DEVLIN M. GUALTIERI

An FET Audio Limiter

An fet core makes possible high s/n,
symmetrical/ asymmetrical function, frequency selection,
control metering, and stereo coupling.

UDIO LIMITING has always been important in broad-
casting and recording to maintain a high signal-
to-noise ratio by allowing a higher average
signal level without fear of overmodulation or

distortion. The heart of any audio limiter is its gain con-
trol element, which responds to a d.c. control signal
derived from the audio peak amplitude above a reference
level to reduce the channel gain and “limit” the audio
signal. Various solid state devices can operate as gain con-
trol elements.

The operational transconductance amplifier (ota), such
as the CA3080. has a linear control voltage/gain response,
but suffers from a low s/n ratio. This is because the ota
input signal must be attenuated to less than 100 mV to
prevent excessive distortion and a typical ota limiter would
have barely 50 dB s/n.

The diode as a variable resistance element suffers from
the same input limitation. A light-emitting diode/light-
dependent resistor (led/ldr) combination is a better quality
gain control element.! The led eliminates the thermal
response lag of older 1dr units in which a filament bulb
was used as a light source, but 1drs have a “memory” and
are not wholly suitable for professional applications.

The field effect transistor (fet) has many advantages
in comparison to other variable resistance elements. The
d.c. control signal applied to the fet gate to vary the drain-
source resistance (Ryg) is well isolated from an audio sig-
nal applied between the drain and source, eliminating d.c.
“thumps.” Fets also have a very high ratio of off-to-on
resistance, but Rpg is linear only over a small range of
drain-source voltages (Vpg). We might, therefore, expect
the same trouble as for a diode limiter, but the fet is a
three-terminal device with a separate control input. Con-
sequently, we can supply a negative audio feedback sig-
nal that can be mixed with the d.c. control signal at the
gate to reduce distortion by an order of magnitude. 2.3.#

THE CIRCUIT

A realization of an fet limiter is shown in FIGURE 1.
The fet, QS, is in the negative feedback loop of low noise
amplifier ICIA so that high values of Rpg lead to re-
duced amplifier gain. Transistor Q6 buffers the fet Vg
in an emitter follower configuration and applies this audio
signal to the fet gate through a 1M resistor. This negative
feedback connection reduces the signal distortion. The d.c.
control signal is derived from the output of IC1A by the
threshold rectifiers Q1 and Q2.5 These Darlington trans-

Dr. Gualtieri is with the University of Pittsburgh,
Pittsburgh, Pa.

sistors conduct heavily when their base-emitter voltage
exceeds 1.2 volts, Q1 produces a d.c. control signal pro-
portional to the level of positive peaks above the threshold,
and Q2, which is driven by an inverted audio signal pro-
duced bwe ICIB, responds to the negative audio peaks.
When Q1 and Q2 conduct, their collector voltage becomes
more negative and the 0.47 capacitor, C, charges through
the 4.7k resistor, R2, to this voltage. The d.c. voltage
across C is buffered by the Q3/Q4 source follower and is
applied to the IC2 meter driver and the IC3 level shifter.
IC2 drives a 1 mA meter to give the conventional “back-
wards” metering of the limiting action, with Q7 altering
the amplifier response in a piecewise linear approximation
to match the QS5 fet limiting characteristics. IC3 allows
the fet to be biased at its proper operating point and re-
duces the 20 volt range of the control signal across C to
the one volt range needed to control the fet.

ADJUSTMENT AND OPERATION

Circuit power can be supplied by any well regulated
=+ 12 volt supply. Since d.c. levels are important, a dual
tracking supply is preferred. Initially, the three 20k trim
pots (meter, zero, bias) should be adjusted to mid-range.
The zero pot should then be adjusted to give zero volts

Table |. Resistance and capacitance value for various
limiter release times. The atlack time is held constant at
about 2 ms.

Release Time R2 C
seconds ohms mFd
0.1 47k 0.47
0.3 1.3k 1.47*
1.0 390 4.7
3.0 120 14.7*

*Parallel capacitors.

Table Il. Meter calibration tor the author’s limiter. The
meter has the conventional “backwards” response.

