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JAYCAR Pty. Ltd. for AUDIO KITS and COMPONENTS

489 Spectrurﬁ
Analyser

Used in conjunction with an equaliser
such as the 485 to accurately equalise
room acoustics

4600 Synthesizer

This superb Studio Synthesizer offers
unlimited fiexibility. Utilises a Patch-
board for Rapid Programming. Also fea-
tures the new fully digital keyboard.

3600 Synthesizer

A smaller Synthesizer offering the basic
functions of the 4600 in an easily prog-
rammed format ideal as a ""Live” Synth-
esizer.

414 Master Mixer

e 8 input channels with volume, bass,
treble, pan, echo send and sensitivity
select.

e 2 output channels with five stage
equalisation, VU meter, overload, master
volume, pan and echo level.

443 Compressor
Expander

This compressor expander restores
much of the dynamic range missing from
records and tapes. Can be used as an
effective noise reduction unit.
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485 Graphic Equalizer

One of the best performing kits ever of-

fered.

e 10 adjustable centre frequency con-
trols per channel.

e Gain control for each channel.

o Tape monitor facility.
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486 Frequency
Shifter

Increases the stability margin of sound
reinforcement by up to 8 dB. Increases
the power available and decreases the
chance of feedback.

\_" 480

A robust, compact 100 W power slave
ideal for use as a PA amp or foldback
amp. With the addition of the two chan-
nel preamp it becomes a versatile guitar
amplifier with input levels, bass, treble
and master volume controls. The
preamp can be built into the same box.

581
15V Power Supply

Aregulated 215 V supply ideal for kits like 485,
483, 446, 449. All components mount on the
PCB including the transformer.

MORE
KITS

o 445 General Purpose Preamp
o 446 Audio Limiter

e 449 Balanced Mic Amp

o 485AMono 10 Way Equaliser

ALSO AVAILABLE

e Electronic Components Resis-
tors, Capacitors, Transistors,
I.C.’s, Potentiometers, etc.

e Hardwar Knobs, Plugs,
witches, Sockets, Battery
Cases, Tubing, Bobbins, etc.

e Audio Accessories Cannon plugs
& Sockets, VU Meters, Mic-
rophone Cable, etc.

For further information
and prices send S.A.E. to...

JAYCAR

405 Sussex St., Sydney.
P.O. Box K39, Haymarket. 2000
Tel. 211-5077.

PTY.
LTD.

Most components for
other Kits also stocked.
Please enquire.
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PROJECT 440

Big performance at a low price.

SINCE A HIGH percentage of the cost
of an amplifier is in the hardware, (eg
chassis, potentiometers, switches etc)
and this cost does not vary greatly
relative to amplifier power output, we

SIMPLE
25 WATT AMPLIFIER

aimed at the highest possible power
for reasonable cost. Thus the amplifier
gives 25 watts RMS per channel which
is about as much as can be obtained
without component costs increasing
dramatically.

We also wanted the amplifier to be

simple enough for a beginner to build
so we used a single printed circuit
board, to hold as much as possible of
the electronics, thus keeping external
wiring down to a minimum,

The result is a 25 watt-per-channel
amplifier which has a distortion of

Internal view of the ampli-
fier showing location of the
major components.
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Fig. 1. Circuit diagram of the TCA220 triple-operational amplifier.

around 0.1%, costs about the same as
some 12 watt-per-channel kitsets at
present on the market and is
extremely easy to build and set-up.

CONSTRUCTION

The single printed-circuit board
construction greatly simplifies things
for the beginner. (See page 12 for
circuit board pattern). The heatsink is
attached to the rear of the board to
hold the power transistors, and a
bracket at the front holds the
potentiometers. Before attaching these
brackets assemble the components to
the printed circuit board, as shown in

doing all the linking required first.
There are two links which go under
resistors R49 and R50 in the power
amplifier and these should be insulated
with 1 mm spaghetti. All other links
may be tinned copper provided that
they are kept straight and flat on the
board.

Although the components can be
mounted in any order it is usually
easier to mount the smallest {lowest
height) components first, ie, resistors
and diodes. These should be mounted
flush on the surface of the board. The
capacitors may now be mounted
taking care not to damage the small
ceramic capacitors by bending the
leads too close to the body of the

capacitors are orientated correctly,
i.e., the polarity is correct.

The transistors, apart from
Q7,8,9,10,15,16,17 and 18 (which are
on the heatsink) may now be fitted to
the board. With the BC548 there are
two different lead connections. The
Philips type has a bent centre leg (the
base) and these are the types shown on
the overlay. If a different brand is
used, ie one with the pins all in line,
they must be inserted 180° around
from that  orientation shown.
Transistors Q7,8,9 and 10 MUST be
the Philips type. Hence, if you have a
mixture, keep the Philips types for

the component overlay diagram Fig. 3, device. Make sure that electrolytic (Text continued on page 8)
!
°36‘—_|1. o1 LS
2500u F=
35v
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emaor | RIS c
Q19
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0.033:F
630V -5V
E l c37 R79
= 25004 F k2

Fig. 2. Power supply
for the 25 watt
amplifier.




SIMPLE 25WATT AMPLIFIER
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SIMPLE 25WATT AMPLIFIER

MDUNTING 48
SURFACE
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80266 e +10
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O [ ——¢
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Fig.5. How to prepare the power transistor
leads for installation.

MEASURED PERFORMANCE OF ETI 440 AMPLIFIER

POWER OUTPUT 25 + 25 watts into 8 ohms

FREQUENCY RESPONSE +0

—~0.5dB 15Hz — 30 kHz
+0
—3dB 6 Hz — 80 kHz

CHANNEL SEPARATION 1 kHz - 46 dB

HUM AND NOISE
(with respect to 25W)
Phono {10 mV)
Other inputs

67 dB (unweighted)
68 dB (unweighted)

INPUT SENSITIVITY
Phono
Other inputs

TOTAL HARMONIC DISTORTION

2.5mV 47k
200 mV 47k

Power Frequency One channel only Both channels
100 Hz 0.1% 0.13%

12.5W 1 kHz 0.08% 0.16%
10 kHz 0.12% 0.17%

100 Hz 0.14% 0.5%
20w 1 kHz 0.12% 0.6%
10 kHz 0.17% 0.8%

100 Hz 0.5% 5.2%
25W 1 kHz 0.6% 4.8%
10 kHz 0.7% 4.3%

TONE CONTROLS
Bass 12 dB boost at 50 Hz
12 dB cut at 50 Hz

Treble 9 dB boost at 10 kHz
9dB cut at 10 kHz
DIMENSIONS 340 x 88 x 210 mm

FREDUENCY

HERTZ

Fig.6. Tone control characteristics of the amplifier,

these positions. If a substitute is used
for the BC639 and BC640 carefully
check the pin connections as these
types are unusual.

The integrated circuits may now be
installed making sure that orientation
is correct as indicated by the mark on
the IC which is at the pin 1 end of the
IC. Then mount the relay by passing
the pins through the holes provided in
the board and then bend the leads
flush with the copper and solder them
to the tracks.

The chokes L1 and L2 are made by
winding about 25 turns of 0.4 mm
copper wire (insulated) onto the body
of a 10 ohm 1 watt resistor
terminating the ends of the wire on
the resistor leads. These may now be
mounted on the board.

The balance, treble and bass controls
should now have lengths of copper
wire soldered to each of the terminals.
They are then mounted, by passing the
leads through the holes in the board,
but are not soldered in position as yet.
The front bracket should now be
attached to the component side of the
printed-circuit board and  the
potentiometers mounted to the panel.
The leads from the potentiometers
should then be drawn through the
board as far as possible and then
soldered in position. Then mount the
heatsink bracket to the rear of the
board using 9.6 mm spacers and
countersunk screws.

The output transistors have to be
prepared in a couple of ways before
installation. The leads are too close



HOW IT WORKS — ETI 440
PREAMPLIFIER

In the preamplitier we have used
two TCA220 integrated circuits cach
of  which contain three identical
operational amplifiers. These work
similurly to the conventional op amp
like the 709, 741 or 301 except the
output is an emitter follower and
needs a  pull down resistor. An
internal schematic diagram is given in
Fig. 1. for those interested.
I'requency compensation s
accomplished by a 390 ohm resistor
in series with a 330 pl- capacitor
connected to  the  appropriate
terminal. The maximum voltage
allowed on this iC is 18V. Since the
output swing in the positive direction
is less than that in the negative
direction we have used <10V and

6.6V supplies to ensure equal
clipping.

The magnetic pickup used on most
good turntables has a low output and
also needs equalization to perform
correctly. We used part of the TCA
220 (ICH-1 and ICI-2) to amplify this
signal (about 60 times or 35 dB at 1
kHz) and to provide the equalization
required (+#13 dB at 100 Hz and - 14
dB at 10 kHz reterred to the gain at |
kHz). The output of this amplitying
stage connects to the switch SWI
which selects the desired input. The
signal trom the cartridge is amplified
betore the selector switch to improve
the signal-to-noise ratio.

together, and since they are mounted
close to the board the transistors may
be damaged if the leads are just pulled
apart. Figure 5 shows the lead bending
process which should be done
carefully with a pair of long nose
pliers. After bending, a BC548 (Philips
only) should be epoxyed with flat side
onto the face of these transistors.

It is preferable to use one of the slow
drying epoxies as they appear to
withstand the elevated temperature
better. If such epoxy is dried in the
100-130°C range it will normalty dry
in about 30 minutes. Before glueing,
however, it is best to scratch the type
number on to the side of the output
transistor to aid later identification.

When dry, the transistors can be
mounted using insulation washers and
a smear of silicon grease if available.
The leads of the BC548 have to be
bent out a long way but they should
be long enough. If a small soldering
iron is used these transistors can now
be soldered in without removing the
heatsink.

The rotary switch and volume
control can now be mounted on to the
front bracket. There are four links
from the board to the rotary switch as
shown in Figure 4, the rest of the
connections going to the rear panel.
There are also four links to the volume
control and two coax cables which go

After the selector switch we have
the balance control (RV1) which at-
tenuates either left or right channel as
desired. The signal is then amplified,
by a factor of two, to recover what is
lost in the balance-control network
and also to buffer the signal to give a
low impedance output. The output
drives the tone-control network and
also the tape-output sockets.

The tone-control section uses the
last sections of the TCA220 (1C2/2
1C2/3) with the bass and treble
controls in the feedback network.
These controls provide about 10 dB
of boost and cut of both bass and
treble. Resistors R27 and R33 set the
limit of the treble boost and cut,
while  C21 controls  the actual
frequency where the treble control
starts. Resistors R29 and R35 control
the bass limits while C19 sets the
trequency. The output of the stage is
connected to the volume-control
potentiometer RV4.

POWER AMPLIFIER

The  power  amplitier s of
conventional design using a
differential pair Q1 and Q3 followed
by a common-emitter amplifier stage,
QS. working at a constant current (5
mA} supplied by Q11 and Q13. The
output of Q5 is buffered by the
output transistors Q15 and QI7.
These are darlington transistors and
have a current gain (Hfe) of over 750
at 3A. These transistors are biased

on slightly (10 mA) to remove
cross-over distortion and the bias is
set by measuring the voltage across
R63 or 73 (3V) while adjusting RVS.
After bias adjustment is completed
these resistors are shorted out to
allow full power  capability.
Transistors Q7 and Q9 are physically
joined onto QIS5 and Q17 to provide
accurate temperature indication and
to ensure thermal stability.

The gain of the power amplifier
stage is 100 and is set by the ratio of
R55/R51. The earth reference for the
power-amplifier  input  stage s
supplied via  the coan  cables
connecting to the preamplitier.

POWER SUPPLY

The power supply is a full wave
rectifier  with  a  centre-tapped
transtormer supplyving £ 28V to the
main amplifiers. The supplies for the
preamplifier are obtained tfrom a 10
V zener ZD2 and a 8.2V zener ZD1.
Fhe actual negative supply to the
preamplifier comes via the LEED on
the front panel and is about 6.6
volts (1.6V across LED). A smooth

SV is also derived from the —-8.2V
and is used for the differential pair in
the main amplifier.

The relay RLA is used to prevent
the switch on transient reaching the
speakers. After switch on there is a
delay due to C38 of about 4 scconds
before the speakers are connected
On switch-off the delay 1s only abovt
1 second.

PARTS LIST
R65, 66 Resistor 1 W 5%
R67.68 b 1 wo
R69.70 " 1 nooow
R71.72 " 1 L
R59.60 o 10 v
R3, 4 o 002 v
R51,52 " 33080 » o
R61.62 " 1208 » »
R80,81 00 2208w
R63.64 " 3308l vow ¢
R73,74 " 3302 » »
R5.6,21 » 39088 ¢
R22,37,38 ” 39088 » v
R77.78 ” azoll w ¢
R45.46 " g208l iow ¢
R39,40,41 0 k2 v
R42'79 " 1k2 ” "
R47.48 o 2k7 v
R7,8,25 0 ak7 v
R26,57,58 " ak7 v v
R27,28 " 6k8 v
R33.34 " 6kg "
R11.12 00 10« v
R19.20 00 100k "
R29.30 " 27k v
R35,36 00 27k v
R43,44 " 33k " "
R55.56 00 33k v
R1,2,9,10 " azk v
R31,32,76 " a7z v v
R13,14 " 56k ™
R53.54 " 68k v ¢
R15116,49 00 100k
R50.75 00 100k " »
R17.18 " 330k "¢
R23.24 " 330k " "

RV1 Potentiometer 220k lin single
gang rotary

RV2 " 25k lin dual

gang rotary
RV3 " 100k lin dual

gang rotary
RV4 " 10k  log dual

gang rotary
RV5,6 " 100k trim pot
C31,32 Capacntor 47pF ceramlc
C5,6,15 330pF

C16,23,24 " 330pF "
€21,22 " 560pF '
C29,30 " 560pF '’
GRS ' 0.015 F polyester
C19,20 " 0.022
E3) ” 0. 033/.1F 630 V
C9,10 " 0.056UF polyester
G A " 0.15 "
Ccl11,12,42 " 0.15 "
C13,17,18 " 4.7 25V electro
C25,26,27 " 4.7UF 25V
C28,40,41 " 4.7 25v
C3,4,33 " 100UF 16V "
C34,38,39 " 100UF 16V
C36,37 " 2500UF 35V "
1,2 Choke 25 Turns 0.4mm
Cu Wir
ona 1034 1W
Resistor
D1 — D5 Diode EMA401 or s1m|Iar
D6 " IN914 "'
LED1
ZD1 BZX79 8V2
Z02 BZX79 C10
Q1,2,3 Transistor BCs548 't "
Q4,13,14,19 " BCS548 ' "
Q7,8,9,10 " BC548 Philips
only
Q5,6 " BC640
Q11,12 " BC639
*Q15,16 " BD267A or B
*Q17,18 " BD266A or B
*insulation washers needed

1C1,2 Integrated Circuit TCA220

RLA Relay 2c/o contacts 125052 coit
T1 Transformer 40V ¢ 2A A&R 5755
SW1 Switch Rotary 2 pole 4 position
SW2 Switch miniature toggle 240V
Stereo Phone Socket

Two 6way RCA sockets

Two 2pin DIN sockets

CHASSIS

HEAT SINK

POT: SUPPORT BRACKET

COVER

ESCUTCHEON - rear panel
escutcheon 3 small knobs — 2

targe knobs — 4 rubber feet — 2
9.6mm spacers — 3 core flex & plug
rubber grommets.
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from the volume control to the
main-amplifier inputs.

I he chassis can now be assembled by
mounting the transformer (terminals
on the outside), the front panel, the
phono socket, LED, speaker sockets,
the 6-way RCA sockets, the rubber
feet, the grommet for the power cord
and the power cord itseif. The screw
for the cable clamp also mounts one of
the rubber feet.

The printed-circuit board module can
now be temporarily installed. If the
potentiometers used have a long
threaded portion (this depends on the
brand) there may be room for extra
nuts to hold the module and front
panel on. If not, the nuts will have to
be removed and refitted on the outside
of the front panel. The module is heid
in by the potentiometer and by two
self-tapping screws into the heatsink
from the underside. Due to the
variations in alignment of the
mechanical parts, the location of the
holes in the heatsink cannot be
accurately determined. Therefore
these holes have been left undrilled
and can now be marked through the
holes in the chassis. The unit can now
be removed to facilitate drilling these
holes to a size suitable for the self

Detail of power transistor assembly and
installation. Note compensation transistors
glued to output transistors (see text) and
mica insulators between power transistors and
chassis.
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input and the tape output, long + J ' -
enough to reach the rear panelsocket. ¢ ¢ | _ _______ ______ ___ _____ __ _____________ _I_
Leads to join the output of the main
amplifier to the relay, and leads from
the relay long enough to reach the
phono socket can be installed along
with the lead from the speaker 1. 85 rorrne Py N
common and the LED leads. To | 4 g
facilitate the assembly pins should be T j
installed to the board where the | | :
transformer is connected. : | i
The 240 V input cable can now be d : |
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transformer secondary can now be j-------------. S I ommmm e 4
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R80 and R81 can be wired according Fee=====ss==s-===-c=-sss—sss—ssssssssssmssssom=s 3
to Fig. 3. ! E
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Fig. 12. Cover for the amplifier.
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SIMPLE
25WATT
AMPLIFIER

are correct the only adjustment is that
to set the bias current in the output
transistors.

Before switching on rotate the trim
potentiometers, RV5 and 6, fully
clockwise i.e. toward the
transformer.  Switch on  without
speakers connected and measure the
voltage across R63 and adjust RV5 to
give about 3 volts. Repeat the process
with the other channel and R64 and
RV6. The resistors R63, 64, 73 and 74
can now be shorted out (after
switching off) by short links of wire
soldered onto the leads of the resistor.

If a fault exists in the output s:age,
either a transistor is shorted to the
heatsink or the bias setting is taulty
etc. In such a case the resistors R63,
64, 73 and 74 will overheat and may
burn out. This effectively protects the

FAULT FINDING

PROBLEM POSSIBLE FAULT AND

CHECKS
R63 or R73 gets hot (only one) shorted insulation on Q15 or Q17

R63 and R73 gets hot (both) bias current too high

Bius current not adjustable down Q7 and/or Q8 faulty or wrong
to within limits polarity. Voltage between base of Q15
and base of Q17 should be about
2.3 Volts

Bias current too low or zero check output voltage, if about OV then
possible shorted Q7 or Q8

Output voltage high (near supply check current source Q11 is working
rail) Voltage across R61 should be about
0.65V. Check voltage across R45 it
should be almost OV (ouatput high)
if it is suspect QS. If not check voltage
at base of Q1 and Q3. Q3 should be
higher than Q1 if so suspect Q1 or Q3

Output voltage low check voltage across R45 should be
about 0.7V if >0.7V suspect Q5. If
less than 0.5V measure voltages at
base of Q1 and Q3. Q3 should be lower
than Q1 if so suspect Q1 or Q3

Main amplifier has no gain faulty or disconnected C33, R51 or
RS3 wrong value

Main amp appears OK but check supply voltages or pin 6
pre amp does not work (+10 V) and pins 9 and 16 (6.6 V)
Check output voltage of each
individual amplifier. They should all
be about OV if not check components

output transistors. o in local area.
155mm
gy — — — — - ]
SR LEFT A TAPE AUX  TAPE TUNER PHONO | .
801 MIN RIGHT ¥ OUTPUTS  INPUT INPUT INPUT INPUT m

Fig. 13. Artwork for rear panel.

Loudspeaker

Protection

IT IS generally safe to drive a loudspeaker from an amplifier of
several times the speaker’s power rating — as long as the volume
control is not wound fully up — or much treble boost applied,
there is little danger of burning out drive units. Nevertheless it
is advisable to insert fuses in the speaker leads.

This chart, prepared by Altec
Lansing indicates the fuse values
that should be used.

Ideally, start with the lowest rated
fuse in each category — increase to
the ‘good’ value if the ‘safest’ one
blows out too often, Never exceed

the ‘maximum’ though,

FUSE VALUE SELECTION
3 Ag fuse ratings
in amperes. (Do not
use slow-blow-fuses).

Power rating 4-ohm 8-ohm
of speaker speaker  speaker
R Safest 1 V2
Jv‘r;tzf Good 2 1

Maximum 4 2

. Safest 1% %
35 Good 3 %
Maximum 6 3

Safest 2 1

fvsa't‘rt’? Good 4 2
Maximum 8 4
50.75 Safest 2% 1%
watts oocd 5 3
Maximum 10 6

16-ohm
speaker

%
%2
1
3/8
%
1%
%
1
2
%
1%

13




Project 445

GENERAL

PURPOSE
PREAMPLIFIER

A general purpose stereo preamplifier using a _single LM382 IC
which can be tailored for use with magnetic pickups, tape
recorders or microphones by changing a few components.

WE HAVE HAD MANY REQUESTS
for the circuit of a simple preamplifier
module suitable for fitting into an
existing system. The requirements
differed — many people required a
module to amplify a magnetic pickup,
whilst others wanted a unit that could
be used for a tape recorder or micro-
phone.

Whilst these requirements usually
require different circuitry, a pre-
amplifier based on the LM382 IC can be
made to do any one of these jobs
simply by changing a few components
around the basic amplifier circuit.

As a straight preamplifier the frequency
response extends to well beyond 20
kHz and gains of 40, 55 and 80 dB

can be selected by means of simple
component changes.

To use the preamplifier for your
application select the appropriate
component values as detailed in Table 1.

+25

+20

+15

+10,

+5

PHONO (RIAA

\\
N
/)\

\) RESPONSE

PE (NAB) RESPONSE

VAV

[/

™~

N

10

100

1000 10k 30k

FREQUENCY
Fig. 1. Frequency response of the NAB and RIAA versions of the preamplifier.

TABLE 1.
FUNCTION C3,4 | C5,6 | C7,8 | C9,10 R1, 2
Phono preamp 330n 10u 10u 1n5 1k
(RIAA)
Tape preamp 68n 10u 10u - =
{NAB)
Flat 40dB gain — — 10u — -
Flat 55dB gain - 10u - - -
Flat 80dB gain — 10u 10u — —
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Construction

Strictly speaking a printed circuit board
is not necessary and any method, such
as Veroboard or Matrixboard, may be
used if desired. However, the neatness
and ease of construction offered by

the use of a proper printed-circuit
board cannot be matched.

After determining what components
are required from Table 1, assemble
the board as shown in the component
overlay diagram. The input cables
must be shielded as the signals at the
input are at very low levels. If trouble
with hum pickup is encountered it may
be necessary to mount the whole
preamplifier in a metal box to shield it.



POWER SUPPLY
+10V TO +40V dc
+

1,C13

e

c1

10 LEFT
p H OUTPUT
——— |
44
R3
100k
‘1:32 RIGHT
H OUTPUT
—
R4
100k

Fig. 2. Circuit diagram of the
stereo preamplifier.

Fig. 3. Printed circuit layout.
Full size.

LEFT RIGHT
INPUT INPUT

> I/
g S -
{;3:]
hJ et *
Pan D9 ‘O(:cs
an" S

POWER
SUPPLY

LEFT RIGHT
OUTPUT OUTPUT

Fig. 4. Component overlay.

PARTS LIST — ETI 445

Resistors

R1, 2 see table 1

R3,4 100k Yowatt 5%
Capacitors

C1,2 100n polyester

C3 — C10 see table 1

C11-C13  10u 25V electro

Note that C13 should be rated at 50 V
for supply voltage above 24V

IC1 integrated circuit LM382
PC board ETI 445

10 PC board pins.

How it works

Not much can be said about how the
LM382 works as most of the
circuitry is contained within the IC.
Most of the frequency-determining
components are on the chip — only
the capacitors are mounted external-
ly.

The preamplifier may be powered
by any dc voltage between 10 and 40
volts, the output being automatically
biased to about +6 volts. Due to this
bias the output must be decoupled
from the following stages and this is
done by C11, 12 and R3, 4.

The LM382 has the convenient
characteristic of rejecting ripple on
the supply line by about 100 dB,
thus greatly reducing the quality
requirement for the power supply.
Thus the power rails of the main
amplifier may be used if accessible.

15




Project 450

Bucket Brigade

Audio Delay Line

This audio delay line uses the latest in IC technology, the ‘Bucket Brigade’ to
give a simple unit suitable for various effects. However this is a project for the
experimenter as full details of how to use it for any particular use are not given.

ANYONE WHO has been in an anechoic
chamber will appreciate the need for
some reverberation. In music the use of
artifical reverberation or echo can
compensate for a ‘dead’ room or create
a new effect. Up until recently
reverberation was normally obtained by
mechanical means such as a spring or
plate which is vibrated or excited by an
electrical signal; a pickup elsewhere on
the plate or spring receives the delayed
signal. Due to the nature of resonances
in springs, multiple echos occur giving
the effect of reverberation.

A single echo is obtainable by using a
tape loop, recording the signal on one
head and playing back through asecond.
The distance between the heads and the

tape speed determines the delay. Echo
can also be obtained acoustically by a
long tunnel with a microphone and
speaker.

When the price of digital ICs started
to come down a number of digital delay
lines were developed. These used an
A—D (analogue to digital) converter, a
long shift register and finally a D—A
converter. To accomodate the wide
dynamic range required very good, fast,
A—D, D—A converters along with a
large shift register. Even with the low
price of ICs these units still cost around
$500.00 or so (this is the main reason
we have not published one as a project).

A number of years ago several 1C
manufacturers started playing with a

‘digital’ delay line which works by
storing an analogue voltage on a
capacitor and then transferring this
voltage to another and then successive
capacitor. This is accomplished by
switching FETs on and off under digital
control. The circuit became known as a
bucket brigade and this name has stuck.

The IC we have chosen is the
MN3001 which is a dual 512 step
device. This was chosen mainiy for its
availabitity through Elcoma. Brief
specifications of other devices we know
about are given below. All the devices
except the SAD 1024 (Reticon) are
handled by Elcoma.




Uses of BBD

Variable or fixed delay of analog signals

Reverberation

Echo

Tremolo, vibrato, flanging or chorus
effects

Voice control of tape recorders

Time compression of telephone
conversations

Voice scrambling

Construction
As we are describing no mechanical
arrangement our description of con-
struction is limited to the assembly
of the PC board. It is recommended
that a socket be used for the BBD IC as
it is an expensive MOS device. The
inputs are protected but it should be
handled with care. The same care should
be taken with the CMOS IC but as a
socket costs more than the IC it cannot
be recommended!

The interconnection between the pc
boards depends on the effect needed.

The mixer, filter board ET/| 4508.

SPECIFICATION — ETI1450
Maximum input < 3% distortion
Delay time internal oscillator
Freguency response
Distortion 1V in 1kHz
Signal to noise re 2V input
Supply current (A) + 5V

- 15V

(B) + 5V
-15V

2.0V RMS
6 — 30ms
see graph
0.3%
67dB
6mA
9ImA

6mA
6mA

The bucket brigade board ETI 450A.

/L e fe

. ——— ]
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8l

Bucket Brigade Audio Delay Line

*5VO-
ci l ’l c3
000" =100,
ovO 3
INPUT ’] c13 .Lcu
Son o 0. W 68
T OUTPUT A
Rv4
c16
a3 *les 2ns 33 25k
100k 1.0 12k
T o
1
€2 o tlca L 100k 3 c1?
100n =1 =100, T B IC L s ‘",o
301A J
— 56 %39 c15
’—1 2 L] ‘l‘.’:kﬁ T 1n0
R1 RS
a7k §520ﬂ o 2 NOTE > LA/~~~
n VOLTAGES GIVEN ARE OF THE 5
PROTOTYPE BUT SHOULD BE TYPICAL -5.5V
15v
(<2
A2 RV2 RE
10 25k 4k?7
SR
ic2/1 1272 n0  yc23 1c2/4 . . .
1. 9 - . I . 0 éD' n Fig. 1. The circuit diagram of the bucket brigade board ( ETI 450A ).
2 . - -

The bucket brigade device is an analogue
delay line which samples the input
waveform at an instant in time and
stores this voltage on a capacitor. As we
need more than just one point on the
waveform we sample the input at least
3 times faster than the highest frequency
required. A single capacitor cannot store
more than one voltage at one time and
so a series of capacitors is used. Before
the second sample is taken the energy in
the first capacitor is transferred to the
second capacitor thus freeing the first to
sample the input again. Then before the
third sample the energy in the second
capacitor is transferred to the third. The
first into the second and the first again

samples the input. This process
continues on each sample with the
energy in each capacitor being

transferred to the next. Eventually we
run out of capacitors and this then
becomes the output. The number of
capacitors, or stages, and the sample
(clock) frequency determine the time it
takes an input sample to appear at the
output.

HOW IT WORKS — ETI 450

In the device we have used there are
512 stages in each of two identical and
independent sections. The internal
circuit diagram of the initial part and of
the output stage is shown below (there
are over 1000 capacitors and 2000 FETs
in the IC!)

The transfer of energy is done using
FETs which are controlled by the two
clock lines CP1 and CP2. These are
complementary square wave signals.
Using a 40 kHz signal the input is
sampled every 25us then ‘remembered’
and transfered every 25us. On the
output, from stage 509 on, the signal is
divided into two paths, one having an
extra stage. This is needed as the signal
on the output is only there for half the
25us period. By adding these two out-of
phase outputs a continuous outpu
results.

All of this transferring of energy doe:
however waste energy and the output is
of a lower amplitude than the input. In
the MN3001 it is about 8.5dB lower. To
increase the delay it is normal to connect
two sections (or more if needed) in

series. However the output has then
twice the loss and even with an inter-
mediate amplifier this results in a lower
signal to noise ratio.

A second method of obtaining a large
delay is to run the two sections in
parallel with each sampling on
alternate half cycles of the clock wave-
form giving effectively two sampling
periods per clock pulse. This allows the
clock frequency to be halved for the
same frequency response giving twice the
delay with only one attenuation loss.
However as you never get anything for
nothing the lowering of the clock
frequency increases the low frequency
energy content of the noise, making the
filter do more work.

Getting back to the circuit diagram
we see that the input signal is coupled to
the input of both halves of the BBD with
dc biasing being provided by RV1. IC2 is
used as an oscillator with frequency
adjustable from about 20kHz to 90kHz
giving delays of 6-30 ms. The output of
IC2/3 is inverted by IC2/4 giving the two
complementary clocks required by the

BBD. The outputs of the BBD are mixed
with RV3 being used to remove the
clock frequency before the 6 pole filter
IC2 — IC4 removes all the other hash
generated by the clocking. The first two
sections of this filter have unity gain
while the third stage has a gain of 8.5dB
to compensate for the loss in the BBD.
These gains are of course below the cut
off point!

The second board used is simply a
mixer and 4 pole filter which can be
used together or in separate parts of the
unit. Due to the sampling done by the
BBD, the frequency of an input signal
must not exceed the clock frequency
otherwise it will appear at the output at
some other frequency lower than the
clock frequency. This is due to the BBD
input circuit sampling almost
corresponding points on successive
cycles of the input waveform. IFor this
reason the 4 pole filter is used before the
BBD.
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Fig. 3. The frequency response of the two
filters. The overall response is approximately
the sum of these two filters provided the
clock frequency is at least 20 kHz.
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Fig. 2. The internal circuit of the MN3001 showing the
first three and last four stages.
TYPE MN 3001 MN 3002 MN 3003 MN 3004 TDA 1022 SAD 1024
NO OF STAGES 2X 512 512 2X 64 512 512 2 X512
DELAY (ms) 1-25 1-25 0.16-3.2 25-3.2 0.5-50 0.2-170
INSERTION LOSS (dB) 8.5 8.5 3.5 1.5 4.0
DISTORTION (%) 0.4 0.4 0.5 04 0.4 1.0
SIGNAL TO NOISE (dB) | 70 70 > 68 85 74 >170
SUPPLY VOLTAGE (V) | +5,—14,-15 +5, —14, 15 -8, -9 =15 -15 -15

Fig. 5. The circuit diagram of the mixer, 4 pole filter board ( ET! 4508 ).
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Fig. 4. Summary of the bucket brigade ICs which we know exist.
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R3
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Fig. 6. The component overlay of the bucket brigade board.
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Fig. 7. The component overlay of the mixer — filter board.

Adjustment

RV1 is used to set the bias voltage. If an
oscilloscope is available look at the
output of the board while feeding in a
sine wave signal. Adjust RV1 to allow
the maximum input signal without
clipping. RV2 adjusts the delay while switching transients at this point are
RV4 sets the output level to com- very high but these are removed by the
pensate for differences in the loss of filter.

the BBD sections. RV3 is used to
remove the clock frequency from the
output. If an oscilloscope is available
look at the wiper of RV 3 and adjust to
give the smoothest output. The

20

PARTS LIST — ETI 450A

Resistors all .W 5%
R an o 47k
B2 o v 10k
B3 o e 100k
B4 o i s 12k
RS % o4 o 820R
R6 . s 3% 4k7
R7—-R10 . . . 100k
R11,12. .. .12k
R13... .0 oo 100k
2 [ 5k6
RA5%-e o oo 3k9
R8s g ve 15k
R17. . - . .. 10k
Potentiometers
RV1 .. ... 50k trim
RV2 ... .. 25k trim
RV3 ..... 5k trim
RvV4 | . ... 25k trim
Capacitors
c1,2 ..... 100n polyester
C3a ..... 100u 25V electro
[ 31 1u0 25V electro
CB: o v s 1n0 polyester
€T iis wo e 680p ceramic
GB: s e s 39p ceramic
€9. i viw i 33p ceramic
C10i wa v 2n2 polyester
C11 &5 e A 1n0 polyester
C12355 & o 33p ceramic
C13 ;i o4 viw 10u 25V electro
cila. . .... 6n8 polyester
Ci5. ... .. 1n0 polyester
C16...... 33p ceramic
C17...... 1u0 25V electro
Semiconductors
IC1 ... . MN3001
IC2.... .. 4011 ( CMOS )

IC3—IC5. . .301A

Miscellaneous
PC board ETi1 450A

PARTS LIST — ETI 4508

Resistors all 2W 5%
R1-R6. . . . 100k
RZ2.5. .. 100R
R8 ...... ™

R9-R11. . . 100k

R16. .. ... 100R
R17...... ™

Capacitors
ci2 ..... 100n polyester
€34 : o o 100u 25V electro
G, o6 o o 10 25V electro
CB.vv v wie 10u 25V electro
Clion ave ava 33p ceramic
€89 . ou wn 1u0 25V electro
Cl0.m o o 3n9 polyester
53 [ [ 680p ceramic
Cl2a% & 7 33p ceramic
C1357% 54 s 2n2 polyester
cl14. ... .. 1n0 polyester
Ci5...... 33p ceramic
Cie...... 110 25V electro

Semiconductors
IC1—-IC3...301A

Miscellaneous
PC board ETI| 4508
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Fig. 8. The interconnection for reverberation.
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Fig. 8. Connections for a single echo. With a short

delay this becomes a phaser.

Reverberation

If the audio signal is fed via a mixer into
the delay line and its output fed back
into the mixer we have a feedback
system which will repeat a single sound
many times. This is reverberation. If
several different delays are used the
effect will seem more natural. With all
feedback systems if the sum of all the
delayed outputs exceeds the original
sound uncontrolled oscillations will
result. This is similar to howl-round in
PA work and careful adjustment is
needed if long reverberation times are
required.

Echo

This is similar to reverberation except
the delayed signal is not fed back to its
own input. A single echo only results
(from a single delay) and it can be of
any amplitude in relation to the original
signal.

Phasing (Flanging)

By varying the delay times and by
mixing in the right proportions total
cancellation of some frequencies can
occur. Now if the clock frequency is
made variable a phasing or flanging
effect occurs. A variable clock can be
made by replacing potentiometer RV 2
by an LDR and illuminating it with a
globe the brilliance of which is
controlled (try a 555 timer). We must
leave details of this to the individual
constructor.
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FILTER

STEREO RUMBLE

This internal view shows how the rumble filter is assembled.

Active fiiter design
improves clarity of
bass reproduction.

IN BYGONE DAYS rumble filters
were very popular because even the
best of turntables, used then,
generated considerable vibration due
to bearing and motor deficiences.

These vibrations, mechanically
+3v
C1 c2 C3
012uF 0.039«F 0.039uF < Q1
> BC549
e BC109
Cc4
0.47uF
R1
*—' OUTPUT
INPUT 56k
R5 R6
12k 12k
2 e —— g ov

Fig. 1. Circuit diagram of the
rumble filter. Two required for
stereo.
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transmitted to the pickup cartridge,
resulted in an audible output. Hence
high-pass filters were often
incorporated in amplifiers to reduce
this objectionable rumbling sound to
an acceptable level, and as bass
response seldom extended belows 50
Hz, a simple RC filter with 6 dB per
octave roll-off below 50 Hz was
considered adequate.

Modern turntables have far smoother
bearing and drive arrangements than
their early counterparts — and for this
reason many amplifier manufacturers
no longer include a rumble filter
facility.

Those that do are rarely satisfactory.
Their slope is generally inadequate and
the main effect of switching them in is
to roll off the low-frequency response
to the detiment of programme
content.

At first sight it would seem better to
exclude the rumble filter altogether
and just make sure that our turntables
do not generate any appreciable
rumble.

Surprisingly perhaps, a rumble filter
is still very much required and if
designed correctly can make an
appreciable improvement to
reproduction — even when used with
turntables that generate no rumble at
allt

The reason why will be clearly
apparent if you take the front grille

HOW IT WORKS

The filter consists of three separate
sections”

1. A passive RC filter consisting of
R1 and Cl.

2. An active filter comprising C2.
3.R2. 3.4 & S5and Ql.

3. A passive filter comprising C4
and Re.

Ihe active filter (from input of C2
to output to C4) is a standard design
with the exception that values have
been selected to give a peak in the
response at the cut-oft frequency.
I'he maximum lif't is about 2 dB and
this characteristic. combined with
those of the two RC filters. gives a
sharp knee to  the rolkoft. The
composite filter has a lift of 0.2 dB
before wrning over sharply.

Thus low frequency response iy
maintained substantially flat down to
50 Hz and is only 2 dB down at 40
Hz. Thereafter the response drops
very rapidly and isin excess of 30 dB




off one of your speakers and — with
the phono-cartridge tracing a section
of record that has no recorded content
{or very low level content) — turn the
volume control up fairly high. You
will almost certainly find that the cone
of the bass driver is making wild
excursions to and fro, probably at
frequencies between 5 Hz and 15 Hz.

So it's sub-audible — why then does
it matter?

Well it really does — and we'll
explain just why later in this article —
but first let us consider just where this
5 Hz — 15 Hz content comes from.

Firstly, modern turntables and arms
have mechanical resonances lying
within the 5-15 Hz region. Secondly,
stereo cartridges are sensitive in the
vertical as well as horizontal planes
and will respond to uneveness in
record or turntable surfaces. They will
also respond to a defect in the record
surface known as pressing umble.

In addition the noise finds its way
onto the record during the actual
recording process. This recorded noise

is due to LF noise and rumble
sometimes being induced in the
recording lathe by seismic

disturbances, and by vibration in drive
gears and cutting head carriage rails.
Lastly vibration of a low frequency
nature, due to people walking past the
turntable or vehicles passing by
outside, may well excite the turntable
and arm resonances even though the
tuirntable is reasonably well sprung.

WHY SUB-AUDIBLE

NOISE MATTERS

This very low-frequency noise is
responsible for a remarkable amount
of intermodulation distortion which
generally makes the bass sound

down below 15 Hz where most LIF
noise vCceurs

Current drain of the two filters is
only 100 A and the batteries will
last their normal shelf life of about
12 months, thus no power switch is
required. Batteries should be replaced
annually.

muddy. In extreme cases it may cause
the reproduction to sound as if
speaker cone break-up is occurring. The
reasons for this are as follows.
Preamplifier stages usually have two
or three transistors around which large
negative feedback is applied for
equalization and/or tone control. At
sub-audio frequencies these feedback
networks are not generally effective.
Thus the LF signals may well receive
considerably more amplification in the
preamplifier than would normally be
expected. Secondly although the
magnitude of the LF signal may not
itself be sufficient to overload the
preamplifier, the combined LF and
music signals may well cause the
preamplifier to clip. Even if clipping
does not occur the LF signal will cause
intermodulation distortion despite the
fact that the LF signal is inaudible!

Most modern power amplifiers are
quite capable of amplifying this noise
signal, presenting it to the loudspeaker
at a surprisingly high power level. The
speaker itself has very little acoustic
loading at these low frequencies and

SPECIFICATION
Input Impedance

(rises below 50 Hz) 47k
Output Impedance <5k
Input voltage

(maximum) 250mVv
Cut-off Frequency

(—3dB) 36 Hz
Cut-off Slope

(maximum) 24dB/octave
Attenuation

at 10 Hz 37dB
Gain

at 1 KHz —0.2 dB.

PARTS LIST
ETI 426

Eé Resjstor 56k YW 5%

a7k " "
R3 " 470k " "
R4 " .lM " "
R5,6 o F (- B e
Cl Capacitor 0.12 polyester
c2,3 & O.OBgFF Y
ca Xy 0.47 e

Ql TransistorBC109,BC549

or similar
* for stereo 2 off each of the above
parts are needed.