Meter Limiting
mA dB
1.0 0
0.8 1.5
0.6 2.0
0.5 4.0
0.4 6.0
0.2 11.0

0 16.0




ICt = 739 V4 TOPINIG, V-TOPIN 7. Qi,2 = MPS~AI3 Q5 = 2N409!
1C2,3= 741 V+ TOPIN 7, V-TOPIN4 Q3,4 = 2N5457. Q6,7 = 2N3646

1S00P

2N4091  2NS5457

at the drain of Q4 when point F is shorted to ground.
Use a vtvm or other high impedance voltmeter for this ad-
justment. The meter pot is adjusted for full-scale deflec-
tion of the meter. The bias pot is then adjusted to give
maximum negative voltage at its wiper, biasing QS fully
on and giving maximum gain for ICIA. A low level audio
signal, small enough to prevent the output voltage from
reaching the limit threshold (about —30 dB) is then ap-
plied to the limiter input, and an oscilloscope or sensitive
a.c. meter is connected to the limiter output. The bias
pot is then adjusted to give a small, but reproducible, gain
reduction, about one or two dB. The limiter is now ad-
justed for proper operation.

The limiter attack time is set by R2C, and the release
time is basically R1C. For the values given, the attack
time is 2 ms and the release time is 0.1 seconds. Changes
in these times can be accomplished by changes in R2 and
C (see TaBLE I), leaving R1 as 220k for proper circuit
operation. Two milliseconds is judged by most limiter
manufacturers as an optimum attack time. TABLE II shows
the meter calibration for my unit. The 3 dB points of the
limiter are below 20 Hz and above 40 kHz, and the input
equivalent noise is —75 dB for no limiting, to —90 dB at
full limiting,

MODIFICATIONS
Several modifications of the basic fet limiter can be

roleste
M= .'l’l --l.b —"-.

= e __,_Q
. — 2

- TWO CHANNEL LIMITER

The two channel limiter with variable release time.
Stereo coupling is accomplished by a dpst switch
which connects the C and F tie points of the two
limiters.

Figure 1. Schematic of the fet audio
limiter. Attack and release times are
set by R1, R2 and C. Points “C" and
“F’’ allow stereo coupling of two
limiters, as explained in the text.

made. The input impedance can be reduced by lowering
the resistance of the input pot to give a better noise figure
for low impedance sources. For operation as a mic chan-
nel limiter, a microphone preamp can be added before the
input pot to bring the signal up to line level. The 220k
resistor in the feedback loop of ICLA, which controls the
gain of the controlled stage, and thus the limiting threshold.
can be increased to give a larger control range at the ex-
pense of s/n in the quiescent state. The gain of ICIB can
be decreased by changing the feedback resistor to allow
the asymmetrical limiting desirable for a.m. broadcasting.
Decreasing the gain of ICIB to 0.80 would give 125
per cent limiting on positive peaks and 100 per cent limit-
ing on negative peaks. referred to the input phase.

Frequency selective limiting, which is desirable for f.m.
broadcasting, can be easily accomplished by reducing the
33 mFd capacitors in the base circuits of Q1 and Q2 to
give the 75 or 25 4 time constant of pre-emphasis. NAB
equalization circuitry can also be inserted at this point to
give a “recording limiter” response. For a constant R1.
various values of R2 and C can be switched by a selector
switch to give variable release time, as in TABLE I. Stereo
coupling of two limiters to preserve L 4+ R balance is
easily accomplished by tying the points C and F of one
unit to the corresponding points on the other. In this way,
the channel specifying the greatest gain reduction will
dominate,
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The purpose of ali automatic gain

systoms i3 to control a variable gain

- amplifier so that its output voltage

‘stays approximatsely equal to a rofar-
ence voltags for el values of input
signal within certaln . limits. “These
limits defing the working range of the

(! system. To carry out this function,

negative: feedback is. used. it is

"5 therefore worthwhila considering the

paramotars which dafine the opera-

.. tion of a negativs feodback amplifier,
, asshowan*g 1. DA

Flgl Baszc negatwe feedback amplz-' :

fier."

C gam control systems

gain around the feedback loop whith -

determines the stability and precision of
the-amplifier.

The negative feedback arrangement
used in ‘automatic gain control systems
differs from Fig.1, and is shown in Fig.2.
The input signal passes through an
amplifier of variable gain G and, usually
after rectification, is compared with the

" reference voltage V. The error voltage e

is then passed through an amplifier of

. gain M whose output is control voitage
v.. Loop gain is detérmined by M

multiplied by the transfer functions of
any networks present in the loop. For
example, .a rectifier converting the
output of amplifier G to the direct

. voltage E before comparison with V,

and the factor relating v to G. Let us

" assume that these are all constants, §0

that theloopgain L = KM whereKisa

. constant, Besides being responsible for
" the stability and transient response of a

negative feedback system, the loop gain
decides what error may exist in the loop

- under steady state conditions, or under.

. varying input signal conditions wheré

. The dxﬁerentral amphfier has a gain A,

and the ocutput voltage V, is equal to
AWV,

and Rz. If R/ ¥ Rz) = B, then Vy =

- BVy and a simple calculation shows that

provided AB:>1 the magnitude of the

gain V,/V, is approximately equal to.- .-

1/B. It should be noted that open loop-

"' gain A is the ratio V,/V, when feedback

link X is broken. The closed loop gain is

.. approximately equal to 1/B, and is the

ratio of V;/ ¥, when the link is closed.

: The loop gain, of magmtude AB, is’ the '

' constant ou‘tput
. signal

Fig.2. Negative feedback arrangement
‘'used in automatic gain control systems.

- V). Voltage V, is that fraction of -

v : ‘In ‘the case of ag.c
+V, defined by the potential divider R; -

the {frequency of variation lies within
the bandwidth of the feedback system.
systems, it
determines the accuracy of control as
shown by ‘the: following equations. In

-/ Fig2, E=Le and e=V-E. Therefore,

e=V-Le or e (I + L)=V. From the
last equation, if the loop gain L = 100
then e = V/101 so the actual output
differs from that required by only about
one per cent. Changes in loop gain will
cause . corresponding -changes in the
accuracy of control. For example,
reducing the gain to ten reduces the

accuracy to within ten per cent. Also;’

the loop gain is not independent -of
frequency because all practical systems
include frequency sensitive compo-

. nents. In general L has the characteris-’

tic of a low pass filter which has a
constant amplitude Cup to frequency F.
Beyond this point the frequency

' sensitive . components begin to take

effect and reduce the magnitude of L.

. The a.g.c. system will respond with an

accuracy determined by loop gain L =
C for variations of input signal which

occur within the frequency range 0to F..
For frequencies greater than F the °

p

Loy e

system - will respond with a reduced
accuracy. In operation the output of
amplifier ‘G is nearly constant for all
values -of input signal.  Hence, for

.constant loop gain a constant absolute

change of output voltage from amplifier
G for a given change of v is required for
all values of G. If the relationship is
considered -to be linear,” as shown in
Fig.3 (a) a change of v gives a constant

9

© AMPLIFIER GAIN

(a)

(b)
v
CONTROL VOLTAGE

Fig.3. Relationships of amplifier gain G
versus control voltage v. Linear trace
{a) will not provide a constant loop gain
but exponential curve (b) produces a
constant loop gain forall values of G.

change of G. Numerically however, it
does not ‘provide the desired output
voltage for all values of G. For example,

let G vary from 100 to 1000 and let the -

requlred output voitage be 10V. When
the gain is 1000, the input voltage is
1071000 = 0.01V, and when the gain is
100, input voltage is 10/100 = 0.1V. In
each case let v change by an amount
which causes G to change by say 20
while the input voltage remains

constant at either of the two values..
corresponding to & gain of 100 and a
~ gain of 1000. When the gain is 1020 the
. output'voltage is 0.01 X 1020 = 102V,

and when the gain is 120 the output
voltage is0.1x 120 = 12V. Thaswhen G
is 1000 a given change of v alters the

_ output voltage by 0.2V, but when G is

100 the same change of v alters the
output voltage by 2V. This means that
the loop gain has changed by a factor of

ten, and is greater at the lower valueof =~ -
. G. It should be noted that this is a
variation in the low frequency flat part
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of the loop gain characteristic. For any
given setting of this zero-frequen-
cy-response, reactive elements that
may exist within the loop will modify
this curve in the usual way as it extends
into the higher frequency region.

As a linear relation between v and G
will not provide a constant loop gain the
preceding calculation shows that a
constant percentage change of G is
required, that is dG/dv/G = a constant,
or dG/dv = KG where K is a constant.

Curve (b) of Fig.3 shows such a

characteristic. If G = Ke® then dG/dv
=—Kae® and dG/dv/G = — Kae®/
Ke®=-—a. This indicates that the
relationship between v and G should be
exponential if the loop gain is to remain
constant for all values of G. Because G
= Ke*, log,G = log,K —av = K, —av
where K, is another constant, and as
log,m = log m/log n to any base of
logarithms,  log;,G =logse(K,;—av)=
K;.— Kjv where K, and K; are two
more ¢onstants. This is the equation of
the straight line shown in Fig.4 and
shows that G in decibels versus v
produces a straight line with the desired
characteristic.

Variations in the zero-frequency loop
gain not only cause changes in the
accuracy of the a.g.c. system but can
cause instability at settings of G that

Ko

Iog1oG

AMPLIFIER GAIN (dB)

.V
CONTROL VOLTAGE

Fig.4. Gain in dB versus control voltage
v produces a straight line with the
desired characteristic.
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Fig.5. Graphs illustrating that varia-
tions in zero-frequency loop gain can
cause instability. Curve (a) crosses the
0dB point (unity-loop gain) with a slope
of 12dB per octave corresponding to a
loop phase shift of 180 degrees. Curve (b)
is stable because the loop phase shift is
90 degrees at unity loop gain.