PC board ET1426

2 dual RCA sockets (or whatever is
on your table)

2 dual AA size battery holders or one
4 way holder,

4 AA size batteries,

21/8" x 1/2" bolts and nuts

2 8mm long spaces

1 mini box type AMB7 or similar

(58 x 58 x 100mm).

the cone will thus move considerably
and may even be driven beyond its
linear excursion region. Even if not
actually overdriven, the presence of
such large cone excursions will
produce a high level of
intermodulation distortion.

Whilst elimination of factors causing
the noise is by far the best procedure,
a lot of these factors are completely
beyond the control of the average hi-fi
owner. Hence a rumble filter would
seem to be the obvious answer. But,
we do not want to sacrifice any low
frequency response and we want
signals in the offending 5-15 Hz region
to be attenuated as far as possible —
two apparently conflicting
requirements. In addition, as LF noise
cannot be allowed to enter the
equalization stages of the preamplifier,
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Fig. 2. Printed circuit board
layout for the rumble filter
40mm x 70mm.

z

S

23



STEREO RUMBLE

FILTER =
FREQUENCY IN HERTZ
210 20 30 40 50 60 80 100 200 300 400 500 o
B A 1T 2!
’ -~
- i 1 2
BV i QUT
AZCi i ;
/» 1 . - =
FIRST R.C. NETWORK
/F e S AL AR R L
|_+SECOND R.C. NETWORK I 4
- o »
- *uf S S S
| | 1
il | P
+— —_— ~+—
OVERALL RESPONSE
e 1
. _i..T — e
SIS t— -
E FILTER SECTION -
—— :

i

FREQUENCY RESPONSE IN dB

4—L—._;_;_‘__—s-—+—l— 60k

4 50k

A
I —~+———{ 200k
- 190k
+ +——+—— 180k
+—+— 170k
—+——— 160k
b ———1 150k
4» ——— 140k
——1 -+— 130k
+——+—7—1 120k @
T—t—'non( I
o
-t 1 100k
R o
. 9k 2
— +— 8k &
4 b—t+— 0k &
2
[
o)
a
£

11— =
llAllx
1t

—+——1— 40k

———1——+—+— 30k

T +———1 20k

—

the filter must be situated before the
preamplifier. This also poses problems
as the signals at this point are very
low-level, and there is a danger of
introducing hum which would be
merely replacing one fault by another.

THE SOLUTION

To maintain response down to at
least 50 Hz, whilst obtaining 30 dB or
more attenuation to LF noise, we
must use a filter which has a sharp
knee and an ultimate attenuation slope
of 24 dB per octave. The most
satisfactory (and cheapest) method of
doing this is to use an active high-pass
filter — and this is the approach we
have used. To obviate the possibility
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of hum-pickup, the unit uses a battery
power supply, one each for left and
right channel filters. The use of
separate batteries prevents earth loops
and ensures that channel separation is
maintained. As current drain is very
low the batteries may be expected to
last their shelf life {12 months or so)
and for that reason an on/off switch
has not been inciuded,

The unit fits between the turntable
and the amplifier, cuts any frequency
below 35 Hz and has a total
attenuation of 37 dB at 10 Hz
increasing at 24 dB/octave below that.

CONSTRUCTION

We built our unit onto a small

printed circuit board, but layout is not
critical and other alternative methods,
such as matrix or Veroboard, may be
used successfully. Be careful with the
orientation of the transistors especially
as there are two different pin
configurations in use for the BC549
transistors.

The signal levels involved are
extremely small (about 100 uV at 50
Hz) and for this reason a metal box is
a must if hum pickup is to be
minimized. And, as said before, two
separate battery supplies should be
used in order to avoid earth loops. We
used a conventional four-way, AA
battery holder to hold the two sets of
batteries. These holders normally
connect all four batteries in series.
However it is a simple matter to snip
the connection between the two sets
of two cells,

The RCA sockets for both input and
output should be insulated from the
metal case. When connecting the unit
we found minimum hum was
introduced by earthing the turntabie
to the metal box and then, by taking a
separate earth from the metal box to
the amplifier. However
experimentation in the positioning of
earths may well show that some other
configuration is best for your
particular setup.



Project 087

OUER LED

Unit flashes a light when your hi-fi system is overloading.

MOST PEOPLE ARE aware of
distortion when they turn up the
volume control on their hi-fi system too
far — but rarely know the cause.

Nine times out of ten the distortion
is caused by ‘clipping’. That s, the
amplifier has insufficient reserve power
to handle the peak music ‘transients’ at
the volume required. During such peaks

which may demand power outputs of
100 watts or more — the ampilifier is
driven into overload and as a resuit the
music peaks are clipped.

A few modern amplifiers are
equipped with peak limit indicators.
These consists of a ‘VU’ meter or an
arrangement of lights which flash when
the peak limit is exceeded. Peak limit
indicators are interesting devices
because they show very effectively just
how much power is required for realistic
non-distorted reproduction (much less
than you might think for most of the
time and a very great deal more
occasionally).

The ‘Over-Led’ indicator described
here flashes a warning light if the power
level at which clipping occurs is
exceeded. It can be built into any
existing hi-fi amplifier — or made as a
separate unit.

Two completely independent
channels are shown so that each channel
of a stereo system may be monitored
separately. Nevertheless we have
designed the unit so that you can make
it up if you want to use it tc monitor
just a single channel (mono) system.

Figure 1 shows one complete single
channel — there are leads coming from
the speaker terminals of one channel,
and there is one LED. If you look at

D1 03
INPUT FROM
SPEAKER
o R2
b 10k

K-
D4 5
D? o

"SEE TABLE 1 FOR VALUES

ONE CHANNEL ONLY SHOWN

R1°

R3"

RV1

Tk

the component overiay board shown in
Fig 2 you will see that there are two
identical sets of components. Each set
of components is for one channel,

So if you want to build a single channe!
version just build up half of the board.
If you know someone else who is
building up a single channel unit you
can cut the board in half and share the
cost.

CONSTRUCTION

Usual precautions. Make sure all the
diodes are the right way round,
particularly the LEDs. The LEDs won't
be damaged (in this circuit) by wrong
polarity — but they won't work. Note
that the values of R1 and R3 must be
chosen specifically for each application
from Table |. Most speakers used in

hi-fi systems are 8 ohms but do check
first to see. The finished board may be
mounted as you wish. It’s very small —
our component overlay is shown here
full-size and can be mounted inside
most existing amplifiers. The LEDs can
be located so that their tips just
protrude through holes in the front
panel. LEDs last for ever so you can
secure them permanently in position —
once you're sure the device is working!

The leads shown on the drawing as
‘input from speaker’ are connected
across the amplifier’s speaker terminals.
Polarity is not important but make sure
you don’t mix up the leads between
channels. It’s best to twist each pair to
make sure.

Another way of housing the ‘Over-
Led’ is to build one into each speaker so
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that each has an LED visible near the
top of the front panel — or mounted in
a small separate enclosure sitting on the
top of each enclosure. If you do this
simply connect the input to the speaker
leads where they enter the speaker
enclosure.

CALIBRATION

The best way to calibrate this unit is to
connect an audio oscillator across both
input channels of your amplifier. Then,
with the amplifier’s volume control set
low, adjust the oscillator to 1 kHz sine
wave. Set both RV 1 trimpots on each
channel so that their wipers are nearest
R3. Increase amplifier volume until you
hear a sudden harshness of tone — i.e.
the onset of clipping.

Don’t leave the volume control at
this setting for more than a second or
two since few amplifiers or speakers can

tolerate sine-wave inputs at this level for

extended periods. Once the clipping
point has been established, turn the
volume down and then up again
momentarily meanwhile adjusting both

PARTS LIST — ETI 087

Note: one set required per channel.

R L R1 resistor see Table 1.
RV 1s until the point is reached where R2 resistor 10 k % watt 5%
each LED just comes on. R3 resistor see Table 1

Repeat this procedure a few times
finally arriving at settings where the
LEDs come on just before clipping.

If you don’t have access to an audio
oscillator you can use a record which
has a track of a solo instrument such as
a flute. A recording of the human voice
is also very effective. In such cases
follow the procedure described above.

NOTE: This is an updated version of a
project originally published as ETI 417
in Electronics Today International
August 1973. The original version used
transistors which are now less readily
available than those shown here.

s ol
OEJ

ETIAV7

J o -

Printed circuit board
layout — shown full

RV 1 trim potentiometer 1 k

D1-D4 diodes EM401 or similar

Q1 transistor BC548

Q2 transistor BC558

LED light emitting diode FLV110,
MV5025, HP4403 or similar

Printed circuit board ET| 417

t1 only required — each board has pro-

vision for two channels).

Or Veroboard.
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This is the drilling details for the Veroboard
version. Do make sure that the breaks
required (shown as black dots) are clean,
and that no ‘whiskers’ remain.
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TABLE 1
SPEAKER IMPEDANCE

RMS watts 42 ] 8! 16:!
per channel R1 R3 R1 R3 | R1 R3
5 68 | 5.6k 82 B.ZkT 120 | 12k
10 82 8.2k 120 10k | 180 18k
15 100 | 10k | 150 | 15k | 220 | 22
20 120 12k 180 18k [ 240 | 24k
25 | 150 15k 220 22k 270 27k
Fig. 2. This is the component over- 35 180 18k 240 24k | 330 | 33k
lay of the printed circuit version. 50 220 22k 270 27k 390 39k
Note that the board contains two 75 240 | 24k 330 33k 470 47k
separate but identical circuits. 100 270 l 27k 390 | 39 560 | 56k

l L

a D1 D3
L ED

k
AUDIO ————ei® :
INPUT ——a

T ‘%.

RV1

HOW IT WORKS

The output of each ampiifier channel
is bridge rectified by D1-D4 so that
both positive and negative transients
may be detected.

Transistors Q1 and Q2 are
(together) equivalent to a sensitive
gate SCR. If the voltage at Q2's
base is more than about 0.6 volts
above its emitter, Q1 and Q2 will
each turn hard on and latch on, until
the current through them falls to
zero.

When transistors Q1 and Q2 are

on, the current flowing through them
also flows through the LED causing
it to light up. Resistor R1 limits peak
current through the LED to about
100 mA.

The range of calibration potentio-
meter RV1 is set by R3. The values
of R1 and R3 should be chosen from
Table 1. These values are not critical.
If your amplifier's output is other
than shown the nearest values will
do.




Optimize your multi-way system with this electronic

approach to crossover design.

NO SINGLE loudspeaker can
adequately handle the whole range of
audio frequencies in high-fidelity
reproduction. Thus to obtain the best
possible fidelity we must resort to
multiple speaker systems where each
driver is designed to cover one portion
only of the audio spectrum.

This means that some method must
be used to divide the audio spectrum,
from the amplifier, so that an
individual driver only receives the
band of frequencies for which it was
designed. This is especially important
for midrange and tweeter drivers for
they are seldom capable of handling
frequencies lower than a specified
limit without being damaged.

PASSIVE CROSSOVERS

In simple systems a single capacitor
may be used to block low frequencies
and pass only highs to a tweeter. But
unfortunately such a capacitor only
provides 6 dB per octave attenuation.
With some tweeters this attenuation is
not sufficient to suppress the resonant
frequency of the tweeter. The driver
could thus be damaged when operated
at high power levels. Additionally, the
presence of frequencies other than
those in the desired pass — band leads
to high levels of intermodulation
distortion and a general ‘'muddiness’ of
reproduction.

Hence all good multi-way systems
use networks which provide at least 12
dB per octave attenuation, in the stop
band, to control the audio band
presented to each drive unit. A typical
network for a threeway system is
given in Fig.1. To keep power losses
down in such networks the coils must
have dc resistances of less than one
ohm. This means that heavy gauge
wire must be used, making the coils
large and expensive. Additionally the
high value of capacitance required
would normally call for the use of
non-polarized electrolytics, however,
there are several disadvantages with
these, Firstly, the tolerance on
non-polarized electros is plus or minus
50%! This means that a crossover using
them could quite easily give a system
which had peaks and/or deep holes in
the response. Additionally such
capacitors have disadvantages such as

PROJECTS 433A,4338B

ACTIVE CROSSOVER

IL ~
LY
c1
2.8uF L1 E:19)
0.35mH SPEAKER
INPUT 802
SPEAKER
fo) N
Fig. 1. A conventional three-way I cs5 105 2 8%
crossover system using capacitors 28“ F SPEAKER
and air-cored inductors is a bulky
and very expensive unit. Our T 47;1 F
drawing shows a typical unit.

limited life, fairly low working
voltages and problems due to leakage.
Thus all good crossovers use polyester
capacitors which, again, are rather
expensive.

This all leads to the fact that, for a
multi-way high-fidelity system, the
crossover can and should be quite
expensive. In fact it can cost almost as
much as the bass driver!

Many people try to save money by
trimming crossover cost — they use
lighter wire and electros — and then
wonder why an otherwise expensive
system does not sound right. The
crossover design is one of the most
important features of the whole
system — it is better to compromise on
a less expensive woofer than to

compromise on the crossover.
{Main text continued page 30)

SPECIFICATION

Cutoff Slope (High pass)

(Low pass)
Maximum Output
Distortion (at 2 V out)
Noise (Below 2 V)

Cutoff Frequency

Input Impedance

Output Impedance (Buffered)

Minimum Load (Buffered)

12 dB / octave
6 dB / octave

2V rms.

< 0.05%
86 dB

As required
47 k

< 10 ohm
500 ohm

Frequency Response {Sum of all outputs)

20 Hz to 20 kHz

*1dB



* ACTIVE CROSSOVER

TCA220 AMP. 1&2
INPUT 1 — —Ve SUPPLY
INPUT 1 + COMP 1
BIAS ouT 1
INPUT 2+ QuT 2
INPUT 2- COMP 2
+Ve SUPPLY ouT 3
INPUT 3 + COMP 3
INPUT 3 — B> Ve SUPPLY
AMP 3 ONLY

SEE TABLE 1 :.
SW1

DO
PREAMP
OUTPUT

Sw2

AO—ol
INPUT

F

Q0
MID + HIGH
OUTPUT(3 WAY)

R18
10k

240V 1
ac

NQO—o
T1
240Vv/18VCT

Fig. 2. Circuit diagram of the basic two-way
electronic crossover and its power supply.
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Fig. 3. Circuit diagram of the mid/high crossover

board which provides four output buffer ampli-
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HOW IT WORKS - ET1433

The input signal is initially amplified
by IC1/1. Switch SW1 together with
R3 and C2 provide a maximum of 10
dB of boost below 50 Hz at a rate of
6 dB per octave. The frequency at
which the boost comes in may be
altered by selecting a value of C2
such that its reactance is 220k at the
frequency where the woofer is

normally 3 dB down. Thus if the
turnover frequency is required to be

100 Hz the value of C2 should be
halved.

If the boost facility is not required
R3, C2 and SWI1 should be deleted
and a link installed between points B
and C. The mid frequency gain is set
by R2/R1 to about 13 dB and the
input impedance is equal to the value
of R1, that is, 47 k.

The first high-pass filter consists of
IC1/3 where R13, R14, C7 and C8
set the cut-off frequency. The values

of C7 and C8 required may be found
from Table 1. This output is the high
range in a two way system, or the
mid plus high of a three-way system.
This signal, when subtracted from the
input signal by IC1/2 gives the bass
range output. A second high-pass
filter, where C21, C22, R32 and R33
form the frequency determining
network, gives the output for the
tweeter in a three-way system. This
when subtracted from the
mid-plus-high signal leaves the mid
only as required.

Each of these outputs goes to a
level set potentiometer and then is
buffered by amplifiers 1C2/1 and
1C3/1,2,3. These outputs are now
capable of driving loads in excess of
500 ohms. If the crossover is to be
used to drive a constant and known
load (that is, it is to be used on only
one type of amplifier) the buffer

amplifiers may be omitted and the
outputs taken directly from the
potentiometers.

The full-wave power supply
provides plus or minus 13 volts which
is regulated down to plus or minus
7.5 volts, by series regulators Q1 and
Q2, where zeners ZD1 and ZD2
provide the necessary reference. If
the unit is to be powered from the
power amplifier C11, 12, and D1 to
D4 should be deleted. Resistors R19
and R20 are altered to suit as shown
in Table 2. The collector of Q1 now
goes to the positive supply rail of the
amplifier and the collector of Q2 to
the negative supply rail. If the
amplifier supply rail is above plus and
minus 20 volts, or if both printed
circuit boards are being used. (that is
it is a buffered three way system) a
heatsink must be added to Q1 and
Q2.

PARTS LIST — ETI 433A

2-WAY SYSTEM

R4,10,16 Resistor 390 YW 5%
RS.11,17 1k YW 5%
R19,20 " 1k YW 5%
R172,18 " 10k YW 5%
R6,7.8,9 " 33k uw 2%
R13,14,15 " 33k YeW 5%
R1 47k YW 5%
R2 " 220k YW 5%
R3 " 470k YW 5%

*These may be any value between 15k
and 82k provided they are all the same

C11,12
c7.8 See Table 1.
D1-D4 Diode EM401, IN40OOS or simliiar
ZD1,2 Zener Diode 8.2 volt 400 mW

Q1 Transistor BD135 or simifar

Q2 Transistor BD136 or simitar

I1C1 Integrated Circuit TCA220

T1 Transformer 240V/18V CT 150 mA
SW1 toggle or slide switch SPDT

SW2 Toggle switch DPDT 240V rated
PC Board ET| 433A

Cap'?citor

470 UF 25V Electro

R25,26,27,28 Resistor 33k* W 2%
R22,32,33 " 33k VW 5%
* These may be any vaiue between 15k a
82 k provided all are the same value and
preferably of 2% tolerance

RV3,4 Potentiometer 10k Lin
C19,23 Capacitor 330 pF ceramic
C20,24 ' 560 pF ceramic

C21,22 See Table 1.
1C2 Integrated Circuit TCA220
PC board ETI 4338

3-WAY SYSTEM WITH BUFFERS
ADD

nd

value and preferably 2%. 2%3'%3-22,22 Resistor ggg Zaw g:/o
: .38,42, " a %o
RV 1,2 Potentiometer 10k lin. R21,37 " 33k YaW 5%
SIEY CREERr ERmplE e PARTS LIST — ETI 4338 R40,41,44 " 33k W 5%
. o pF ceramic
3 - 0.015 UF polyester  3-WAY WITHOUT BUFFERS S SRR S ,B';gf;:;‘;‘;ﬁ
C1,4 " VUF Tag tantalum Al 2way system PLUS o iz’ " 1'411: AG Tantalum
N o ”
c13,14 " 10 ﬁF 25V Electro R30.35 " 1k %W 5% €31,32 25 UF 25V electro
C1516 " 25 UF 25V Electro  R31,36 " 10k WW 5% 1C3 Integrated Circuit TCA220
MID IN 2 - - R1 47k
BUFFER k
R21 33k za z =) 2 TO TRANSFORMER R2 220k
“w Qa o) o> 7
R22 33k vy Zw & SECONDARY R4 390
R23 390 o Tu i 5=z 0 o RS 1k
R24 220 I® a5 = I~ S, S = R6 2% *
R25 2% * =1 = mlml = R7 2% *
Sgg 2% * Gk D HI wl J R8 2% *
2% * ca24 0
R28 2% * T R36 » € > D { R18 I'G) + 21902;/090
R29 390 R32 } e= b‘“i‘ a— ¢ do) Aoy R11 1k
R30 1k o w26 FC2'{ Rz e B1 tm (7o ' R12 10k
sg; ;g: © c22e=w - _R33 F 0_‘0\, Fecsd {Ria ] R13 33k
R14 33k
—_
R34 390 = R16 390
R35 1k . RIS 1 R17 1k
R36 10k 4 4 C14 R18 10k
R37 33k ) | O 92 g1g 1k
R38 390 . cilefc R20 1k
R39 220 U c13 c11
R40 33k Aol d 4 e 17 At —aC2 O €2 0.015
S gl & SeekllE SRR T T o G
RA43 220 U +NLY_ T T [+ CS 330p
R44 33k T coN YTV ML gL . 0 ce C6 560p
R4S 390 c30 c26 C23 ci8 Efco fcs c3 c7 *
R46 ‘220 W . T ¢ A c15 cs -
€18 330p 2| B e €10 560p
€19 330pC27 0047 |§ 3 & 5 a 2 A C11 470
C20 560p C28 330p 8¢r B« g -w = [ C12 470
c21 + c290047 [ |20 BY 5 =3 C 3 = C13 10
€22 * €30 330p Sv  au o S oL o z| | Tosw1 c14 10
€23 330p C31 25 I3 23 a Bu 25 @ z C15 25
C24 560p C32 25 s <2 x@ = C16 25

MID+HIGH OUT

BUFFERED

Fig.4. Component overlay for complete three-way system capacitance values are in microfarads except where
otherwise noted.
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ACTIVE CROSSOVER

ETI

Fig. 5. Printed-circuit layout for the two-way board. Full
size 77 x 90 mm.

ACTIVE APPROACH

Having now established that effective
conventional crossovers cost money,
we may now wonder if that money
could be spent in a better way by
using a completely different approach.
There is a better way, but wuntil
recently it has been much too
expensive to be generally used. The

30

method is to use an electronic
crossover, after the preamplifier,
followed by separate power amplifiers
for each driver. This is feasible because
a power amplifier can now be built at
a cost which is about the same as that
of the passive crossover. Indeed quite a
few manufacturers are bringing out
systems based on this principle.

TABLE 1
CROSS OVER VALUE OF
FREQUENCY C7,8 or C21,
IN HERTZ 22 in uF
100 0.082
130 0.068
150 0.056
200 0.047
230 0.039
270 0.033
330 0.027
400 0.022
500 0.018
600 0.015
750 0.012
1000 0.0082
1300 0.0068
1500 0.0056
2000 0.0047
2300 0.0039
2700 0.0033
3300 0.0027
4000 0.0022
5000 0.0018
6000 0.0015
7500 0.0012
9000 0.001

ETI 433B

Fig. 6. Printed-circuit layout for the add-on three-way
board. Full size 77 x 90 mm.

Even well-designed crossovers have
several serious disadvantages. As we
have already said they are expensive,
they waste power, they reduce
damping factor (in the crossover
region damping factor may drop to
less than unity) and they only perform
correctly into their designed load
impedance. Practical drivers exhibit



The basic two-way electronic crossover.

their nominal impedance only over a
very small portion of their passband,
and impedance may well increase to
several times the nominal value at the
high end of the range. It is possible to
compensate for this, to some extent,
by using extra networks across the
driver (the series RC networks in Fig.
1) — but this adds even more expense.
Further, it is very difficult to alter the
crossover frequency and also difficult
to trim the crossover for best results.

However, if we were to use an
electronic crossover incorporating
active filters, we overcome most of the
problems mentioned in a single stroke.
The bulky and expensive inductors
and the large and expensive capacitors
are eliminated. Damping factor is
restored (due to separate amplifiers
being used to drive each speaker
directly) and it is quite easy to change
or trim the crossover frequency as
desired.

Further, as electronic crossovers may
have gain, it is quite a simple matter to
match the various drivers of the
system for sensitivity. This can be only
achieved, in passive designs, by
attenuating the more sensitive units
down to the level of the least sensitive
unit. A process which can be quite
wasteful of amplifier power.

Of course with active crossovers, as
with anything, there are disadvantages.
In active filters we generally use
operational amplifiers to implement
the filters and therefore, bandwidth
and noise become considerations.
Further, as said before, a separate
amplifier is required for each driver or
group of drivers — and this can be
expensive.

Nevertheiess the technique is now
quite feasible and is certainly
worthwhile. Consequently we have
developed a minimum-expense method
of building a very fine system based on
active filter techniques.

This board provides three-way crossover plus output buffers if
required.

This article describes a basic twe or
three-way active filter system which
may be incorporated into existing
amplifiers such as the ETI type 480
50/100 watt modules, the construct-
ional details of which are on pages 102
to 108 of this book.

A suitable three-way speaker system
for use with this system is described on
pages 49 to 53 of this book.

DESIGN FEATURES

There are several different
approaches which may be used in the
design of active filters. The first and
most commonly used method, is to
use separate filters for the bass, mid
and high range speakers. This method
is capable of compensating for
amplitude, if the components are
chosen correctly, but not for phase. In
fact there has to be a phase change of
1800 between filters to eliminate the
hole that would otherwise occur at the
crossover point. This is the reason for
the tweeter being reversed in phase
when a conventional crossover is used
in a two-way system.

Another design approach, and the
one that we have elected to use, is to
use an active high-pass filter to
generate the signal for the tweeter, and
to subtract this signal from the input
signal in a differential amplifier in
order to generate the bass output. This
substraction process generates the
required crossover characteristic with
both amplitude and phase taken in to
account.

Initially we were worried because the
bass output had a slight peak before
the cutoff point but the peak is
necessary to maintain that response
when phase is taken into account.
When the output of all channels are

summed the combined response is
within plus or minus one quarter of a
dB of being flat over the whole range.

With this type of active filter the
initial slope can be varied by adjusting
the feedback resistor (R13, R32) to
give a slow rolloff (Bessel filter) or to
give a slight peak and fast cutoff
(Chebishev). The sharper the initial
cutoff the greater the apparent peak in
the bass response.

As several operational amplifiers are
required to implement this design we
elected to use the TCA 220 triple
operational amplifier. This IC, as well
as containing three op-amps in the
same package, is cheaper than using
three separate op-amps of the 741
type or similar. Unlike the 741 type of
op-amp, the TCA 220 requires a
pull-down resistor on each output and
a compensation network. An
additional resistor is required to bias
each complete IC. The use of the TCA
220 simplifies and cheapens the
construction of the filter system
considerably.

With active filter crossovers it is a
relatively simple matter to alter the
gain-versus-frequency characteristic of
the filter, within its pass-band, in order
to compensate for non-linearities in
the associated driver. An example of
this kind of compensation is our
inclusion of low frequency
equalisation for the woofer. Most
woofers begin to drop off in the 50 to
100 hertz region. This may be
corrected to some extent by adding
boost below this turnover frequency.
In our design we have provided 6 dB
of boost which may be switched in
when desired and which is limited to a
maximum of 10 dB. The 10 dB limit is
necessary to prevent the amplifier
being over driven at low frequencies
even at fairly low average listening
levels.

The turnover frequency may be
{Continued on page 33)
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SILENT A-B SWITCH

Speakers may be A-B tested using this simple modification to our tone-burst generator

WHEN evaluating speaker systems in
A-B listening tests, the first few
seconds of listening convey the truest
impression of sound quality. Listening
for longer than a few seconds not only
fails to give further information, but
may well give a false indication. For
this reason it is usual to switch rapidly
between the reference speaker and the
speaker under test. This is generally
done by using the amplifier's A/B

HOW IT WORKS — ETI 124 AB

As this unit is based on the
operation ot the tone-burst generator
ETI 124 described on page 149
that article should be thoroughly
read first. Only the changes
necessary to that unit are detailed in
this article. A-B switch would be a
little simpler if designed specifically
for that purpose, the modifications
required to the tone-burst generator
are so simple that we thought it not
worth while to design a special
circuit.

To make the generator act as an
A-B switch it is necessary to disable
the existing mode switch. We do this
by plugging in an external control
switch, SW6, via a stereo phone
socket. The phone socket has two
change-over contacts fitted which are
used to disconnect the plus and
minus six volts supplies from SW3
when the jack is inserted. One of the
phono contacts also disconnects the
plus six volts from the common of
the socket when the jack is removed.
As the common of the socket is
required to be at plus six volts the
phono socket must be insulated from
the front panel which is at 0 volts.

The control switch, SW6,
effectively shorts either R4 or RS
thus stopping the pulses from C2 or
C3 triggering the flip-flop. When the
switch is actuated there is a delay
until the number of cycles as set by
the front panel switch have occurred
and then, at the next zero crossing,
the change-over occurs. The delay is
necessary to ensure that any contact
bounce of the SW6 contacts does not
cause unwanted switching of the
circuit.

speaker selector switch, or by wiring a
change-over relay in the speaker
wiring.

Whilst such switching methods are
simple and reliable they have one
major drawback. That is that switching
may take place at any point in the
waveform and as a consequence
switching transients may be
introduced which tend to mask the
subtle differences for which one is
listening. Hence a method of switching
at zero-crossing points would be of
great value.

When the ET| Tone-Burst Generator
was constructed it was realised that it
contained all the circuitry needed to
performance this switching task and
that it could be modified to do so very

simply.

The switching must be done at low
level and hence the unit is used at the
input of a stereo power amplifier. The
reference speaker and the speaker
under test are each connected to one
channel of the amplifier and the silent
switch switches the input to the
amplifiers as required. Thus the
arrangement is mono only but this is
all that is required to assess the
transient response and performance of
a speaker in comparison to a reference
speaker.

CONSTRUCTION

The ETI 124 Tone-burst Generator
should first be constructed as detailed
on page 153 except that the wiring to
SW3 is changed as detailed in Fig. 1
and 2 of this article. The dual-RCA
socket and the phono socket are then
mounted on one side of the box. If a
metal box is used make sure that the
phono socket is insulated from the
case of the box as it is at a potential of
six volts. The switch, SW6, should be
mounted in a small pill container or
similar housing and fitted with a
three-core cable that is terminated at
the other end by a stereo phone jack.
Note that the common of the switch
should be connected to the common
of the jack but that the other wires

may be wired to either of the
remaining contacts.

USING THE SWITCH.

The audio switch requires a

reasonably high level of signal to
ensure correct zero-crossing switching.
There are two suitable points in a
conventional amplifier. The first
position is between the tape-in and
tape-out sockets but the second and
preferable position is between the pre
and main amplifiers provided that the
main amplifier has a volume control
that is independent of the
preamplifier.

OFF TONE
16 t T 1 SW6 O—
: ' 8 -0 +6V
_§O OFF c3
TME. 11 1ca2\10
4 | 4001
sw2  220p
29 RS
a7k
+6V

PROJ ECT I24 AB Fig. 1. Partial circuit diagram of the tone-burst generator modified to perform AB switching.
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To connect the unit for AB testing
apply a single input, from the
preamplifier (switched to mono), to
the normal input socket of the
generator. The normal output socket
of the generator is not used but the
two RCA output sockets are
connected back to the left and right
channel inputs of the main amplifier.
When SW6 is operated the mono input
will be silently switched between right
and left channel speakers.

If using the tape sockets the monitor
switch should be in the ‘monitor
position and the balance control
should be adjusted so that the levels
from the two speakers are apparently
the same. Make sure that the tone
controls are in the flat position, as
they can cause phase shifts which
prevent the switching occuring at the
zero-crossing point.

If the pre and main amplifier
terminals are used the preamplifier
volume should be adjusted to about
half way and separate volume controls
used to balance for the difference in
efficiencies of the two speakers. If the
main amplifier does not have separate
volume controls then external ones
must be added if balance is to be
achieved. In this case the tone
controls may be used if required

Fig. 2. Interconnection diagram
to phono socket and RCA output
sockets of AB switch.

PSP 4T

without upsetting the crossover point.

Change over may be effected by
using either a toggle switch or a push
button. The tone-burst generator

- £/ w3
( PHONO

SOCKET

TOPIN TOPIN
81Ca 111Ca

L-aokao
R

2WAY RCA
SOCKET

TOoOV

controls should be set for eight cycles
on and off as this position will
effectively remove any contact
bounce. L J

ACTIVE CROSSOVER

(Continued from page 31)

selected by means of a simple
component change to suit the driver in
use. This equalisation technique can
effectively extend the low frequency
response by another octave, eg, from
50 hertz down to 25 hertz.

CONSTRUCTION

The configuration of the electronic
crossover used will depend very much
on the system into which it is to be
built. The prospective builder should
therefore carefully determine his
individual requirements before
commencing to build a system.

If a fixed load is to be driven (ie,
numbers of amplifiers) as would be the
normal case, the buffer amplifiers are
not required, and the output may be
taken directly from the
potentiometers.

It must also be decided whether you
want a two-way or a three-way system.
Rather than use three separate
amplifiers to drive the woofer, mid
and tweeter drivers separately, it may
be better to use a conventional
crossover for the mid/high crossover

and a two-way electronic crossover for
the bass/mid.

Mono or stereo? If a stereo unit is to
be built only one power supply is
required and the bass-boost switch and
the level potentiometers can all be
dual units.

If the amplifier has a dual power
supply with voltages exceeding * 10
volts it may be used to power the
crossover. This course of action will
save one transformer, four power
diodes and the filter capacitors.

Mechanical layout is not given as the
unit will most probably best be
mounted within the amplifier case.

Keep it well clear of the power
transformer and mount it using
insulated spacers. This is necessary to
avoid the possibility of earth loops
which will cause a high hum level.

Full component overlays are given

for all alternatives but only the
circuitry required should be
assembled. In a three-way system

without buffers one section of IC2 is
not used. In this case just leave out the
components associated with the

unused section in order to reduce
power consumption.

If the unit is being powered from the
main amplifier, or a three-way system
with buffers is being used, a heatsink is
required. The heatsink recommended
is a piece of aluminium 60 x 85 mm
bent into a ‘U’ shape and mounted
vertically on the end of the board. The
transistors should be insulated from
the heatsink.

For a stereo system delete the power
supply components on one of the
boards (up to C15 and C16) and just

link the two boards together. o

TABLE 2

MAIN AMPLIFIER VALUE OF

SUPPLY VOLTAGE R19,R20
+10-15V 1k
+15-20V 1.8k
+20-25V 2.7k
12530V 3.9k
+ 3040V 56 k
14050V 8.2k
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Project 484

SIMPLE
COMPRESSOR
EXPANDER

Our new compressor expander uses a single 1C to replace several components
in a previous design, and features a 2:1 compression ratio.

CASSETTE RECORDERS are becoming
more acceptable in the hi-fi situation as
the use of narrow gap heads and special
tapes improves frequency response. In
this respect the modern deck rivals the
reel-to-reel machine. However, the reel
machine and disc recording still offer a
better dynamic range, a result of the
signal to noise ratio of the cassette
equipment not being high enough to
blank out background noise in quiet
passages.

When recording tapes there has to be
a compromise met between signal to
noise ratio and clipping the peaks of the
music due to tape saturation. Many
systems have been devised to help
alleviate this problem with the most
commonly known one being the Dolby
system. This effectively gives an
additional 10 dB or so of dynamic
range. Limiters are used on a lot of
recorders to prevent tape saturation
but these alter the dynamic range which
is not normally acceptable to the hi-fi
listener.

One other system used professionally
but not a great deal in the domestic
situation is the compressor expander.
The best known system here must be
the dbx unit. With this type of svstem
the full dynamic range, say 80 dB, is
compressed to perhaps 40 dB
(compression ratio of 2), then itis
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Compression ratio
Expansion ratio

Attack time
fast
slow

Maximum input voltage *
R25—R28 = 02

Distortion 1 volt out
untrimmed max.
untrimmed prototype
trimmed max.
trimmed prototype

Signal to noise ratio re 1V
2.0 compression
2.0 expansion

SPECIFICATION — ETI 484

1.0,12,14,16,1.8,2.0
1.0,1.2,14,16,1.8,2.0

10ms
40ms

1 volit

2%
0.25%
0.2%
0.09%

45dB
90dB

* The max. input voltage can be increased to
3 volts using R25,26 = 22k and R27,28 = 10k

recorded. If the signal to noise ratio
of the recorder is 50 dB and our peak
recording level is 5 dB below maximum
our minimum level is still 5 dB above
the noise. On replay we now expand by
the same factor giving us our full 80 dB
dynamic range with the noise 10 dB
lower.

We have already published the design

of a compressor expander (in ETI,
April 1976) which worked well but
was complex and used a double sided
printed circuit board with eight ICs
and four dual transistors. This new
design is simplified by the use of a

special IC which takes the place of all
these separate components reducing
the cost and complexity.




Construction

Commence assembly with all the
components which are mounted flat
on the printed circuit board. If, and
only if, you have distortion measuring
equipment add RV1, 2 and R29—R32.
If these are not adjusted correctly the
distortion may well be higher than
without them (it shouid be less than
2%). Now add to each rotary switch
% inch long 6BA spacers on the bolts
holding the switch together. It may be
necessary to remove the rear nuts to
give enough thread to hold these spac-
ers. Now bolt the switches onto the
printed circuit board (the 6 pos. one is
the nearest the IC). Take note of which
contact is the wiper on each of the
switches. On the 6 pos. one there is a
normal contact as well as the wiper in
the same position except on the
opposite side of the wafer and this
normal contact is not used.

There is a series of holes in the
printed circuit board around the
switches in two rows, one slightly out-
side the other. The inner row connects
to the wafer closest to the printed
circuit board. Start connections by the
wiper contact (marked W on the print-
ed circuit board) using tinned copper
wire and then the other contacts by the
appropriate resistor or link. For the
links to the top wafer it is recommen-
ded that insulation be used over the
wires,

The release time switch can now be
wired and the printed circuit board
mounted into the chasis. The transfor-
mer input sockets etc. can now be
mounted and wired.

Ri a5y

Ratig P
[
[ {
| |
| |
10 ’ ———
[
| | | |
20—+ NG e
[ |
| !
[ [ :
301 7*7{ R— SN NS

| |

| | I
OUTPUT dB | | 20
[
404+— ——t — - . C - - e —

[ | .
| | | -
| | | '

| |

4t - T - — —
| | | [ 16
| [
| l | ( 14
60 +——————— D — 77-4——— - — —
' | 1 | ‘
12
' [ | |
| | | |
| | I | ‘
70 l - - - - 10
0 10 20 30 a0 50 60 70

InPUT

B

Graph showing relationship between input and

output for the various compression ratios.

Distortion Adjustment

Distortion can only be adjusted with a
meter. Set the ratio switch to 2 and feed
about 1 to 1.5 V at about 1 kHz into
the socket marked ‘to tape output

on amplifier’ and measure the distortion

at the socket marked ‘to tape recorder
input’. By adjusting RV 1 and RV2
depending on which channel you are
measuring it should be possible to adjust
the distortion to under 0.2%. This can
be repeated with the second channel.
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Project 484

TO TAPE OUTPUT

4k7
R1 R3 RS R? R9
4k7 10k 15k 27k 68k

1.4
1.2 6 1.6
1.0 1.8
O—» 020
SW1/1

swi1/2 l
200
1.8 1.0
1.6
R13 R15
68k 27k

1.2
1.4

R17 R19 R21
15k 10k 4k7

R23
4k7
.

A

L AAMMA—0

—
sw2/1

o———0 ON AMPLIFIER

TO OUTPUT OF
TAPE RECORDER

ov

TO INPUT OF

RV1

VARIABLE

GAIN CELL

RECTIFIER

RIGHT CHANNEL

ov ov

Fig. 1. Circuit diagram of the right channel.

Input Levels
The maximum input level the IC can

handle is one volt. However by including
resistors R25-R28 the maximum input
level is raised to three volts. These resist-
ors also affect unity gain voltage. If input
levels higher than one volt will not be
used these resistors should be replaced
by links. Resistors R33 and R34 should
also be replaced by links if R25-R28 are

removed.
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o———0 TAPE RECORDER
TO TAPE INPUT

Sw2/3 Sw2/4 OF AMPLIFIER

NOTE:

VOLTAGES MEASURED WITH
NO SIGNAL INPUT WITH AN
ELECTRONIC METER WITH
AN INPUT IMPEDANCE

J\ 1
,l/ 72010
30k V ref. l

|
|
COMPONENTS %
ov INSIDE THIS BOX
ARE INSIDE THE |
IC. |

|

I

____________ Jd
ci
33p
Il
1l
R35 R37
33k 33k
AAAA i AN
H cia
T
ov

OF 10 Meg.
C15
100
JL
T
R41
™
ov
NOTE:

PIN 4 OF 1C1 IS CONNECTED TO OV
AND PIN 13 IS CONNECTED TO 12V.

How It Works — ETI 484

As most of the work is done inside the IC
we must look inside the IC to explain the
operation. The IC contains a rectifier
circuit which is used to measure the actual
signal level, a variable gain block which is
controlled by the output of the rectifier
so that the gain is proportional to the in-
put signal, and an amplifier. By connecting
the IC in various ways either a com-
pressor or expander can be formed. We
can do either by switching and also by
mixing the two by a series of resistors we
obtain ratios other than the preset 2. How-
ever due to the mixing being done before
the logarithmic control of the variable gain
cell the ratio is only true in the top 30-40

dB range reverting to a ratio of 1 below
this level. Both compressor and expander
however follow the same curve and com-
pensate for each other.

We have provided two release times in
the unit. With a fast release time there
is distortion created at low frequency
while if it is too slow the unit appears to
‘breathe’. The slow time is slow enough
to give reasonable low distortion while
minimising breathing. However the dis-
tortion created by a fast release time is
compensated in the expansion mode
provided it is recorded and played
back at the same settings.