Fig.6. Variable resistor using a f.e.t. The
feedback resistor linearises the effec-
tive resistance.

-

give the highest value of loop gain. This
is demonstrated in Fig.5 where curves
(a) and (b) have the same form but
different zero-frequency gain. The
amplitude falls off at 6dB per octave
from frequency F to frequency W, and
at 12dB per octave from frequency W
onwards. The system represented by
curve (b) is stable because uni®y loop
gain (0dB) occurs with a phase shift
around the loop of only 90 (+180)
degrees, as indicated by the 6dB per
octave rate of change of amplitude
assuming a minimum phase network.
The system of curve (a), however, is
unstable because the 0dB line is crossed
at a slope of 12dB per octave,
corresponding to a loop phase shift of
180 (+180) degrees. It is difficult to
maintain the loop gain constant, and in
some systems considerable variations
may be permissible. Knowing the extent
of the variation allows its effect to be
calculated, and gain controlled ampli-
fier circuits which approximate to an
exponential relation between G and v
will therefore be suitable.

Integrated circuit amplifiers, intend-
ed mainly for r.f. ori.f. amplification, are
available from several manufacturers.
Some of these amplifiers give an
approximately straight line characteris-
tic when their gain in decibels is
plotted against their a.g.c. control
voltage, at least over most of their
working range. These are very suitable
for applications requiring high con-
stancy of loop gain. Considering simple
bipolar transistor and field effect
transistor amplifiers, neither has an in-

Fig.7. A.g.c. system where a f.e.t. used
as aq variable resistor forms the collector
load of a grounded emitter amplifier.

61

herent suitable relationship between

gain and some easily controllable
parameter such as emitter or drain
current. However, if the gain of the
common-emitter bipolar transistor
amplifier is plotted in decibels against
emitter current it is found that the gain
varies approximately linearly with
emitter current in the low emitter
current region. The gain of a com-
mon-source field effect transistor
amplifier is proportional to the square
root of the drain current, and this
relationship also approximates to the
desired characteristic for low values of
drain current. An alternative use for the
f.e.t. is as a voltage controlled variable
resistor, and Fig.6 shows a well known
arrangement of feedback from drain to
gate which linearises the effective
resistance of the f.e.t. The drain to
source resistance Ry, of this circuit is
given by the expression Ry/(1 - V,./2V,)
where R, is the drain to source
resistance when the voltage between
gate and source is zero, V,, is the pinch
off voltage, and V_ is the control voltage
shown in Fig.6. For a given device, R,
and V, are constants, and the expres-
sion can be written as Ry, =k/1-k,V,
where k, and k, are constants. Plotting
this equation gives a curve which,
although not an exponential, does
approximate to one and is suitable for
some applications. The maximum pos-
sible slope of the R, versus V, graph is
fixed by the values chosen for the
feedback resistors in Fig.6 although for
clarity the effect of these resistors has
not been included in the previous
expression for Ry. By adjusting the
values of R the degree of approximation
to an exponential curve can be altered.
To make use of this voltage controlled
variable resistor the controlled ampli-
fier gain must be made proportional to
Ry, This can be achieved by letting Ry,
form the collector load resistor of a
grounded emitter transistor amplifier,
as shown in Fig.7, in which R, is very
much greater than Rg,.

Another method of maintaining
roughly constant loop gain for varying
amplifier gain is to make straight line
approximations to the desired response
curve by using diodes to provide the
break points in the slopes of the straight
lines. No doubt readers will visualise
other possibilities.
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Bi-FET op amps simplify
AGC threshold design

by John H. Davis
Warm Springs, Ga.

Operational amplifiers with the bandwidth and input
impedance available using bipolar—field-effect-transistor
(bi-FET) technology are well suited for integrating the
threshold detection and automatic-gain-control amplifi-
cation functions in audio limiters or receiver AGC cir-
cuits. Generally, such circuits are implemented with
discrete components. But this often entails component
selection and critical trimming adjustments, or both. An
op amp approach makes an AGC design more predict-
able, stable, and easier to troubleshoot.

The circuit of Fig. 1 requires only one adjustment, to
zero the output of the TLO71 op amp under no-signal
conditions. In this circuit, a control voltage is required
over the range from zero (at full gain) to the negative
value corresponding to the FET’s cutoff voltage. A zener
diode supplies the reference voltage. It is connected in a
way that makes use of the common-mode rejection prop-
erties of the op amp; thus, R; nulls the static output,
which thereafter is quite stable.

The threshold is the voltage appearing at the junction
of R, and R,, plus the forward drop of the detector
diodes, and can be readily computed for any desired

(22 mV ac
NOMINAL})

I\GAIN=56
AUDIO

AUDIO
OUTPUT

<
<]

THRESH DETECTOR
AMPuSHcE)erD C 5 DRIVERS
_E {(LOW Rour)
=15V e—AN———9 -
ey v
h &

2. Simpler. Threshold detection, time constants, and amplification
are consolidated in this single stage. For a receiver’'s i-f strip, an
emitter follower is recommended, however. The control voltage here
varies from a fixed negative value toward zero.

limiting level. For the detected peaks, the threshold
detector has a voltage gain of:
Adc( = (R1 + Rz)/R1

Not much gain is ordinarily required; too much imposes
tighter tolerances on driver gain, diode properties, and

AUDIO
INPUT QUTPUT
(1.2 Vac)
—15y
L = THRESHOLD AMPLIFIER g
1M8 Rs 180 2
AN
DETECTOR
22 k2 Ra Rs w DRIVERS
10kQ  25KkQ
TLOTT IN914
4 ¢
+ ‘WR1\/-—0 A=3
11kS 68V
MP$2907 2kQ 2R, Aiw 1N91%
10k N300 » ||
; p -15V \
l . 30 A=-3
22 uF 022 uF 22 uF = =
(TANTALUM) I I 4740 :E
Ry + Re)/Rs = Ry/R
5V (R + Rg)/Rs = Ry/Rz

1. Easy play. Only one adjustment to zero the output of the TL071 op amp under no-signal conditions is needed in this AGC threshold amp.
Good performance is achieved by using the amp’s common-mode properties. The control voltage must vary from zero to a negative value.
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trimmer adjustment. Driver gain can be adjusted, within
output swing limits, to tailor limiting slopes.

The emitter follower improves the attack time of the
time constant network., The dual set of time constants
shown prevents short-duration peaks from depressing
system gain longer than necessary.

Further simplification (Fig. 2) is possible if the driver
amplifiers have low output impedance. Here the thres-
hold detection, time constants, and amplification are
consolidated in a single stage. This consolidation around
one op amp means that little additional circuitry is
needed when an FET is the voltage-controlled element.

The circuit assumes the control voltage must vary
from a fixed negative value toward zero as gain reduc-

tion is needed. With no signal, the threshold op amp is
referenced to the desired voltage by the zener diode. As
long as no signal peaks are applied to time constant
capacitor, C, the op amp acts as a voltage follower.
Detected peaks charge C more negative than the refer-
ence, and the difference is amplified by a gain of R;+
R.. This shifts the control voltage toward zero.

The release time constant is determined by C and R,
and R,. (Although only a singie capacitor is shown, a
dual arrangement as in Fig. 1 can be used.) The simpli-
fied circuit shown in Fig. 2 can also provide a fixed
positive voltage that ranges toward zero for gain reduc-
tion if all the diodes and the reference-voltage polarity
are reversed.

gy ¢



Agc prevents noise build-up
in voice-operated mike

by Russell S. Thynes
Kirkland, Wash.

Hands-free operation of intercoms has several advan-
- tages over push-to-talk intercom systems. Constantly
keyed “live” microphones, however, have the disadvan-
tage of receiving undesirable environmental noise in the
absence of speech. When such mikes are used in con-
junction with intercoms having automatic gain control in
the microphone mixing stages, this environmental noise
will produce a swelling tide of sound each time normal
communication is interrupted.

Shown here is an agc-vOX (voice-operated switch)
scheme that allows constantly keyed microphones to be
used in noisy environments without suffering from the
effects of noise build-up.

Although the operation of the circuit is twofold, the
function is primarily that of a gain-clamped age circuit.
Part (a) of the figure shows the transfer function of an
agc with gain clamping and that of typical config-
uration. For input levels below those of normal speech,
clamping the gain to a fixed value limits the area of the
gain curve, reducing noise susceptibility —but without
placing restrictions on the dynamic range of the agc
itself.

consists of operational amplifier A, and transistor Q;,
with diode D, and capacitor C,; deriving the feedback
control voltage. Q; is placed in a T configuration to
achieve a wide control range and to ensure low levels of
distortion. Distortion is further reduced by the gate-
biasing resistors Rs and R;. As configured, this agc
should provide 30 decibels of gain control with less than
0.5% distortion for most of the audio range.

Aj; is arranged as an adjustable noninverting ampli-
fier, the gain of which can be varied from 20 to 40 dB.
R,; (also in a T configuration) allows the user to set the
VOX sensitivityto offset environmental noise conditions.
A, simply compares the detected output of A; with a
reference and switches to either a high or a low output
limit depending on the VOX input level.