TO TAPE OUTPUT

¢ o~————O ON AMPLIFIER
TO OUTPUT OF
R22 <R20 < R18 <R16 <R14
2.(172 A 10k O Bk O 27k < ok SW2/5 TAPE RECORDER
14
sw1/3 " 6 ov
200 ° ;
8 1.0 1.8
020
swi/a
R10 < R8 R6 R4 R2 fg
68k < 27k < 15k < 10k < 4k7
sw2/7 sw2/8 TO INPUT OF
\ o=————0 TAPE RECORDER
_[ c10 L—o Bo TAPE INPUT
Th‘o 10 Pu\noq-tﬂ F AMPLIFIER
\j
o2 Ch THE LEFT CHANNEL IS IDENTICAL TO THE TOR34
. RIGHT EXCEPT THE CONNECTION OF SW1
AND THAT THE COMPONENTS USE THE
EVEN NUMBERS. ie R26 IS THE SAME AS
R25 IN THE LEFT CHANNEL _
ov
Fig. 2. Changes in the circuit for the left channel. Note: A number of people building this
The changes are only to simplify the PCB layout. unit have been puzzled by a phenomenon
inherent in its operation.
In the expansion mode the output volt-
INPUT 78L12 OUTRUT, +12v  age can never exceed theinput voltage —
will just equal it when the inputis 1.0 volts.
' COMMON Thus if the unit is bypassed whilst in the
G2 ! +l c17 + cis expansion mode there will be a false
! T 22 100 impression of expansion simply because
! 2a0v D1-D4 16V : I
) 126V the output level will now be higher.
NEUTRAL & : It should be understood that the unit’s
0—/(: - — OV function is to expand dynamic range and
swa because of this it is necessary to increase
EARTH amplifier volume when using expansion.
This effect may be minimised by main-
. . taining maximum input level as close as
=  Fig. 3. Power supply of the unit. possible to one volt (or three volts —see
main text).
Expander or Compressor
These diagrams show how the IC is con- ——E—/V\/\A—"—
nected to operate as either a compressor
or expander with a fixed ratio of 2.0. )
Basic compressor b o '.._1
3asic expander. I
NV v = o
AG 5 V out I Cdc
Vin —0 I
A V ref + =
Vin
Dt o— -\ — = V out
%
_I_ = V ref +
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LEFT

TO INPUT OF
TAPE RECORDER
TO OUTPUT OF
TAPE RECORDER
TO TAPE INPUT
OF AMPLIFIER
TO TAPE OUTPUT
\ OF AMPLIFIER

by
Al = :£ 2;_03"'0 ¢
] b4 © R25 C‘T'O' O~
< - x Y4 ic2
()cs
ic1 @
: e |
2o R26 4
E Fg .“.‘:ch?_C?'O' q* b3 DI
U_CR36 ca s
O_CR:;Zf c10 o
D R38 g
= -
+ \.C14 D4 D2
cie [

EARTH
TERMINAL
O BLOCK «
— s
=4 00 M~ 5 5V
POWER CORD 00 " z /
POWER SWITCH =

Fig. 4. Component overlay and wiring diagram.

PARTS LIST — ETI 484
Resistors atl X\W 5% R33,34 22k Semiconductors
R1,2 4k7 R35-R38 33k IC1 NES71
R3.,4 10k R39-R42 1M 1C2 78 L 12
R5,6 15k D1-D4 1N4001
R7,8 27k Potentiometers . Miscellaneous
:?11 (1)2 Gik RV1,2 25 k trim PC board ETI 484
. k7 < Transformer 240-12.6V 100mA

R13,14 68k ) 10 50V dlectro SW1 4 pole 6 position OAK switch
R15,16 27k C5-6 68 10Y fantarlum {2 sec. 2 poles 6 pos.)
R17,18 15k C7'8 313 10V | SW2 8 pole 2 position OAK switch
R19.20 10k 4 JEQIO AR Al (2 sec. 4 poles 2 pos.)

9,10 140 50V electro SW3.4 DPDT I
R21,22  4k7 C11,12  33p ceramic g toggle
R23 24 4k7 Two, four-way RCA sockets
R25'26 22k C13.14 10U 16V electro Chassis, cover and front panel
R27'28 10k C15,16 100u 16V electro 3 core flex, plug and clamp
R29'30 47k C17 220135V electro
R31:32 68k Cc18 100U 16V electro

38



39

ETI 484

Fig. 5. Printed circuit layout.
Full size 200 x 75 mm.

Photo showing how the resistors are connected

to the rotary switch.
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DIN CONNECTORS

Many amplifiers and tape recorders of European or Japanese origin are equipped with DIN
connectors. The pin connections for these connectors are standardized in accordance with
IEC* recommendations which are given here.

Most equipment will be wired to this convention. The type numbers given are those
designated by the IEC and may be different to those assigned by individual manufacturers.

*International Electrotechnical Commission.

1~ 1 1 -
L C
CE a2

&

;3 D SN

Fig.1a. Example of using the type 05 connector inserted in position
A. Both speakers are operational.

1=

Fig.1b. With the connector reversed, in position B, the internal
speaker is disconnected.

Notes 1. — The numbering of the contacts is shown as seen on the 2. — The same connectors are used for monaural and
mating face of the connector. stereophonic systems.
3. — Normally, it is recommended to connect the shell of 4. — The pin connector Type 05 can be inserted in a socket
the plug to terminal 2 of the connector to ensure connector type 08 in either of the two positions A or
that the screen is earthed. B. The switch is actuated by the short round pin 1,
when the pin connector is inserted in position B.
TABLE 1
c (71:( B (7 1EC Type designa(ion’*-r T " Connections T ]
ontact arrangemen P Socket | icati | — e B N R
See Note 1 Pin Socket Application 1 2 3 a T 5
. conpegor_vconnector j_ . o 4 s L 1 o - v 1
Monaural system
(balanced) Hot lead Return lead
01 02 Microphone M —
lonaural sys
(unbalanced) Fotilead
T . S S — —_— — —_— _— -
MALE | Stereophonic system Hot lead of Return lead of Hot lead of Return lead of
PLUG {balanced) left-hand channel left-hand channel right-hand channel | right-hand channel
Microphone — 1 | — T - T
| Stereophonic system Hot lead of Hot lead of
{unbalanced) left-hand channel | right-hand channel
— —— 1 — — _ — S —
Record player Monaural system . Hot lead Connected to 3
Screening; !
03 o  E— E— — | earth S T
| . Hot lead of Hot lead of
FEMALE See Note 2 | Stereophonic system left-hand channel [ right-hand channel
SOCKET L N 1 I = R I .
Tape recorder Monaural system Input signal Output signal Connected to 1 Connected to 3
—_— - = — — - —_— R T
| . ) . . .
q Input signal Qutput signal Input signal Output signal
SeeNote2 | Stereophonic system o jefy'hand channel | 528 NOt€ 3| i¢ lett hand channel | of right-hand channel 'of right-hand channel
I | — ! S _ N E— R s —
o7
06 09 Loudspeakers
—— -+ 1 F — — — - — - — — 1 — —
08
9 D E See Note 4 Loudspeakers
2 3 A‘l
b  E— Hot lead | Returnlead —— —————t+——
(
05 . Low Loudspeaker
impedance | with or without switch! |
See Note 4 | loudspeaker | [
D ! | | |
| | | |
| | ] I | I

* all connectors have the prefix 130-91EC
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THPE

NOISE LIMITER

Cut down tape hiss by adding this unit to your cassette recorder.

DESPITE the small size, the perform-
ance obtainable from a cassette tape in
a good recording deck is quite remark-
able. In fact the latest top quality decks
are so good that it is difficult to tell the
difference between the recording and
the original sound.

Unfortunately this is not true of the
cheaper units — in which 'tape hiss’ can
be very prominent. Tape hiss is caused
by random irregularities in a tape’s
surface coating. The effect is common
to all tapes but some are marginally
worse than others.

The annoying characteristic of tape
hiss delayed the acceptance of cassette
tape recorders in hi-fi systems for some
years - until the advent of the Dolby
system which was primarily developed
as a cure for the phenomenon.

The Dolby system is often misunder-
stood - it only works if the cassette
tape itself has been recorded using the
Dolby process — and few commercially
produced tapes are. Unless the tape
cassette says specifically that it is Dolby
processed then it's not! You can of
course record your own tapes using
Dolby if you own a Dolby machine.

To overcome this limitation a
number of cassette recorders are fitted
with noise reduction circuitry which
reduces the level of hiss on non-Dolby
recordings. Most of these noise reducing
circuits work by progressively reducing
all high frequency signals when the
output level falls below a preset
minimum. Above that minimum level
all sounds are allowed through because
tape hiss cannot be heard once the
sound level is substantially louder than
the hiss. This effect is called ‘acoustic
masking'.

The circuit described in this project
is a simple but very effective unit which
may be used with any cassette recorder
which is connected to a hi-fi system.
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The unit should preferably be
connected between the cassette recorder
and the amplifier input — using short
lengths of screened cable and suitable
connecting plugs. If you really know
what you’re doing it may be actually
built into the tape recorder or amplifier.
Alternatively it may be connected
between the pre-amplifier and power
amplifier on those units which are so
separated (note that many apparently
integral amplifiers still have ‘pre-amp
out’ and ‘power-amp in’ connectors on
the rear panel. These connectors are
normally bridged by ‘U’ shaped links—
which should be removed to enable this
unit to be plugged in).

CONSTRUCTION

As with most projects in this series you
can use either Veroboard or the special
printed circuit board shown here.

Take the usual precautions about
inserting components the right way

round

taking particular care with the
field effect transistor Q2. Note that the
cathode lead of the diodes (shown as a
horizontal bar on the circuit diagram)
will be identified on the component by
a black band or similar marking.

Unless the leads between this unit
and the tape deck and amplifier are very
short it is advisable to connect it via
screened cable. Note that the OV line
shown on the circuit is also the ‘earthy’
side of the input/output connections.

To set up the unit simply choose a
recording with alongish quiet passage
and then adjust RV 1 for the best com-
promise between tape hiss reduction
and minimum loss of high frequency
programme content.

NOTE: If you listen only to hard rock
- where there aren’t any quiet passages
— then this unit will be of little value
to you. Its main effect is to reduce
annoying tape hiss during otherwise
quiet programme material.
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Component layout of Veroboard version.
+9V OV
PARTS LIST
ETI 071 Qe 401
e 0
R1 Resistor 4k7 0.5W 5% — ey Ny fy R3 0 ©
R2 z ™ - z o o - =] ¢+ Q2c
R3 % %2 +° 2 sc
R4 o a7 " D2
R5,R6 ™ ' "O' —L’_R4 c3
RV1 Potentiometer 50 k trimpot .:O- —Lr_ é c4>
c1
C1-C3 Capacitor 1 uF 26 V
c4 " 10 n polyester
INPUT OUTPUT
8; T’r’anS| stor gﬁ g:gg Component layout of printed circuit board version.
ROt UL Note difference in order of source(s) and
. : drain (d) of Q2 in the Veroboard version
|
y/:er:gboarc\:lloci: pc bg::ée'éy-n oﬁnd clip and pc board version of this project. This
. is in fact correct as the source and drain
of this transistor are interchangeable in

this circuit.

HOW IT WORKS

The circuit passes all frequencies
{without attenuation) if the incom-
ing signal is above a set minimum
level. Signals below the preset min-
imum are progressively attenuated
from 1 kHz upwards. The maximum
attenuation of about 10 dB is applied
at approx 10 kHz.

Resistor R4 and capacitor C4
form a fitter in which Q2 is used as
a variable resistor with the degree of
resistance dependant on gate voltage.
Thus, if the input voltage .is at or
near OV then Q2 appears as a low
resistance and C4 is in circuit. If on
the other hand the input signal is

higher than (say) four volts negative,
Q2 has a very high resistance and C4
is effectively out of circuit.

The voltage applied to the gate of
Q2 is that derived from Q1 — after
rectification by D1 and D2.
Transistor Q1 amplifies the input
signal and with RV1 in minimum
position, input signals above 10 mV
or so will cause Q2 to be off.

Increasing RV1 raises the leve!
below which high cut will occur. The
change from full to zero cut occurs
over a range of approx 5 dB input
level change.

L0113

Foil pattern for pc board
— shown full size.
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Project 446

AUDIO

LIMITER

This simple but effective unit can be used as a limiter, automatic
volume control or voltage controlled amplifier.

A LIMITER IS A FORM of compressor
which operates only when the signal
exceeds a certain predetermined leve!.
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 amplifier
having a range of about 55 dB. A
typical application of such a device
would be a remote volume control.
1t should be noted, however, that
although the transfer function of such
a voltage-controlled amplifier is fairly
sharp, two of them may not necessarily
track perfectly due to differences in the
FETs in the ICs. Thus on our proto-
type 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

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
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Specification ETI 446

Input voltage 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

Tmv-10V
%+ 3dB 10 Hz — 20 kHz

3mVv

70dB re 1V out
see graph

47 k

26 dB
40 dB

55 dB
+8Vto*16 Vde
at 5 mA




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 are junction FETs which unfor-
tunately require a negative voltage to
turn them off. However, there is a
suitable alternative, the 4049 CMOS

IC which contains six inverting buffers.
By suitable interconnection the IC
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 originally we intended
to use the LM382 but, because of cost
and availability considerations, we
finally decided to use an LM301 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.

Vee
=
J1 R : | P
IN N out
I l jvss

Fig. 6 Internal circuit diagram of one of the
six inverter stages in the CMOS 4049 IC

USES OF 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. [n 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 applications.
For example, it may be used as a
remote control 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
example, 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.

Construction

Although a printed-circuit board is not
essential it certainly makes construction
very much easier. Before assembly
decide whether a limiter or an AVC is
required as the 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, be-
tween 470 and 4k7. The transistor

type specified is available from a number
of different manufacturers but pin
connections are different — the overlay
shows connections for the Philips type.
If a 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

EM °

Fig. 5. Printed-Circuit layout for the limiter.
Full size 58 mm x 110 mm.

the 33 pF capacitors.

Although the CMOS ICs 4449 and
4009 are electrically similar 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.

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.

Fig. 4 Gain versus control
voltage with R2 = 47k

+45,

+40

*35

*30

GAIN

INPUT VOLTAGE
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AUDIO LIMITER

R10
1k
NMNV—O0
LEFT
OUTPUT
C1 R1
47 a7k
LEFT =
INPUT
R2
°‘_| a7
D1
== 1 1N914_v_
BC548 PHILIPS
ONLY [1 _] 'VVV“’V
3 ; A 2 4 63 A
E = b bos 5 v:A4“7
[ = i R11 +
5:} 1 'L'
4049 1 T— NV — » —~— AAN—
20l Ic1 R12 R14
1 16 1 8 ) l
4049 A ™ cs I R13 10k
16 9 47 470k D2 =+
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10 12 15" | = R22
l ];; , _L cn *132153 +Ve
R17 R19 C10__ 33p i
BC548 47k 47k 22n ;E
o 3 |g R24
be
9| 301 RIGHT
‘ OUTPUT
c9 R15 R21
:ﬂ 47k 470k
oW\ —- A—y—
RIGHT
c14
INPUT
R16 10p
"1 3¥ my I
- = c12 msf
Tll;ﬂ 4u7j. R23
Fig. 1. Circuit diagram of the limiter. ~ = 1k Ve

The circuit basically consists of a
voltage-controiled attenuator followed
by a low-noise amplifier with a gain
of 46 dB. The output of this 1mplifier
is rectified to generate a dc voltage
which is used to control the
attenuator.

The variable element in the atte
nuator is an enhancement moae
FET. This is made from a CMOS
hex-inverter I1C, the 4049, by special
interconnection. The difference
between enhancement mode FETs
and the normally available depietion-
mode junction FETs is as follows:
The enhancement mode FET has

How it works ETI-446

a high resistance between source and
drain when the gate is at zero volits,
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 require-
ment by a pair of transistors
(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 to 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
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PARTS LIST ETI 446

Resistors

R1 47k B W 5%
R2 4k7 " "
R3-R5 47k " "
R6 2k2 " "
R7 470k " "
R8-R10 1k " "
R11,12 ™ " "
R13 470k " "
R14 10k " "
R15 47k " "
R16 4k7 " "
R17-R19 47k " "
R20 2k2 " "
R21 470k " "
R22-R24 1k " "
Capacitors

C1 4u7 25 V electro
C2 22n polyester

C3 33p ceramic

C4,5 4u7 25 V electro
C6 10p ceramic
C7-C9 4u7 25V electro
Cc10 22n polyester

cn 33p ceramic
C12,13 4u7 25 V electro
c14 10p ceramic

C15 4u7 25V electro

Semiconductors

Q1-Q4 Transistors BC548
D1,2 Diode 1N914

IC1 Integrated circuit 4049 *
1C23 " " LM301

Miscellaneous
PC board ET1 446
9 PC board pins

*Do NOT substitute a 4009 or 4449 as
the input protection is different. Nor
should a Philips or Signetics type be used
as these have a buffet output and cannot
therefore be connected for use in the
linear mode required for this project.

ihe resistance of the FETs and thus
increases the attenuation. tending

to prevent the output from changing
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
acrcss 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 for release.

OUTPUT VOLTAGE

VOLTS

m VOLTS

RIGHT
INPUT

| RIGHT
25 OUTPUT
Py

LEFT
——
OouUTPUT
LEFT
INPUT D1
o—— —\/e
@)
Fig. 2. Component overlay.
Fig. 3 Input versus output voltage for various values of R2 {and R16)
Distortion at 1kHz for R2=4K7 and R2=47K are also shown.
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Reprints of many of our most popular projects are available in book form. Top Projects Vols 4 and 5 and our Test Gear
book are available from most newsagents or directly from us. Our address is:— Electronics Today International,
15 Boundary Street, Rushcutters Bay, NSW. 2011. The Synthesizer book is available only from us and a limited

number of specialist suppliers — it is not sold by newsagents.

AUDIO EXPANDER COMPRESSOR.
§50-100 WATT AMPLIFIER MODULES.
AUDIO LIMITER. SELECTA-GAME.
AUDIO PHASER -

IECTS
10 PROEZE

ALARM. TRAIN
CONTROLLER. ACTIVE ANTENNA.
GSR MONITOR. DYNAMIC NOISE
FILTER. SELECTA-GAME. 'SCOPE
TEST YOUR CAR. TEMPERATURE
METER. UNIVERSAL TIMER. KITS
FOR ETI PROJECTS. 50-100 WATY
AMPLIFIER MODULES. GENERAL
PURPOSE POWER SUPPLY. AUDIO
LIMITER. TEMPERATURE ALARM.

TOP PROJECTS VOL 4
Published in June 1977. Projects
include Audio Expander/
Compressor, 50-100 Watt Amp
Modules, Stereo Amplifier,
Dynamic Noise Filter, Audio
Phaser, Audio Limiter, TV Game,
Swimming Pool Alarm, Train
Controjler, Car ‘Scope Testing.
Temperature Alarm, Active
Antenna, GSR Monitor.

$3.00 plus 45 cents post and
packing.

TOP PROJECTS VOL 5
Published in 1978. Projects
include Shutter Speed Timer,
Ultrasonic Switch, Accentuated
Beat Metronome, Marine Gas
Alarm, House Alarm, White Line
Follower, Induction Balance
Metal Detector, Photographic
Strobe, Simple Compressor
Expander, CB Power Supply.
$3.00 plus 45 cents post and
packing.

International
3600 and 4600
Synthesizers

U 4 MODERN M AGA ZINES publication

INTERNATIONAL 3600
AND 4600 SYNTHESIZERS
A totally revised and updated
reprint of ETI's phenomenally
successful music synthesizer
book.

This book has been beautifully
printed on heavy art paper and
has a sturdy cover varnished for
protection.

Available only from ETI and
some kit set suppliers $12.50
including postage and packing.

TEST GEAR

Pubiished in June 1977. Thirty
metering and power supply
projects including Audio Level
Meter, Impedance Meter, Audio
Millivoltmeter,SimpleFrequency
Counter, Phase Meter,
Temperature Meier, Audio
Signal Generator, Tone Burst
Generator, Cross Hatch/Dot
Generator, RF Signal
Generator, Logic Probe.

$3.00 plus 45 cents post and
packing.

TEST GEAR|

mummm

Electronics Today International

hobby projects.

4600 and 3600

SYNTHESIZERS

Complete plans for the Electronics Today International 4600 Synthesizer are now available in book form.
Many hundreds of these remarkable synthesizers have been built since the series of construction articles
started in the October 1973 issue of Electronics Today.
Now the articles have been re-printed in a completely corrected and up-dated form.

The International Synthesizers have gained a reputation as being the most flexible and versatile of
electronics instruments available.
They have been built by recording studios, professional musicians, university music departments and as

This book is available now as a limited edition of 2000 copies only.

Ensure your copy!

Send $12.50 to Electronics Today International,
15 Boundary Street, Rushcutters Bay,2011.
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THREE-WAY
SPEAKER

SYSTEM

A high quality system suitable for use with
conventional hi-fi amplifiers to 100 watts — or
with ETI’s active crossover and separate amps.

MANY of our readers have asked us to
publish a design for a medium to large
sized three-way speaker system.

As we were in any case planning to
design an enclosure suitable for our
previously described active crossover
we decided to kill two birds with one
stone and to design an enclosure
suitable for either purpose.

We originally started our
investigations by wusing a design
supplied to home constructors by one
of the major speaker manufacturers.
Surprisingly we found that the original
design had a number*of failings — to
the extent that little has been retained

except for the original cabinet
dimensions.

Several problems had to be
overcome. Firstly, the original

enclosure was found to cause bad
colouration due to flexing of cabinet
walls. Consequently the first
modification was to brace the box
walls. It was then determined that the
sensitivities of the three drivers were
different, the main problem being that
the mid-range was about 4 to 5 dB
cdown on the tweeter and the woofer.
This problem was overcome by adding
an attenuator network to the tweeter
and by winding coil L1 with two to
three ohms resistance for the woofer.
The increased dc resistance of the coil
attenuates the woofer slightly as well
as allowing a much cheaper coil to be
used. Both coils in the bass mid
crossover (L1 and L2) were wound
this way as a higher resistance in the
coil L2 does not have any serious
effects and avoids the necsssity of
using two different coils.

. Tests then showed that the crossover
frequencies were higher than they
should be and there were deep holes in
the response. This was caused by the
rising impedance of the drivers in the
crossover region which caused

Fig. 2. Frequency response of the con-
ventional system. Large dipsin the response
between 3 kHz and 10 kHz are due to
measuring microphone positioning not to
speaker deficiency.
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THREE-WAY SP

EAKER SYSTEM

I
o 6.8:F 11 . o I . o o
% ce | ' i
. 6.8uF l 0 R5 R6 R7
—— : 100 < 100 < 109
L1
2.8mH T"_> | l
6.8uF l|.2
INPUT 2.8mH
‘C3 I c8 0.4mH
6.8uF_L — | ATuF +
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c1 100 < 100 | XEE
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T ‘3:3#;1_ WOOFER| |
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Fig. 3. Circuit diagram of the three way crossover. If crossover amplifier is used only the components to the right of the dotted line are

required.

impedance mismatch and phase errors.
This was cured by adding
compensating networks, R1, R2 and
C4 for the woofer and R3, R4 and C8
for the midrange, to control the
impedance presented to the crossover
network. This restored the crossover
frequencies to their proper positions
and smoothed out the response
considerably. Further tests showed
that the positioning of the drivers in
the original system was causing
cancellation between woofer and mid,
and mid and high off-axis and the
drivers were therefore positioned in a
vertical line. This improved the
smoothness of the off-axis response
considerably.

Finally a new 50 mm dome midrange
(AD 0210/SQ8) was substituted for
the 125 mm cone type (AD

5060/SQ8) specified for the original
system. Although the 50 mm unit is
much more expensive it has similar
sensitivity but wider dispersion and
considerably lower distortion. If
expense is a limiting factor however
the cone type will give quite
acceptable results. Note however that
the mounting hole for the 50 mm
dome is 112 mm and is /arger than
that required for the 125 mm cone
type (108 mm).

CONSTRUCTION

The Craossover.

All the crossover coils are wound
with 0.063 mm (22 B & S) wire. Coils
L1 and L2 are wound on a 13 mm
former and coils L3 and L4 are wound

The completed crossover network contains all the components for the conventional three-
way system. The same board may be used if crossover amplifier is used simply by leaving off

the unnecessary components.

50
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on a 10 mm former. These coils do not
have many turns and are quite easily
wound by hand. Try to keep the turns
in layers as far as possible but some
jumbling of turns will not materially
affect results.

Polyester capacitors should be used
in all positions except for C4 and C8
which may be non-polarised
electrolytics. Note that the resistors
are made up by series — parallel
combinations of 10 ohm half-watt
resistors. This is cheaper than using
individual high-power resistors for
these positions.

The polyester capacitors are available
from many sources including Philips
and Soanar. Space has been allowed
for the physically largest type.

After mounting all components on to
the boards, attach leads to the

PARTS LIST — ETI 439

R1-R11 Resistor 10 ohm 12 W 5%
C1-C3 Capacitor 6.8 polyester
C-4 " 33 UF non
polarised electro
C5-C7 ' 6.8 UF polyester
cs8 " 4.7 {.IF non
polarised electro
C9,10 " 3.3 UF polyester
t1,2 Inductor 2.8 mH see table 1
L3,4 " 0.4mH " " "

PC Board ETI 439

Philips AD12100/W8 woofer

Philips ADO210/SQ80r AD5060/SQ8
mid range

Philips AD0160/78 tweeter

Wood Box to Fig. 5.

TWEETER
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Fig. 4. Component overlay for the crossover.
crossover long enough for |later the box are 756 x 496 x 320 mm. Two shown in the drawings. A further
connection to the drivers, and to the boxes may both be cut from a single brace between centres of front
rear panel terminals. 1800 by 1200 mm sheet of 18 mm and rear panels may also be
veneered pine board except for the added. Cleats of 19 mm square

The Box.

The enclosure volume is 82 litres (2.9
cubic feet), the outside dimensions of

Fig. 5. Box dimensions for
the three-way system.

front and rear panels which are cut
from plain 19 mm pineboard. The
internal bracing is 45 x 19 mm hard-
wood glued on edge in the positions

timber should be glued into all internal
corners of the box and care should be
taken to ensure that the box is
absolutely airtight.

NOTES

ALL OUTSIDE WOODWORK
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THREE-WAY SPEAKER SYSTEM

TABLE 1

INDUCTOR WINDING DETAILS

L1,2

28 mH

300 turns

0.063 mm (22 B&S) wire

25 mm inside diameter 13 mm
long

| _4X DIA.
L34

0.4 mH [

130 turns

0.063 mm (22 B&S) wire i }x
[
|

20 mm inside diameter 10 mm
long

2X DIA.

|

Fig. 6. Dimensions of bobbins used to
wind coils L1 to L4. ForL1and L2
‘x’=13mm, for L3 and L4 'x’ =

10 mm.

The prototype speaker with grille removed.
The plugged holes were for trial positioning
of midrange and tweeter.
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Fig. 7. Assembly diagram for the ~
cabinet. ~
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The box should be lined on all sides
and the back with 50 mm — thick
fibreglass and the cross-over network
mounted in the vicinity of the woofer.
Mount the terminals to the rear panel,
connect them to the crossover
network and drape the leads for the
drivers out of their respective holes.
Roll out some plasticine such that its
diameter is about 2 or 3 mm and apply
it around the circumference such that
a good seal will be obtained when the
driver is mounted in position. Finally,
carefully fit the drivers into their holes
and secure them with wood screws.

If an oscillator is available drive the
speaker with a low frequency, about
20 to 30 Hz, and listen carefully to
determine if there are any air leaks.
These will be evident as whistling or
hissing sounds. If any leaks are found
they must be cured as the performance
of the box will otherwise be adversely
affected.

Make the grille frame from 18 mm
square timber and staple or glue the
grille cloth to it. Finally polish the
boxes by any suitable method — we
found that a Scandinavian-oil finish is
easy to apply and looks very
professional.

Electronic Crossover.

This speaker system may be used in
conjunction with ETI’s active cross-
over network (pages 27 to 33) and
separate bass and mid/high range
amplifiers. The ETI 480 amps described
on pages 102 to 108 of this book are
particularly suitable for this purpose.

The woofer should be driven from
one channel and the mid/high range
drivers from the other. Thus the mid/
high drivers still require a passive cross-
over (three separate amps may of
course be used but we have found that
the increase in performance by so doing
is absolutely marginal). Thus three
terminals will be required on the input
panel: one for woofer input, acommon,
and one for mid/high.

The crossover required for the
high is that to the right of the dotted
line in Fig. 3. Note however that with
this system the woofer must be
connected in the same phase as the
mid-range rather than in anti-phase
as shown in Fig. 3,

Fig. 8 Printed circuit layout for the crossover board. Full size 224 x 113 mm.

53



ETI400
SPEAKER SYSTEM

Acoustic suspension design has big sound.

e

u“‘“‘,u“
EVER since we published our
extraordinarily successful Magnavox

8-30 speaker design some five years
ago many readers have asked us to
design a loudspeaker system that had
at least equivalent performance but of
smaller overall dimensions.

The design published here will we are
sure satis‘y the needs of these readers.
It is an ‘infinite baffle’ design based on
Philips drive units.

When we first started to investigate
this project, we based our prototype
on a system described in the Philips
Elcoma publication ‘High Fidelity
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Loudspeakers and Enclosure Designs’.

The Elcoma design is simple and
effective but the basic cross-over
network does not really do justice to
the truly excellent design of the drive
units specified. It just is not possible
to obtain really top-class performance
from a multi-speaker enclosure unless
a good cross-over network is used. And
a good cross-over network cannot be
built cheaply.

Initial experiments showed that truly
excellent performance was obtainable
using a better cross-over. This being so
we concentrated on designing the

The cross-over network
described in this article must be
used exactly as specified if the
intended performance is to be
obtained.

A simpler version of this
network — or a simple series
capacitor — is not ‘almost as
good’. Suppliers are warned that
to market the ETI 400 design in
any other than the form
specified here is a breach of the
Trades Practices Act.

enclosure  before  finalising  the
cross-over network described later in
this article.

THE ENCLOSURE

The design of an enclosure for an
acoustic suspension speaker system is
determined by making compromises
on three basic quantities:

(1) The volume of the enclosure.
(2) The efficiency of the system.
(3) The low frequency cutoff.

There is no mandatory volume for an
acoustic suspension system but tests
over hundreds of different systems
have shown that the optimum volume
for a 200mm (8 inch) driver lies
between 14 litres (0.5 cu ft) and 42
litres (1.5 cu ft). The 14 litre enclosure
will  sacrifice bass response and
efficiency but will handle more power
whilst the 42 litre enclosure has
extended bass response is more
efficient but will handle much less
power. We opted for a 20 litre (0.7 cu
ft) enclosure as the one which offered
reasonable bass response and good
power handling with the particular
driver being used. (This is in contrast
to the recently released kit from
Philips using the same drivers that has
a volume of 15.6 litres — which in our
opinion sacrifices bass response for a
smaller albeit cheaper enclosure).

The ET! 400 speaker uses the Philips
203 mm (8’’) bass driver and the 25
mm (1°’) dome tweeter.

The dome tweeter is known to be
more efficient than the bass driver —
in fact our measurements showed that
this was of the order of 4 dB. We have
therefore inciuded a 4 dB resistive
attenuator pad before the tweeter to



match it to the woofer. (Philins have
specified an 8 dB attenuator for their
recently released kit but both
measuring and listening tests confirm
that 4 dB attenuation is better). The
resistor pad has a fortuitous
advantage in that it provides extra
tweeter damping, considerably
improving its sound — especially at the
top end where the undamped tweeter
(due to crossover impedance) tends to
be a little harsh.

The resistive pad and tweeter is fed
from C3 and L2 (see Fig. 3) which
form a 12 dB per octave high pass
filter allowing only frequencies above
2.2 kHz to pass — a 12 dB per octave
crossover must be used if damage to
the tweeter is to be avoided. Some
people who built up the Magnavox
8-30 system, previously described in
ET!, complained of tweeters burning
out. We investigated many of these
complaints and found that the
problem was caused by using a single
capacitor feed to the tweeter rather
than the specified network. The
Philips tweeter has a pronounced
resonance around 900 Hz and if this is
not adequately suppressed the tweeter
will be damaged by excessive cone
excursion at this frequency.

A 12 dB per octave network has also
been provided for the woofer and
again this should be used if proper
mid-range response is to be obtained.
Network R1 and C1 provides
compensation for the rising impedance
of the woofer (with frequency) and

effectively keeps the response
reasonably level up to the crossover
frequency.

Capacitors C2 and C3 should be
polyester types — not non-polarized
electrolytics! However C1 may be a
non-polarized electrolytic if desired.

The coils should be of air wound
construction (see winding details) and
not of the iron cored variety. lron
cored coils tend to saturate at high
levels, producing a very nasty kind of
distortion similar to amplifier clipping.

Resistors R2 and R3 may be
constructed from jug element as
follows. Measure out a length of jug
element having the required resistance
and wind it around the body of a 1
watt resistor (any value above 100
ohms) soldering one end to each of the
resistor leads. The wire may be fixed
in position on the resistor by a little 5
minute epoxy.

Note that the tweeter is connected
out-of-phase. This is necessary due to
phase shifts in the crossover.
Conventional connection results in a
deep hole in the response at about 3 to
4 kHz in addition to a 10 dB peak at
around 2 kHz!

The coils may be hand wound, in
accordance with Table |, on the
former shown in Fig. 4.

e —— RN
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The completed speaker
before front panel is
painted or grille cloth ! LS
fitted.

We must emphasize again that the
crossover is the heart of any good
speaker design. The circuit as
described for the ETI 400 must be
used if good results are to be obtained.

CONSTRUCTION

Dimensions of the enclosure and its
assembly are illustrated in Figs. 1 and
2. Note that 19 mm square cleats
should be glued into all corners. It is
absolutely essential that all joints be
airtight, for, if the enclosure leaks at
all, the air rushing in and out will
produce hissing sounds and the bass
response will be seriously degraded.

Note that we wused veneered
pine-board for our prototypes and
hence the drawings show mitred joints
at the corners. If such joints are
beyond your woodworking capability
it may be well to use plain, unveneered
pineboard and butt joints. The whole
box may then be covered with iron-on
veneer or with self-adhesive vinyl.
Self-adhesive veneer or vinyl does not
adhere too well to plain pine-board
and tends to lift or bubble after some
time. We found that adhesion could be
improved by applying one coat of
clear lacquer to the pine-board before
veneering. This has the effect of
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Frequency response of the ET1400 speaker system.
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TABLE 1 CONSTRUCTIONAL OATA

CHOKES 0.8 mH, L1 & L2

170 turns of 0.8 mm (20 B&S) on former shown in Fig.4.

RESISTORS

Resistors can be made from jug element as follows.

Standard jug element coils are 300 mm long and have a
total resistance of 38 ohms. Therefore a 25 mm length
(unstretched) will have a resistance of 3 ohms, and a
120 mm length (unstretched) wil! have a resistance of
15 ohms. That is use 8 mm of coil per chm of resistance

required.

CUTTING

Two speakers can be cut from one 1800 x 900 mm sheet
of veneered pine board (including front and back panels

if required).

Alternatively 4 speakers can be cut from one 1800 x 900
mm sheet of veneered pine board if the fronts and backs
are cut from a separate sheet of 1800 x 900 mm plain pine

board.

CAPACITORS

Any value of polyester capacitor between 5.6 and 6.8uF
can be used for C2 and C3 if difficulty is experienced in
obtaining the correct value. Both must be the same value.
Such change will shift the crossover frequency slightly

but will not have other serious effects.
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sealing and strengthening the
pine-board surface thus preventing
veneer lift due to break-up of the
pine-board surface.

When the box is completed paint the
front panel matt black and finish the
veneer surface as desired — a
Scandinavian oil finish is easy to apply
and very attractive.

Mount the input terminals to the
back panel, the crossover network to
the inside of the back panel and
connect the terminals to the crossover.
Attach leads to the crossover for the
woofer and tweeter and drape these
leads out through the respective driver
holes.

Now line the box on all sides (except
the front) with 50mm glass wool.
Connect the leads to the drivers
(watch polarities) and mount the
drivers in position using plasticine or
sealing putty around the rim of each
driver to ensure an airtight fit.

Make the grille-cloth frame from
12mm square timber and attach the
grille cloth by stretching it around the
frame and then stapling it at the rear.
If a stapler is not available the cloth
may be glued on.

The speakers will safely handle 40
watts RMS. Although decidedly not
recommended, our lab staff fed them
with music peaking to 200 watts.
Apart from our production
department (located next door to the
lab) stopping work no difficulty was
encountered in handling this level. We
therefore consider that the system is
entirely safe with amplifiers which
deliver 40 watts RMS per channel. @

NOTES

ALL OUTSIDE WOODWORK
IS 19mm PARTICLEBOARD
COVERED WHERE VISIBLE
WITH THE DESIRED VENEER

19mmx19mm CLEATS
AROUND ALL EDGES

LINE ALL INSIDE SURFACE
WITH 50mm FIBREGLASS
{EXCEPT FRONT)

FRONT GRILL NOT SHOWN

ALL DIMENSIONS ARE
IN MILLIMETRES

SPEAKERS SHOULD BE MADE
AS PAIRS. ONE WITH THE
TWEETER ON THE LEFT AS
SHOWN AND ONE WITH

IT ON THE RIGHT

Fig. 1. Dimensions of the ET/ 400
speaker enclosure.



WOOFER
AD8066/W8

TWEETER
ADO0160/T8

Fig. 3. Circuit diagram of the crossover
network. This is the heart of the system
and must not be changed if best results are

to be obtained.
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<
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]
Fig. 2. Assembly diagram of the enclosure. g [ L L

Fig. 4. Former for winding chokes L1 and
L2. Chokes may readily be wound by
hand, try and keep wire in uniform layers
but a little jumbling will not appreciably

Fig. 5. Printed circuit affect the final value of inductance.

layout for the cross-
over network. Full
size 145 x 78 mm.

WOOFER
INPUT
TWEETER

+

+
+
+
r-—--‘ -
| |

c2
c3

R3

Fig. 6. Component
overlay shows how
to assemble the

crossover network.,
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Project 088

This hi-fi speaker can be built for only a few dotlars yet has

true hi-fi performance.

THE WAY a loudspeaker sounds is very
largely determined by the inter-action
between the actual speaker drive unit/s
and the enclosure in which it is housed
Unless the design is right the resultant
sound will be unsatisfactory — regard-
less of the quality or cost of the drive
unit used.
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This point can be taken yet further.
Some of the very best speakers made,
costing hundreds of dollars each, and
some of the very worst, use absolutely
identical drive units.

It’s not so much the drive units that
matter — it's knowing what to do with
them!

Providing the basic design is correct
it is perfectly feasible to build good
sounding speakers at quite low cost — as
this project proves. The enclosures
described are suitable for 150 mm or
175 mm diameter speakers of the
‘wide-range’ type. We chose the Philips
AD 7063/M8 which is quite inexpens-
ive, but almost any other wide-range
speaker of similar characteristics and
dimensions will do.

Most small speakers have a response
which falls away at both the bass and
treble ends of the audio range. It is for
this reason that the more costly units
have additional bass and treble drive
units. Nevertheless the response of any
simple unit can be greatly improved by
adding a simple circuit which attenuates
(cuts down) the mid-range. The effect is
that bass and treble will now be re-
produced at the correct level relative to
the mid-range. Maximum sound output
will be reduced slightly but the quality
is enormously improved.

Construction

The enclosures should preferably be
made from particle board — this is an
easily worked ‘dead’ material, idea! for
our purpose because of its inherent
ability to dampen resonances. Use
13 mm board or thicker. If thicker,
retain the /nside dimensions shown on
the drawings.

The box should be both glued and
screwed together with the front panel
temporarily in position so that the box
is held square. When the glue has
thoroughly set, sand the corners to
obtain a smooth finish and then cover
the box with wood-grained contact
paper. Allow sufficient width of paper
so that it may be folded around the
inner edges and back a couple of centi-
metres or so onto the inner faces. The
edges will be held firmly in place when
the front and rear panels are fitted.

Screw the drive unit onto the rear
of the front panel and then cover the
panel with speaker cloth or any other
material that is transparent to sound.
Fit the front panel into position and
secure by driving a few thin tacks
through the front panel and into the
cleats. The heads of the tacks may be
hidden by driving them below the
surface using a nail or centre punch.

Compensating network

The compensating network should
be mounted directly into a hole cut in
the rear panel and the choke glued onto
the panel alongside the potentiometer.
The bipolar electrolytic capacitor is
mounted across the terminals of the
potentiometer. The choke is connected
to the same terminals. The whole net-
work is then wired in series with one



of the speaker leads — it doesn’t matter

which one.

Adjust the potentiometer for the
most level response. Once adjusted
you’'ll be surprised just how good this

simple speaker sounds.

Note: The attenuating network

described in this project will greatly
improve the performance of any low

NOTE

priced speaker in which a single drive

unit is used.

MASONITE REAR PANEL

~
12mm SQUARE CLEATS
SPACED 12mm IN FROM
FRONT TO ALLOW FOR
BAFFLE BOARD AND

N\

330mm x 205mm x%
750mm

305mm

5mm IN FROM REAR
TO ALLOW FOR REAR PANEL

MAKING THE COIL

The 2 mH choke is most easily constructed by winding iton a
Philips Elcoma P26 ferrite pot core. These P26 cores have different
permeabilities which are marked on the core. Any of the types
listed below may be used with the appropriate number of turns.
Wire gauge is not critical. Anything over 0.4 mm, up to the
maximum shown in the table may be used for any type core.

Do not use a bolt to hold the two halves of the cores together;
use the Elcoma clip and then glue the completed coil into

position.