When input levels to the agc are below the voOX
sensitivity setting, the output of A, will be at its lower
limit, biasing Q, off and thus clamping the gain of A, to
(R2+R3)/R;.

When the VOX sensitivity level is exceeded, however,
the compasator output swings to its upper limit and
effectively disconnects the vOX from the agc feedback
loop through blocking diode D,. The gain is then
expressed as:

R2+R3

_ R2+R3_ R2R3
R,

Rl Roan)

where R., is the practical on-resistance of the transistor.
This entire circuit can be configured using one quad

op amp (such as an XR 4136) and requires no special

considerations other than attention to the basic rules of

<A, =-

L sy

The circuit is shown on the right (b). The agc section  grounding and supply bypassing. 4
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Hands off. If the gain is clamped to a minimum at input signal levels below the noise threshold, the surrounding noise is filtered out of the
amplifier network (a), whereas speech kicks in the ampilifier’s automatic gain control. Both functions are performed by the circuit shown in (b).
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—ETI project 446

UDIO LIMITER

ST
This simple but effectlve unit can be used as a limiter,

volume control or voltage controlied amplifier.

automatlc

THE ‘AUDIO COMPRESSOR
EXPANDER project described in the
May 1976 issue of ET! has proved
to be very popular with readers and
we have since had many requests
for a simpler limiter circuit. Whilst
limiters and compressors are similar
in operation they are wused ' in
completely different ways.

A compressor is normally used in
a linear compression mode. That is,
for say every 10 dB of input signal
level change the output is arranged
to change by, for example, 6 dB.
The output will change this fixed
amount of 6 dB for every 10 ¢B
increment of input. The reverse of
this procedure is called expansion.
That is, for a 6 dB change in input
signal level the output is caused to
change by 10 dB.

A compressor/expander is typi-
cally used for improving the dyna-
mic range (and hence signal-to-
noise ratio) of tape recorders. The
signal is first compressed so that its
dynamic range can be handled by
the tape. On subsequent replay the
signal is expanded by a corre-
sponding amount to restore the
original dynamic range. As the
amount of noise on the tape is
constant and the level of signal has
been effectively increased, the
signal-to-noise ratio has also been
increased.

A limiter is a form of compressor
which operates only when the
signal exceeds a certain predeter-
mined level. For example signals
which do not exceed say 80% of the
predetermined maximum are not
compressed at all and are amplified
with their full dynamic range. For
signals above the 80% level the
limiter begins to operate and very
large input signals are required to
obtain the extra 20% of output.

Another use of a limiter is in the
continuous-limit mode such that it
acts as an automatic volume control
(AVC). In this mode a 60 dB change
in input level can be limited to say, a
6 dB change in output level.

Finally the limiter may also be
used as a voltage controlled ampli-
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fier having a range of about 55 dB.
A typical application of such a
device would be a remote volume
control. It should be noted,
however, that although the transfer
function of such a voltage,con-
trolled amplifier is fairly shama, two
of them may not necessarily track
perfectly due to differences in the
FETs in the [Cs. Thus on our
prototype the difference between
channels when used as a stereo
volume control was up to 5 dB at
some points with any given input.

DESIGN FEATURES

The first decision to be made when
designing a limiter is what type of
controlled resistive element to use.
Common alternatives are FETs,
LDRs, base-emitter junctions of
transistors, thermistor or balanced
modulator ICs. All of these have
their respective advantages and
disadvantages and all have been
tried in our laboratory at one time or
another. We selected FETs because
we considered them the most cost
effective.

When FETs are used in voltage
controlled amplifiers it is essential
that the voltage across them is kept
as low as possible if the distortion is
also to be kept low. This means that
the FET must be used as an
attenuator where the voltage across

the FET can be kept low irrespective
of input voltage. The most suitable
type of FET for this purpose is the
enhancement-mode device but
these are not readily available. The
commonly available types require a
negative voltage to turn them off.
However, there is a suitable alter-
native, the 4049 CMOS IC which
contains six inverting buffers. By
suitable interconnection the 1IC may
be made to provide six enhance-
ment-mode FETs and this is the
approach we decided to use.

To restore the signal level an
amplifier is required and originaity -
we intended to use the LM382 but,
because of cost and availability
considerations, we finally decided
to use an LM201 or 741 operational
amplifier together with a transistor
pair at the front end. The noise
performance of this arrangement
was found to be as good as the
LM382°'s and supply voltage to be
less critical (although a dual supply
is required). If only a single-ended
supply is available then a 382 may
be used, although a different board
layout would be required.

CONSTRUCTION

Although a printed-circuit board is
not essential it certainly makes
construction very much easier.
Before assembly decide whether a
fimiter or an AVC is required as the

Input voitage range
Frequency response
Limiting point "
set by R2/16
Equivalent signal-to-noise ratio
Distortion
Input impedance
Maximum gain
R2/16 = 4k7
R2/16 = 47k
Maximum attenuation
as voltage controlled'amplifier
Supply voltage

Specification ETI 446

Tmv-10V
+3dB 10 Hz — 20 kHz

3mV

70dBre 1 V out
see graph

47 k

26 dB
40 d8

55 dB
*8Vtot16 V dc
at 5 mA

~

N

- . ELECTRONICS TOT\Y INTERNATIONAL—DECEMBER 1976



c1

+ o
o
~

T

-

LEF
INP!

[

-

c9

4.7 a7k

RIGHT "~
INPUT

Circuit diagram of the limiter

R1
47k

R2
4ak7?

lll'—m
—
2 =

e
t=131
8=
©

-

2 »

R15

R16

R10
1k

LEFT
QUTPUT

R24
1k

RIGHT
ouTPUT

)

.+ VOLTAGE

1

VOLTS
A

0.
0.

1

NONICS TODAY INTERNATIONAL—DECEMBER 1976

g
100

N
50 _#'_ R2, 4k7
30 /

ol

0

o

[

™ nlz, 47k /

)\

3} DISTORTION (1kHz)

05

R2, 47k
2

STORTION (
R2, 4k7

TkHz)

0.3

0.2

DISTORTION %

N\

0.1

P
A

0.05

R2,470

0

1 10

20

3

0 50

100 02 03 05
-t N

10
/

™
m VOLTS

Input versus output voltage for various values of R2 (and R16)
Distortion at 1kHz for R2=4K7 and R2=47X are also shown,

INPUT VOLTAGE

—\

VOLTS

——

values of R2 and R16 will vary
accordingly. Use 47k for R2 and
R16 in the AVC mode and in limit
mode, depending on limit point,
between 470 and 4k7. The transis-’
tor type specified is available from a
number of different manufacturers
but pin connections are different. [fa
different brand is used the transistor
should be reversed (emitter and
collector interchanged). The overlay
also shows the arrangement for
using the LM301 ICs — these may
be directly replaced by 741s simply
by omitting the 33 pF capacitors.

Although the CMOS ICs 4449
and 4009 are electrically simifar to
the 4049 and are interchangeable
with it when the devices are used as
hex-inverters, they cannot be used
as replacements in this circuit. The
4049 must be used. The 4449 and
4009 have different circuitry and
will not work in this mode.

-lHow it worlsg—

The circuit basically consists of a voltage-
controlied attenuator followed by a low-
noise amplifier with a gain-of 46 dB. The
output of this amplifier is rectified to
generate a dc voltage which is used to
control the attenuator.

The variable element in the attenuator is
an enhancement mode FET. This is made
from a CMOS hex-inverter IC, the 4049, by
special interconnection. The difference
between enhancement mode FETs and the
normally available depletion-mode junc-
tion FETs is as follows: The enhancement
mode FET has a high resistance between
source and drain when the gate is at zero
volts, but this decreases as the gate is taken
more positive. A JFET (N type) is hard-on
with the gate at zero volts and turns off as
the voltage is taken negative.

The amplifier is required to have high
open-loop gain and have fairly low noise.
The gain requirement is provided by an
LM301 operational amplifier and the
low-noise requirement by a pair of transis-
tors (connected as a differential pair)
placed before the operational amplifier. The
gain is set, by the combination of resistors
R6 and R7, to 215 (or 46 dB). The lower 3 dB
point is set at 15 Hz by C4 and R6 whilst the
upper 3 dB point is set at 33 kHz by C6 and
R7

The outputs of both channels are
summed and rectified by diodes D1 and D2
t6 charge C8 via R14. The voltage on C8 is
coupled to the gate of the FETs (three in
parallel on each channel) via R11 and R12.

As the input voltage increases the output
also tends to increase and voltage on
capacitor C8 also increases and this
increase is applied back to the gates of the
FETs. This reduces the resistance of the
FETs and thus increases the attenuation,
tending to prevent the output from chang-
ing as much as the input does.

With all FETs the resistance changes
with applied voltage and this gives rise to
distortion. However by modulating the
gate voltage with a signal equivalent to the
voltage across the FETs the distortion is

greatly reduced (3.5% down to 0.8%).
The attack and release times can be
adjusted by varying R14 for attack and R13

‘or release. | P
S
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Component overlay.