TABLE 1

CORE TYPE NO OF TURNS MAX WIRE GAUGE
AL 1600 20 1.0 mm
He 330 or AL1000 55 0.8 mm
Me 220 01 ALB30 70 0.63 mm
AL 400 70 0.63 mm
Me 150 65 0.5 mm
Me 100 80 0.5 mm
AL 250 90 0.5 mm
Me 68 95 0.5mm
AL 160 110 0.4 mm

RV1MOUNTED THROUGH
REAR PANEL

GLUE L1 ONTO REAR PANEL
NEXT TO RV1 WITH EPOXY

Fig. 1. Dimensions of the speaker box.

NOTES

SPEAKER MOUNTED TO REAR
OF BAFFLE BOARD

*DIAMETER TO SUIT SPEAKER USED
MAT:12mm PARTICLE BOARD

COVER BOX WITH WOOD GRAIN
“"CONTACT"”

205mm

\

-

TO AMPLIFIER

N

EEENEE Y

~ N
ARy

BAFFLE BOARD
203mm x 303mm

GRILL CLOTH
— ATTACHED DIRECTLY
TO BAFFLE BOARD

Fig. 2. How the compensation network is
connected. Nate that capacitor C1 isa

bipolar electrolytic, and RV1 has a minimum
rating of 2 watts.

—

TO SPEAKER

J
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ETI CIRCUITS NO 2

ldeas and data for experimenters. There
are about 200 circuit ideas in this
book. it’s not for the beginner. But
someone with a fair bit of experience
in electronics will get a lot of use from
this book. Invaluable for ideas and
inspiration.. .. ........... $2.95.

AUSTRALIAN CB

ETI

FROM ELECTRONCS TODAY NTERNATIONAL
VOLUMES PRICE $3°

o

TOP PROJECTS VOL 5
Our latest project book. All the most
popular projects which have been
published recentlyin Electronics Today.
Includes Bucket Brigade Audio Delay
Line, Howl-round Stabilizer, Trans-
mission Line Speakers ... ... $3.00.

All about CB. . How to buy and install a |

rig. How to work interstate on skip.
What UHF CB is like. How to build
accessories. Australian CB is a thorough,
simple yet authoritative guide to CB in
Australia1978 .. .......... $3.95.

SPECIALS

PROJECT
ELECTRONICS

M L 1 TRONICS TODAY publi atine

PROJECT ELECTRONICS

If you're just getting interested in
electronics this is the book for you.
There are lots of projects to build.
They‘re simple, educational and useful
too. And there’s advice about con-
structional methods and electronics
components . . . .......... $4.75.

If your newsagent has sold out, order directly from us at Modern Magazines, 15 Boundary Street, Rushcutters Bay, 2011.
Just add 45 cents to the price for post and packing
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Project 495

TRANSIMISSION LINE
SPEAKRERS

These transmission line speakers have been designed and progressively
developed by audio consultant Richard Timmins. In their final form they
have been used asreferencespeakers by oursister publication Hi-Fi Review.

IN MANY respects transmission line
speakers are an attempt to utilise the
benefits of infinite baffle speaker enclo-
sures but without the latter’s inherent
drawbacks — particularly that of restric-
ted bass response.

Theoretically, transmission line
speakers are essentially non-resonant
over the entire low frequency register.
In practice the need to fold the ‘line’
can introduce resonances and therefore
colouration in the upper-bass and lower
mid-range though these may be designed
out by suitable techniques which are
described later in this article.

Other advantages of the design include
effective isolation of front and rear dia-
phragm output, effective control of
diaphragm behaviour over the audible
frequency range, bass response extended
smoothly to the bass-driver's funda-
mental resonance (typically 25 Hz), and
effective damping at that frequency.

As far aswe can gather the first trans-
mission line speaker was developed in
1936 by Benjamin Olney and demon-
strated at the Acoustical Society of
America’s meeting in Chicago that year.
Olney's enclosure was produced by
Stromburg-Carlson for some years but
was eventually eclipsed by less costly
designs.

The transmission line principle
appears then to have been largely neg-
lected — particularly in the USA.

Arthur Radford worked on the
principle from 1950 onwards — finally

marketing his Radford Studio loud-
speaker in 1964.

A.R. Bailey of Britain's Bradford
Institute of Technology drew world-wide
attention to the transmission line speaker
in an article published in a 1965 issue of
Wireless World. Bailey packed his
labyrinth with long-fibre wool and this
damped tube-resonance more effectively
than Olney's lined walls of thirty years
before.

Bailey compared his stuffed labyrinth
to the ideal electrical transmission
which is free of signal reflections — and
test results indicated smooth, extended
low frequency response and excellent
transient performance.

BEFORE BUILDING
Do read this . ..

These speakers are costly to build and
unless you have a medium to high
power amplifier — preferably 75
watts or more — and a turntable and
cartridge to match, the benefits of
these speakers will not be obtained.
They are larger than most and heavy
to move around.

But if you accept all this you'll
end up with a pair of speakers

massively superior to most commer-
cial designs that you could buy for
their cost.

A final note: Transmission line
loading can’t necessarily be called
the ‘best’. Results from a good
transmission line speaker can be
almost unbelievably good — but
so can the results from the very best
reflex units, infinite baffles and horns.
The point to bear in mind is not
the loading principle itself — rather
how it is applied.
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Study these drawings in conjunction with the one on the following page. Note that ideally
the speakers should be built as a ‘mirror-image’ pair — that is, so that when placed in the
listening room the tweeters should be innermost.



FRONT TO REAR
BRACE 3"x1"
585 mm LONG

MID—-HIGH
ENCLOSURE

FRONT /

BRACE
3"x1"”
938mm LONG

SECTIONAL VIEW WITH ONE SIDE,
TOP AND REAR REMOVED. ALSO
NOT SHOWN ARE THE CLEATS
WHICH ARE NECESSARY ON ALL
JOINTS, (SEE TEXT}

Since those early days the trans-
mission line speaker has to some extent
become the only enclosure design
seriously considered by many hi-fi people
seeking the ‘ultimate sound’.

The Operating Principle

The basic principle is simple. it is to
load the rear of a bass driver by a tube
of ‘infinite’ length.

For all realistic audio frequencies an
adequate compromise is a tube which is
one quarter wave-length long at the bass
driver’s fundamental resonant frequency.

For the drive unit recommended
(KEF B139) this tube will be a little
over 2.5 metres long and folding it over
enables us to produce an enclosure of
acceptable size without serious perfor-
mance compromises.

It’s not quite that simple for the pipe
will produce resonances at its folds and
will also have a high-Q resonance at a
frequency associated with its length —
for the quarter-wave example discussed
this will be at about 100 Hz. Some way
must be found to ‘lose’ both the energy
causing the resonance and the resonance
itself.

There are severai ways by which such
resonances may be minimized. One is to
use many drive units, each having a
different fundamental resonance. By
careful design it is then possible to
cancel out the worst effects of the
‘staggered resonances’ to give a remark-
ably smooth response. A form of this
principle is used in IMF’s ALS-40 which
certainly isn‘t the simple infinite baffle
device it appears to be at first sight!

Another method of reducing reso-
nances is to fill the tube with a damping
material — and this also increases the
effective length of the tube by slowing
down the sound travelling within it.

Various materials may be used for
this damping. One of the best is long-
haired sheep wool; glass-fibre may also
be used, it is less effective than wool but
tends to be more constant in its physical
characteristics.

Resonances caused by the folds in the
tube can be minimised by increasing the
density of packing material at these
points but a far more effective cure is to
use a suitable mid-range driver which
takes over well below the point at which
the lowest resonance frequency occurs.

Sub-audible Noise

If the tube is correctly packed almost all
of the sound radiated from the rear of
the bass driver’s diaphragm will be ab-
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sorbed. Only those frequencies below the
driver’s bass resonance will reach the far
open end of the tube. But those frequ-
encies which are not absorbed cause
problems, because at frequencies below
resonance the diaphragm ‘sees’ a very
much smaller load and even low level
signals at such very low frequencies will
produce large diaphragm excursions.

This sub-audible problem is the major
drawback with transmission line
speakers: even the quiestest turntables
produce some sub-audible noise, and
modern amplifiers of the quality and
power output required to do justice to
the speakers will provide a goodly
amount of amplification of that noise.
It’s also most disconcerting to watch thc
bass diaphragms of transmission line
speakers emulating the swoop of the
pick-up arm as it traces a warped record.
You may argue that your turntable is
quiet, that you have optimized your
pick-up arm and cartridge to reduce
resonant effects — yet every record
carries some sub-audible noise intro-
duced during manufacture of the master
by the cutting lathe itself and the cutter
head mechanism,

In itself, reproduction of sub-audible
noise isn’t disastrous — it's too low
to be heard. But it does affect repro-
duction indirectly by effectively
restricting diaphragm movement and by
creating intermodulation components
and attendant harmonic distortion. The
first problem is the greater — and you
can visualise how the bass unit would

F1

‘bottom’ if the diaphragm were close to
its limit of movement due to a sub-
audible noise whilst a high level musical
note was simultaneously superimposed.

The cheapest, simplest and most
effective cure is to ensure that the sub-
audible noise doesn’t reach the speaker
in the first place. A high-pass or rumble
filter, operative below 30 Hz and having
a slope of at least 18 dB/octave is very
effective.

Many high-power ampilifiers are
already fitted with the necessary filter
network but for those who own units
which aren’t, a simple and very effective
filter design was published in Electronics
Today International in October 1974,
(Photostats of this design are obtainable
from ETI for $1.00.)

Selecting the Drivers

The first step is to select a suitable bass
driver. A long-throw device is essential
since a properly designed enclosure will
maintain constant output down to the
lowest audible frequencies — thus even
the diaphragms of iarge drive units will
be called upon to make long excursions.

The cross-sectional area of the tube
must be equal to or greater than the
radiating surface of the drive unit’s
diaphragm and therefore the size of the
bass driver will largely determine the
final size of the enclosure.

A suitable bass driver, combining all
the required properties including an
ultra-rigid low-mass diaphragm, is KEF's
B139. This driver has a low fundamental
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Components for the crossover network are both large and expensive. Don’t try
to economise though, as the design shown is vital for optimum performance.
Note that R3 and R4 may be left out if the Celestion HF drive units are used.
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resonance and its radiating surface and
throw is sufficient to enable bass funda-
mentals to be reproduced at adequate
listening levels in the home — but it is
not so large that the enclosure becomes
of unwieldy size. In addition matching
mid-range (B110) and treble units
(T27) are available from the same
manufacturer and these require minima
compensation for use with the loaded
B139.

Our own reference units use the
B139 and B110 but we use Celestion
tweeters (HF1300) and super-tweeters
(HF2000). These latter require slightly
more attention to matching but provide
marginally better performance in our
own enclosures.

Construction
At this stage then we need a bass driver
mounted in an enclosure which is in
reality a folded tube stuffed with
absorbent material. The effective length
of this tube is related to the fundamental
resonant frequency of the bass driver
and is open at the far end. The tube has
a cross-sectional area no smaller than
the diaphragm surface of the bass.
Making the tube isn’t that difficult —
anyone who's tried to produce a folded
norn wouldn’t think twice about making
a transmission line. Even the legendary
Jim Kelly who was once observed re-
pairing a gas chromatograph with a 4Ib
coal hammer successfully built a pair —
and they were magnificent!

Dimensions are not overly critical —
except for length which should be within
a couple of centimetres of the specified
length. The tube should preferably be
tapered — so as to reduce or preferably
eliminate parallel surfaces and hence
standing waves.

All panels should be cut as accurately
as possible, particularly the internal parti-
tions. Check each panel against the job
before securing it; an error during the
cutting stage could prevent the enclosure
from fitting together correctly.

The most suitable material for the
enclosure itself is 19 mm particle board,
wood veneered preferably, otherwise
with plain finish. Pre-veneered board
is easier to finish, although ideally it
should be mitred at the corners where
top and bottom panels join the sides.
All joints should be glued using a
PBA woodworking adhesive such as
Aquadhere, and should be pinned and
clamped whilst the glue is setting.

The most secure way to fix the
internal partitions is to groove the side
panels and cut the partitions slightly
oversize to rebate into the grooves. But
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Finished enclosures should be
located in the listening room
such that tweeters are inner-
most.

-

this will be beyond the means of most
constructors (unless you have access

to an understanding cabinet-maker).
Cleats, made of offcuts of particle
board, or suitable timber, should be
provided to give good anchorage. Extra
bracing is also an advantage; longitudinal
bracing on the 13 mm internal parti-
tions is worthwhile.

Our own units were built by first
attaching top and bottom panels to one
of the sides. The partitions and mid-
range sub-enclosure were then added,
followed by the rear panel to which
connecting terminals and a fuse,
mounted on a laminated plastic panel,
had already been glued. Wiring was
also added at this stage. Next came the
front panel — of plywood since this
offers greater strength when apertures
for drive units have been cut.

All drive units should fit flush; if a
Celestion HF 1300 is used, this is
designed to be fitted from inside and
not from the front. The front panel
apertures should therefore be rebated
out to accept the drive unit fixing flang-
es. This involves some rather fiddly chisel
work unless you have access to a
router.

Once the five sides, partitions and
midrange enclosure are in position,
the drive units can be mounted and
wired to the crossover, which can be
placed either on the inside face of the
rear panel or on the platform behind the
bass unit. The latter position is probably
best since it gives access to the network
via the bass unit aperture — far easier to
remove than the remaining side panel,
which should, ultimately, be glued in
position once the enclosure is complete.

Drive units originally chosen for
our own units were the B139 for bass,
KEF B110 for midrange, KEF T27
tweeter and STC 4001K (8 ohm).
Later, the T27 and STC were swopped
for Celestion HF 1300 and HF 2000

respectively, (available from the
Australian distributor, M&G Hoskins).
However, the latest version of the

KEF T27 s a vast improvement over
the earlier model, and for economy this
driver could be used without use of a
super-tweeter. The HF 1300 exhibits
roll-off above 15 kHz and should there-
fore always be allied to a super-tweeter.
Eight ohm versions of both HF 1300
and HF2000 should be used, and the
drive unit positions indicated on the
plan should be adopted, since correct
phase relationships are preserved using
the crossover network shown.

Our units were filled with fibre-
glass material — the slab type, not the
rolls. This can be secured using
suitable pins, or alternatively on small
dowels inserted through holes in the
partitions and subsequently glued and
sealed. It is essential that all joints are
fully airtight otherwise the enclosures
will fail to work correctly. The fibre-
glass should fill all the available space
in the ‘line’ yet should not be com-
pressed. Density may be increased slightly
at bends in the tube. Final adjustment
is best done by careful listening and
experimenting with packing density.
That's why the remaining side panel
should be secured by screws. Gaskets
should be used to ensure the enclosure
is sealed.

Long-fibre sheeps’ wool (Dr. Bailey's
long hair!) can be used, although this is
more difficult to work with and may
settle after a period of time, with a
consequent change in performance.
Bonded acetate fibre such as Innerbond
may be used, tightly packed — although
not overtightly — in the midrange en-
closure. {t should not be used in the bass
section.

When the enclosures are correctly
packed with fibreglass, bass perform-
ance should be smooth and extended,
with no obvious constriction or
colouration. However, there may be an

apparent lack of bass energy by com-
parison with many speakers, although
fundamentals will be clearly defined and
‘tight’ sounding.

Transmission line speakers accurately
reproduce the bass that is in the
original programme material. No more
— and very little less. They don’t
manufacture bass in the form of
resonances.

Our crossover network is based on
air-cored coils supplied by Transcap
(Orchard Road, Brookvale, NSW). All
capacitors are paper or polyester, the
55 and 65 microfarad values being made
up of oil-filled paper fluorescent light-
ing ballasts from Plessey Ducon.

Values for R3 and R4 can be altered
to achieve correct balance between
midrange and treble, and these values
actually depend on the drive units
chosen. These resistors might best be left
out completely if Celestion HF drive
units are used.

Fuse protection may be considered
necessary if high levels are envisaged
— 3 amp fusing should be adequate.

The tweeters can be protected separately
by a 1 amp fuse. Fuseholders should be
fitted in some accessible position such

as adjacent to the input terminals.

Our prototypes were used for a long
period of time as a high-quality reference
speaker system for evaluating the
subjective performance of hi-fi equip-
ment and assessment by comparison or
other loudspeakers. They were used in
mirror-image form, with the enclosures
positioned so that each array of tweeters
was innermost. This provides optimum
stereo performance, since the main axis
of each speaker projects into the room,
away from boundary walls. Reduction
of reflected sound by this means was
found to provide a less anomolous stereo
image.

Reticulated foam is recommended for
the grilles since this causes less coloura-
tion than frame/fabric grilles. The
prototypes used open grilles constructed
of aluminium channel, and these proved
aesthetically pleasing and sonically
satisfactory.

Once all internal adjustments have
been made, the detachable side panels
may be secured and sealed in position.
It would be advisable, however, to
leave these panels removeable in case
access to the interiors is necessary in
the future.

Overall, the systems as described
performed admirably and despite their
size, were found to take up little
effective space due to their tall, tower-
like format. {Continued on page 83).
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* Multiple inputs

* Low noise

* Stereo outputs

* Inbuilt equalizers

* Echo facilities

* Professional design

* QOverload immunity
* Stage monitor facility

nyone who is associated with a
Apop group or band, will be

familiar with the steps one
must take to ensure optimum sound in
varied localities and halls.

Outdoors, each amplitier and/or
public address system rust be
adjusted separately to ensure sufficient
sound and optimum overall mix.

Indoors, one must also cope with the
acoustics of the particular building.

Many of the smaller groups merely
adjust their sound on stage with one
member at the back of the hall giving a
subjective indication of the sound he is
hearing. Larger groups often employ a
person whose main function is to
ensure that the final sound is exactly
as it should be (as regards volume,

mix, quality, etc).

The 8-channel mixer described in this
article will allow the total sound to be
adjusted at the one point — perhaps
the rear of the hall, while at the same
time, eliminating several expensive
amplifiers, and still ensuring an
optimum overall sound. (This is only
part of the story as the reader will
realize from the full description of the
unit).

INPUTS

As the name of the unit indicates,
there are eight separate input channels.
Each of these input channels has two
input sockets, one of 47k impedance,
and the other adjustable by changing
one resistor, {maximum 4.7k). In our
case we have a 200 ochm resistor in
circuit so we shall refer to the
200 ohm input from here on.

Each input channel has a stide
control potentiometer for volume.
This potentiometer is in series with a
sensitivity network that is adjusted by
a three position slide switch.

The remzining input channel controls
are rotary potentiometers facilitating
balance, bass, treble and echo-send
volume. We shall discuss these controls
in detail later in this article.

Each input, after passing through the
preamplifier and tone control stages, is

Versatile multi-input
mixer/preamplifier has
all the facilities required
for professional PA use.

divided to provide identical signals.
The relative level of these signals can
be varied by the input channel balance
control. The outputs from the balance
controls drive the output mixers. This
creates a stereo effect, allowing the
performers to be audibly ’positioned”’
on stage.

OUTPUTS

The unit has two output channels.
The unit can of course be modified
simply to provide one main output
and an onstage monitor output. These
receive signals from the input channel
balance controls and external echo
unit, or similar, if one is employed.
Rotating any of the input channet
balance or echo-send controls will
affect the output for that particular
input only.

There are also controls provided for
overall volume, balance and echo
volume. Finally five more rotary
controls per output channel have been
provided for frequency equalisation.
These allow compensation for hall
acoustics etc. These controls operate
at 60Hz, 240Hz, 1000Hz, 3500Hz and
and 10kHz and provide approximately
10dB boost or cut.

Two VU meters also feature on the
front panel, together with an overload
indicator  light  which  becomes
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Input pre-amps are built in modular form —
two to each board.

iluminated shouid either
exceed one volt.

Having briefly covered the various
controls and facilities provided, we
shall now describe the operation and
specifications of each section more
extensively before we commence
constructional details.

Each input channel is identical, so we
only need concern ourselves with one.

The two input jacks for each channel
are situated at the back ot the unit,
directly behind their respective control
panels.

The 47k input is typical for electric
guitar pickups, microphones and such,
but if long leads are used, problems
could arise due to hum pickup or

output

other radiated interference. |f this is
the case, a matching stage or
transformer may have to be inserted
between the input source and the low
impedance input socket.

Some microphones have an
impedance of 50k, and in this case the
same would apply if long leads are to
be used. The optimum situation is a
low impedance source (microphone
etc) into the low impedance socket,
but if there is a mismatch, a low
impedance source and a high
impedance input is preferable.

There may be situations where one
wishes to feed two or three
microphones to the same input
channel. In this case a separate low
cost mixer would be needed.

The situation above could occur for
example with adrummer or with organs
that have more than one output.

Each input employs an operational
amplifier. The gain of this amplifier is
varied by changing the negative
feedback, as is customary with this
type of device. Maximum gains of
20dB, 40dB and 55dB are available via
the volume control and the switched
sensitivity network.

The output from each input op-amp,
feeds a second op-amp which acts as a
tone control stage. The output from
each tone control stage is then fed via
a potentiometer to one of eight inputs
of an echo send mixer 1.C., and is also
split by the input channel balance
control network before being diverted
to the output channel mixers.

The output from the echo-send
mixer is brought out at the rear of the
unit. This output is intended to drive a
complete echo or reverberation unit
etc. The output from the external unit
is then fed back into the unit via
another socket to a resistive splitter,
which provides two identical signals
for the output mixers. It is important
to realize that all signals are ‘‘echoed”’
if their particular echo send controls
are turned up, and that both output
channels amplify the result equally,
as indicated above. The overall echo
gain control varies the feedback of
the echo-send mixer.

Inputs

Input impedance

(tlow impedance
input)
Tone controls
on each input)
utputs two, left and right
Output level maximum S V rms
Output impedance approx 4000 ohms
Output tone
control

SPECIFICATIONS

eight (but may be expanded or reduced — in
muitiptes of two — as desired)

(high) 47k

(low) nominally 200 ohms, but may be any preset vaiue
under 4.7k

Sensitivity (high

impedance input) 1omvVv

1mVv
bass +10dB at 100Hz treble +10d8B at 10kHz

each channel has its own equalizer providing + 10dB
boost or cut at following frequencies — 60Hz;
240H2z; 1kHz; 3.5kHZz; 10kHz
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A nine-input mixer is employed at
the input of each output channel. One
of the nine inputs is in both cases used
for echo input, while the others take
the outputs from the eight input
channels. The negative feedback of
these op-amps is varied for overall
volume control.

The outputs from the main mixers
pass through the graphic equalizers
and then to an overall balance control.
The two VU meters and the overioad
indicator are connected at the output
of the unit.

The IC employed in the preamplifier
stages is a National type LM381 dual
low noise preamplifier 1C. We have
used one IC per every two input
channels — a total of four, if all input
channels are required.

The total equivalent input noise is
specified as maximum 1uV rms with a
600 ohm source impedance, over a
frequency range from 10Hz to
10 kHz.

The open loop gain of each amplifier
is typically 112 dB, the supply range 9
to 40 volts, and power supply
rejection better than 120 dB.

Supply current is typically 10 mA
over the voltage range quoted above.
Channel separation measured at 1 kHz
is typically 60 dB. Total harmonic
distortion measured at 1 kHz with the
gain set at 75 dB is typically 0.1%.

The maximum recommended input
voltage is 300 mV, and the typical
available peak-to-peak output voltage
swing is Vcc minus two volts. This IC
is short circuit protected.

CONSTRUCTION — Preamplifier

There are four preamplifier boards
each with two channels. Assemblie the
components to each board in
accordance with the circuit diagram
and component overlay provided.
Take care not to damage the ICs with
excessive heat (use a lightweight iron
and solder quickly) and pay particular
attention to the orientation of the
TAG tantalum capacitors.

Printed circuit boards will be
available from  kitset suppliers.
However for those who prefer to etch
their own boards, a full-size pattern is
provided. Details of the connections
between the preamplifier boards and
their associated controls are given in
Fig. 1. It is suggested that leads of
adequate length should be connected
to the boards first. The boards may
then be fixed in position and the leads
routed to their respective controls.

The 200 ohm resistors across the low
impedance inputs should preferably
not be fitted across the input sockets.
Rather, they should be fitted across
the output of the low impedance
device (eg within the jack plug) itself.



This procedure will prevent excessive
noise when low impedance input is not
being used.

Equalizer

After the preamplifier boards are
assembled, we can assemble the main
mixer/equalizer boards of which there
are two. The winding data for the
inductors associated with this section
is given in Table 1.

The coils must be layer wound with
care. Jumble winding will almost
certainly prevent the full number of
turns fitting on the bobbin.

The metal panel of our unit is folded
from one piece of 18 gauge steel.
Eleven aluminium escutcheons are
used, although of only three different
types. These should be available from
kit suppliers, however should the
reader wish to make his own panels
and cabinet, diagrams of both metal
work and woodwork are published
-later in this article.

The only remaining printed circuit
board accommodates the power
supply — echo mixer, overload and
meter circuitry.

ETI MASTER-MIXER

This photograph was taken during construction of our prototype unit. The four input
pre-amps may be seen on the right. Directly in front of the pre-amps are the slide
potentiometers used for individual volume controls.

HOW IT WORKS MAIN MIXERS — EQUALIZERS

There are nine inputs to each main
mixer IC. This IC is connected in an
inverting amplifier configuration,
with the gain controlled by varying
the negative feedback. This gives a
control range from zero output to
about 30 dB gain.

‘The output from the main mixer is
direct coupled to the input of the
equalizer stage. This stage is a little
unusual, since the equalizing
networks are arranged to vary the
negative feedback. If we consider one
section with the others disconnected,
at the resonant frequency of the
series LCR combination the
impedance of the entire network will
be equal to 680 ohms. Either side of
resonance the impedance of the
network will increase (with a slope
dependent on the Q of the network),
due to uncancelled inductive
reactance above resonance and
uncancelled capacitive reactance
below resonance. We can therefore
represent the equalizer stage with
equivalent circuits as reproduced
below. These circuits consider only
one network is in circuit, the input
signal frequency is the resonant
frequency of the network, and the
resistance of the inductor s
negligible.

With the slider of the potentiometer
at the top end (Fig. 2a) we have 680
ohms to the zero volt line from pin 2
of IC2, and a 1k ohm between pin 3
and pin 2. The IC will act due to the
feedback to keep the potential
between pins 2 and 3 virtually zero,
thus there is zero current through

RV2. The voltage on pin 3 (IC2) is
therefore equal to the output of the
mixer since there is virtually no
current through and no voltage drop
across R13.

The output of 1C2 in this case is
approximately the input signal times
(RIS + 680)/680 ohms, indicating a

gain of about 15dB. If the slider is at
the other end of the potentiometer
(Fig 2b) the signal appearing at pin 3
and thus also at pin 2 is about 0.2 of
the output of the previous stage due
to the voltage division of R13 and
the 680§2. There is still zero current
through RV2 and also zero current
through R15 since there is no path.
The output voltage is therefore the
same as that at pin 2, which happens
to be about 0.2 times the output of
the previous stage. The gain is
therefore 0.2 or —13dB.

With all networks in circuit, the
maximum boost and cut will be

reduced, but a range of *10dB is still
available. With the wiper of the
potentiometers set midway — Fig 2c,
the gain will be unity regardless of
frequency, due to the symmetry of
the entire network.
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TABLE 1:— WINDING DETAILS EQUALIZER COILS

LT 1000 Turns 34 B&S wire

Core Philips 4322 022 28290

Former Philips 4322 021 30330

Clip Philips 4302 021 20020

585 Turns 32 B&S wire Core, former and clip same as L1

L3 460 Turns 34 B&S wire

Core Philips 4322 022 24280
Former Philips 4322 021 30270
Clip Philips 4302 021 20000
L4 300 Turns 34 B&S wire Core, former and clip same as L3

L5 150 Turns 32 B&S wire Core, former and clip same as L3
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Preamplifier component overlay

The main mixer and equalizer
printed circuit board pattern
shown full size.

HOW IT WORKS — PREAMPLIFIERS

Considering channel 1 of the board
only, ICl is wired as an inverting
amplifier. The gain of this amplifier is
varied by RVl — the volume control,
and set at high, medium or low by
Swl the sensitivity switch. These
controls vary the gain of the
amplifier by adjusting the negative
feedback. More feedback, less gain ,
and vice-versa.

SW1 changes the range of RV for
maximum gains of 20dB, 40dB and
55dB when the low impedance input
is employed. With the sensitivity
switch at low the minimum output of
this stage is virtually zero, while a
minimum gain of 6dB is realised
when the sensitivity is set at either
medium or high. Gains when the high
impedance input is employed are all

20dB lower than those given above.
The input impedance to the IC is
virtually zero, when used as an
inverting amplifier. Therefore the
input impedance to the preamplifier
is determined by R3 for the high
impedance input, and by RI in
parallel with R4 for the Ilow
impedance input. R9 and R7 set the
bias of the IC. The tone control stage
is a conventional feedback type.

Note that where different input
impedances from those specified are
required, the values of Rl (or R2)
required may be calculated by the
following formula

R = (4700 x Zin)/(4700 - Zin)
where Zin is the desired input
impedance.
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PARTS LIST-PREAMPLIFIER

This list contains all parts (except metal work) for a complete preamplifier and tone controls.
For an eight-channel mixer, four sets of components are required.

Resistor 200ohm 5% 12W Capacnor 1 F 35V TAG tant. IC1 lntegrated cnrcun LM381
" " ” 2 " " 1IcC2 uA741, LM307
" [JF ; roo" {metal can or
< 4 v, mini dip only)
3¢ . IC3 uA741, LM307
2 ” {metal can or
:' : mini dip only)
- PC board ETI 414A
polyester 8 knobs for rotary potentiometers
2 knobs for stide potentiometers
2 3P-3T slide switches {John Carr or
McMurdo)
3 1" spacers
4 6.5 mm phone sockets

SOX

!

oL
x

o
S X
cLRNICALN-O

XXX

potentiometer 50 k

Uy NNY
=

slide {Soanar)
" LOG 45mm
slide {Soanar)
LIN
” LIN
” LIN

N
==X

N
v
x

"

== 0N

Bt ot ot et Bt N et 1N 85 et N et P\ s et
leleloleloli)]

[elolelolalt
OXXXXX
x

—
o
o
x

o
(o=
xx

14 43 TREBLE 45

PIN 1 1S TO LEFT OF TAG, NUMBL RS
INCRE ASING ANTICLOCKWISE I O O
Ej: ] k co RV3 Cc1s
UUUOU , “ , 0.0047uF 25k 0.0047uF

-——O
ECHO SEND

Q LiN
! A TAG CAPACITOR WO L R23

1.C. VIEWED SHOWING POLARITY
FROM ABOVE
ci7
‘153': ~ c7 4.7uF
47uF  4.7uF .__‘]
HIGH +,,“ [ T

IMPEDANCE
INPUT

R3
I 47k
IMPEDANCE < C‘
1uF R11
INPUT R
R7
390k
R12
= gAss | V4

HIGH 100K

LIN
*SEETEXT 5 gfv';‘.fg_:v'w R13 49 TREBLE o i
sw1 L — 5 .
ci10
LOG — 0.0047uF 10k =
R33
R19 10k
2.2k
c18
0 s 4.7uF
RS
HIGH 3 47k 4.7uF 4 7uF T]l—‘
IMPEDANCE: i
INPUT
R6 A
LOW 4 4Tk
IMPEDANCE R14 R20 TG
INPUT 10k 15k ok et
LOG. ECHO SEND
R : L. NOTES.
1 R1S =
Ik POWER SUPPLIES OF
' Bass RV6 1.C.s ARE NOT SHOWN
= [ 100k PINOICT IS +Vce
' LIN PIN 4 IC1 ISOV
SENSITIVITY R16 PIN 7 1C2 AND IC3 IS Vec
6 SWITCH 10082 PIN 4 IC2 AND IC3 IS OV

Sw2

The circuit diagram of one of four identical preamplifier boards. 1.C. 1/1 and 1.C. 1/2 are in the same package.
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ETI MASTER

MIXER

4

eviv!l]

The printed circuit board pattern for the pre-
amplifier sections — shown full size.

Fig. 1. This diagram shows connections to

associated with the preamplifier boards. The

the potentiometers and sensitivity switches i

numbers corresponds to those on the pre-
amplifier circuit and overlay diagrams.

E
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Reprints of many of our most popular projects are available in book form. Top Projects Vols 4 and 5 and our Test Gear
book are available from most newsagents or directly from us. Our address is:— Electronics Today International,
15 Boundary Street, Rushcutters Bay, NSW. 2011. The Synthesizer book is available only from us and a limited

number of specialist suppliers — it is not sold by newsagents.

AUDIO EXPANDER COMPRESSOR
50-100 WATT AMPLIFIER MODULES
AUDIO LIMITER. SELECTA GAME

0P PROJECTS

”."

Vﬂl.' glectranics oday ’
BPOOL ALARM. TRAIN
CONTROLLER. ACTIVE ANTENNA.
GSR MONITOR. DYNAMIC NOISE
FILTER. SELECTA-GAME. 'SCOPE
TEST YOUR CAR. TEMPERATURE
METER. UNIVERSAL TIMER. KITS

FOR ETI PROJECTS. 50-100 WATT
AMPLIFIER MODULES. GENERAL
PURPOSE POCWER SUPPLY. AUDIO
LIMITER. TEMPERATURE ALARM.

TOP PROJECTS VOL 4
Published in June 1977. Projects
include Audio Expander/
Compressor, 50-100 Watt Amp
Modules, Stereo Amplifier,
Dynamic Noise Filter, Audio
Phaser, Audio Limiter, TV Game,
Swimming Pool Alarm, Train
Controller, Car ‘Scope Testing.
Temperature Alarm, Active
Antenna, GSR Monitor.

$3.00 plus 45 cents post and
packing.

TOP PROJECTS VOL &
Published in 1978. Projects
include Shutter Speed Timer,
Ultrasonic Switch, Accentuated
Beat Metronome, Marine Gas
Alarm, House Alarm, White Line
Follower, Induction Balance
Metal Detector, Photographic
Strobe, Simple Compressor
Expander, CB Power Supply.
$3.00 plus 45 cents post and
packing.

Y A ’7'('/_1.;5."./ o
z .”/,//;//’/7/
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]

A
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/,?Z.’//Z///

International
3600 and 4600
Synthesizers

v 3 MODERN M AGA ZINES publication

INTERNATIONAL 3600
AND 4600 SYNTHESIZERS
A totally revised and updated
reprint of ETI’s phenomenally
successful music synthesizer
book.

This book has been beautifully
printed on heavy art paper and
has a sturdy cover varnished for
protection.

Available only from ETI and
some kit set suppliers $12.50
including postage and packing.

TEST GEAR

Published in June 1977. Thirty
metering and power supply
projects including Audio Level
Meter, Impedance Meter, Audio
Millivoltmeter,SimpleFrequency
Counter, Phase Meter,
Temperature Meter, Audio
Signal Generator, Tone Burst
Generator, Cross Hatch/Dot
Generator, RF Signal
Generator, Logic Probe.

$3.00 plus 45 cents post and
packing.

TEST GEAR |
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R21
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v2 MR R19 4.7k
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RB 100k —] 4 7uF . _ ==
BO—
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- &7 ™MQ 24
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1819 20 1.C. VIEWED
2L rrov asove
L
[ d
p=a
®
=
(1]
-4

pseoq Ajddns somod 104 uidlired (104 7 b4

ae s|1elap A|quiasse [euij pue

ut 3|a134e paiyy styy ul papiaoad
‘s1na.n9 Burialaw pue Jo3eaipul

ETI 414c

27

LED1

peojsano — Ajddns samod

ayy jo uonesado pue Ajquiassy

ov



ASSEMBLING COMPONENTS

Construction should be commenced
by assembling all relevant components
on to the power supply printed circuit
board. This should be done following
the component overlay (Fig. 3) shown
below.

Make sure that the integrated circuits
and tantalum capacitors are fitted to
the printed circuit boards the correct
way round (refer to the small
component sketches inset on the
circuit diagram shown on page 74).

Use care when soldering to avoid
damaging the components by excess
heat — especially integrated circuits.
Use a light-weight, low-wattage
soldering iron and work quickly.

4 )
3 7 —
TO 0
1 9 —
OVERLOAD
0 1
EChO SEND
2 ° 2 2 Y 2 2 2
27-33Vac. 4 4 4 4 4 4
. O 6 6 .D 6 6 6
[} 3 8 8 8 8
L1 0 R -10 10 + L 10 10 R
BALANCE 10000Hz BALANCE
: 0 2 2 0, « %6
4 4 L 4 3 7
6 O 6 o ) 6 2 O 8
: , s ) s 8 1 9
-1 10+ -10 0+ 0 )
B vec TREBLE 3500Hz ECHO VOLUME
| 16— TO OTHER
17— BOARDS a0 g a 0 g s 5
D1 4 4 4 4 3 7
o D
A A [ R 2 O 8
11 = ECHO OUTPUT ~
70 AVA == e, aﬁ (») s s 8 8 1 9
B ST ca -10 104+ -10 10+ ° 1
ov  —18d= c1q 10 =T0 RV1 1000H VOLUME
TO OTHER —194= 02 Ne— BASS 000Hz2
BOAROS — podem 2 — 0
TO BALANCE D) ECHO ’ :
ot S [ Jw . .
4= FROM SENS. 6 6
- 5 == PRE-AMP
m_ 6 — BOARDS 8 8
Rl = —t7 -— 10 —ﬂ' -1 10+ ON-
TO BALANCE _ ) —e— s — | 24012
CONTROL —221— _E'_ D7 ]
- -ﬁ:m CERT) I 0
o CHAN. METER 6 | ) 2 2 POWER
4— : 4
| ¢ O O
2
-1 8 ')
0 —-l -1 0+
o S0 Hz
VOL UME
. \\ RIGHT - 21100 5- Y
ToLEO ~2it——  ~{F} g '_\(chr:gm.cmaen 11410 EI14149 11414
oo )% »
Rva €Il l |
24
| Fig. 4. Escutcheon Fig. 5. Equalizer Fig. 6. Main con-
TO RIGHT OUTPUT for preamplifier panel escutcheon trol panel escutch-
SOCKET factual size 12 x factual size eon. (actual size
Fig. 3. Component overlay of power supply board. 1%"”). 12" x2%") tobe 12° x 2%").
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Fig. 8. Main interconnection diagram.

LEO1

ov
e

LONG PIN

(ETIA14b RIGHT) 19 OV 19 {ET1414b LEFTI

NOTE

THE VOLUME
CONTROLIS A

DUAL GANG
POTENTIOMETER

THE LEFT CHANNEL
1S SHOWN ALONGSIDE
THE RIGHT ONLY FOR

CLARITY
4iT| 4ldh Li") |Eh a14p moun

NiON

INO'CATON
To
TRANSFORMER

POWER
PRIMARY SWITCH

TOMAINS

Fig. 7. Wiring to rear
’; main control
panel,

Printed circuit boards purchased
from kitset suppliers may be varnished
with resin or similar. Clean off the
varnish where the 2N3055 regulator
transistor is mounted, to allow
electrical contact. Silicon grease
should be used between the copper
pattern and the transistor to aid heat
transfer.

The pins of the relay are inserted
into the holes provided in the board
and bent to make contact with the
copper tracks before soldering. We
inserted pins to allow connection of
the positive and negative supply leads
which have to be routed to the various.
other boards.

There are three pins for positive leads
and three for negative leads. Two leads
connect to each positive pin (six leads
total). The common leads from the
four preamplifier boards and the two
main mixer boards, are soldered to
lugs secured between each respective
board and one of its mounting pillars.
Two of these leads are terminated at
each negative pin on the power supply
board.

By referring to the metalwork
drawings and the photograph of the
unit, boards and other components



MATERIAL
* PARTICLEBOARD
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N

Fig. 9a. Cabinet baseboard.

SECTION A A -

b

MATERIAL
' PARTICLEBOARD

Fig. 9d. Cabinet sides — two required. Note that boards

"‘""1 should be mirror image of each other, that is, chamfers

should have opposite slope.

AR

Fig. 9b. Cabinet front

3 § U I_ r T mateRiAL

‘s PARTICLEBOARD

207, I

i"
Fig. 9¢c. Front panel support

Fig. 10. Cabinet assembly details,

may be mounted to the panel in the

following order.

1: Each preamplifier board is
mounted on three 1" long threaded
pillars. The main mixer — equaliser
boards each employ four of these
pillars which should be secured to
the front panel with countersunk
screws.

2: Mount the VU meters, with
countersunk screws,

3: Mount the sensitivity switches.

4: The slide potentiometers are
mounted on two rails, each of
which is spaced from the chassis by
four, %" long threaded pillars —
eight in all. Ensure that pin 1 of
each potentiometer is orientated
towards the front of the panel.

5: Glue on the escutchions with
contact cement and mount the

rotary potentiometers, switches

and indicator lights.
Note: Two of the escutchions will
have to be drilled to allow the front
panel to be secured (see the metalwork
diagram).
6: Mount the input jacks on the rear
of the panel.
7: Mount the transformer and the
printed circuit boards.
This completes the front panel
assembly and we can now make the
interconnections.

WIRING THE UNIT

The interboard wiring should be
carried out with reference to the
underchassis photograph and to the
interconnection diagram, Fig. 8.

All  wiring should preferably be
colour coded and should be routed

down one side only of each board so
that the board may be swung-up,
sideways, if servicing is required at
some later date.

Use one mil plastic tubing, or lacing
twine, to tie the wiring into looms.
This, as well as improving the
appearance of the unit, also facilitates
servicing.

Leads to the VU meters, output
sockets, echo input and output
sockets, and the main balance controf
must be in shielded cable. These and,
as far as possible, all other wiring
should be kept well clear of the mains
transformer to prevent hum pickup.

WOO0OWORK

Cut the five pieces shown in Fig. 9
from Y% inch particle board, note that
the two pieces cut as per Fig. 9d are
mirror images of each other. Veneer
the inside surfaces of the two sides
(Fig.9d) and the front strip (Fig. 9b).

Assemble the box as per Fig. 10.
Screws or nails should be used to hold
the panels together while the giue sets.
Take care to ensure that the sides are
square to the base, otherwise the metal
panel may not fit in place. In fact it is
a good idea to use the panel as an
assembly guide. The support piece
(Fig. 9c) is assembled with the short
side to the front. The rear panel
support is merely a half inch square
piece of timber, positioned 3/8 inches
from the rear edge of the base (Fig.
10).

When the glue is set, the box can be
sanded and all visible outside surfaces
veneered, before final sanding and
finishing operations are carried out.
The inside of the box should be lined
with "Alfoil”’, and this earthed to the
metal chassis. |f the Alfoil goes over
the rear panel support, the metal panel
will make contact with it and no other
connection need be used,

TESTS AND AOJUSTMENTS

Before initially switching on, remove
from the power supply board the +Vcc

77



8L

SH3IL3IW HO4 S1N01ND

15504

"SOYIYIMS AYAIIISUSS DU S1919W 104 S3NOIND) *L | Bl

S3IHOLIMS 'SN3S YO4 SLNOLND

P T

T

€
EHE

-

- 207
—_ - _ 19.625 — ey
1378
}:__:_ - |s.|7‘5 T ”:
B - 13125 _ ‘
r _ 13 —: { 1
L 9625 o _.' i |
7875 I |
- vemn S B }
‘. A3 — —t | [ I
2628
s l I | | | l ©
-y | | =3
i g | I . l Il 1 ! §
e — B, LR I i
L5 L o ; AL
6 0 b b b b b o b —+ iy
| f N : N |
Lo & —-H_ | 17
°
|

1.5

—r

T

64

o b,

O srs_@"

52

)
| 105" aEnD oownwuos |
- — —

b G@M

-e}‘ @)=+ %4@# o ’6'—5 @WE—@ 4—

fore e
Skt

L]

—]0—

@.

T ol

4?4_
_]’é '

4“.
|
!

|

-
I S
| S

i
it S
: - 4

foued juoly yo sjie3ap Butfiiiqg eL) b1y

© 30HOLES 1/8 OIA
COUNTERSUNK

© 4 HOLES 9/64 DIA
@ 1 HOLE 174 DIA

QO s HOLES 3/8 DIA

a (™ 2voLES 1/2D1A
2
: ol
] @)
T . I
| = NOTES
2 FOR OE TAILS OF METER HOLES
= AND SLIDE SWITCH HOLES SEE

ACCOMPANYING DRAWINGS
o  HOLES FOR TRANSFORMER MOUNTING
NOT SHOWN
ALL OIMENSIONS ARE IN INCHES
1 MATERIAL 18y STEEL




Fig. 12, Drilling details — Item 1:
preamplifier panel, Item 2:
equalizer panel, Item 3: main

225 %6 | control panel.
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wires leading to the preamplifier and
mixer boards making sure they cannot
touch other circuitry. Rotate the trim
PARTS LIST FOR POWER SUPPLY BOARD ETI 414 potentiometers to their mid position
and switch on. Check the voltage
between the Vcc and OV terminals.
This should be between 27 and 32
R1  Resjstor 100k %W 5% cs " 10004F 50V Electrolytic volts. if not, there is a fault in the
R2 " k" " Pigtail leads i
he " 1005 @ 6 A7UF 56V Brectiolytic supply \{vhlch should be located before
R4 » 100k © " s ayur FSE Mounting proceeding further.
2‘2 " :8g: " " cs IOO#F ?83 'En:gf'{'rg?‘-‘:lc Using an oscillator, feed a signal into
R7 ” 1 " ” " ectrolytic
ne " ook » v M BCk macntine the output socket of the left channel.
R9 ) 100k " e, 0.1SUF 100V Polyaster An indication should be visible on the
R11T o ™M " " mor ohﬁp oov _» left hand meter. Set the input level to
H12 T L e1e SO ST that required to drive the power
R14 " 7K " " (o F S 4. 7UF _3'_5Vt"lTAG" amplifier to full output (1V for the
R15 o . M " antatum A d
R}G " 2.2m @ cia " 0.1UF 100V Polyester ET! 413 amp.), apd adjust RV_2 to give
Rz me. . i i0s Diodes i SO0 o1 or simit full scale deflection. Now adjust RV4
RIS " a7k " D508 " ANS14 J v OF similar to the point where the LED just stops
" 1 NSL5023 i
RZ1 " ™" " Z0] S R T flashing. Now repeat the process for
ggg " 221,3‘0 ” - Ic1 lnt;%rated Circuit LM307, the right channel, adjusting RV3 for
' " " 1 (metal can or minidip) " -
R24 p 2.2M " ic2 ntegrated Crcuit LM3800 full scule deflection and RV5 for LED
Ras i 100K " (National Semiconductor) indication. This completes the
R26 " o A s Q1 Transistor 2N30SS h N . .
R2% " 2ok » 5 Q2 “ BC107 metering circuit calibration.
’ — 8 Lerre] Bl GIRE Now connect the equalizer boards
RV 1 Potentiometer eg Log Level indicator edge meters 400, 4100hms, 4
RY2 4 1 Meg Trim type  type PV or similar (twe penired). g and one of the preamplifier boards.
RV3 " ! m:g X B(rta':s spacers, v;')' by 1/8" clearance hole This preamplifier can be checked
i " ree required). . ’ q
RVS @ 1 Meg Brass spacers, 1", tap{aed 1/8" (two required). either with an oscillator or a
C1 Capacitor  4.7uF 35V “TAG" Phone jacks 6.5mm (two required). microphone. Check that the gain
Tantalum o aye s . .
cz2 - 4.7UF 35V "TAG" Trans:’ormerzzod»oOVAPﬁmaI‘y 27-33v increases when the sensitivity switch is
Tantal secondary —. mA. .
cz 4.7uF 35V “TAG" Power switch type MSPe2s dpat (or similar). moved to the right, also that the tone
Tantalum Neon indicator 24 chassis mounting). . :
ca = 4.74F 35V “TAG" Three-core flex and plug, nuts, bolts, etc. controls give ‘max'mum boost when
Tantalum Rei:y 1250 ohm, ;nir;iature type VP2, two moved clockwise. Make sure that the
CLERLER LI A balance control operates correctly and
the wires going to the mixers have not
been crossed.

Add the other preamplifiers one ata
time testing each as above. When all
the above procedure is complete the
unit is ready for operation.
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Fig. 13. Slide potentiometer support bars (two required)

MASTER MIXER

POWER SUPPLY

The power supply is of
conventional design. Any transformer
which will supply 27 to 33 volts at
200mA will suffice. The regulator
employs a 2N30S5 as a series
regulator, and by virtue of the 30V
zener diode between the transistor
base and the negative rail, maintains
the output voltage at approximately
295 volts.

At switch-on Vcc rises immediately
but the output of the unit is shorted
out by relay RLI for approximately
four seconds while C8 charges
exponentially via R14. Transistor Q2
is simply an emitter follower driving
relay RLI. The voltage at its emitter
is approximately 0.5 volts less than
that on capacitor C7. After
approximately four seconds the
voltage across the relay rises
sufficiently to activate it, removing
the short from the output.

This prevents accidental damage to
power amplifiers due to switching
transients or other warm-up
anomalies.

ECHO MIXER

The echo mixer is straight forward.
As indicated earlier there are eight
separate inputs. These receive signals
from the input channel echo-send
controls. The gain of the echo
amplifier is controlled by RVI which
varies the negative feedback. The

HOW IT WORKS

output goes to the echo output
socket on the rear panel. From here
it is intended to pass through an echo
tape, reverberation unit, or similar
type of device before returning to the
unit and being split equally to
provide an input to each main mixer
stage.

METERING CIRCUITS

The meteringand overload indicator
circuits employ a quad-amplifier 1C
type LM3900 from National
Semiconductor. This package
accommodates four independent,
internally compensated amplifiers
which are designed to operate from a
single power supply voltage and to
provide a large output voltage swing.
Each amplifier makes use of a
“‘current mirror” to provide the
non-nverting input,

Unlike a normal operational
amplifier, the two inputs are current
driven, not voltage. This means that
when used as an amplifier the output
tries to balance the current in the
two inputs. Therefore an initial bias
is required. This is provided by R1S5.
For the amplifier to be balanced, an
equal current must flow in R17. This
sets the quiescent output voltage to
approx. 15V,

The ac voltage gain is equal to
R17/RV2 where RV2 is the preset
value of RV2, The meter is driven by
R19 and rectified by DS and D7.

The second stage (IC2/3) is a

comparator-monostable. Both inputs
of this amplifier are biased from the
supply rail although the current is
higher into the negative input. Since
this is outside the linear region the
output is almost at O0V. When in use
current is being added and subtracted
to the current into the negative
input.

If enough current is subtracted,
such that it is less than the current
into the positive input, the output of
the IC will go high. Due to the
positive feedback of R2S and Cl4
the IC will stay in the high state for
approximately 0.lsec, even if the
initiating signal has ceased. The
overload light LEDI is on while
either monostable (IC2/3 or IC2/4) is
high.

If the output is continuously high
the light will flash rapidly.

Two of these amplifiers are
employed in each of the metering
indicator circuits. A variable resistor
in series with the input to the first
amplifier allows zero VU to be
adjusted for outputs in the range of
100mV to 3V.

If a single transient exceeds a preset
level the indicator light will flash for
approx 100 ms. This will allow the
“transient” to be seen and thus act as
a warning. On a continuous overload
the light will flash rapidly. With the
ET1413 amplifier this level should be
approx IV rms.
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How to use the master-mixer in
the most effective way — and
how to modify it to suit
individual requirements.

USING THE UNIT

When vyou have built the ETI
Master-Mixer, you will wish to use it in
the most effective way, and perhaps
modify its performance to suit
individual requirements. We cannot
possibly cover all eventualities, but
here are some details of a typical
installation and some
commonly-needed alternative
configurations.

BASIC PHILOSOPHY

The wunit has been designed to
provide master-mixing for the average
sized group (which is usually similar to
that shown in Fig. 1). It provides a
stereo output which. may be used to
drive the main amplifiers for an
auditorium, or may be used for
recording purposes. We have taped
major performances using our own
prototype master-mixer and have
achieved very pleasing results indeed.
Remember however that a system
configuration suitable for recording is
not necessarily suitable for auditorium
use and vice versa.

Basically the unit should be located
in the auditorium so that the operator
may judge acoustic quality as the
audience hears it — and to make
appropriate adjustments as necessary.

Most groups nowadays use half
acoustic and half electronic
instruments. Instruments such as

drums may not need ‘miking’ at all
except in a very large auditorium or
out-of-doors. Naturally when making
recordings, all instruments have to be
'miked’. In such cases four
microphones are usually needed
adequately to cover the drums and
these are best combined in a
sub-mixer. Similarly, an electronic
organ with Leslie is perhaps best
handled by a sub-mixer. All other
inputs will of course go direct to the
master mixer.

One of the main problems within the
group is that of monitoring. Each
player of an electronic instrument
needs to be able to hear himself and
the drummer particularly needs to
hear the bass guitar but there is so
much noise on stage that this is usually
not possible. As each player usually
has his own amplifier/speaker for use
in practice, these may be used on stage
to provide the necessary monitor
facilities. To split the instrument

BASS .

GUITAR

g, -=q

DRUMS

ELECTRONIC
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MIX
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Fig. 1. Arrangement of average-sized group
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RECOMMENDED MICROPHONE

Low output (magnetic) microphones are not
recommended as noise problems will be
encountered. It is strongly recommended that
the ‘Electret’ type microphone be used.

output for both monitor amplifier and
master mixer a simple plug to twin
socket adapter may be used. Another
method is to use a separate monitor
box, as shown in Fig. 2, or monitor
outputs may be fitted to the mixer
unit itself as explained later.

It is of course posssible to ‘mike’ the
output of monitor speakers but this
usually results in loss of fidelity. On
the other hand such a procedure,
together with deliberate overloading, is
often used to provide special effects
by distorting the output.

SETTING UP THE MIXER

Before connecting any inputs, set
each input channel sensitivity switch
to low, volume controls to zero, tone
controls to centre position.

Switch on, connect the instruments
one at a time and perform the
following adjustments. Adjust both
master-volume and channel volume to
position 7 and then switch channel
sensitivity for maximum desired level
at these settings.

Then adjust the tone controls for the
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MASTER MIXER

nicest sound for each instrument —
without destroying its natural sound.
Bear in mind that to increase the
response in mid-range it is necessary to
turn down bass and treble and turn up
the volume.

If echo is to be used, connect the
‘Echo Send’ input and output to an
echo unit such as the ‘Echolette’, or
alternatively, to a suitable
reverberation unit such as the ETI
project 424 ‘‘Spring Reverberation
Unit”. The echo effect may be
increased or decreased by using the
echo-send control.

Audibly position each member ofithe
group left or right, by adjusting his
channel balance control. Note that a
balance control at centre will make the
instrument appear audibly centred as
well. These controls may need some
readjustment when the full group is
playing. The master balance control is
then adjusted to achieve overall
uniformity.

The equalizers may now be used to
obtain a level overall frequency
response by subjective listening and
appropriate adjustments. Note that a
five-section equalizer cannot correct
major defects in auditorium acoustics,
but can compensate for minor
problems and for poor quality
speakers.

As said before, the unit may be used
for recording on stereo tape or disc
and this is done by taking direct line
outputs from the mixer to the
recording equipment. Again, as said
before, all instruments need to be
‘miked’. Remember that the quality of
the acoustics, particularly when
recording, is affected very much by
the choice of microphone. Most
dynamic microphones drop off at the
high end and we suggest that,
providing  sufficient  funds are
available, a good Electret microphone
(such as the Sony ECM 22P) be used.
It is essential that microphones should
be as directional as possible to avoid
problems with acoustic-feedback.

MODIFYING THE SYSTEM

Innumerable individual variations
may be required — a few of those most
commonly requested are dealt with
here.

Some of these modifications can be
performed without changing the basic
wood and metal-work, others cannot.
Because of the variety of combinations
that may be used, details of wood and
metal-work must be left to the
individual constructor.

These modifications are therefore of
necessity presented in a general way
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and should only be undertaken after
careful consideration of exactly what
is needed, and only if what needs to be
done is fully understood. We regret
that we cannot assist in individual
design requirements, however do tell
us about your requirements and
problems, and, if sufficient people ask
for the same thing, we may be able to
publish details of a modification at
some later date.

Before dealing with specific
modifications we will expand on the
general theory previously given so that
limitations may be more readily
understood.

PREAMPLIFIERS

With reference to the circuit diagram
on page 72, we see that the input
amplfiier IC| has three selectable gains,
the maximum gain being 500. This
means that a one millivolt signal will
become 500 millivolts at the output. A
higher gain may be obtained by
reducing the value of R4/R6 but to
maintain input impedance R1/R2 will
have to be increased (see How it Works
— Preamplifier page 71 for gain
formula). Note however that the
tone-control stage is a standard
feedback-type providing a maximum
boost of 15 dB which corresponds to a
voltage gain of approximately 6. The
maximum output voltage of IC2 is 6
volts RMS and the maximum output
of the preamplifier must therefore not
exceed IV RMS if clipping under
maximum boost conditions is to be
avoided. In addition an overload
margin of 20 dB should be allowed,
and this implies a maximum nominal
output of only 100 mV from the
preamplifier.

MIXER AND EQUALIZERS

is simply a summing

The mixer

amplifier, the output voltage being the
vector sum of the input voltages
multiplied by the resistance of RV2
divided by 100,000. The maximum
gain, one channel only driven, is 3 1/3
and although the individual gain
remains constant the power level is
greater with all channels driven.
Overall gain is controlled by RV1, the
master volume control.

Each section of the equalizer is a
series LCR filter whose sharpness is
determined by the circuit Q and with
the coils given, the reactance at
resonance is approximately 700 ohms.
If more than five sections are required
the filter must be made sharper and
hence the reactance of the capacitor
and inductor mu * be increased. Note
however that phase shift problems
limit the number of sections to seven
in this type of circuit.

POWER SUPPLY

The current consumption is
approximately 10 mA per channel and
the power supply has adequate reserve
for up to 20 channels, however if more
than 10 channels are used a heatsink
of about four square inches should be
added to Q1.

If meter and overload indicators are
required for each channel then a
printed circuit board with this section
only wired up should be made for each
channel. If each channel is required to
have a separate LED overload
indicator, separate R27 and R28 (Fig.
1 page 74) and use each resistor to
drive an LED.

CHANGING THE NUMBER
OF CHANNELS

If less channels are required it is
simply a matter of deleting the
appropriate number of
preamplifier/tone control boards and
fitting blank panels to the cabinet in
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their place.

If more channels are required, the
existing metalwork and woodwork will
have to be extended to accommodate
the extra preamplifiers.

One 100k resistor must be added to
the main mixer summing network for
each additional channel. These may be
mounted by glueing them to the
existing resistors with epoxy cement
and making flying lead connections.
Alternatively a small sub-board may be
constructed for them.

In an exactly similar manner the
echo mixer may be modified to
accommodate the required extra
channels. Extra input sockets must
also be provided and the appropriate
interwiring carried out.

SUB-MIXERS

As discussed earlier, sub-mixers may
be required to implement a complete
system. A simple sub-mixer may be
constructed using the circuit shown in
Fig. 3. This circuit is quite simple, is
based on the echo mixer, and may be
built on veroboard. Alternatively the
echo-mixer PC board could possibly be
adapted fairly readily.

As the instruments associated with
each sub-mixer are usually grouped
left-and-right,  splitting may be
performed after the sub-mixer as
shown in Fig. 3. If balance is required
before mixing it will be necessary to
use two sub-mixers controlled by a
ganged potentiometer, and to use
balance circuitry similar to that in the
circuit on page 70. The outputs of the
sub-mixers are taken to the normal
inputs of the main mixer.

1 R1 100k ,—'I}—t

2 R2 100k c1 Al
O—AAAA—4  1uF M
3 R3 100k "’V";

! R4 100k

4
E RS 100k ov
6 R6 100k
4
7 R7 100k
)
8 RB8 100k

MONITOR OUTPUTS

The need for monitoring has been
explained previously, and if only one
monitor channel is required, and echo
is not required, the echo channel may
be used’ to provide a monitor output.
However two or more monitor outputs
are often required and they may need
to each have an equalizer for the
elimination of microphone feedback.

This may be achieved by wiring
additional potentiometers in parallel
with the echo potentiometers as
monitor level controls. The output
from these potentiometers may then
be fed directly or via additional
equalizer/main-mixer boards to the
monitor amplifiers. A batance control
is not required on monitor, hence R21
and RV7 (page 70) may be omitted
and the output taken from terminal
19. Again, if equalization is not
required, a mixer similar to that of
Fig. 3 may be used.

CUEING QUTPUTS

When recording it is sometimes
necessary to suppress the main output
of the mixer while still monitoring the
final mixed sound.

This may be done quite simply by
taking an output from the junction of
R20 and C8 (page 70) of the final
mixer to a cue-monitor outlet, and
using a good-quality key switch to
short terminal 19 to ground.

This allows monitoring of equalizer
output whilst inhibiting output to the
main amplifier.

That completes our project. We trust
that this versatile unit helps you
become a good mixer!

VOLUME

22 R13

BALANCE
RV2 50k

Fig. 3. Simple sub-mixer

fcontinued from page 65).

The transmission line speaker project was
originally published in ET| August ‘77 —
and proved tremendously popular with
readers — virtually all who built them
were very pleased indeed with the results.

The original article also triggered off
a flood of enquiries from readers seeking
advice on various aspects of performance
etc, the most typical of these enquiries
are answered here.

Non-polarised capacitors can be
obtained from Plessey Ducon and also
in values sufficient to make up the total
values required — from Audioson,
Winbourne Rd, Brookvale, NSW — who
also supply KEF drivers.

It's been found advisable to connect
small value polyester capacitors across
the main non-polarised units to allow
a ‘passage’ for small musical details. A
microfarad or so will suffice for C2 and
a few picofarads for C4 and C6.

The HF1300 and HF2000 drivers
were readily obtainable from M & G
Hoskins of Kent St, Sydney at the time
of writing.

The crossover network shown has
turnover frequencies of approximately
400 Hz, 3.5 kHz and 12 kHz. The extra
network associated with the midrange
driver reinforces output below 600 Hz
to compensate for losses below this.

Component values should be adhered
to as closely as possible although the 1.8
ohm resistor is not critical — but keep it
within 1.5 - 2,2 ohms. This resistor can
readily be made from a short length of
jug element wound around a former —
such as another higher value resistor. All
resistors should preferably be ten watt
rating although five watt types wil! do
ata pinch for the tweeters.

As for the actual construction and
stuffing, it is essential that all panels are
accurately cut and fitted together to
give an airtight seal the length of the
‘line’ and between the main enclosure
and midrange sub-enclosure. As we
mentioned in the previous article, it is
very difficult to quantify the precise
amount of acoustic fibreglass needed to
fill the line, but the best way to estimate
requirements will be to calculate the
volume required to fill the enclosure
without compressing the material, then
add another 15% so that a greater density
of stuffing can be placed near folds in the
tube.

With care and attention in construct-
ion these speakers can provide excellent
results, with truly musical bass. But if
you like a lot of bass {most commercial
speakers provide.this; it's pretty boomy
too) the design may disappoint you. On
the other hand, once accustomed to the
very accurate bass these speakers provide
you'll probably find it difficult to listen
to most others unless they happen to be
very good infinite baffles or, of course,
good transmission lines.
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Project 486

HOWL-ROUND

STABILIZER

Feedback problem in halls can be corrected by the

use of this clever gadget.

ANYONE WHO HAS USED a micro-
phone in public address work has come
across problems with feedback. These
are caused by the level of sound reaching
the microphone from the speaker
approaching or exceeding that from the
person originating the sound. As the
reflected sound approaches the level of
the original signal, the sound becomes
distorted or ‘coloured’, then audible
ringing occurs and finally complete
oscillation or howl-round occurs as the
reflected sound exceeds the level of the
original signal.

The most effective method of elimi-
nating this problem in most cases is to
use the correct location for the speakers
and the correct choice of microphone.
Also the use of the microphone is
important so if you are in charge of a
sound system don’t be afraid to tell the
singer or speaker how to use the micro-
phone as a good performer will take
advice.

However in certain environments the
most effective use and selection of
microphone/speakers does not help the
problem of feedback. These are the halls
and rooms which have little sound-
absorbing material on the walls and are
very ‘live’. If a frequency response curve
is drawn for such a room it will be found
that there are many peaks and troughs,
normally only 4 or 5 Hz apart, along
with perhaps major resonances.
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Solutions

There are various electronic devices
which have been developed to deal with
this problem, the main ones being the
graphic equalizer, the variable notch
filter and the frequency shifter. The
first two (especially the notch filter) are
ideal for eliminating major resonances.
These however also alter the frequency
response of the original sound. They can
also help if the offending ‘echo’ is
actually a direct path and not dependent
on the room (i.e. if the speakers are
behind the microphone). The other
method, frequency shifting, is described
here.

With a frequency shifter the echo
signal is of slightly different frequency
on each path round the loop and cannot
directly reinforce itself so that while on
the first echo it may strike a room
resonance the second time it will
probably be in a null. This tends to even
out the frequency response of the room
and allows 5 to 8 dB higher levels to be
used in the average room. Also the onset
of howl-round is not as dramatic as with
the conventional system and the
distortion which normally occurs below
the howi-round level is not as noticeable.
The system does not however do a great
deal for howl-round not associated with
room resonances.

Only asmall shiftis normally required
and it does not matter if it is an increase
or a decrease. We chose to increase the
frequency by about 5Hz as it is easier
to tell if a vocalist is flat rather than
sharp. As the frequency response of the
unit is good it is suitable for vocal work
as well as general public address use.
The frequency shift and the slight
amplitude modulation cannot be
detected by most people.

Alignment

Equipment needed — a sensitive AC

voltmeter (100 mV or less) or preferably

an oscilloscope and an audio oscillator.

1. Check the output of the 5 Hz oscill-
ator and adjust RV 1 until it stops. If
it cannot be completely stopped, try
a link across C9.

2. Apply a signal of about 1 — 2V
amplitude at about 1kHz to the input
and measure the output of IC3 at
pin 2. (If your meter does not reject
DC, measure at the junction of C17
and R36). Adjust RV3 to give the
minimum output.

3. Measure the output of IC4, pin 2
(or the junction of C18 and R37)
and adjust RV5 for minimum output.

4. Measure the output of the 5 Hz
oscillator on pin 6 of IC1 and adjust
RV 1 untilitstarts, then adjust to give
about 1.25 V RMS.

Frequency shift
Maximium input voltage

Frequency response
+%dB, —3dB

Signal to noise ration
re 3V output

Distortion
@ 1kHz, 2V out

Amplitude modulation

Phase shift network
50Hz — 20kHz

SPECIFICATION — ETI 486

5kHz upwards
3V

30Hz — 20kHz

70dB

0.25%

100Hz — 10kHz < 1dB

90° + 5°

5. With no input signal, measure the
output of IC3 (or the junction...) and
adjust RV2 for minimum output.

6. Measure the output of IC4 (or...) and
adjust RV4 for minimum output.

7. Ifanoscilloscope is available, monitor

the output with a 1 — 2 V input
signal and adjust RV6 to give the
minimum amplitude modulation.
Alternatively, by using an amplifier
and speaker, RV5 can be adjusted by
ear. The unit is now set up.
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HOWL-ROUND STABILIZER
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Fig. 1. The circuit diagram of the phase shifter. For the power supply see ETI Project 581 — page 89.
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HOW IT WORKS — ETI 486

There are numerous methods of generating
a frequency shift in an audio signal. Most
however require coils and precise tuning
which rules them out for a project. With
this method only resistors and capacitors
have to be accurate, yet it gives a result
adequate for the purpose.

The audio input is split into two circuits
which provide a frequency-related phase
shift as shown in Fig. 4. The amplitude
however remains constant. Due to the
different component values in the two
networks the phase shifts are not the same
but differ by 90° at all frequencies (50 Hz

20kHz +/- 5°).

IC1 and 1C2 form a quadrature sine
wave oscillator with the frequency set by
R18, R21, R24, C8, C9 and C13. Ampli-
tude stability is provided by ZD1 and ZD2
along with RV1 (see adjustment section).
The outputs from these two op amps are
the same amplitude but 90° phase shifted.

We now multiply (the MC1495 is a
four-quadrant multiplier) one of the audio
signals by one of the 5 Hz outputs and the
second audio input by the sccond § Hz
signal. When we multiply two waveforms
together the output consists of the sum
of the two frequencies and their difference.
This means that if the audio signal is
100 Hz the output will contain a 95 Hz
signal and a 105 Hz signal. These will beat
with each other to produce a 10 Hz beat
note as shown in Fig. 2. Due to the phase
shift between the inputs of the multipliers
the 105 Hz components of the outputs are
in phase, while the 95 Hz components are
180° out of phase. Therefore by adding
the outputs of the two multipliers in IC5
the 95 Hz components cancel out, leaving
only the 105 Hz signal. Provided the multi-
plier inputs have the 90° phase relationship
there will always be a 5 Hz shift, indepen-
dent of frequency.

Due to the inability to maintain exactly
the 90° phase relationship, the 95 Hz, or
lower sideband, will not completely cancel
and the result is a slight beat giving rise to
an amplitude modulation effect (we had
about 1dB). Thisis not normally noticeable
on speech or music.

Fig. 2. The output of IC3 (top) and 1C4 (lower) with a
100 Hz input signal. Note the phase difference.

Fig. 3. The input signal (top) and the output (lower).
Note the difference in frequency.

PHASE SHIFT (DEGREES)

480 Lo i ! L bl

I
10 50 100 500 1k Sk 10k
FREQUENCY

Fig. 4. The phase response of the two filters.
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Fig. 6. The phase difference between the two filter networks.
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PARTS LIST - ETI 486

Resistors all 2 W 5%
FRE S G0 iR D ¢ 150k
A O CIOI T 100k
B34 o0 snevmivis & 2k7
R/E o« e senaies ¢ 22k
RE.7 i saseveiz o 2k7
TRB o on sewiens o 3k6
ER9 - o s ¢ 24k
RIO: wn srawia @ 15k
B, . . .evaa 4k7
RI2. . . .G ¢ 2k2
B18. . . .55 55 s 15k
R14-R16 . . . . . 3k3
*BIT. . . . ciepe s 56k
R18. . ... .. .. 330k
B19:20) ..o wio o 2k7
e 330k
R 2 R e e e ells 3k9
*R28: o svemiss ¢ 27k
R28. o6 winwiom o 330k
*R25: i e w8 15k
R26: . . v o 2k2
R2T: . . il w 4k7
R2B: . e o 15k
R29-R31 ... .. 3k3
R32,33. . ooavd s 10k
R3435....... 1k
R3637, o5 000 ¢ 100k
B3B8 ... oeeioe ™M
39 ,e orewese 100R
Potentiometers
RV1 .. ...... 250k trim
RV2—-RVS5. . . .. 25k trim
RV6 ........ 100k trim
Capacitors
CFvn sraviods win 5 100n polyester
PODii weia e a% 56n polyester
8L s o Wi a 6n8 polyester
" Chi ey e . 1n0 polyester
GO g di e 3 10u 25V electro
OB e v G % 1n5 polyester
$CTiie Wi ore 3 100n polyester
c89 ........ 100n polyester
C10. Gvi ovs ois & 33p ceramic
*C1v. L. 22n polyester
V(O g ro 0 4n7 polyester
3 100n polyester
Clay wirera pra sve 33p ceramic
C15. . .oiv aue e & 10u 25V electro
*C16. .60 ore v & 5n6 polyester
C1718 4 vis o 6 100n polyester
C19......... 33p ceramic
c20-C22 ..... 100n polyester
Semiconductors
1IC1,2........ LM301A
1IC34........ MC1495
ICS . .uass ave dsgri LM301A
Q1-Q3....... BC549
Z2D1,2 ... ... 5.1V 300mwW

Miscellansous
PC board ET! 486
Power supply £ 16V 40mA (ET! 581)

* For best results the components should
be as accurate as possible, preferably 1%
tolerance or selected to be within 1%.




Project 581

UAL POWER SUPPLY

This simple regulated supply is suitable for most projects requiring
a dual voltage.

WITH THE PRICE of operational
amplifiers being so low today, their
use is becoming very popular among
home constructors. These devices,
however, normalily need a dual power
supply voltage, usually +15 and —15
volts.

A simple rectified and filtered supply
suffers from the drawback that if it
is designed to supply the correct voltage
at a reasonable current, when a light
load is connected the output may rise
to an over-voltage condition. This
problem is aggravated by variations in
mains voltage. The regulated supply
takes care of this problem, and also
offers better hum rejection as the
ripple voltage is also ‘regulated’.

Most of the projects undertaken do
not use more than 10 or so ICs and a
high powered supply is not required.
This simple supply has all the comp—
onents mounted on the PC board
including the transformer. Either of two
regulators can be used giving either
40mA or 150mA outputs.

If a different output voltage is
required regulators of the desired
voltage can be used along with a
different voltage transformer. If only a
single output is required the unwanted
components can be deleted.

To drive a power indicator LED we
have provided a current limiting resistor
R1. This comes from the unregulated
supply so as not to load the regulator.

Fig. 1. Printed circuit layout.
Full size 90 x 60 mm.




Y 2 @ g+
G OV
—

+
P
o

'®

240V @
4 @ P 15V

GPr——mm + 15\

Fig. 2. Circuit diagram. It has been found
advantageous to some applications to connect
diodes (1N914, 1N4001 etc) across each
regulator to prevent the output from being
reversed biased. These diodes are shown in the
circuit (below) and in Fig. 4 but are not
included in the parts list.
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Fig. 3. Component overlay of the higher powered version.
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Ic1 O +15V
w
D1 COMMON
+] C1 + €3
D3 o= 4704 == 104
25V 25V
- = *
240V
INPUT -5 ov
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{Continued from page 88).

TO LED
. 04 D2 D1 D3 INDICATOR

Fig. 4. Changes in the overlay
for the low power version.

PARTS LIST — ETI 581

R1 Resistor 2k2 YW 5%
C1,2 Capacitor 470U 35V electro
C34 " 10U25 VvV "
D1-D4 Diodes 1N4001

LED1 Indicator

IC1 Regulator 7815 *

1C2 " 7915 *

T Transformer PL30—-5VA

* 78L15 and 79L15 can be used if less
than 40mA is required
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AUTO-AMP

Boost portable radio output in your car.

R1
c 10k

INPUT

PROJECT
314

3/

QO +12v
E
c2
25 uF
25v |+
—
gPSIZEAKER =& e
0.033 uF
J\/Z\/\RVZ F
i } & +—Qov

Fig. 1. Circuit diagram of the booster amplifier.

MOST portable radios and cassette
players have a power output which
seldom exceeds 100 milliwatts. Whilst
this is entirely adequate for normal
listening, many people find that it is
entirely  inadequate when  such
equipment is used in a car. There the
extremely high noise level effectively
drowns out such radios and one is left
with the choice of buying a proper
(and quite expensive) car radio, or, of
forgetting about the whole deal.

However this problem can be
overcome by using a small
booster-amplifier to provide the
additional power required. Such an
amplifier should be powered from the
12 volt car supply and should accept
an input from the earphone, or
external speaker socket of the radio or
cassette player.

The ETI booster amplifier has been
designed to suit such applications and

*iC1, IC2 LM380
t PIN 3,45,7,10,11,12

uses the inexpensive LM380 ICs. Two
ICs are connected in a bridge
arrangement which provides an output
of around five watts RMS (12 volt
supply and 8 ohm speaker). The
amplifier may be used to drive an
eight-ohm speaker permanently
mounted in a suitable position in the
car.

CONSTRUCTION

The components should all be
mounted on a small printed circuit
board (or Veroboard etc) as shown in
the component overlay diagram. If
Veroboard construction is used it is
preferable to mount the ICs, in line,
such that a common heatsink may be
attached to both ICs on each side.
Each heatsink should be at least
25x50mm and be constructed from
copper or tin plate.

PARTS LIST ETI 314

Resistor

Potentiometer

Capacitor

10k %W 5%

2.7 ohm %W 5%
2k2 Trim

1M Trim

0.1uF polyester
25uF 25V electro
0.033uF polyester

IC1, IC2 Integrated Circuit LM380

PC Board ET! 314

* The value of these components may vary for different input

requirements,

o ETI 314

Fig. 2. Printed circuit board.
Full size 50 x 65 mm.

Two preset potentiometers are
provided for setting up the amplifier.
The preset-volume potentiometer,
RV1 should be adjusted to suit the
output voltage available from the radio
or cassette. Sensitivity of the booster
is such that 5 watts output will be
obtained (with RV1 at maximum
sensitivity) with an input of 50 mV.
This should be entirely adequate as
most radios will provide in excess of
200 mitlivolts.

The balance potentiometer should be
set for minimum dc through the
speaker as detailed in the '‘How It
Works' section.

The compactness and simplicity of
the amplifier enable it to be mounted
in any convenient position, eg, even on
the rear of the speaker itself! However,
care should be taken to position it
such that mechanical damage is
unlikely to occur, and that adequate
ventilation of the heatsink is obtained.

91




TO SPEAKER
HOW IT WORKS — ETI 314

The LM380 is an integrated audio

amplifier which has a fixed gain of 50 A l o
dB and can be connected in either ‘
inverting or non-inverting mode (ie
output ‘out of phase’ or ‘in phase’ +12V

with the input respectively).

Two of these ICs have been used in POWER m E:m
a bridge arrangement which allows a INPUT

higher power output to be obtained oV —— +

with the low supply voltage (12 K

volts) available from the car. To do b

this we drive both amplifiers with the B-\

same signal, but connect one for SIGNAL

inver.ting, ) and the other fgr INPUT RV1
non-inverting mode. The speaker is O
now connected between them and

thus receives twice the output voltage
that would be available from a single
IC. Fig. 3. Component overlay.

The input required for full power
output is about 50 millivolts. Hence
we have provided an input attenuator

to increase the input requirement to
about one volt which will enable
preset adjustment to suit most radios MATERIAL:
or cassettes. TINPLATE OR
We used a trim potentiometer on THIN COPPER
the board to adjust sensitivity such
that full volume is obtained with the B |

volume control of the source about ' | I | [

halt way up. If desired, a separate 7 | I

potentiometer may be used in place - ,‘ l

of the preset as a volume control. ‘
Output voltage of the ICs is about re-13 -

half of the supply. However since the [y 3 o

speaker is direct coupled, any slight .
difference in amplificr outputs will }-‘» 37 »{
result in a dc current tlow through

the speaker. Potentiometer RV2 . 44 b
should be adjusted, with the aid of a
multimeter, for zero volts across the Fig. 4. Heatsink (two required) to be
speaker (or minimum current from attached to either side of both IC’s as
the supply). Alternatively, if a shown in main picture.

multimeter is not available, make and
break one speaker connection and
adjust RV2 for minimum ‘clicking’
sound from the speaker. SPECIFICATION

POWER QUTPUT
12.6 volt supply 8 ohm load 5 watts

DISTORTION
12.6 volt, 8 ohm, 1 kHz
at 5 watts 3%
at 3 watts 05%

BATTERY TRAP

When soldering leads to AA size cells
(the size used in pen torches) it is most
important to remove the metal disc at
the bottom of the cell, and solder
directly on to the zinc case. These cells
are designed to be used under
compression, by the spring in a torch,
and they depend on the compression
to ensure good contact between the
metal disc and the cell itself. Without
the pressure — such as when a cell is
soldered into circuit, it's easy to get a
very poor contact or an actual open
circuit

SUPPLY VOLTAGE
Nominal 12 volts

MAX SUPPLY VOLTS

Speaker load
LM380 8 15 volts
16 22 volts

SPEAKER IMPEDANCE > 7 ohms

FREQUENCY RESPONSE 0
10 Hz — 100 kHz ! 3 dB

SENSITIVITY
Maximum (no input attenuator)

A.J. Lowe into 75 k ohm
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Project 449

BALANCED
MICROPHONE
AMPLIFIER

High-quality transformers for matching balanced microphones into unbalanced
Inputs are quite expensive. This simple preamplifier will accept balanced inputs

directly.

THIS IS THE third of a series of
pre-amplifiers we have published lately
and is one which has been requested by
several readers. It will be especially
useful to users of the Master Mixer
project.

Because there is no provision for
balanced inputs, transformers have to be
used, but they become expensive if good
performance is required.

This unit provides good common
mode rejection, a gain of 40 dB and low
noise.

Construction

A pc board is not necessary but it does
make the assembly much easier, and it
reduces the risk of mistakes. Assemble
the components to the board according
to the overlay in Fig. 3. Watch the
orientation of the BC 549 transistors as
there are two different pin-outs depend-
ing on the manufacturer. The Philips is
shown on the overlay. Note also that
the IC is marked on one end and this
should be orientated as shown.

As the unit is to be used with low
level inputs it will be necessary to use
shielded cables on the input and it may
also be necessary to shield the complete
unit to eliminate unwanted pick up
from the mains.

Although the unit is designed for
600 ohm input and 40 dB gain (i.e., a
gain of 100) other input impedances
and gains can be handled —

R1 = R4 = input impedance divided by
two.

R5 = R13 = voltage gain times the value
of R3.

The first equation works for im-
pedances up to about 5k. Above this
value R2 + R3 must be included in the
calculation.

The connection of the Cannon
socket is shown in Table 1.

The Common mode rejection ratio is

determined by the accuracy of R1, R4,
R5 and R13. If high rejection is needed
this can be done in either of two ways:
The resistors can be selected to be the
same value (R1=R4, R5=R13) or 1%
resistors can be used.

Frequency Response

Gain
Equivalent Input Noise
Distortion

Max Input Voltage

Common Mode Rejection Ratio
Maximum Common Mode Signal
Supply Voltage

the figures should be typical.

SPECIFICATION* ETI 449

10Hz—20Hh(<5VommmtgdB

10 Hz — 10 kHz (10 V output) +_°3 d8
40 dB
—123dB (0.5 uV)

0.05% 300 mV — 5 V output
100 Hz — 10 kHz

100 mV
60 dB

3V
*8toT16 Vv

*Measured performance of prototype with supply rails of + 15 V—
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AVAILABLE FROM
ELECTRONICS TODAY
INTERNATIONAL

TEST GEAR|

-mutaring ond powar supply prejects

audio willivoltmeter
digital display
igital voltmeter
simple frequeacy covnter
phase meter
audio signal generator
signal - generators
Togic testers
1C testers
five power supplies
decade resistance box
scope calibrator
beam adaptor
silent A-B switch
audio attenvator
untversal timer

W on BLECTRONICS TOOAY publicaton

TEST GEAR

Metering and power supply projects
including Audio Level Meter,
Impedance Meter, Audio Milli-
voltmeter, Simple Frequency
Counter, Phase Meter, Temperature
Meter, Audio Signal Generator,
Tone Burst Generator, Cross Hatch/
Dot Generator, RF Signal Generator,
Logic Probe.