47k %W 5% C4,5 4u7 25 V electrolytic
4k7 " " C6 10p cetamic
47k oo
2k2 " " C7-CS 4u7 25 V electrolytic
470k o C10 22n polyester
o C11 33p ceramic
T - €123 4u7 25 V electrolytic
™ " " C14 10p ceramic
470k " ” C15 4u7 25V electrolytic
10k " "
47k " ~#. Semiconductors
Q1-04 Transistors E 108
4k7 o D1,2 Diode 1N91{
47k & ” IC1 Integrated circuit 4049 *
%2 ’ iIc23 " LM301
470k " " :
1k " o Miscellaneous

PC board ETI 446
N 9 PC board pins
417 25 V electrolytic
22n polyester - *Do NOT substitute a 4009 or 4449

33p ceramic _as the input protection is different.

ETI 445'\ ‘\_J : =) o

As this unit will normally be used
in association with another piece of
equipment, and most likely built in
to it, a case has not been described.
When installing the unit make sure

“that the input cables are coaxial or

shielded cable -— outputs are not
important and can be normal

hookup wire,

USES GF A LIMITER

Peak Limiting. In this mode only
signals above 85% of maximum
level are attenuated. This is useful
for preventing amplifier clipping (for
pop groups or other live shows)
which gives rise to objectionable
distortion. It may also be used when
tape recording the same type of
programme material as above, to
prevent the tape being saturated,
which again would give rise to
distortion.

AVC. In this mode, the limiter is
used typically to drastically reduce
the dynamic range of a programme
being recorded. For example, when
recording a lecture the 60dB
dynamic range of lecture room
speech may be compressed to 6dB.
Voltage Controlled Amplifier. As
a voltage-controlled amplifier the
unit lends itself to a variety of
remote or automatic control appli-
cations. For example, it may be
used as a remote controf for stereo
amplifier volume. Alternatively, it
may be adjusted to increase car
radio volume as ambient noise level
rises.

Special Effects. The limiter may
also be used to modify the sound
of musical instruments. For exam-
ple, such a limiter is often used to
eliminate the attack transient on a
bass guitar to give a smoother
mellower sound.

The uses of such a circuit are
wide indeed, and we are sure our
readers will think of many more
applications for this interesting
circuit. @
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Internal circuit diagram of one of the

Printed-Circuit layout for the /imit‘e;._\/?# *m, six inverter stages in the CMOS 4049 IC
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Automatic gain control
has 60-decibel range

by Neil Heckt
The Boeing Co., Seattle, Wash.

An automatic-gain-control circuit with an input range of
60 decibels (20 millivolts to 20 volts) can be built using a
junction FET as a voltage-controlled resistor in a peak-
detecting control loop. The circuit exhibits a quick
response of 1 to 2 milliseconds and a delay time of 0.4
second.

As shown in the schematic of Fig. 1, the 2N4861
n-channel field-effect transistor Q,, connecting the
noninverting input of the operational amplifier to
ground, determines the closed-loop gain of the system.
Negative base-voltage peaks from the output of the op
amp, beyond Ve of Q,, turns Q, on, and its collector
current then charges capacitor C,.

The voltage across C, determines the channel resis-
tance of Q,. Since the range of this resistance is 120
ohms to more than 10® ohms, the 60-dB range of the
circuit is easily realized.

In the absence of an input 51gna1 capacitor C,
discharges through resistor Ry, cutting off Q,. It is the
C,-R, combination that determines the delay time of the
circuit. The collector current of Q; and the value of C,
determine the circuit’s attack time.

The op amp can be a 741 or any general-purpose
device. Even with input signals of 20 v peak to peak, the
maximum signal at the device’s input is 25 mv peak to
peak. Thus it is possible for the input voltage to be
greater than the supply voltage.

The op amp’s output is ac-coupled to the base of Q,
because the dc operating point of its output varies with
the changing output impedance of Q,. To avoid dc bias
difficulties when coupling to subsequent stages, the
circuit’s output is taken from the base of Q,. Figure 2
shows the gain-control behavior of this circuit through-
out its dynamic range U

Designer's casebook is a regular feature in Electronics. We invite readers to submit original
and unpublished circuit ideas and solutions to design problems. Exptain briefly but thoroughly
the circuit's operating principle and purposé. We'll pay $50 for each item published.
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1. Audio AG\C? input voltage for distortionless output is from 20
millivolts to 20 volts in this quick-response AGC circuit. The input
'signal ean have greater magnitude than the supply voltage because
the maximum signal across the FET is 25 millivolts.
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2. AGC characteristics. The output voltage is approximately 1.4

volts over a 60-dB range. A wider dynamic range would be possible if
the oft/ on-resistance ratio of the FET were greater.
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