$3.00 plus 40 cents post and
packaging.

Send orders to:- Electronics Today
International, 15 Boundary Street,
Rushcutters Bay, NSW 2011.

International
3600 and 4600
Synthesizers

v 8 MODERN M AGA ZINES publication

INTERNATIONAL 3600 AND
4600 SYNTHESIZERS

A totally revised and updated re-
print of ETI’s phenomenally succ-
essful music synthesizer book.
Beautifully printed on heavy art
paper with a sturdy cover varnished
for protection.

Available only from ETI and some
kit suppliers — $12.50 (including
postage and packaging).

Send orders to:- Electronics Today
International, 15 Boundary Street,
Rushcutters Bay, NSW 2011.

Project 449

OUTPUT

+
3* ic1]
3 Vi N

TO MICROPHONE

2 SOCKET
-4
Fig. 3. Component overlay
PARTS LIST ETI 449

Resistors all 1 W 5% Capacitors
R1 + 330 C1 1n0 polyester
R2,3 10k c23 33 10v electro
R4 330 c4 10 16v electro
RS 33k Cc5 33p ceramic

C6 100n polyester
R6,7.8 10k Cc7 10U 16v electro
R9 3k3
R10,11 33k Q1-Q4 Transistors BC 549
R12 1k Ic1 LM301A

PC Board ETI 449

TABLE 1

Connection of Cannon plug
for microphones

Pin 1 EARTH

Pin 2 BLACK INPUT
connect to R1

Pin 3 RED INPUT
connect to R4

FOR UNBALANCED
INPUT CONNECT PIN 1
AND 2 TOGETHER ON
MICROPHONE PLUG.

ETI 449
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Fig. 4. Printed Circuit board layout. Full
size 60 x 55 mm
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1 e
Cé

100n
-Ve
+ OUTPUT
% VVY I o
R12 c7
1k 10u
INPUTS
Q1-Q4 ARE BC549
g R10
33k
AV » +Ve
Cc
Q4
Fig. 1. Circuit diagram of the balanced R9 e
amplifier. 3k3 —Ve
L AAAA —o0
HOW IT WORKS ETI 449 . R5 3 We have decoupled the supply to
will beat (Vg *B1 + R9) =90mV 1 and Q2 by C4 to improve supply

A “balanced’* amplifier or differential
amplifier has two separate inputs and
only the difference between these
inputs is amplified. To explain how
this works refer to Fig. 2, which is
a simplified version of the actual
circuit. To make tne maths easier we
will reduce the gain to nine by
making R1 = R4 =1and Rb=R13=
9. The actual units are not import-
ant, only the ratio.

We will start the explanation by
looking at the case where point B is
at OV and A isat +100 mV. An ideal!
amplifier does two things — it does
not take any current into the input
terminals and it adjusts the output to
maintain no voltage difference
between the input terminals. We
therefore must have 100 mV across
R4 and consequently a voltage of
900 mV across R13 (it has 9 times
the resistance and the same current
as R4). This gives a gain of nine. The
output is therefore —900 mV.

In the case when point A is at OV
and point B is at +100 mV, point D

Therefore point C will aiso be at
+90 mV. The voltage across R4 will
be 90 mV and voltage across R13
witl be 810 mV (9 x 90 mV)

This means the output voltage
must be #9300 mV. This is also a gain
of nine. Notice, however, that the
polarity (or phase) is different.

Now suppose both inputs are at,
say, +1V, point D will be at
+900 mV and so will point C, The
voltage across R14 is 100 mV and
R13 900 mV. This gives an output
voltage of O V. The common signal
1s not amplified in any way. If,
however, one input (B) is at 1V
and the other (A) is at 1.01 V the
difference is amplified and the
output will be —1 V.

Getting back to the actual circuit,
we have used an LM301A with two
low-noise transistors in the front
stage. These transistors are supplied
with a constant current by Q3 and
Q4. A constant current is needed as
this allows the inputs to move up
and down without changing the
voltage across R6 or R7

rail rejection

The input resistors are decoupled
by C2 and C3 to minimise the offset
voltage of Q1 and Q2 being amplified
by 100 (which could be excessive if
matched transistors are not used).
The capacitor C1 is to ensure the
inputs are terminated at high fre-
qguencies. This ensures stability which
would otherwise te a problem when
the microphone is unplugged.

The resistors R2 and R3 refer the
inputs to OV but are high enough
not to affect the operation in any
way.

R13 {9R)
A R4 (1R)
o— AT
INPUT R1q (1R) —o0
- OUTPUT
8 PL"\peaL
AMPLIFIER
RS5 {9R}
k4 Fig. 2.
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Project 485

EQUALIZER

This revised version of our earlier equalizer now uses gyrators to replace the

inductors making construction easier.

GRAPHIC EQUALIZERS are popular
with both the professional and domestic
user alike. However until the
presentation of our earlier equalizer
(ETI 427) the cost of such a device was
very high and this limited its wide use.
We have now redesigned the equalizer
to simplify the construction and it now
has no coils and one additional filter has
also been added.

The advantages of an equalizer are
not generally well known but are as
follows.

Firstly an equalizer allows the
listener to correct deficiencies in the
linearity of either his speaker system
alone, or the combination of his speaker
system and his living room.

As we have pointed out many times
in the past, even the best speakers
available cannot give correct re-
production in an inadequate room.

It is a sad fact that very few rooms
are ideal, and most of us put up with
resonances and dips, sadly convinced
that this is something we have to live
with,

Whilst the octave equalizer will not
completely overcome such problems, it
is possible to minimize some non-
linearities of the combined speaker/
room system.

In a concert hall it is also possible
to use the unit to put a notch at the
frequency where microphone feedback
occurs, thus allowing higher power
levels to be used.

Thirdly, for the serious audiophile,
an equalizer is an exceedingly-valuable
tool in evaluating the deficiencies in a
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particular system. One adjusts the
equalizer to provide a uniform response,
the settings of the potentiometer knobs
then graphically display the areas where
the speaker etc is deficient.

There is a snag, however, one must
have an educated ear in order to
properly equalize a system to a flat
response. It is not much use equalizing
to your own preference of peaky bass
etc in order to evaluate a speaker.

Ideally, a graphic equalizer should

have filters at 1/3 octave intervals, but
except for sound studios and wealthy
pop groups, the expense and size of
such units are too much for most
people.

The equalizer described here has 10
octave spaced filters but if desired it
could be modified to give 1/2 or 1/3
octave spacing as large values of in-
ductance are easily obtained with
gyrators (active inductors).

Photo showing one complete channel, less the volume control,

removed from the chassis.



Construction

Assemble the PC board(s) with the aid
of the overlay in fig 3 initially leaving
off the potentiometers. Add pc pins for
the external wires and the potentio-
meters connection points. Now double
check the PC board soldering, the
positioning and polarity of the
components as once the potentiometers
are in position changing components is
difficult.

Now solder lengths, about 40mm, of
tinned copper wire onto the end
terminals of the potentiometers, and
also onto one of the wiper contacts.
Note that half the potentiometers
use one wiper connection and the
others use the other end. Now slide the
wires through the holes provided such
that the potentiometers are on the
copper side of the board. Before
soldering mount the potentiometers
onto the support rails, space the board
back about 10mm then twist the wire
around the PC pins and solder the
connections.

The volume controls can now be
mounted and connected and the
complete assembly mounted into the
chassis using 12mm spacers. The
power supply can be added along
with the other components in the box
and finally wire as shown in fig6 .

Third octave filters

While we have not built up a third
octave unit we see no reason why it will
not work. Additional stages can simply

be added except that the Q of the
circuits must be changed to narrow the
band. At the moment the impedance

of the capacitor and inductor (gyrator)
is about 3000 ohms at the centre
frequency and this should be increased
to about 8000 ohms for the third octave
unit. The capacitors and inductors can
be calculated by

where X = X = 800082
and f = centre frequency

It is recommended to reduce loading
IC1/2 that the potentiometers be
increased to 10k.

Frequency response
Equalizer out
Equalizer in
and all controls at zero

Range of controls
Individual filters
Level control

Maximum output signal
at <0.1% distortion

Maximum input voltage
Distortion
at 2 volts out, controls
flat

Signal to noise ratio
re 2 volts out, controls flat

Input impedance

Output impedance

0.02%

SPECIFICATION ETI 485

Flat
10Hz — 20kHz * %dB

*13dB
+14dB — 9dB
6 volts

10 volts

100Hz 1kHz 6.3kHz

0.02% 0.04%
82dB
47 k

100 ohms
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GRAPHIC EQUALIZER

PLAYBACK
w MONITOR EQUALIZER
SWITCH SWITCH _out
RECORD YouT R28
R22 €22 outpuY TO PIN 11 OF IC1-3 100
- AMN——0 +15V
INPUT czs.L 027.L czgi
47n7'47nT10u [
2 - c21 oV e——— —O ov
" czaJ. c3sott R29
R27 a7n T 10u 100
™ - — AMA—O - 15V
YO PIN 7 OF IC1-3
T 150p
: : T
$ BOOST
RV1 RV2 RV3 RV4 RVS RV6 RV7 RVS RV9 RV10
5k Sk 5k Sk 5k Sk Sk 5k 5k Sk
> > > i -E _ﬁ LN cut
+ R1 [+ R3 ca L R4 cs L RS Cs R6 c7 R7 cs R8 co R9 c10 R10
(1:;.15‘L Tk §30n 390n k  Son Ik 100n 1k 47n I 2 1k 12n 1K 6n8 Tk 3n3 1k
[ c12 c13 c14 C15 c16 c17 C18 c19 c20
val - 33n 18n T- 8n2 3n9 = 2n2°T" n0 =T 560p=T" 2700 T 150¢
10 4 9 10 12| 4 10,
Ic1/3 Ic2/1 M Ic2/3 ic2/a ic3n ic3/2 Ic3/3
R11 R13 R14 R15 R16 R17 R18 R19
220k 220k 220k 220k 220k 220k 220k 220k
oV - —-
Fig. 1. Circuit diagram of one channel of the equalizer.
How It Works — ETI 485
This equalizer is basically similar to that circuit. Ra of the amplifier. The use of a second
used in the previous unit with the addition With the slider of the potentiometer AN VE amplifier will increase the resistance to
of an extra filter in each channel. The at the top end (Fig. A) we have 1 k ohms i 0U many megohms while the same formula
previous unit also used coils (inductors) to the OV line from the negative input _VE holds for inductance.
— these have been replaced by gyrators of the amplifier, and 5 k between the two .,
to simplify construction. We will explain inputs of the amplifier. The amplifier, due INPUT AAAR
more about gyrators later but at the to the feedback applied, will keep the 'VFC:V‘ l
moment just assume that they are an potential between the two inputs at zero. c1
inductor. Thus there is no current through RVA.
The equalizer stage is a little unusual in The voltage on the positive input to the RVa
that the filter networks are arranged to amplifier is therefore the same as the
vary the negative feedback path around input voltage since there is no current R1
the amplifier. If we consider one filter through, or voitage drop across resistor Rb

section impedance of the LCR network
will be | k ohms at the resonant frequency

RA.

Fig.C
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of the network. At either side of
resonance the impedance will rise (with a
slope dependant on the Q of the network
which is 3) due to the uncancelled re-
actance. This will be inductive above
resonance and capacitive below resonance.
We can therefore represent the equalizer
stage by the equivalent circuit below.

Re

RVa

Fig. A

[t must be emphasized that this
equivalent circuit represents the condition
with one filter only, at its resonant
trequency. Additionally letters have been
used to designate resistors to avoid con-
fusion with components in the actual

RVa%

Fig. B

The output of the amplifier in this case
is approximately the input signal times
(10 000 + 1000)/100 giving a gain of 20
dB. It the slider is at the other end of the
potentiometer, (Fig. B), the signal
appearing at the positive input, and thus
also the negative input is about 0.1 (1000/
(10 000 + 1000)) of the input. There will
still be no current of the potentiometer
and in RC, thus the output will be 0.1
of the input. That is, there will be a loss of
20 dB.

If the wiper is midway. both the in-
put signal and the feedback signal are
attcnuated equally, and the stage will have
unity gain.

With all filter sections in circuit the
maximum cut and boost availuble is
reduced, but * 14 dB is still available.

In the actual circuit we have used
the first op-amp (IC1/1) as a buffer for
the input and also as the overall gain
control stage. With the values shown the
gain is adjustable over a range of -9 to
+14 dB. By replacing R22 by a link RV 11
will act like a normal volume control.
Now to the gyrator.

The only difference between an in-
ductor and a capacitor - electrically, that
is, not mechanically — is the phase
relationship between the current and
voltage. In the gyrator we use an op-amp
to reverse the phase relationship of a
capacitor and make it appear like an
inductor. In the circuit below the
inductance is given by the formula

L=R1xR2xCl H where C isin
I"arads
Like a real inductor there is a series
resistance (winding resistance) or R2 and
a parallel resistance R! (in a coil this is
due to winding capacitance). The lowest
value of R2 depends on the amplifier
used but for standard op-amps it would be

about 100 ohms. At the high end the
value of R1 is limited by input current.

INPUT

c1

Fig. 2. Printed circuit layout.
Full size 150 x 75 mm.
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PARTS LIST — ET1 485

Resistors all %W 5%
R1-R10 1k
R11—-R20 220k

R21 47k
R22 15k
R23 ™
R24,25 10k
R26 100
R27 ™

R28,29 100

Potentiometers
RV1—-RV10 6k lin 45mm slide

RV11 250k log 45mm slide
Capacitors

c1 145 tantalum
c2 820n

C3 390n “

c4 220n polyester
C5 100n '

cé 47n 2

Cc7 27n o

c8 12n a2

c9 6n8

Cc10 3n3 ”

c1 68n "

C12 33n "

C13 18n "

C14 8n2 "

C15 3n9 b

Cci6 2n2 "

C17 1n0 "

Cc18 560p ceramic
Cc19 270p ”

C20 150p “

C21,22 104 25V electro
C23,24 150p ceramic
C25 10U 25V electro
C26—-C28 47n polyester
C29,30 10U 25V electro

Semiconductors
1C1--I1C3 4136 Quad op-amp

Misceltaneous

PC board ETI| 485

11 knobs McMurdo P/N 4093

For stereo operation twice the above
components are required

Power supply ETI 581 {15V 40mA )
Box to suit ( see diagram )

Three DPDT toggle switches

Two 4 way RCA sockets

Three core flex and plug

Cable clamp, terminal block

® R28 ® ® ® ® ® ® ® L ®

® c27 @ - [ ] @ Y
c23 ©
OV ——ee -®—c2 7
INPUT e (C2 1 0 <> <S> - C10-C>
U R2 R4 R6 R10
TO RV11 ———o’| e - I L - - o
22
Zor cre <D . €16 <>-c17 C20=C=
TO RV ——@ ! 4 R12 CRN I 1 R16 CR17 14 R20
S i S R1 R3 RS R8 -_Rg
IC1 -L,— —L’- 1c2 wf e o 1Ic3 _CJ.-
5% R26 R11 R13 R15 R18 R19
OUTPUT ——X W -~ - L -__r-
N _Oc24 [ [ sorpe 3 <>>-C15 c.8c>c1s + LO=C19
ok b Son 10 DE) s
I oy 8 +
R29 +
~15V il +
° ® ° ] °
c3
oV —————
° ° ° 'Y ° ° ® ° ® *
RV1 RV2 RV3 RV4 RV5 RV6 RV7 RVS RVS  RV10

NOTE: RV1-RV10 ARE ON THE COPPER SIDE OF THE BOARD

k‘—— — 394 -

Fig. 3. Component overlay of the equalizer board.

P,

Note

The 4136 amplifier is manufactured by
Raytheon and is distributed in Australia by Soanar
Electronics (who supplied us with samples). It is

le— 08—

also supplied by Tecnico Electronics.

2-3mm WIDE GROOVE 6mm DEEP AROUND INSIDE EDGE

Tantaium capacitors of 390 nF and 820 nF may
be difficult to obtain. 470 nF and 1uF may be
substituted causing only a small shift in centre
frequency.

MATERIAL
12mm PARTICAL BOARO

84-

Fig. 4. Constructional details
of the cover. _’H. 46#



Lol

UNE LEFT CHANNEL 1 r RIGHT CHANNEL
= A r N il [' [ |5 n f ‘:I ] ‘ 11 n -: n
I i=l=l=l==l ===l = IRl | |—1- o |- .—3:—1.——‘—1+ 2~
== == = (| < 'g | ( [ ' [ ] - GRAPHIC
—l—l— == I—| __: 4‘ 6 | — |l ‘—“—;!— \—||— EQUALIZER
TAPE — ||| al l | 4 ‘ | | — | | | |
—ll—H—ll—— 1 — ] — = [ [{——| |~ —_ M ——1— | — I —
| — N — e [ — | — [ — — e | o— g ' ——|l—|— _l}___‘}_i_i_ [
||| — — | ——|— || —|—| [ 2 [ == = —— _ti_]_\_'_l_
EQUALIZER ! —_ “( [ ‘ [ 4 [ | : L‘ |‘ [ | I +
— — — — { T | R I I _l — — |_ —
n —=ll=l=l—=ll=l=l=lI=ll=ll—I| ¢ |——l—II=ll=ll—=lI=ll=ll=l|—=II=ll
|l—_' — |_(|_ |— — |_ — — ‘——— | 8 | —— | \— ||| "_—“_' — ||
- l— ——l——l_!-—'.—ll_‘ [—11—|—[|———|| -10- ]HH——‘,—U—J—— ‘—‘1—’—‘—'—— !— +
u—d u u U u U U U UL U U 4y U u
BL2E3 32 62 125 250 500 1k 2k 4k 8k 16k LEVEL LEVEL 32 62 125 250 500 1k 2k 4k 8k 16k EOWER
] L
Fig. 5. Front panel artwork for the equalizer. See fig. 8 for dimensions.
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Project 480

a0-100 WATT
AMPLIFIER MODULES

This is our very reliable 422 amplifier redesigned
for simplicity in construction.

THE MOST POPULAR AMPLIFIERS
we have ever published are the 100 W
guitar amplifier (ET!1 413) and the
50 W stereo amplifier (ETI 422). These
amplifiers have proved very reliable for
the many hundreds of readers who have
built them.

Both of the amplifiers are, however,
a bit fiddly to build (as are most power
amplifiers) because the power transist-
ors must be mounted on a heat sink
which therefore needs wiring to the
control board. Whiist this module has
the same electrical design as the 422 the
layout has been greatly simplified.

The new design was originally a
replacement amplifier for the 422.
However we soon realised that by
adding two transistors we had a
replacement for the 100 watt amplifier
as well.

Both versions are very easy to build
and set up with all the components,
including the power transistors, on the
pc board (eliminating another source
of possible errors).

Construction

Assemble the module, less the heatsink
components, with the aid of the gverlay
in Fig. 5. Now mount the heatsink
bracket on the component side of the
board with two 6 BA screws making
sure the other holes line up with those
in the pc board.

Mount the power transistors and the
BD139/140 using insulating washers
and silicon grease. |f the amplifier is to
be run continuously at full power we
recommend you use beryllium oxide
washers rather than mica ones. This
will lower the junction temperature’
about 10°C.
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The screws holding the 2N3055/MJ
2955 should also be insulated where
they pass through the heatsink bracket.
The BD 139 and BD 140 do not need
any insulation other than the mica,
provided 6 BA (or 3 mm) screws are
used. In the 100 W version the addition
transistors are mounted on the heatsink
bracket outside the pc board area.

The heat sensing transistor Q6 should
be inserted into the bracket using silicon
grease, bend the lead flat against the pc
board and solder to the pads provided
When installed, the transistor should be
in the centre of the heatsink.

The recommended power supply is
shown in Fig. 3. This supply gives about
40 V on no load, dropping to about
32 V on full output. This allows re-
production ‘of transients beyond 50 W
{or 100 W) whilst providing a degree
of protection for the output transistors.
If a regulated supply is used it should
not be higher than + 35 V.

If no preamp is to be used, a couple
of chassis-mounting capacitors
(4700 uF) with the diodes wired across
the terminals will suffice. If the pc
board is used there is facility for build-
ing the preamplifier regulator and fitting
a dethump relay (if required). The
power amplifier itself does not produce
any thump.

Alignment

The only adjustment you have to make
is to set the current using RV 1. The bias
current for the 50 W version should be
20—25 mA and for the 100 W version

it should be 30—35 mA. The figures are
for the ampilifier running cold. These
currents increase about 50% when the
amp gets hot.

To measure the current we recom-
mend soldering a 100 ohm % W resistor
across each fuse holder and removing
the fuses. With no {oad connected and
no input adjust RV 1 until there is about
2.5V (3.5 V for 100 W version) across
the resistors. There may be a slight
voltage difference between the two
resistors, so just take an average. It's
not that critical. This method of
measuring current is much easier on
your testmeter should there be a fault
in the amplifier.

Le

SPECIFICATION* ETI 480
50 W version 100 W version
Output power 50 W into 8 ohms 100 W into 4 ohms
Frequency response 5 Hz — 50 kHz 5 Hz — 50 kHz
at rated power +0 dB +0 dB
-3 -3
Input Sensitivity 500 mV 1V
Distortion see Fig. 1
Signal to noise ratio 100dB 100 dB
Protection 1.5 A fuses 3 A fuses
Damping Factor 25 20
Power Requirement 33Ve12A 33V@24A
* Measured performance of prototype
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Project 480
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Fig. 2. Circuit diagram of the amplifier module. T

How it Works ETI 480

The input signal is fed via C1 and
R1 to the base of Q2 which, with
Q3, forms a differential pair. Tran-
sistor Q1 is a constant-current source
supplying about 2 mA. This current
is shared by Q2 and Q3. Transistor
Q4 is also a constant-current source
supplying about 10 mA which, if no
input signal exists, flows through Q5
and Q6. The differential pair controls
Q5 and thus the voitage at its
collector.

The resistors R11 and R12 to-
gether with potentiometer RV 1; con-
trol the voltage across Q6 and

maintains it at about 1.9 V. But as
Q6 is mounted on the heatsink, this
voltage will vary with heatsink
temperature. Assuming that the
voltage on the bases of Q7 and Q8
is equally spaced about zero volts
(i.e., 0.95 volts) the current will be
set at about 12 mA through Q7 and
Q8. The voltage drop across the

47 ohm resistors (R14, R18) will be
enough to bias the output transistors
Q9 and Q10, on slightly to give
about 10 mA quiescent current in
these transistors. This quiescent
current is adjustable by means of

potentiometer RV1.

Local feedback is applied to the
output stage by the network
R20—R23, giving the output stage a
voltage gain of about four. The over-
all feedback resistor, R8, gives the
required gain control.

Protection to the amplifier
(against shorted output leads) is
provided by fuses in the positive and
negative supply rails to both
amplifiers.

Temperature stability is attained
by mounting Q6 on the heatsink
and this transistor automatically
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Fig. 4. Printed circuit layout of the amplifier. Full size 140mm x 76mm.

Fig. 3. Circuit diagram of the power
supply suitable for one 100 W or two
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adjusts the bias voltage.

The power supply uses a full wave
rectifier and a centre tap to derive
+ 40 V dc. Dropping resistors and
zener diodes are also provided for a
preamplifier (if required).

As some preamplifiers cause the
main amplifier to give a thump on
switch-on, a relay is provided to over-
come this. R4 and C7 cause a delay
of about 3 sec on switch-on. The
relay can be used to switch the out-
put leads from the main amplifier.
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Fig. 5. Component overlay of the 100 W module. For the
50 W version delete Q11 and Q72
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PARTS LIST — ETI 480 PARTS LIST — ETI 480 PS
Resistors Transistor
Resistors all %2 W 5% unless noted R1,2 1k 1w 5% Q1 BC 548
R1 1k5 % W 5% il 470 TWo 5%
R2 10 k R4 47 k W 5% Zener diodes
R3 10 zD1, 2 1BV IW
R4 5k6 Capacitors
RS 2k7 C1 33 n 250 V ac Miscellaneous
C2-C5 2500 UF 50 V electro PC board — ETI 480 PS
R6 3k3 C6.7 47 UF 50 V electro Relay 2 pole 280 ohm coil
R7 220 Transformer PF3577 or similar
R8* 10 k Diodes
R9 1k2 D1-D4 1N5404
R10 470 D5 1N4004
R11 1k2
R12 560
R13 470
R14 47
R15 331 W
R16 101 W
R17 331 W
R18 47 %W
R19 121w
R20—-R23 2201 W i
R24—R26 1801 W
R27 R30*
Potentiometer
RV1 470 trim type
Capacitors
C1 4 47 25 V electro
Cc2 100 (41 16 V electro
C3 100 p ceramic 0
Cca 3n3 polyester
C5 330 p ceramic
C6 100 n polyester
(o)} 27 p ceramic
C8--C12 100 n polyester '
Transistors
Q1-Q3 BC557
Q4 BD140
Q5 BD139
Q6 BC549
Q7 BD139 |
Q8 BD140
Q9 MJ2955 5
Q10 2N3055 L3 d
Qi1* o /}’\) The 100 W module before fitting to the heatsink.
Q12* S

Zener diode
ZD1 56 V 400 mW

Miscellaneous

PC board ETI 480

Four PC mounting fuse clips (FC1)
Two fuses 1.5 A*

Heatsink bracket to Fig. 9 *
Insulation kits for Q7—-Q12,.

* For 100 W version
R8is 4k7 2 W
R27—R30are 1 21 W
Q11 is MJ2955

Q12 is 2N3055

Fuses are 3A

Bracket is to Fig. 8.

Rear view of the 100 W module showing the links and resistor which are external
to the pc board.
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a0-100 WATT

Project 480

AMPLIFIER MODULES
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Project 481

2 UOLT 100 WATT
AUDIO AMPLIFIER

Here's how to adapt ET1's b0/100 watt power amplifier modules for 12 volt
operation. This article shows how to build the necessary power supply.

MANY POP GROUPS and a surprising
number of car and van owners have asked
us to design a high power amplifier
energised from a 12 volt supply.

We have based the design on our 480
Jower modules {described on pages 102
to 108 in this book). This article
describes the power supply and the
following one shows how to combine all
the bits and how to construct a suitable
mixer input stage.

The converter described here supplies
¥40 volts required by the ETI 480
module — it can handle either a single
100 watt module or two 50 watt
modules.

We have kept the converter’s os-
cillator frequency above the audio band,
and providing the unit is shielded (to
prevent RF noise) there is no noise or
interference from the converter.

When operating any amplifier off a
battery supply, it must be remembered
that the power consumption can be
high. For 100 watts sinewave, the ampli-
fier needs 150 watts input (assuming
66% efficiency) and with a converter
efficiency of 80%. This gives an input
nower of about 180 watts. That’s 15 A
from a 12 V supply. With music wave-
forms this does, however, drop to 8-10
A but even this can quickly flatten a
normal car battery.

-
-
e !
z
-
-
«
z
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Design Features

With an inverter of this power there are
a number of problems to be solved at
the design stage. The simplest type of
inverter is the self-oscillating feedback
type which also has the advantage that
it is short-circuit proof. However, it
usually operates at about 2 kHz and the
noise generated can be annoying for
audio use. This type can be made to
oscillate at over 20 kHz but high speed
transistors must be used (which are ex-
pensive).
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12 UOLT 100 WATT AUDIO AMPLIFIER

——O +40v
NOTES: +[
21000 4
Q1,2BD 139 T sov
Q3'— Q6 2N3055 Y ) —Qov
D1,2 1N4001 1000
D3'— D6 BYX71 — 150 50V
T1, T2 SEE TABLE 1 O _aov
T 2
*s1 |°s2
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Fig. 1. Circuit diagram of the power supply.
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How it Works — ETI 481 PS

The transformer T1 and transistors Q1 and
Q2 form a self-oscillating oscillator at
about 25 kHz (with a 14V input). The
secondary of this transformer is used to
drive the base circuit of the main tran-
sistors, Q3-Q6. Resistors R4-R15 limit the
current into the base to about 0.5 A. The
transformer T2 has two primaries, each
connected to separate transistors, pro-
viding the necessary current sharing. The
secondary of T2 is rectified by D3-D6,
which are high speed diodes, and filtered
by C1 and C2.

When measuring the output voltage a
minimum load of about 30 mA is needed.
When driving an amplifier the quiescent
current is enough to provide this minimum
current.

PARTS LIST — ETI1 481 PS
Resistors all 2 W 5%

R1,2 150 ohm

R3 6k8

R4-R15 15 ohm

Capacitors

C1,2 1000 U 50 V electro
Cc34 1000 1 16 V electro

Semi-conductors

Q1,2 Transistors BD139
Q3-Q6 Transistors 2N3055
D1,2 Diodes 1N4001

D3-D6 Diodes BYX71-150
Miscellaneous

™ Transformer see Table 1.
T2 Transformer see Table 1.
PCB ETi 481 PS

Heatsink bracket to Fig. 2.

Fig. 2. Heatsink bracket. The unit must be bolted onto a heatsink before use.
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We looked at the special ICs designed .- .
for use in switching-mode power sup- TABLE 1 Transformer Winding Details
plies (a similar application) as voltage
regulation. However, if normal tran- Transformer T1
sistors (2N3055) are to be used a com- Core  2x FX223% 21 mm A5
A L. . Former 1 x DT2204
plex control circuit is required to en- Clip  4x DT2362
sure the transistors turn off‘quickly Ring 1 x DT2361
enough to prevent overheating. The Base 1 x DT2364
main requirement in turning the tran-
sistor qff is that the b?se must be re- Windings Start Finish Turns Gauge Notes
verse biased. To do this up to one amp i
Sec 1 4 6 2 0.8 mm Bifilar
must be taken out of the base (only for Sec 2 6 5 2 0.8 mm e —
about 2 us) to reduce the storage time )
of the transistor. If this is done the :f!m 1 f 1 8 8-5 mm Bifilar
3055 will turn off in about 2 us (where vy 2 = 8 .5 mm Oung
simply removing base current means a Feedback 8 7 5 0.5 mm
5 us turn off time).
The design finally settled on is a dual
transformer type. This uses a low-power Transformer T2
self-oscillating inverter driving the main Core 2 x FX3730
q . q Former 1 x DT2730
inverter, using 3055s in parallel to
handle the qurrent. As hlgh-speed low- Winding Start Finish Turns Gauge Notes
power transistors are available {BD139) Brirm 1 g 158
A AR rm . mm
there was no problem in obtaining 20- Prim 2 SEE OVERLAY 5 1.25 mm | QUADFILAR
25 kHz operation. . Prim 3 5 1.25mm | wound
The other problem of operating at Prim 4 5 1.25 mm
over 20 kHz occurs when you rectify .
the output. Normal rectifier diodes SEcyl SERONEE 16 D GG LT
! SEC 2 16 1.0 mm wound
conduct for about 5 us after being
reverse-biased — this causes high power o . N . e
Qg h q p Secondary is on opposite side to primary. All windings come out the one
dissipation. We tried 1N4004 diodes at end. To allow the wires to come out at the one end the lugs marked 2,3,6
1 A and they lasted about 30 seconds! and 7 should be broken off on the former.
High-speed diodes are available but they

are generally expensive and/or on long
delivery.

We finally settled on some Philips
types {BYX71) which are reasonably
priced and available (at the time of
writing anyway). They are 7 A, 150 V
devices, mounted on suitable heatsink,
and they turn off in less than 0.5 us,
greatly reducing power dissipation.

To filter this frequency only small
capacitors are needed, but due to the
variable load of the audio amplifier
(peak currents of about 8 amps) we
used 1000 uF (to smooth the load and
stop the high peaks overloading the con-
verter).

TABLE 2
ALL RESULTS WITH 12.6V INPUT
OUTPUT OUTPUT INPUT
POWER VOLTAGE | CURRENT
WATTS VOLTS AMPS
0 80 1 %
15 68 1.1 St
25 67 3 T e — e ——
50 65 5
75 63 7.2
100 61 10
125 59 125
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Fig. 3. Diagram showing position of the links and diodes D3-D6.
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Construction

Except for the winding of the trans-
formers, construction is simply assemb-
ling a pc board. If the transformers are
not available ready-wound they can be
made from the details in Table 1. Note
that there are not many turns but they
are wound using a reasonably heavy
gauge of wire. One turn short or too
many on one winding could damage
the main transistors.

When assembling the pc board note
that D3-D6 are on the copper side and
the metal surfaces are bolted in contact
with the pc board which then acts as a
heatsink. Also there are a few links on
the copper side of the board as it was
not possible to get the tracks on the pc

board wide enough to carry the currents.

The unit, when assembled onto the
heatsink bracket, must be mounted on-
to a heatsink similar to the one used in
the amplifier module.

Fig. 7. Printed circuit layout. Full size 188 x
129 mm.

5

2O (o]
P

Fig. 5. The pin numbering sequence for T1.

123

BWN -

=1

Fig. 6. Diagram showing the start of the quad-
filar primary winding of T2. Note that it must
be wound this way to reduce power consump-
tion and improve regulation.
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PA/GUITAR AMPLIFIER

Revised version of the ETI 413 guitar amplifier uses our new ETI
480 power amplifier with a new tone control/mixer board and any
of our existing preamplifier modules. It can be powered either

by the mains or 12 volt dc.

AS THE ETI 480 amplifier moduie is
so much easier to build than the 413
guitar amplifier and has the same
power rating we have had many requests
to describe it as a complete amplifier.
Aithough this article does not
specifically describe that unit, it shows
how to interconnect modules which are
all described in this book, to make an
amplifier to suit your particular need.
The new mixer board has two out-of-
phase outputs to allow two 100 watt
modules to be connected in a bridge
configuration to give 200 watts into
eight ohm loads.
give 200 watts into eight ohm ioads.
Note however that loads less than eight
ohms cannot be used while in bridge
and if the load can be broken into two
separate four ohm loads this should be
done and the amplifiers used separately.

Constructional Hints
Due to the various requirements of
different groups we are not giving
formal constructional details but will
just give general procedures and things
to watch for,

The first thing to decide is what
arrangment of modules is needed. The
various modules available are as follows;

Power modules
ETI 480/50W 50W into 8 ohms
ETI 480/100W 100W into 4 ohms
2xET1480/100W 200W into 8 ohms

Power supply
1xTransformer
2xTransformer

240V in 100W out
240V in 200W out

114

Output power

SPECIFICATION ETI 481

Unit built using two 100 watt modules connected in
bridge with ET! 449 balanced microphone preamplifiers.

into 8 ohms at < 1% distortion 200 watts
Frequency response
controls flat, +0dB, —3dB 15Hz — 30kHz
Tone control range
bass at 100Hz +10dB —11dB
treble at 10kHz +11dB —12dB
Sensitivity 3mV
Maximum input voltage * 500mV
* limit due to preamplifier clipping.
1x ETI 480PS 12Vdc in 100N out Options
1x ETI 480PS ETI 438 audio level meter

+1 Transformer 12V/240V input
100W output

Mixer / tone controls
ETI 481M

Preamplifiers

ETI 445 two channel preamp.
for magnetic pickups.

ETI1 446 two channel limiter
suitable for high level
microphones.

ETI1 449 balanced mic. amplifier

for low level microphones
up to 500mV max.output

The box we used was supplied to us
by Applied Technology and is suitable
for rack mounting. If this box is used
the heatsink bracket of the amplifier(s)
should be the same as described for the
12V power supply to allow it to clamp
directly onto the heatsink/ sides of the
box. While this box looks large, when
two power modules, power supplies and
the preamps are fitted it becomes more
crowded. Therefore layout all the
boards before drilling any holes.

With the 12V supply we used a 15A

(Text continued on page 116)



Internal view of the 12V / 240V 100W unit
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HIGH POWER PA /GUITAR HMPIIEIER

22n
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47k 27k 100k 27k
O—AAAA Bk ANAA AAAA
INPUT 1 R2 (BASS)
47k
A
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273»( AMA 100
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47k
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s
1
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[~ 16v €3
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TO VU
44%% RV3 MW METER
c11 25k
= 100u
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b——-O 12V Fig. 1. Circuit diagram of the mixer - tone control stage

Continued from page 114

fuse in series and a large automotive
type diode ( cathode to +Ve) across the
12V after the fuse so that the fuse will
blow if the supply is the wrong polarity.
The output of the 12V converter and
the output of the 240V rectifier can
simply be paralleled allowing the two
supplies to be used separately or
together without damage. The wiring on
the 12V side carries 15 amps and should
be a reasonable gauge,

For connecting in bridge two sep-
arate transformers (or a larger one) are
needed, separate rectifiers should be

used and larger filter capacitors or
paralleled capacitors { we used 6800u
50V ) should be used. When connecting
the power modules the +40V, 0V and
—40V connections between the modules
should be short.

Most of the preamplifier modules
need a dual 12V supply and this is
available from the 481M board. In the
audio level meter the diode D3 should
be replaced by a 680 ohm resistor to
lower the +40V to less than the 32V
allowed. It should be connected as a VU
meter with R5 as 220k. The unit can be
calibrated on the mixer board.

We mounted the preamplifiers,
mixer and VU meter on small brackets
which were held on by the potentio-
meters. For the balanced microphone
inputs we used stereo phone jacks as
they are economical and also allow an
unbalanced microphone to be used. The
level control potentiometers on the
microphone inputs were 10k log and are
on the output of the preamplifier.

We had some hum pickup into the
mixer board from the wiring to the
power switch and we have moved
it more to the right since the photos
were taken to help this problem.

How It Works — ETI 481M

The mixing is done by IC1 where the gain
is set by RV1 and is variable from zero to
10 (20dB) and for dc biasing RS is used.
Due to the high value of RS we have used
a FET op-amp (CA3140) for IC1. The
tone controls are a standard network
around IC2. The output of IC2 is inverted
by IC3 to give the second output needed.
The frequency compensation used on IC2
and IC3 is called ‘feed forward’ and
extends the frequency response of the
IC.

The power supply reduces the * 40V
to * 12V and has enough power to drive
the preamplifiers as well.
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PARTS LIST — ETI 481M
<
Resistors all %W 5% Potentiometers Semiconductors g
R1-R4 47k RV1 500k log rotary IC1 CA3140 2
RS 4M7 RV2 100k lin "' 1C2,3 LM301A m
R6 27k RV3 25k lin " ]
R7 5k6 RV4 500k trim Q1 BD139 <9
R8 47k Q2 BD140 b4
Capacitors ’
R9 27k Cc1 10 non polarised electro ZD1,2 12V 400mwW
R10 5k6 c2 22n polyester =2 H AR D O °
21 ;,}‘21 18'(; C3 560p ceramic l;ﬂciscellageg_ﬁ 1M 5 g @ =
13, 1 c4 180 ” boar Z
R131e 100 G 1o 7 EEOREEOR
c7 180p
c8—c11 100 16V electro Fig. 3. Front panel artwork. Full size 375 x 135 mm.
Note that the full length is not shown here.
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Project 481

RECTIFIERS
AND
FILTER

-

s [~ CAPACITORS
TRANSFORMER TRANSFORMER
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oD
o
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A O= _O
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com.
o ETI 480 ] ETI 480
MODULE
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ouTP \ y
TPUT _aov ¢
TO I
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PREAMPS. ; |
LEVEL ETI 438
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CONTROL oo R//IléTER
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ETI 481M

Fig. 4. Wiring diagram for the 200V bridge amplifier.

Photo showing how the rectifier diodes are connected.
This is on the 12V / 240V version where a single
transformer and rectifier are used.

Fig. 5. Printed circuit Jayout. Full size 92 x 78 mm.
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GRAPHIC EQUALIZER METALWORK (continued from page 101).
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i LINE AMPLIFIER

PROJECT
430

The completed line amplifier. Note the uze ot Canrion plugs and the gain

switch on the side.

Boost microphone output with this low noise amplifier.

MODERN high quality mierophones
are low impedance units having a very
low output voltage. To minimize
noise, picked up on long leads, it is
usually necessary to wuse special
balanced and screened leads together
with balancing transformers. An
alternative approach is to use a low
noise amplifier to boost the signal
before passing it down the cable. The
ETI 430 line amplifier, described here,
is intended for this purpose.

Such a unit, when used with the ETI
Master Mixer provides either 20 or
40 dB of gain prior to the mixer. This
allows the mixer to be used on the
low-sensitivity range. Thus the larger
signal now available, effectively over-

E 2048 . . . .
~ . — rides the inherent noise of the first
OFF| 0 «—e— amplifier in the mixer.
o, ' The overall effect of using such an
40d8 amplifier is to vastly improve the
- . signal-to-noise ratio of the particular
2 It BC559 = (;25 . microphone channel and to eliminate
22uF == . ggp,; ey # the need for an expensive balanced
A oA 5 __t and screened cable and balancing
Oo— I 22uF . e transformer.
g147m= ol s S e 19V To reduce the possibility of mains
’ | i hum pickup we have used a small nine
T volt battery to power the unit. Since
?J'? ?(;Jk ouTPUT the current drawn is a mere 0.5 mA,
INPUT | the batterv should last about three to
G
i L
R1 R4 R7 ! Fig.1. Circuit diagram of the micro-
220* 100k 33k g phone line amplifier. Voltages shown
SW1A are :yfica/ and as measured on our
roto .
8 D | H o ype. ‘
© B S SO |
=  * DEPENDS ON MICROPHONE IMPEDANCE
POINT E ON PC BOARD |
/ |
BC549 BC109 +VE TERMINAL OF BATTERY (F) |
~ BC559 BC1729 . — =y Z
JL == ——— — b °he = == — !
e o
= = 5 =t~ POINT D ON PC BOARD \
X———— POINT C ON PC BOARD
e c BC149 - —
= BC159 [Low[oFF [HiGH]
— —e
= < «f WIRING OF 3 POLE
BC549 PHILLIPS b v 3 POSITION SLIDE SWITCH
BC559 ONLY e l
E}:F:. /" +VE TERMINAL OF BATTERY
BC149 4 91— POINT E ON PC BOARD
BC159 A
] 0 Q O POINT C ON PC BOARD
;:: — =11 [-13 |
=———X0 & | m— N\ POINT D ON PC BOARD

WIRING OF DPDT TOGGLE SWITCH
WITH CENTRE OFF POSITION




Internal layout of the line amplifier.

four hundred hours before
replacement is requirec.

The ETI line amplifier can of course
be used to great advantage with any
recording equioment where low noise
operation is necessary. When used with
the Master Mixer the low impedance
input should be wused hut the
terminating resistor (fitted across the
mixer input socket} should be
removed so that a 4.7 k input
impedance is cbtained.

CONSTRUCTION

The circuit is not critical in any way
hence, practically any construction
method may be used. However, the
use of the prirted circuit board
specified will considerably simplify
construction.

We used an unbreakabtle plastic box
(polycarbonate) to house our unit but
if the unit is to be used in the
proximity of power cables etc it would
be advisable to mount the unit in a
metal box (diecast or similar). This is
especially so i¥ an input impedance
above 1 k is to be used as the higher
the impedance the more likely is hum
pickup.

If Cannon plugs are used, as in our
prototype, pins 1 and 2 should be
linked and used as the earth line. Pin 3
is then used as the active line,

(Continued next page)

o ETI 430

O%N'

D AC| T

Fig.2, Printed circuit board layout
for the amplifier. Full size 55 x 42
mm.

Fig.3. Artwork for the gain switch
label. (Shown full size).

Fig.3. Component overlay. Note particularly the orientation of the
transistors and electrolytic capacitors.

MEASURED PERFORMANCE

IMPEDANCE
Input selectable up to 68k max
Output ~ 1.6k

GAIN
High 40 dB
Low 20 dB

OUTPUT VOLTAGE
Maximum 3 volts

INPUT VOLTAGE
Maximum (high range) 30 mv
Maximum (low range)

300 mV

FREQUENCY RESPONSE
10 Hz — 30 kHz +0 —3dB
EQUIVALENT INPUT NOISE
(referred to 1 mW into 600£2)
High Range
Low Range

—110 dBm
— 102 dBm

DISTORTION
Output Voltage 100Hz 1kHz 6.3kHz
<0.1% <0.1% <0.1%
0.17% 0.2% 0.17%
05% 05% 05%
1.75% 18% 1.7%
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HOW IT WORKS —
ET1430

The Jine amplifier is basically a two
transistor amplifier having a
selectable gain of either 20 dB (\10)
or 40 dB (x 100).

The input  impedance of  the
amplitier (reterring to kg, 1) is
determined by the combined values
of R1. R3 and R4 - all in parallel.
The parallel impedance of R3 and R4
is 68 k and this is theretfore the upper
limit ot input impedance (R = &).

lor impedances less than 5§ k the
values of R3 and R4 may be ignored
and R isset to the same value as the
desired input impedance. Henee the
circuit as shown matches
microphones having 200 ohm output
impedance.

Resistor R2. in conjunction with
R3 and R4 determines the de bias tor
transistor Q3 whilst capacitor €2
decouples  the input bius network

from any supply rail noise. The
output of Q2 is fed back to the
emitter of QF thus providing negative
feedback which as well as supplying a
dc bias. sets the ac gain of the stage.

The gain of the amplifier may be
calculated using  the following
formula (assuming ideal transistors).

Gain = R9 + R6 + (R7//R8)
R6 + (R7//R8)

Thus tor R8 = 12 k the gainis 11.2
or 21 dB. l'or R8 = 0 the gain is 101
or 40 dB. The actual gain obtained is
slightly lower than this due to the
finite betas of the transistors used.

The value of capacitor C3 {
determines the upper 3 dB point of
30 kHz whilst capacitors C1, C4 and
CS all give individual break points at |
the low end of S Hz, 7 Hz and 1.5 Hz |
respectively.

PARTS LIST — ETI 430

R1 resistor selected to suit
input impedance

R2,4,

9,11 " 100 k W 5%

R3 " 220k "

R5,R7 " 33k "¢

R6 " 1k "

RS v 12k » »

R10 " 1ok » o

Cl Capacntor 0.47UF 25V TAG

C2,4,5,6 22UF 16V

electrolytic
€3 " S56pF ceramic

Ql Transvstor Bcl109,BC149,8C549,
Q2 BC179, BC159, BC559

SW1 Switch 2 pole 3 position slide
or 2 pole centre off
toggle

PC board ETI1-430

3 female

Cannon sockets
= 4 male.

XLP-3-1
XLP-3-1
Cord plugs = XLP 3-11 female

XLP-3-12 male.

Box to suit (preferable metal), 9 Vv
battery and clip input and output
sockets etc.

PROJECT 414

Sixteen amplifiers sub-mixed
to eight channels — plus monitor

STAGE MIXER

SEVERAL hundred of our master
mixers have been built and are in use
by groups and recording studios
throughout Australia. Whilst this mixer
has been enormously successful, there

are several areas in which improvements
can be made which will still further
improve the flexibility and usefulness
of this instrument especially for
on-stage performances.
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MASTER MIXER

(ET1414)
o
R
-_— Ojo|olo|o|0 —
O|ojeo|0of0j0 —
—_— — |O|o|o|0|0|0 —
olo|o|o|o —_ —_—
—_ —_— MULTICORE CABLE
(1x 240V EXTENSION LEAD +12 LINE
S UNBALANCED SHIELDED CABLE)
- >
RIGHT SPEAKERS LEFT SPEAKERS
STAGE MIXER |
(ETI-414-16) | ‘
o0 0 40 40
0% @ B ®
000 o o IMONITOR
o 00 (o2 e) G
00000009 O Eul i)
A4 4
1 I1 T !
MIKE OR OTHER INPUTS
AMP. * . AMP.
(ET1-413) 1 | 1 (ETI-413)

A A

STAGE MONITOR SPEAKERS

TO OTHER
AMPLIFIERS ™ ~

TO OTHER
AMPS,

-

STAGE

This is the way that the ET/ Stage Mixer would be used for a live performance.

LONG-LINE WORKING

For most live performances the
master mixer is best located in the
listening area so that the mix can be
continuously monitored, and
controlled, for best effect. Whilst such

operation is possible with the ET!
master mixer, the inputs are not
designed for long line work, especially
with low-output, or unbalanced high
impedance microphones. This
deficiency may be overcome by using

a line amplifier for each input.

THE NEED FOR SUB MIXERS

The next obvious deficiency in stage
applications is that several
microphones are often needed to mike

MAXIMUM INPUT
on maximum gain 30 mV
on minimum gain 1V

SPECIFICATION

NO OF INPUTS 16

GAIN
maximum
variation possible

8 normal +
1 monitor

TPUTS
NO OF QU 50 dB

36 dB

NOMINAL INPUT

maximum gain Any number of inputs can be connected to any

10 mV

submixer. However no input may be connected
to more than one sub-mixer. The VU metering
is switchable to any one output channel.

NOMINAL OUTPUT
maximum
nominal

8 volts

3 volts
TABLE 1

INPUT IMPEDANCE Selection value of R11 (or 21, 31 etc)

selectable <68 k

Input Impedance R11
20052 22082
60052 68052
47 k 150 k

SIGNAL TO NOISE

re 10 mV single channel input 74 dB
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STAGE MIXER

the drums, or the several speakers of
an organ etc. This requires the use of
separate mixers, in front of the main
mixer, to avoid wasting the 8-channel
master mixer’s capability. To
overcome both these disadvantages we
have incorporated 16 line amplifiers
and eight sub-mixers into a common
unit such that the 16 channels may be
grouped in any desired combination to

the eight master mixer channels. The
grouping shown for our prototype
stage mixer (in the block diagram Fig.
1) is 4,3,3,2 plus 4 individual
channels. This may of course be varied
to suit individual requirements.

THE STAGE MIXER
Thus the unit described here is a 16
channel to eight channel sub-mixer

INPUT A oUT 1
o > MIXER 1
INPUT B
o——%
= MONITOR MIXER
INPUT C ouT 2
o-—}—-o MIXER 2
INPUT D q
o—i%

MONITOR
VOLUME

INPUT E
O—

MIXER 3

CONTROL L
ON MASTER =
MIXER

ouT 3

INPUT F
o_

YY

INPUT G

it

MONITOR

Y

MIXER 4

QUTPUT
ouT 4

INPUT H
O

V4

INPUT |

BUFFER
AMPLIFIER

T

i

MIXER 5
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O

ouUT S5

N
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T
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O
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INPUT M
O

T

MIXER 7
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o.—

T

INPUT P
O

MIXER 8

NVAVAVAVAVAV

S Fig.1. Block diagram

of the stage-mixer

16 INPUT BUFFER
AMPLIFIERS
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system. The group-
ing of line amplifiers
into the mixers may
be varied as
required.

T

which is specifically designed for use
on stage. It accepts high or low
impedance microphone inputs, which
may be balanced or unbalanced. The
unit provides eight high-level outputs
for transmission to the master mixer.

The inputs may be made by either
Cannon connectors or by standard
tip-and-sleeve jacks. We strongly
recommend that Cannon connectors
be used for on-stage work because of
their ruggedness. The input impedance
of each channel may be tailored to suit
the individual microphone (or other
source) by selecting one resistor.

The gain of each line amplifier is
adjustable from unity to 63 (36 dB)
and the sub-mixer adds a further
(14 dB), that is, a total of 50 dB gain
is available.

The output level of each channel
(even from a low output microphone)
will be of the order of 1 volt and may
be as high as 22 volts peak-to-peak
without overload distortion occuring.
Thus an extremely wide dynamic
range may be accommodated by this
mixer and the same dynamic range will
also be accommodated by the master
mixer. The master mixer, when used
with the stage mixer may be used
switched to the low sensitivity input
position and such operation greatly
improves thg signal-to-noise ratio.

MONITOR FACILITIES

The original master mixer does not
incorporate any monitor facilities. It is
possible to use the echo-mix channel
for monitoring but the level controls
for each channel will also affect the
monitor output. This is undesirable as
if a louder level is required in the
auditorium the monitor will also
become louder — introducing a danger
of acoustic feedback occuring.

Within the stage mixer we have
incorporated a special monitor mixer
which has its own level control
followed by a buffer amplifier. A
second ‘Master’ monitor volume
control is physically located on the
main mixer so that it can be adjusted
should acoustic feedback occur.

BACK UP MONITOR

Facilities are provided such that
should the master mixer fail, or the
cables between the two mixers be
damaged etc, the stage mixer may be
switched to provide an output direct
to the PA system.

In this mode a ‘Back up’ switch takes
the output from the monitor mixer
and transmits it direct to both
channels of the PA system. The
monitor signal is still transmitted to
the monitor amplifier when the mixer
is in this mode. In normal use the
‘back up’ switch must be at ‘normal’.

When the stage mixer is in ‘back up’
mode the master monitor level



control, located on the master mixer,
is by-passed (full volume) regardiess
of whether the master mixer is
connected or not.

FINAL QUTPUTS

The master mixer outputs (i.e. left
and right stereo plus monitor mix) are
returned to the stage as part of the
multicore cable and terminated on the
‘stage mixer’ with both ‘Cannon’ and
standard ‘Jack’ type connectors.

METERING

A VU meter is provided on the stage
mixer which can be used to monitor
the output of any of the eight (sub)
mixers or the stage monitor output.
This meter will be useful for initial
level settings on each sub-mixer.
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Fig.2. Component overlay for the
preamplifier board.

POWER OUTLET

A switched, 240 volt power outlet is
provided on the stage mixer. This is
intended to provide power for the
master mixer via an extension cable.
Thus the power cable and the

multicore cable are the only ones
required between the two mixers.

HOW IT WORKS — ETI 414

LINE AMPLIFIER

The line amplifier used is similar to
the LTI 430 line amplifier except
that the gain is variable from unity to
40 dB (actually 36 dB in a practical
circuit).

The input impedance of the
amplifier (referring to Fig. 2) is
determined by the combined value of
R11, R12 and R13 — all in parallel.
The parallel impedance of R12 and
R13 is 68 k and this is therefore the
upper limit of input impedance (R =
@),

For impedances less than 5 k the
values of R12 and R13 may be
ignored and RI11 is set to the same
value as the desired input impedance.
Hence the circuit as shown matches
microphones having 200 ohm output
impedance.

The output of Q12 is fed back to
the emitter of Q11. This path via
R17 in parallel with RV11 and C14
provides negative feedback as well as
supplying a dc bias which sets the
overall gain of the stage.

The gain of the amplifier may be
calculated using the following
formula (assuming ideal transistors).

(R17//RV11) + R15
R15

Gain

When the gain  control is at
maximum the gain is 102 or 40 dB
(in practice 36 dB), and when the
gain  control is at minimum
R17//RV11 is zero and the gain is
therefore unity.

The signals from any number of line
amplificrs may be summed by one of
the sub mixers (eight per board
1C1-1C8) the output from each mixer
is taken directly to output socket to
the master mixer, and via a 22 k
level. control to the monitor mixer,
1C9.

The output of the monitor mixer is
taken to the master-monitor, level
control on the master mixer and then
returned to a buffer amplifier in the
stage mixer, 1C10.

In an emergency (main mixer
faulty) SW2 disconnects the outputs
from the master mixer and connects
the output of the monitor amplifier
to the PA channels.

Power for the Stage mixer is
provided by a conventional supply
which provides plus and minus 15
volts for the mixer amplifiers and
plus 19.6 volts for the line amplifiers.

ETI1414 D

Fig.3. Printed circuit board layout for the
preamplifiers (two required for 16 channels).
Full size 223 x 63 mm.
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STAGE MIXER

R14
33k

+10V

g > +18V
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INP
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10k
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CONSTRUCTION soldering to the appropriate places on

The mixer board (ETI 414E) should
be assembled with the aid of the
circuit diagram, Fig. 5, and the
component overlay, Fig. 7. The parts
list for this board was given in last
month’s issue. It is advisable to use
terminal posts or pins for the eight
input lines, the O V line and the +19.6
volt line. This makes later
interconnection considerably easier.

Our prototype was constructed in a
simple pan shaped chassis and cover.
We suggest that the sides of the front
panel be bent up (rather than the ends
as shown in the photographs).This will
strengthen the front panel and allow
the transformer to be mounted on it
rather than in the case as shown in our
prototype unit.

Mount the spacers for the printed
circuit boards, the multi-cable socket,
VU meter and power outlet socket to
the front panel with countersunk
screws. |t is suggested that the wires to
the three-pin socket be attached
before mounting — it is difficult later.
All other front-panel components can
now be mounted along with the
escutcheon.

Since the mixer may be subject to
rough handling it is recommended that
all screws be sealed in position with
LOCTITE or similar compound.

Commence interconnection wiring
by connecting the input sockets and
potentiometers as shown in Fig. 8.
This diagram shows connections to
channel 1 of the preamplifiers — all
other channels being similar. For
neatness, we terminated these wires by
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+18V O— — +18\
R1
8.2k
c1 *
25,4 F +10V
c2 * ZD1
25, F T BZX79
ovO— —> OV

ONE AMPLIFIER ONLY SHOWN. PC BOARD ETI1414D
CONTAINS 8 AMPLIFIERS. COMPONENT NUMBERING OF
SECOND AMPLIFIER STARTS AT 21, THE THIRD AMPLIFIE

COMPONENTS R1, C1,C2 AND ZD1 ARE

COMMON TO ALL AMPLIFIERS.

the underside of the board. Attach
wires to the preamplifier outputs, on
both boards, long enough to reach the
appropriate mixer inputs. Similarly
attach wires for the O volt and +18
volt supply lines.

The +18 volt supply comes from the
negative side of the LED, the positive
side being fed from the 19.6 volts of

Fig.4. Circuit diagram of the line amplifier
feight per board).

the power supply (1.6 volts drop
across LED). When all these leads are
attached, both boards may be
mounted in position on the chassis.

The mixer/power-supply board may
now be interconnected with the aid of
Fig. 9. Figure 10 shows the wiring to
output sockets and VU meter.

The selector switch and VU meter
wiring is as shown in Fig.10 and 11.

STAGE MIXE
PARTS LIST GENERAL

Chassis
Box
Escutcheon
16 Cannon sockets XLP-3-13
3 Cannon plugs XL.P-3-14
27 Phone jacks — mono— 6.4mm
1 LED and panei hoider
1 11 position 1 pole rotary switch
1 VU meter
1 240V power outlet HPM type 55 or
similar
121 pin socket John Carr KA/213
26 Knobs
12 1" spacers
nuts, bolts, 3 core flex & piug etc.

SUB-MIXERS,POWER SUPPLY

R2,5,8,11 resistor 10082 law 5%
R14,17,20 " 100y4 Yaw 5%
R23,25,28 100 oo
R29,30,31 39044 lew '
R1,4,7,70 » 47k aw "
R13,16,19,22 " 47k " >
R3,6,9,12 100k » »
R15,18,21 100k ** *
R24,26,27 100k "
RV1,2,3,4 potentiometer 22k rotary log
RV5,6,7,8 potentiometer 22k rotary log
RV9 potentiometer 470k rotary log
C4,5,6

9,6 capacitor O.I#F polyester
C1,2,3 capacitor 470UF 25V electrolytic

IC1-1C10integrated circuit UA741C
Mini dip or TOS

R PARTS LIST

D1-D4 diode EMA401 or similar
ZD1,2 Zener diode BZX79C15

T1 transformer 240V/15-0-15V PL.30/20V A
PC Board ETI414E

SW1 switch DPDT toggle 240V rated

SW2 switch 4PDT toggle

INPUT AMPLIFIERS

16 off are required for all
components betow

R11 resistor see text

R15 resistor 68034 Yaw 5%
R18, 19 resistor 10k Yaw 5%
R14,16 resistor 33k Yaw 5%
R13 resistor 100k Y%aw 5%
R12 resistor 220k Yaw 5%

RV11 potentiometer 220 k rotary log.
C13 capacitor 56pF ceramic

Cl1, 15 capacitor 0.47UF TAG Tantalum
C12 capacitor 22lUF 16V electrolytic

Q11 transistor BC549 or similar
Q12 transistor BC559 or similar

2 off are required for all
components below —

R1 resistor 8k2 Yaw 5%

C1, 2 capacitor 25UF 25V electrolytic
ZD1 Zener diode BZX79C10

PC Board ETi-414D
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Fig. 7. Component overlay
for the mixer/power-supply
board.

Note that pins 1 to 9 of the
multi-cable socket will have 2 sets of
leads, one set from the mixer outputs
and one set from the VU meter
selector switch. o

Circuit diagram, How it
Works and wiring diagrams —
next page.

Fig. 6. Printed circuit layout for the mixer/
power-supply board. Full size 182 x 57 mm.

ETI 414 E
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STAGE MIXER

A= 0
POWER
240v _\
2ot N K | swiTcH
E—
PINS 1-9 ON

THIS SOCKET HAVE,
2 WIRES ON EACH
PIN.

OV ON OUTPUT
SOCKET

CABLE LOOM NUMBERS
CORRESPOND AT EACH END

Fig. 8. Connection diagram for the mixer/
power-supply board.

e 15V

ov TOMIXER-POWER SUPPLY
P.C.BOARD

15v

MASTER CH8 CH7 CHé CH5 CH4 CH3 CH2 CH1
NOTE: ALL NUMBERING REFERS TO THE
MIXER-POWER SUPPLY CIRCUIT DIAGRAM
AND OVERLAY.
RIGHT OUTPUT MONITOR QUTPUT LEFT OUTPUT
PHONE JACK PHONE JACK PHONE JACK
INPUT A
) oV
TO PREAMP CANNON CANNON
PC BOARD +19.6V ON = PLUG PLUG
POWER SUPPLY G
+
(3r (2)
LED > +18V ON
PREAMP BOARDS
240V
A] INPUT |N = 5
10 BACKUP 4
CANNON SWITCH —
SOCKET 5 H
SMMII\'I_;!C:OWER VU METER
— VU METER
Fio B Wi oo ) ) © swiTcH
1g. o, iring to Input sockets.
g g tofnp TO TRANSFORMER LOMUETICABEE

AND POWER OUTPUT
SOCKET

CATHODE

ANODE

5

CATHODE
INSULATED
FROM
HEADER

D

ANOOE
INSULATED
FROM

HEADER

CATHODE

ANODE
ANODE I CATHODE
+ 1
ANODE CATHODE
~
CATHODE
REF MARK

JATHODE T

ANODE

>

CATHODE
o~ \NDE X
NOTCH

ANODE

THODE
CATHODE ANODE

<4

indicator lamps.

128

SOCK

CHANNEL
4 OUTPUT

CHANNEL
3 OUTPUT

CHANNEL
2 OUTPUT

CHANNEL
10UTPUT

ET

Fig. 11. Circuit diagram of
the VU meter.

PINS 1-9 ON SWITCH GO TO
THE MULTICABLE SOCKET

Fig. 10. Interconnection of output sockets VU meter and switch and
backup switch.

CHANNEL
5 OUTPUT
CHANNEL
4 B 6 OUTPUT
6
3 CHANNEL
- ~O 07 ™ 70UTRUT
20 CHANNEL
/ Og ™ g ouTPUT
1
Jo) MONITOR
o MON. OUTPUT
OFF ¢ MIX.
k5 A OA91
NVU
Sl METER

Fig. 12. Common lead connections for LED



BO
INPUT

FROM
MAIN
MIXER

240V
INPUT

7’

ouT 70
R21

NOTE

100k R2
O

RV8
22k

IC's 110 TYPE LA741

MONITOR
RETURN Ow MV

OF
NPUT 6

m OH
INPUT 8
QS1 ) 3

15

—.

TO MAIN
MIXER

—

o

R29| - No—0

33052

HOW IT WORKS — ETI1414
MIXER/POWER SUPPLY

The signals from any number of line
amplifiers may be summed by one of
the sub mixers (eight per board
ICI-IC8) the output from each mixer
is taken directly via the output
socket to the master mixer, and via a
22 k level control to the monitor
mixer, [C9.

The output of the monitor mixer is
taken to the master-monitor level
control on the master mixer and then
returned to a buffer amplifier in the
stage mixer, 1C10.

In an emergency (main mixer
faulty) SW2 disconnects the outputs
from the master mixer and connects
the output of the monitor amplifier
to the PA channels.

Power for the stage mixer is
provided by a conventional supply
which provides plus and minus 1§
volts for the mixer amplifiers and
plus 19.6 volts for the line amplifiers.

Fig. 5. Circuit diagram of the
mixer board.

uA741
19. -8

a1 s

VIEW FROM
ABOVE VIEW FROM
UNDERNEATH

TO MONITOR
AMPLIFIER

AMPLIFIER

TO RIGHT
AMPLIFIER

R30
+22V 150%2 +19.6V
swi 15V D1-D4 ©

> +15V
0.1uF l
Ccé

EM401 glz))’m

0—-0“A ' 470 FT 470, FT T4 0.1uF

[}

ov
RS> . & ©
N +|a700F T
T 5%2(79 e

240V/15—0-15 R31 c15

E PL30/20VA r 3300
= ¢ +—» _15v
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Project 487

Equalise systems for room acoustics accurately

using this neat piece of 'test’ gear.

AUDIO SPECTRUM ANALYSERS can
be a valuable tool used in the setting up
of a room acoustically with a graphic
equalizer such as the ETI 485; to
monitor programme material or just as a
gimmick to please yourself and friends.

When setting up rooms pink noise is
pumped into the room usingan amplifier.
A microphone is then used to monitor
the sound and its output is the input to
the analyser. Now by adjusting the
graphic equalizer a flat response can
{hopefully) be obtained.

Design Features
Spectrum analysis can be done by two
main methods. The first is to have a
tuneable filter which is swept across the
band of interest. The output of the
filter, when displayed on an oscilloscope,
will be a frequency/amplitude graph of
the input. While this gives a well-format-
ted and accurate display it is not "real
time’’ in that if an event occurs at one
frequency while the filter is sweeping
elsewhere it will not be recorded. For
this reason this method is used normally
where the spectral content is constant
and the sweep is only over a small
percentage of total frequency (such as
the output of a radio transmitter).
For real time analysis the frequency
spectrum is broken into bands using
bandpass filters and the output of each
rectified. The output from these
rectifiers can be displayed on a CRO as
in this project or by columns of LEDs
or similar methods. The number of
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udio Spectrum
Analyser

No. of bands 10
Frequencies
Filter characteristics

SPECIFICATION - ETI 487

31, 63, 125, 250, 500, 1k, 2k, 4k, 8k, 16k
—12dB, one octave from nominal centre frequency

Display CRO in XY mode
Input level 50mV — 10V
Input impedance 200k

Pink noise output 200mV

X output +4 V approx

Y output OV to 10V

bands and the dynamic range required
determine the filters used. In this project
where only about 20dB is required a
single LC network is sufficient. Another
unit we have built (not for a project)
uses a 6 pole high pass filter followed by
a 6 pole low pass one. This gives a flat
response (¥ 1dB) over + % octave and is
36dB down 1 octave away. However, it
uses 6 op amps and 2% capacitors and
resistors in each filter!

If there are sufficient requests for it
we will publish a LED version of this
unit.

Fig. 1. The frequency response of the 500Hz
filter. All other filters follow a similar curve.

FREQUENCY RESPONSE IN dB

100 500 1000 50C
FREQUENCY IN Hz



The unit can be broken into eight sections

to help the explanation of how it works.

(a) Input amplifier

(b) Ten individual filters and rectifiers.

(c) Ten way analogue switch with decade
counter.

(d) Staircase generator controlled by *‘c”.

( X output).

(e) Log converter.
(f) Ramp generator and comparator.

(Y output)

(g) A pink noise generator.
(h) Power supply.

(a) The input amplifier has an input
impedance of 220 k (set by R1) and a gain
of 101 ((R3 + R2)/R2). The output of the
amplifier drives all ten filters and Q1 and
Q2 are used to buffer IC1 to give the drive
capability required.

(b) The ten filter-rectifiers are identical
except for component values and a bias
resistor in the three lowest frequency
filters, where tantalum capacitors are used
in series. The filteris a parallel LC network
which, with a series resistor, gives a band-
pass filter.

As large value inductors are expensive
we have used an active one using an
operational amplifier, two resistors and a
capacitor. The value of such a network is
as follows:

L=R1xR2xCl H
Rs=R2
%  Rp=R1

HOW IT WORKS — ETI 487

The frequency response of the networks is
given in fig. 1.

The rectifier is a half wave type where
the gain is variable from about 4 to 12. A
diode from the output back to pin 2 keeps
the op-amp in the linear region on the
negative half cycle allowing operation up
to the 16kHz of the top filter.

(c) The analogue switches IC23/1 -
IC25/2 are controlled by 1C22. This is a
decade counter with 10 decoded outputs,
each of which is high only for one clock
period. As the analogue switches need a
high to switch them on, only one will be
selected at any one time.

(d) The output of the decade counter
also controls the staircase generator 1C28
with the weighting networks R58 — R72
giving equal steps of about 0.9 volts.
Resistor R89 provides a bias current and
the output of IC28 starts at about +4 volts
and steps down in 0.9V steps to about -4.2
volts when the output switches back to +4
volts. This is used to drive the X input of
the CRO. To add some width to the
vertical lines, IC29/1 and 1C29/2 form an
oscillator of about 300 kHz and after
filtering by R90 and C69 is coupled into
the input of IC28 by R91.

(e) The output of the analogue switch
is fed to the diode-resistor network (D21 -
D26, R73 - R77) which gives a simple log
conversion. This method is simple, needs
no adjustments and is adequate for the
purpose. As there is some loss in this
network IC26 is used to provide a gain of
three to recover this loss.

(f) The ramp generator is formed by
the constant current (12UA) source and
capacitor C71. The capacitor can be dis-
charged by 1C25/4 and the current source

is controlled by 1C24/3. The voltage out
of the log converter (IC26) can vary
between zero and +10 volts and this is
compared to the ramp voltage by IC30.
The output of IC30 controls the oscillator
formed by IC29/3 and 1C29/4. When the
ramp voltage exceeds the voltage from
IC26 the output of IC30 goes high allowing
the oscillator to start. This immediately
discharges C71 and switches off the
current source which causes the output of
IC30 to go low again after only about 2us.
Diode D27 ensures however that the
oscillator acts as a monostable giving an
output of about 6is to ensure the
capacitor C71 is completely discharged.
The output of IC29/4 also clocks IC22
which selects the next inut. If the input
from 1C26 is ever negative and C71 cannot
be discharged to less than this voltage,
IC29/3 and 1C29/4 will oscillate
continuously at about 100kHz clocking
IC22 until it finds an input higher. This
prevents possibility of lockup if the offset
voltages of the op-amps all go the wrong
way.

(g) White noise is generated by the
zener action of Q3 which is reversed
biased. It is amplified by Q4 to give 200
mV of white noise on its collector. White
noise however has equal energy per unit
bandwidth and what we need is pink noise
which selects the next input. If the input
bandwidth (i.e., equal energy per octave).
To convert white to pink we need a filter
at 3 db/octave. This is performed by 1C27
with the RC networks providing the
necessary curve.

(h) The power supply is a simple
rectifier type with IC regulators to give
stable supply voltages.
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Project 487

INPUT

RV1
aTk

+12v +2v

10 = 100n ‘,‘
ov +H ov \
cs I+

10uI
~-12v e — 12V

ouT

1Ic31
comm
Hoc73 H crs

240V

2k2

-12v

T - L
PL24/5VA D31 D30

cz5
10p
+12v
3 e |, D1
1c? . —O0 QUTPUT
a8 2 q l 32Hz
1 R23
220R v Aoz S
N
. ,c30
RV2 T 22
250k
RZ8
100k
ov
QuTPUT
63Hz
R24
™
* can
=
250k
R29
100k
c27
10p ov
R7 Sy
0 QUTPUT
125H2
R2S
™
*ca2
T 22
250k
R30
100k

Fig. 2. The circuit diagram of the filter-rectifiers.
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—oQuTPUT
250Hz
c33
= 55
250k
R31
100k
ov
09
-
—0 QUTPUT
o 500Hz
j 010
c34
[E— 3
RVE 2
250k

o

N+

-, C74
220u

1C32

[~ 220u -]‘ 10u
il

C76
10

> 0V

-12v

RS3
100k

-0 OUTPUT
TkHz

250k

RS54
100k

OuTPUT
2kHz

R37
10k
1
caa R47
casJ. 150p 220R
3n3

o

-0 OUTPUT
4kHz

o



16kHz
INPUT

8kHz
INPUT

4kHz
INPUT

2kHz
INPUT

1kHz
INPUT

500Hz
INPUT

250Hz
INPUT

125Hz
INPUT

64Hz
INPUT
32Hz

INPUT

+12v

021

D22

023

+12v

6 14 4 +12v
9
6
5 R81
1 Sen .
1c22
10 ‘ ce1
s017 19 MW — 25
: l Q3 Qs
ceo Lt % b b ¢
25, R82
¢ e < 3kg
PINK NOISE
RSB OUTPUT
ov ~12v
(] R59
1C23/1 ¢ 180k
. 8 N
) “rrr ( 60
—1 100k ——O X OUTPUT
1C23/2 Aot
13 L L =
1
iC23/3 R62 R63 R87
15k 15k 6k8
b > AA—
1" (
1c24/1 R64 RE5
22k 470R
5 L L
. >
E ce?
RE6
1C25/1 . i 3p3
L L TR
. > ANA— —]}
3
1C23/4 R67
s 15k
- WL ¥
. 3 AMAA .
150p
1C24/2 R68 R69
12k 820R
6 A\ ). NA/\Aﬁ7ﬁd\ﬁV\A—q
8 . 180k
1C24/3 |R71: : : |
12k
13 q [
> b 12
1 [ [ 1c29/1 a2
2 T00k
1C24/4 R72 R90
& 10k 47k
% ; A
1
2
IC25/2
cr2
560p
1
—
A3
10
1 3 3 ‘
2 8
1c29/3 1C29/4
‘%1'*7
o 027
o —12v
Y OUTPUT
NOTES:
1C22 IS A 4017
IC23-1C25 ARE 4016
IC26—iC28 ARE 301A
1C29 1S A 4011B
1C301S A 301A
D21-D27 ARE 1N914
Q3, 4 ARE BC548
Q5-Q7 ARE BC558 }
. ¥
ov

Fig. 3. The circuit diagram of the logic circuitry.

(description continues on page 136)
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Audio Spectrum Analyser

&

=L l=D3=—{J—=D1
(520~
CEED)

(]

%

g

n
Q 125Hz
&———0GuTPUT
1<
E 5 +
C32
a 250H
4
‘ F &——0uTPUT
™
o) IS g +
] ks
o
aQ 500H2
OUTPUT
o+
Cc34
X
o 1kHz
‘l &——ouTPUT
-
] B
o 2kHz
B & 5uTPUT
>. +
C
w
4kHz
: & ouTPUT
+
- Cc57
™~
a 8kHz
&——(uTPUT
+
C58
~ 16kHz
&~——ouTPUT
+
C59

Fig. 5. The component overlay of the filter-rectifier board.
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PARTS LIST — ETI 487

Resistors all 2W 5%

R1 . . 220k

R2 2k2

R3 . 220k

R4 .. .1k

R5-R9. . . 10k

R10-R17 . ..M

R18-R22 . . .220R

R23—-R27 .. . 1M

R28—-R32 100k

R33—-R37 .. .10k

R38-R42 LIM

R43—R47 . . .220R

R48—-R52 .. . 1M

R53—-R57 100k

R58,59 180k

R60. . . 100k

R61. . 82k

R62,63 15k

RG64. . 22k

R65 .470R

R66 18k

RG7 15k

RE8. . 2k

RE9. . 820

R70. . . 180k

R71. . 12k

R72,73. .. 10k

R74. . 2k2

R75. . .. 4k7

R76—R78 10k

R79. ... 2

R80. . .. 6

R81 5k6

R82 3k9

R83 18k

R84 100k

R85 390k

R86 1™

R87 6k8

R88 10k

R89 18k

R90. . 47k

R91,92 100k

R93. 47k

R94. .. ... 100k

RS5. .. ... 47k

R96. . .... 10k
Potentiometers

BRvV1 . .... 47k log rotary

RV2-RV11. . 250k trim
Capacitors

C1 100n polyester

c2 10u 25V electro

C3:. . 3p3 ceramic

c4.5 10u 25V electro

Cc6 100n polyester

c78 .. 3u3 16V tantalum

Cg,10. 1u516Vv "

211,12 1016V

Construction

Due to the complexity of the unit it is
recommended that PC boards are used.
hese boards are assembled as per the
overlay diagrams. Watch the orientation
of all the ICs, diodes, capacitors, etc.,
when installing them. Note that as the
board is not a plated through type that
the tracks on the top side of the board
must also be soldered to the
components. This prevents the use of
sockets for the ICs but they are not
really worth the cost for low priced ICs



>apacitors continued

Ci3....... 220n polyester

C 1 4 “““““ ‘I OO n L an A A AR et et 58 SO\ ANUAAAAAS S8 Mot S a SR IVA AR SRR HAEABAARAANARAY SRR RR SRR 004, PP ,.
Cib....... 68n - i

cie. . ... .. 33n " 240V INPUT

BI7 sieis o1n wre 18n

ci8. .8n2 "

€19 o wis 3n9 "

C20-C24 . . .33p ceramic

C26—C29 .. .10p "

C30-C34 .. .2u225V electro

C3b....... 47n polyester ) %,

C36z5. . . .ia 27n — |
C37:5s% a4 wa 12n | ) W— ) \

C3835 5 5 o7 6n8 " g )

C395 5% oe wa 3n3 " » XE

Ca0% 556 s ioe 2n2 " D28 D29 \

C4a1.......1n0 i

CA2, vy vis 0 560p ceramic g .l 4

ca3. ...... 270p b

C44.......150p " o

C45—-C49 . . .33p " . 5,

Cc50—C54 .. .10p " : E f~

C55—C59 . . .2u2 16V electro D31 a0 .

c6061..... 25u 16V "

C62....... 820p ceramic

C63.......2n7 polyester

C64., s i cioo & 5n6

C65.......33pceramic w
G664 wd wwe & 150p ”_’5
€675 s 3p3 " Sz
CO8: voos aii o 150p " ¥'5
€80, iisiix : 0p 23
G705 Sas s & 33p 7 i @ = s
C71.......2n2polyester 3

CZR: .5 % b 560p ceramic @...

Cc73,74. . ... 220u 25V electro j

C75,76 . . ... 10u 25V "

Semiconductors
IC1—-1C21 . . .LM301A
1C22 ...... 4017 (CMOS)
1C23—-1C25 . . 4016 (CMOS)

+12v 0V —-12v

IC26—IC28 . . LM301A 5
IC29 5 i wa o 4011B (CMOS) =
IC30 ...... LM301A =)
IC31 ......7812 o
IC32 4w g s 7912 >
o [ —" BC548
Q2 .......BC558
Q3,4 ......BC548
Q5-Q7. . ... BC558
D1-D27. .. .1N914

1

D28—-D31 . . . TN40QO1

Miscellaneous
PC boards ETI 487A, 487B
Transformer PL24—5V A
Case to suit
3 core flex and plug
240V power switch
Input / output terminals to suit

X OUTPUT

as used.

With the board 487A be very careful
as there is 240V on the board. It is
recommended that the wires be
terminated directly to the board,
without PC board pins, and that the
240V tracks on the underside of the
board be coated with epoxy to prevent
contact.

We mounted the unit into a home-
made box as we did not have a
commercial one on hand to suit.

Erratum: Capacitor C75 is shown positioned incorrectly. It should be turned
through 180°. A link must also be made between the collector of Q2 and the
end of R10 where the —12V track begins on the underside on the board.
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Contents

ALARMS

Comprehensive Burglar Atarm
SCR Alarms

Car Radio Protector

Fire Alarm, Simple

AMPLIFIERS &
PREAMPLIFIERS

Non-lnverting Amplifier
AC Amplifier

AC Amplifire, Simple
Voltage Follower

Flexible Response

Hi Z, Hi Gain Amplifier
Voltage Controlled Amplifier
Recording Pickup

Direct Coupled Power
CMOS Power Booster
Photocell Amplifiers

12 VoIt PA System

Class A Amplifier

Clipper Preamp
Headphone Amplifier
Op-Amp Circuits, Standard

SIGNAL PROCESSORS
Track and Hold Circuit

Track and Hold, Simple

ADSR Envelope Shaper
Frequency Doubler

Frequency to Voltage Converter
Frequency Meter, Analogue
Digital to Analogue Convertor

Schmitt Trigger, Simple
Pulse Lengthener, Optical

SIGNAL GENERATORS
Square Wave, Low Frequency
Square Wave Generator
Monostable Multivibrator
Triangular Waveform Generator
Marker Generator

Voltage and Frequency Calibrator
VCO, Simple

Volitage Controlled Oscillator
Sine Wave Oscillator

Tone Burst Generator

Thermistor Oscillator

Theremin

E xponential Waveform Generator

FILTERS

Loudness Control
Rumble Filter, Switchable
VCF, Cheap

CMOS Filters

Voltage Controlled Filter
Tone Control, Active
Tone Control Circuit

SPECIAL EFFECTS

Qrgan, Simple
Warbling Alarm

\

Schmitt Trigger, Without Hysteresis

Guitar Synthesiser
Guitar Fuzz

Drum Simulating
Fishcaller, Transistorised

MIXERS
Audio Mixer
Basic Mixer
Switched Mixer

DETECTORS &
COMPARATORS

Low Battery Warning

Battery Voltage Monitor
Recording Level Meter
Comparator Voltmeter

Voltage Comparator

True RMS Detector

Positive Peak Detector

True RMS Convertor
Temperature Sensor, Differential
Schmitt, 5655

INDICATORS
Temperature Sensor, Remote
Warmth {ndicator

Warning Flasher
Transistorised Flasher

Blown Fuse Indicator

Novel Indicators

Neon Tube Flasher

SWITCHING

Stereo Input Selector
Stereo Switch, Simple
Logic Touch Switch

Stereo Only

Input Selector, Sequencing
Audio Switch

Touch Switch, Thermo
LED Changeover Circuit
OR Gate, SCR

AND Gate, SCR

4016 DPDT Switch

Beam Splitter, Oscilloscope
Twilight Switch, Automatic

SEQUENCE & TIMING
Time Delay Switch
Snooze Delay Unit

Timer, 1-12 Minutes

Code Switch

Timing Circuit
Combination Lock
Flexible Timer

POWER CONTROL
Impulse Power
Half-Wave Control
improved Half-Wave
Zero Switching
Triac Lamp Flasher
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Triac Slave Controtler
Light Show, Simpte

DC Lamp intensity
Train Speed Control
Temperature Controller

POWER SUPPLIES

Current Source, Drift Free
Constant Current, High Voltage
Output Voltage, Adjustment
High Voltage, Variable Regulator
Switched OQutput

Dual PSU

Mobile Power Supply
Converting Single to Dual
Op-Amp Supply

Low Ripple PSU

Zener Assistance

Crowbar, Simple

Low Voltage, Short Protection
Low Ripple at Low Current

30 Volt Regulators

Standard Configurations

TEST

FET Testing, Static

Diode Tester

Ammeter, Wide Range
Millivoltmeter, Audio

DC Probe, 100 000 Megohm
Measuring RMS with a DVM
Logic Indicator, Audible
Transformer-Inductor Tester
Pulse Catcher Probe

JFET Test, Quick

DIGITAL

Data Selector, Two Way
7 Segment Improvement
3 Chip Die

Hex to 7 Segment
Binary Calculator

TTL Keyer

ASCI! Keyboard
Counter-Display Module
Clock Generator, Muttiphase
Windicator

Self-Clear

LED Counter

AUTOMOBILE
Fuel Gauge, Digitat
tmmobilisation, Automobile

MISCELLANEA
Emergency Lights

Digital Thermometer

SCR One Shot

SCR Multivibrator

Meter Amplifier

Night Light, Automatic
Telephone Circuit
Headphone Adaptor

Rising Edge Trigger
Position Transducer, Digital
Temperature Stabilized Relay

CRYSTAL OSCILLATORS
LF VHF, Various

SPEAKER CROSSOVERS
Computer Aided Design

BATTERIES

Characteristics and Composition

CONVERSION TABLES
Hex-Decimal-Hex
Decimal-Hex-Octal-Binary

LOGIC DATA
CMOS-TTL Comparison
TTL Functions

CMOS Functions

Truth Tables, Logic
Boolean Algebra, Laws
CMOS Pinouts

TTL Pinouts

MPU Glossary

MISCELLANEOUS DATA
Transistor Characteristics

FET Characteristics

Diode Characteristics
Semiconductor Packages
Problems?

Colour Codes

Component Codes

Preferred Values

Please note: the Circuits Books
are intended as ‘ideas

directories” — they are
not meant for the
beginner.




Project 487

Alignment

This can be done using the pink noise
generator or preferably with a sine wave
oscillator.

Connect the unit to the oscilloscope
switched into the X Y mode. With the
unit switched on and a signal connected,
adjust the X gain and shift to obtain a
series of ten vertical bars across the
screen. Increase the input signal until
the columns will not get any higher.
Adjust the Y gain and shift until the
column is the height of the screen. Note
that the scope should be dc coupled.

Now by sweeping the oscillator
frequency it will be found that each
column will come up in sequence.
Adjust the frequency to peak the 16
kHz column. Now adjust RV 11 to about
75% of its travel (wiper towards RV10)
and then adjust the overall sensitivity
control to give a column height of about
80%.

Now using the same amplitude adjust
the signal generator frequency until the
8k Hz column peaks and adjust RV10 to
give the same height. Each of the filters
should be adjusted in the same way.
Note that due to component variations
the actual peak of a filter may not
exactly coincide with its nominal
frequency. Also the 16kHz filter has the
greatest loss which is the reason for
starting with it near its maximum gain.

By taking the pink noise output to
the input each column should be
approximately the same height. Due to
the nature of noise the top of the
columns will jump up and down a little
and this should be averaged out by the
eye

If an oscillator is not available the
noise generator can be used and the
potentiometers adjusted to give an even
response. Also, if desired, a vertical dB
scale can be made.

Fig.7?. The waveform on the Y output {vertical) with a 1 kHz tone input. See page 38 for the
X-Y display. Note that the time between cycles varies with the height.

Fig.8. The waveform on the X (horizontal) output. As this starts at +4V which is the right hand
side of the screen, the 16 kHz output is sampled first. Note that the time between steps corres-

ponds to that in fig. 7.

AUDIO SPECTRUM
ANALYSER 2
(see page 140)
PC Boards 489A & B.

ETI 489B

© ETI489A
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Project 489

Audio Spectrum

Analyser

LED display for compact, easy-to-build unit.

OUR PREVIOUS Real Time Audio
Analyser design produced beautiful
displays on the screen of an oscilloscope
but this means, of course, that to use
the device one has to have a scope.
Not everyone has, and with this in mind,
we contemplated the design of a more
conventional analyser with LED bar-
graph display. Urged on by reader

response to our hint that this design was mm '
on the cards, we have gone ahead and .

produced the project in double-quick @
time.

This version has the great advantage
of portability over the previous design,
and also looks better than ascope sitting
next to your brand new, 21st century

styled hi-fi! It is also easier to set up and
trouble-shoot.

- [Requency

Design Features

When we proposed a LED version of the
spectrum analyser we initially were going
to use the original filter board and design

a new logic board which multiplexed the

POWER

On

2 " Bk

Bk He

LED display. The only question at that
time was whether to multiplex the LEDs
as columns or as individual LEDs. The
column method is easier on the power
supply as the peak current is only 10
times the average current while singly
the peak current is 80 times the average.
This is not quite accurate because a
multiplexed LED requires less average
current for the same output than one
continuously on. However the column
method also requires one extra diode
per LED to give the isolation required
between columns.

No. of bands
Frequencies

Filter characteristics
Display

Input level

Input impedance
Pink noise output

SPECIFICATION — ETI 489

10

31, 63, 125, 250, 500, 1k, 2k, 4k, 8k, 16k
—12dB, one octave from nominal centre frequency
LED display 3dB spacing

50mV — 10V

200k

200mV
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After struggling with the PC board
layout which was developing into a
double sided board similar to the filter
board of the previous analyser, we
decided there must be an easier way to
make a living! The question was then
raised of whether it was worthwhile to
multiplex the display at all and the
answer was the project as it appears here.

The individual board approach not
only makes fault finding easier and less
likely, it also allows single sided PC
boards to be used throughout. The
system can also be expanded (or cut
down) as desired simply by changing A
the filter components and the number
of display boards. The power supply is
capable of supplying up to 20 display
boards without increasing the filter
capacitors.

Construction

Assemble the power supply board and
the ten filter display boards with the aid
of the overlays. The filter components
can be selected from Table 1 noting that
when the tantalum capacitors are used
in the three lower octaves a bias resistor
R15 is needed. The LEDs should be
installed as evenly as possible with the
polarity correct.

We assembled the units on 1/8"
brooker rod with 12.5mm spacers
between the boards. Metal brackets are
used at each end to support the assembly.
On the filter display boards the power
rails and the input are all common and
for the power supply we used long
lengths of tinned copper wire threaded
through the holes. The input lead
should be done with separate links to
allow the units to be serviced later if
needed.

Before assembling the unit however
each board should be checked with an
oscillator to check it for the correct
frequency and to adjust the calibration
potentiometer. This is best done by
measuring the sensitivity of the 16 kHz
board with RV2 set for maximum
sensitivity and adjusting all the others
till they are the same.

We made a metal box with a piece of
red perspex for a window to house the
unit. 1f it is to be used with an equaliser
(such as the ETI 484) it could be built
into the same box.

It will be found with the economical
LED available that there will be a
difference in brilliance between them.
If desired matched LEDs are available
but not for 20 cents each!
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TABLE 1
Centre C14,C15 C16 c17
frequency R15 tantalum polyester polyester

32 ™ 3u3 - 68n
63 ™ 1ub - 33n
125 ™ 1u0 - 18n
250 = - 220n 8n2
500 - = 100n 3n9
1k = - 47n 2n2
2k - - 27n 1n0
4k = - 12n 560p
8k = - 6n8 270p
16k - = 3n3 150p

INPUT
FROM
PREAMP

*SEE TABLE 1

NOTES:

VOLTAGE MEASUREMENTS ARE OF
THE PROTOTYPE BUT SHOULD BE
TYPICAL. ACTUAL SUPPLY VOLTAGES
WERE 512.75V

IC1=IC4  LM301A
1€5,6 LM339
Q1,34 BC548
Q26 BC558
Q5 D140

D5,6

B
D1-D4 }N4001

Fig. 1. The circuit diagram of the filter display board. ov

+Ve

=,c21

= 10u

HOW IT WORKS — ETI 489

The input signal to the unit is initially
buffered and amplified by IC1 and is then
split into octave bands, rectified and
displayed by a “bar” of LEDs. We have
used 10 separate boards for the
rectifier-display as only the component
valves in the filter are different.

The filter is a parallel LC network
where the inductive part is a gyrator formed
by IC3, CI7, R16 and R17. The valve of
such an “inductor” is R16 x R17 x C17
Henrys (C17 in Farads). This, with the
parallel capacitor C16 and the series
resistor R14, form a band pass filter.

The output of the filter is half wave
rectified by 1C4 which also provides a gain
of about § before the signal is smoothed
by C20.

The eight LEDs in each individual
display are connected in a series chain
which is supplied with 10 mA by the
constant current source Q5, Q6. Control
of how many LEDs will be on is done by
ICS and IC6. These are quad voltage
comparators which have as the output

stage an open collector NPN transistor
with its emitter connected to the negative
supply rail. These compare the output of
the rectifier with the voltage set on the
resistive divider R21-R29 and “‘short™ out
the unwanted LEDs.

The power supply is a simple fullwave
rectified with a centre tap giving¥12V dc.
Due to the load (about 150 mA) there is
about one volt ripple on the supply rail
but this does not affect the operation of
the unit. As the current drawn by the
filter display boards does not change with
the number of LEDs on the supply voltage
remains reasonably constant.

The 100 Hz ripple does however affect
the noise generator and this has been
changed from the 487 analyser to
accommodate this. The noise generator
consists of Q3 which is used as a zener
diode where the noise current is amplified
by Q4. The output of Q4 is white noise
and to give pink noise a 3 dB/octave filter
is needed. IC2 and the associated
capacitors and resistors provide this filter.

PARTS LIST — ETI 489A

Filter—Display boards 10 required

Resistors all W 5%
R14. .. ... 10k
R15. ... .. see table 1
R16...... ™M
R17. 00 s 220R
R18. ... .. 100k
R19—R21 . .10k
R22...... 2k7
R23:vww siw & 2k2
R24. ..... 1k5
R25. .. ... 1k
R26. ... .. 680R
R275555 56 & 560R
R28...... 390R
R29...... 820R
R30...... 68R
R31. v oo o 10k
Potentiometers
RvV2 . .... 25k trim
Capacitors
C14—C17 . .see table 1
ci8...... 33p ceramic
C19. oz et 10p ceramic
C20...... 2u2 25V slectro*
C21;; s wveive 10u 25V electro*
Semiconductors
IC34..... LM301A
IC56..... LM339
QB 3 R BD 140
Q6. o5 w000 BC558
D56 ..... 1N914
LED1-LED8

Miscellaneous
PC board ETI 489 A
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—O +12V
D1
Y -2V
ACTIVE Lo0
:
240V INPUT o} O ov
O—0
NEUTRAL SW1 +H oc2
T1 [ - 1000
240V/9V+9V D2 D4
EARTH
——OQ 12V

Fig. 2. The power supply circuit.

SIGNAL
INPUT
i s
—0
ov
22 12v PREAMP PINK NOISE  +12V
OUTPUT OUTPUT
:r-ﬁgy Fig. 5. The component overlay of board B.
ov PC boards for this project are
Fig. 3. The circuit of the preamplifier—buffer. on page 139.
+Ve g;gﬂ 1R81l?
Re. S a PARTS LIST — ETI 489B
7.4v). — —W\— P
= c12 Rz ower Supply board
Sn6 390k .
Resistors all aW 5%
RY oowav a6 o 220k
R2 = 50w @ 2k2
+ B « v @ s 220k
‘T‘?So, R4 . e 1k
— R6 ...... 56k
gL 73y R6-R8. . . .5k6
RO ...... 3k9
—o TN R10. ..... 18k
RIS ene metts 100k
R12...... 390k
R13...... ™
Potentiometers
Ve RvV1 ..... 47k log rotary
Fig. 4. The circuit diagram of the pink noise generator. Capacitors
OV Goeravani 1000u 16V electro*
CB5E e erais 100n polyester
o7 R N 10u 25V electro*
LED1 CB. siniie v 3p3 ceramic
K B0:: . von.eie 100u 25V electro*
C78 ¢ooss 25u 25V electro*
CO. s w55 sce 100u 25V electro*

...... 820p ceramic
...... 2n7 polyester
c12...... 5n6 polyester

1
[~ [+ ]

==
| - r
m m m
ol |O| O
s w N

Q0

-0

IC5
) 24 C13...... 33p ceramic
o Semiconductors
. LEDS IC1,2..... LM301A
K QU sapsome 4 BC548
4 LEDG6 Q2 . .o e BC558
-¥% K Q3,4 . i BC548
3. LED7 D1-D4. . . . 1N40O1
< 4 b TEGS Miscellaneous
-

PC board ET| 489B
Transformer 240V/9V+9V PL18/20VA

¥

> > SW1 DPDT 240V toggie switch
] d B NOTE: Case to suit
'T o by THE CATHODE (k) OF LEDs
IS INDICATED BY A FLAT ON *all electrolytic capacitors PC
THE BODY OR A SHORTER board or single ended type.
Fig. 6. The component overlay of board A. LEAD.
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ruecrsn AUDIO NOISE

GENERATOR

—o0
+15-30V
R2 B
5k6S ¢, 5k6
1yF
WHITE
| NOISE PINK
56k NOISE
— A Ao
al
= SauF R4 1" F
M
iy W S Sk "0k < 16k
R3 820pF
! Q2 39k
H oo c4 ] [ 3
== 25uF s
oy "0.0056 4F 0. 0027 uF .
-0

Q1-Q3 ARE TYPE BC548

Fig. 1. Circuit diagram of the noise generator.
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Simple circuit generates both
white and pink noise.

NOISE is generally an undesirable
phenomena that degrades the
performance of many measurement
and instrumentation systems, It
therefore seems strange that anyone
should want to generate noise, but this
is often the case.

Noise generators are often used to
inject noise into radio-frequency
amplifiers in order to evaluate their
small signal performance. They are
also used to test audio systems, and as
random signal sources for wind-like
effects in electronic music.

There are two commonly used noise
source characteristics, ‘pink’ and
‘white’. White noise is so called
because it has equal noise energy in
equal bandwidths over the total
frequency range of interest. Thus, for
example, a white noise source would
have equal energy in the band 100 to
200 Hz to that in the band 5000 to
5100 Hz.



HOW IT WORKS — ETI 441

In the days when vacuum tubes
were in common use the most
commonly used form of noise
generator was a vacuum-tube diode
operated in the current saturation
mode. Nowadays noise generators
may be very complex indeed. Highly
complex digital generators which
produce psuedo-random digital noise
may cost many thousands of dollars.
An example of a simpler type of
digital noise source may be found in
our synthesizer design (see
International Music Synthesizer 4600
ETI December 1973). However for
audio work of a general nature the
most commonly wused, and the
simplest, method is to use a zener
diode as a noise generator.

Transistor Q1 is in fact used as a
zener diode. The normal base-emitter
junction is reverse-biased and goes
into zener break-down at about 7 to
8 volts. The zener noise current from
Q1 flows into the base of Q2 such
that an output of about 150
millivolts of white noise is available.

The ‘zener’, besides being the noise
source, also biases Q2 correctly, and
the noise output of Q2 is fed directly
to the White Noise output.

To convert the white noise to pink
a filter is required which provides a
3 dB cut per octave as the frequency
increases. A conventional RC
network is not suitable as a single RC
stage gives a cut of 6 dB per octave.
Hence a special network of Rs and Cs
is required in order to approximate
the 3 dB-per-octave slope required.
Since such a filter attenuates the
noise considerably an amplifier is
used to restore the output level.
Transistor Q3 is this amplifier and
the pink noise filter is connected as a
feedback network between collector
and base in order to obtain the
required characteristic by controlling
the gain-versus-frequency of the
transistor. The output of transistor
Q3 is thus the pink-noise required
and is fed to the relevant output
socket.

I1f white noise is filtered or modified
in any way it is referred to as coloured
noise or, often more specifically, as
‘pink’ or ‘grey’ noise. The term pink
noise should be restricted to the noise
characteristic that has equal energy per
percentage change in bandwidth. For
example with true pink noise the
energy between 100 Hz and 200 Hz
should equal that between 5000 Hz
and 10 000 Hz (100% change in both
cases).

Pink noise therefore appears to have
more bass content than does white
noise, and it appears to the ear to have
a more uniform output level in audio
testing. To change white noise to pink
noise a filter is required that reduces
the output level by 3 dB per octave
(10 dB per decade) as the frequency is
increased. The ET! 441 Noise
Generator is designed to provide both
white and pink noise as required.

PARTS LIST —ETI 441
R1 Resistor 56k 12W 5%
> i

R 5k6 oW 5%
R3 I 39k 12W 5%
R4 I 1M 12w 5%
R5 22 390k 12W 5%
R6 o 100k 2w 5%
R7 i 18k 2w 5%
R8 " 5k6 2w 5%
C1 Capacitor 25UF 25V electro
c2 i 1 25V electro
Cc3 ” 2 #F 25V electro
c4a ” 0.0056UF polyester
C5 ' 0.0027UF poiyester
C6 " 820pF ceramic
c7 " 1UF 25V electro
Q1-Q3 Transistor 8C548,B8C108

or similar
PC board ETI 441
CASE
BATTERIES

OUTPUT SOCKETS

Fig. 2. Component
overlay.

ETI 441

CONSTRUCTION

Construction is relatively simple and
almost any of the common methods,
such as Veroboard or Matrix board,
may be used if desired. For neatness
and ease of assembly it is hard to beat
a proper printed-circuit board and for
this reason we have provided details of
a suitable board.

Almost any type of NPN transistor
will do for the generator provided that
the one used for Q3 has a gain of 100
or more. If BC548 type are used watch

ov

WHITE
NOISE

hp—— +Ve

PINK
NOISE

Printed circuit layout. Full
size 67 x 49 mm.

out for the
connections
manufacturers.

two different pin
used by different

For use as a separate instrument in
general experimentation the unit will
need to be powered by a pair of
nine-volt batteries. However if the unit
is to be built into some other piece of
equipment, as is often the case, any
supply within the equipment which
has an output of between 15 and 30
volts dc will be suitable.
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AUDIO LEVEL METER

PROJECT 438

Peak and average audio levels are indicated by a bar of light.

HIGH-POWER amplifiers usually
incorporate meters to indicate the
output-power levels in each channel.
These meters are often called VU
meters but in most cases they resemble
proper VU meters only in the way
they are scaled.

A professional VU meter is the
industry standard for measuring the
levels of complex music waveforms. It
has a scale marked from —20 to +3 VU
{on a steady state signal VU
correspond to dB) where ‘0" VU
corresponds to a level of one milliwatt
into 600 ohms. The meter has a
carefully controlled time constant
such that if a reference tone level is
applied the pointer of the meter will

take 0.3 seconds to reach 99% of the
reference level, and will then
overshoot by not more than 1.5% and
not less than 1.0%.

The professional VU meter is thus an
instrument that has been designed to
give a reasonable compromise between
indicating the fast peaks and the
average levels of a complex music
waveform.

In contrast the meters fitted to some
amplifiers have scales calibrated in VU
but usually relying on the inertia of
the meter movement to provide meter
averaging. Apart from this thé 0 VU
point corresponds to the rated power
output of the amplifier — not to 1 mW
into 600 ohms (equivalent to 75 mW

Supply voltage

Supply current

Input sensitivity
(VU meter)

Indication
Attack time

Release time

SPECIFICATION

20 to 32 volts dc
15 to 20 volts dc

16 mA dc approx,

500 k/v
8 LEDs 3 dB apart
1ms

0.5 sec.

in 8 ohms). Strictly speaking therefore
such meters should be called level or
power meters, not VU meters.

Even the best of such meters are not
fast enough to indicate accurately the
peak levels which occur in music and
hence are useless for detecting the
onset of amplifier clipping. This is vita!
as at clipping amplifier distortion rises
rapidly.

One alternative is to use in addition
to the level meter a clipping indicator
that detects fast peaks which exceed a
preset level. The ETI 417 OVER-LED
project was such an instrument — it
flashed an LED when a music transient
exceeded clipping level.

The circuit described in this project
is best described as a 'level meter’. It
uses an arrey of LED diodes set to
illuminate at successively higher
increments .n music level. With this
type of display an estimate can quite
easily be made of channel balance, and
all transients, no matter how fast, are
detected and indicated.

DESIGN FEATURES

The ETI 438 Level Meter can be
arranged to indicate levels either in
'VU meter’ format or in output power
format. In the 'VU-meter’ format the
eight diodes light at 3 dB intervals
from —18 to +3 VU where 0 VU
corresponds to the nominal voltage
required. Alternately as a power meter
{remember that an amplifier cannot be
driven beyond the clipping point) the
top LED indicates maximum power
and each lower LED indicates half the
power of the one above it. The LEDs
of the meter could thus be labelled,
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Fig.1. Circuit diagram of the level meter.
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25Vdc SUPPLY AND NO INPUT

SIGNAL

HOW IT WORKS - ETI 438

Although the circuitry of the level
meter looks complicated the
complete instrument only uses three
ICs. These are an LM3900 which isa
quad amplifier and two LM339s
which are quad voltage comparators.

The input signal is amplified and
buffered by IC1/3 to provide about
2.5 volts out at 0 VU input. The
value of RS is selected to give the
sensitivity required for amplifiers of
different power outputs. The gain of
this amplifier is equal to the ratio of
R9/RS.

A positive peak detector, IC1/l,
and an inverting negative peak
detector, IC1/2, give an output which
represents the absolute peak level.
Capacitor C3 and resistor RI10
provide the peak hold and decay
time. IC1/4 provides compensation
for the 0.6 volt offsets of the

LM3900 inputs.

The eight comparators are
connected to a resistor divider chain
the top of which is fed from a 5.1
volt supply which is stabilized by a
zener. The resistor values are
calculated to provide reference
voltage steps at 3 dB intervals. The
output of the detector is applied to
all the non-inverting inputs of the
comparators.

The LEDs are all connected in series
and supplied with a constant current
of 10 mA by the source consisting of
Q1 and Q2. The outputs of the
comparators are via open collector
transistors which are “ON” if the
input is lower than the reference
voltage at the particular comparator
input. With no input signal at all the
comparators are all on thus shorting
out all the LEDs so that none is on.
As the input voltage rises the

comparators turn off in sequence
allowing the 10 mA to flow through
the LEDs. Thus as the voltage
increases a bar of light of increasing
height is formed by the LEDs.

The current drawn from the power
supply is about 16 mA and is
independent of the number of LEDs
which are on. Supply voltage is not
critical and may be anywhere
between 20 and 32 volts. Providing
the supply is between these limits the
unit will also be insensitive to supply
ripple. When working from a dc
supply a 47 microfarad filter
capacitor is required but if an ac
supply is used then the capacitor
should be increased to 220
microfarad to minimize ripple. A
single diode is used to both rectify
the ac input and to prevent damage
due to accidental reversed polarity if
a dc supply is used.
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PARTS LIST — ETI 438

R21 Resnstor 68 ohm W 5%

19 390 ohm 12W 5%
RlB ' 560 ohm 12W 5%
R17 ' 680 ohm 12W 5%
R20 " 820 ohm Y2W 5%
R16 ”’ 1k W 5%
R15 ' 1k5 W 5%
R14 ' 2k2 12W 5%
R13 " 2k7 1w 5%
R12,22 " 3k3 2W 5%
R6,10,11 Resnstor 100k YW 5%
R1,2,7.8 1M W 5%
R3,4,9 " See Table 1 ¥2W 5%
R5 * See Table 1 12W 5%

C1,2,3,4 Capacitor 1 F 35V electro

«C5A b F 35V electro

*C5B " 22 UF 35V electro

* use 47 [IF for dc operation 220 UF

for ac operation

1C1 Integrated Circuit LM 3900

1C2,3 Integrated Circuit LM 339

D1,2 Diode IN914, BA318 or similar

D3 ' EMA401, IN40OS or similar

ZD1 Zener diode 5.1 V 400 mW

Ql Translstor BD 140, BC640
BC177, BC 557

LED 1-8 L.E.D. 5023 or similar
PC board ETI| 438

for example (for a 100 watt amplifier)
100, 50, 25, 12.5 watts etc.

The fast attack time of the meter
{less than one millisecond) ensures
that even very short transients are
Jetected, whilst the relatively slow
-elease time (0.5 seconds) provides a
-easonably-accurate, average level
ndication.

In most previous designs for such
meters, discrete transistors were used
:0 build level detectors. Temperature
xffects and variations in gain led to
naccuracies and to calibration dif-
‘iculties. These problems have largely
Jeen overcome in the ETI 438 meter
oy using the LM339 IC which contains
‘our accurate level detectors in one
>ackage. Additionally the LM339 also
'as an open-collector output stage
wvhich enables a constant current
;upply for the LEDs to be used. Thus
‘he current and LED brightness are the
iame no matter how many LEDs are
ilight.

If required the interval between
-EDs may be altered by changing the
ralues of R13 to R20. Thus for
:xample, a 6 dB interval could be
ised. Additionally the display could
e extended to 12 or even 16 diodes
»y adding comparators and LEDs and
)y substituting another divider chain
‘or R20 .(values would have to be
salculated for the levels required). The
dositive inputs of the comparators
vould also be fed from C3 and R10.

A separate current source would be
-‘equired as there is insufficient supply
roltage available to light 16 LEDs in
ieries, If the bottom LED in such a
iystem indicates a level more than 30
iB down it may also be necessary to
1se a trimpot as the bottom resistor of

INPUT

~INPYT O

=
Ra s LED 1

°c1 "6 AT 2 *A -®
s B R D
RS ] 4 a LED 3
T 2 “_"—Eo_} N LED 4
o ot \,

ca A

a9 BeuE S ;
T ‘*—%? i o

3 *¥

a2

m)nje_r& a1 c . *-:DLEDB

Fig.2. Component overlay using BD140 for Q1. Circled diagram shows use of alternative

BC640

the second divider chain to adjust for
offsets etc.

The LM3900 is a quad differential
amplifier which uses a current
balancing technique at the input rather
than the voltage balancing that is used
with conventional operational
amplifiers. Both the inputs ““look’’ like
the base-emitter junctions of normal
transistors and both are at 0.6 volts
with respect to ground. The currents
into the two inputs must be equal if
the output of the amplifier is to be in
the linear region. In the case of IC1/3

ouTPut

the current into the positive input is
set at about 12 microamps by R3 and
R4. Current into the negative input is
provided from the output by R9. If
the current into the negative input is
too low the output voltage will rise
thus increasing the current into the
negative input wuntil balance is
achieved. This self balancing ensures
correct static biasing.

Gain is obtained by feeding a signal
into R5 which adds or subtracts
current into the negative input. For

ouTPUT ] OUTPUT 4 INPUT 4+ INPUT 4 INPUT 3+ INPUT 3

<

GhO

-
pl

5 6 ’

OUTPUT 2 QUTPUT Y v INPUT 1 INPUT 1= INPUT 2 NPT 2-

Tar vitw

Fig.3. Internal circuitry and pin corrections of the LM339 IC.
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MIAROR

Fig.4. Internal circuitry and pin connections of the LM3900 IC.
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AUDIO

LEVEL METER

the amplifier to remain balanced there
must be a corresponding shift in
output voltage. The voltage gain is the
ratio of R3 to R6.

SPECIFICATION LM3900

Maximum supply

voltage 32V
Supply current 6 mA typical
Voltage gain 2800 V/V typical
Input current

range 1TuA —1mA
Current balance 0.9 — 1.1 at 200

HA

Bias current 30 nA typical

Output current

capability 18 mA source
typical.
1.3 mA sink
typical

The LM339 is a quad voltage

comparator where the output of each
is an NPN transistor which has an
unterminated collector and its emitter
connected to ground.

SPECIFICATION LM339

Maximum supply

voltage 36V
Supply current 0.8 mA typical
Voltage gain 200 000 V/V
typical
Offsett voltage 2 mV typical
Bias current 25 nA typical
Response time 1.3 uS typical

Output sink current *16 mA typical
Input common-
mode voltage

range 0 to {V* — 2 volts)
CONSTRUCTION
The meter will most likely be

mounted in an existing amptifier or
piece of equipment and for this reason
the board construction only is given.

Layout of components is non-critical
but, as with any multiple IC device,
construction is greatly simplified by
using the printed-circuit board
specified. The usual precautions with
polarities of components, such as
capacitors, diodes, ICs and transistors
should be observed. Some care must
be taken when mounting the LEDs in
order to obtain even spacing and good
alignment. The long lead of the LED
should be inserted in the hole furthest
from the edge of the board. Put a
slight curvature in the leads so that the
LEDs can be aligned against the edge
of the board (see photo). Take care
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TABLE 1A — VU METER

R3, 4 and 9 are 1 megohm

FSD =+3 dB

SENSITIVITY VALUE OF R5*
50 mV 22 k
100 mV 47 k
250 mV 120 k
500 mV 220 k
1V 470 k
*R5 = Sensitivity x 500 000 ohms.
TABLE 1B — POWER METER
FSD=0dB
R3,4 and 9 are 100 k
POWER OUTPUT VALUE OF R5
INWATTS 4 Ohms 8 Ohms 16 Ohms
5 150 k 200 k 270 k
10 200 k 270 k 390 k
15 240 k 330 k 470 k
20 270 k 390 k 560 k
25 330 k 430 k 620 k
30 360 k 470 k 680 k
40 390 k 560 k 820 k
50 430 k 620 k 910 k
75 560 k 750 k 1.1 M
100 620 k 910 k 1.2 M
150 750 k 1.1M 1.5M
200 910 k 1.2M 1.8 M
250 1™ 1.5M 2M
R5k =32/PR  Where P = power in watts

R = speaker impedance in Ohms.

not to bend the leads too often or too
close to the body of the LED as the
leads break very easily.

CALIBRATION

Resistor R5 is seiected from Table 1
and this will ensure a result within 10
percent of that required. Greater

accuracy may be obtained by using a
variable potentiometer in series with
R5. To adjust this potentiometer
inject a signal {around 1 kHz) equal to
0 VU (VU meter) or maximum power
{E = +/RP, e.g. 4 ohms and 100 watts,
E = 20 volts) and adjust such that the
second top LED (VU meter) or the
top LED {(power meter) just lights. @




CHASSIS

wl EARTH
| R4 10k R23 10k
AA—
R5 2.2k
R6  150¢
R7 56k R24 56k
R8 2201 R34 L1k R45 11k
P
RY 3.6k R25 3.6k R35 3k
RIO 2701 R36 7504 R46 750Q
—K
4 R11 2.7k R26 2k R37 20k

R27 22

AN—¢

| R15 1.8k R28 1.8k R4T JUK
R16 56012 R42 6204 R49 62082
R17 1.6k R43 100k

H29 16k |
MAN
R44 6200 RS0 6201
NOTE

RI8 62012
VWA
R19 22k FOR CLARITY THE TWO
SECTIONS OF SW2 AND
R20 1 5k SIMILARLY SW3 ARE SHOWN
WITH OPPOSITE ROTATIONS
Y e TAKE CARE WHEN WIRING TO
: FOLLOW CONTACT NUMBERING
AN
R22 13k

R32 13k I

COMMON

Fig. 1. Circuit diagram of the attenuator.

UDIO
ATTENUATOR

ACCURATE attenuators are required

This useful audio attenuator
project for the experimenter
provides 0-59dB attenuation
in one dB steps.

_|| PROJECT 112

We have chosen Pi type sections for
our unit. We could have connected the
various sections in tandem to form a
ladder attenuator, but this would have
made more complex rotary switches
necessary. Instead, we chose to
employ a separate section for each
step of attenuation, making only
simple rotary switches necessary.

The input and output resistances of
the unit remain relatively constant at

600 ohms over the full attenuation

S ‘ p—— in a multitude .Of c_iesigp, service, range. The input impedance can be
i = testing and measuring situations. These changed to 10k by SW1 but an
, e @ units are designed with varying degrees additional 30dB of attenuation is
’ of accuracy and as many steps of added. The output can also be
R COMMON w o OUTPUT attenuation as the designer feels terminated internally by SW4 when
? n necessary. They may be balancgd or using a high impedance foad such as a

2 — 0 50 unbalanced and have whatever input meter
! a0 and ‘output impedances the designer The maximum attenuation when the
o e LequIres, input and output resistances are set at
TEnuATOR 9B ' There are three common types of 600 ohms is 59dB. There are ten 1dB
,{5 6000 ,,2 attenuator ponfiguration, Pi, T or L. step's. from OdB’ to 9dB, via a 10
4 Term. @, The latter is mainly employed where position rotary switch, and a further

SPECIFICATION

Max attenuation 59dB

Resolution 1dB
Accuracy

+0.3dB

the output impedance is not required
to be constant.

six 10dB steps from 0dB to 50dB via
a six position rotary switch, giving a

dc to 100kHz

600 2 nominal

10k switched (+30dB attenuation)
Output impedance 600 2 nominal

Max input voltage 15 volt

Internal switched termination resistor for use with high
impedance loads.

Frequency range
Input impedance




PARTS LIST ETI 112

R1  Resistor 10k 2% KWW
R2 " szoﬂ " oon
R3 " 68l) " on
R4 " 10K " o
Rs ” 2'2 ” ”
RE " 5 -
R7 » 5.6k e
R8 e 22080 » =
Rs " lsk " ”
R10 o 2702 " ¢
R11 i 2.7 o
R12 5 360 il
R13 o 2.2k w %
R14 ” 4302 » »
R‘s ” ..k " ”
R16 ” seofy v n
R" ” .‘k ”» ”
R18 15 6200 » »
R19 w 22k »io
R20 x 1.5 L L
R21 " 25 " o
R22 " 1.3k A
R23 » 10k o Nisy
R24 - 5.6k g s
R2S ” 3.6k o=l
R26 ” 2.7k ), %
R27 4 2.2k Pty
R28 v 1.8k o 5 90
R29 5 1.6k o
R30 » 22k W
R31 " 1.5k o s
R32 7 1.3k " w
Rsa ” .2 » »
R34 " 1.1k i W
R35 i 3k o g
R36 " 75002
R37 ” zok " "
R38 I 18k i
as’ ” ‘k ” "
R40 o 1.8k i e
R“ ” 3°k " "
R42 ¢ 6202 " »
n‘a " ‘ " ”
R4A " 62 _—
R4S 3 1.1k W)
R46 - 75082 v n
R47 " 1% Sl
R48 * 1.8k S
R‘s ” sz ” ”
RS0 " 62 " »
Rs‘ ” sz ” "

SW1 Single pole change over

minature toggle switch
SW2 2 pole 11 position rotary switch
SW3 2 pole 11 position rotary switch
SW4 Single pole change over

minature toggie switch
Diecast box 4% x 3% x 2
4 Terminals type L1568/1S or similar
Knobs

total of 60 steps from OdB to 59dB.
This range of attenuation is adequate
for most purposes. Although further
sections could be added, noise
becomes a limiting factor in a simple
attenuator such as this.

CONSTRUCTION

It is advisable to employ separate
wafers for each switch pole. If the
type of switch that has two poles on
one wafer is employed, there may be
problems at the high frequency end
due to stray capacitance. This would
be evident as spikes on the leading
edges of high frequency square waves.

The common rail for each switch is a
length of 18 gauge tinned copper wire
formed into a ring to allow
termination of the shunt resistors (R4,
R23, R7 and so on). The series
resistors are connected directly
between the relevant switch contacts.
Layout of the unit may be seen by the
accompanying photographs. ®
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152

AVAILABLE FROM
ELECTRONICS TODAY
INTERNATIONAL

electronics

-it's easy

Vokume 3

ELECTRONICS IT'S EASY
VOLS 1/2/3/

Volumes 1 & 2 are now reprinted as a
revised second edition.

Volume 1 takes the reader from basic
electronics to operational amplifiers.
Volume 2 covers power supplies,
waveforms, filters, logic systems etc.
Volume 3 includes digital displays and
systems, instrumentation and power
control.

$3.00 per volume — from most
newsagents or $3.40 per volume ({incl|
post and packing) direct from ETI.
Send orders to:- Electronics Today
International, 15 Boundary Street,
Rushcutters Bay, NSW 2011.

International
3600 and 4600
Synthesizers

Wyl 2 MOCERN MAGA ZINES publication

INTERNATIONAL 3600
AND 4600 SYNTHESIZERS

A totally revised and updated reprint of
ETI's phenomenally successful music
synthesizer book.

Beautifully printed on heavy art paper
with a sturdy cover varnished for
protection.

Available only from ETI and some kit
suppliers — $12.50 (including postage
and packing).

Send orders to:- Electronics Today
International, 15 Boundary Street,
Rushcutters Bay, NSW 2011.




TONE BURST testing is a technique
which is rapidly gaining acceptance in
a wide variety of applications. Typical
applications are in testing of
hydrophones, signal-to-noise in
telephone channels, reverberation
chamber testing and in the
determination of peak distortion in
loudspeakers. With loudspeakers, tone
burst testing has the further advantage
that the speakers may be tested with
their maximum peak power level
whilst keeping the average sound
output level low enough to not annoy
the neighbours — a considerable
advantage indeed.

Some time ago our audio
consultants, Louis Challis and
Associates, asked us to build them a
tone-burst generator and the resulting
instrument has been used by them ever
since with much success. The
tone-burst test has been mentioned in
several speaker reviews and, as a result,
many people have asked for
constructional details of this
instrument.

DESIGN FEATURES

A tone burst must always be an
integral number of cycles. If the burst
is switched on or off part way through
a cycle then undesirable transients will
be produced that will mask the test
results. Thus the burst must start and
end exactly at the zero-crossing point
of the sine wave in the burst.

In the original unit, designed for
Louis Challis, preset times can be
independently selected for the on and
off periods of the burst with the
exception that the burst time s
automatically modified to give an
integral number of cycles. The
preselected on/off ratio, however, is
independant of the burst frequency.
To give the required control range, six
switched ranges as well as a variable
control are provided for both the on
and off periods. Other features of the
original unit are the ability .o start at
any point in the cycle as well as the
zero crossing point, a phase-inverting
switch to select either the positive or
the negative half cycle first and an
OFF LEVEL control to set a base tone
level which is modified when the tone
burst occurs. In addition the dc level
of the output can be set and a switch
is provided to select burst, pure tone
or off as required.

When it came to redesigning the unit
as a project we decided that many of
the features offered by the original
design were unnecessary for the user
concerned only with testing speakers.
Hence the unit has been redesigned in a
greatly simplified form.

Instead of using monostables to

generate variable on/off times we now
divide the input with a counter to

TONE BURST GATE

CYCLES ON

8

L

PROJECT 124

CYCLES OFF ‘

TRIGGER
ouTPUT

TONE BURST

GENERATOR

A valuable tool for testing loudspeakers.

MEASURED PERFORMANCE
TONE BURST GENERATOR.

On Time Cycles.
Off Time Cycles

Frequency Response
3 Hz — 300 kHz

Distortion
3V input at 1 kHz

Input Level
Maximum
Nominal range

Input Impedance

Output Noise Voltage
with no input

Power Supply Current

248o0r16

2480r 16

+0 -3 dB
<0.02%

3V RMS
100mVto 1V

47 k

<25 uV

4 mA
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ﬂ
REVERSE
1IC4/4 OUTPUT
+6V 2016
2 R6
6 16 R4
c2 47k 1200
5 8 220p
ic2/1 [—C SWi TRIGGER
4520 |4 4 ecn I OUTPUT
3 20 TIME
TONE OFF
SW3/1 SW3/2

R7
+6V +——»0 O<%—e—> 6V 1200 OUTPUT

OFF TONE
o © c3 cs
13 Howa 220 8 0'047“E[
12_4_o——H L
o TIME
11 2 R5 =
47k
+6V PARTS LIST — ETI 124
R1 Resistor 47 h YaW 5%
Ra n a7k uw  su
sw4 R4 i a7k W 5%
N | +6V POWER RAILS OF IC2, IC3, AND IC4 NOT SHOWN B o 130 v 2m
! PIN 16 OF IC2 IS +6V R7 120 %W 5%
T I C6 PIN 8 8F IC2 1S _Gl\l/ . 8‘1’ Capacitor 1 OF 2F5V electro
Wi} Thew  HBOGADLS N 1
— J ca 33 pF ceramic
T I PIN 7 AND 15 OF IC2 ARE RESET PINS AND -6V T 0.047 UF polyester
+1 1 ok 0.047 UF polyester
L e 0.047 UUF polyester
T | l — IC1 Integrated Circuit LM 301A
6V ! c7 IC2 " " 4520 (CMOS)
— ! 0.047,F €2 % L 30%8 (emos)
S IC5 " " LM301A
LO —6V o S L 1 0 O o G0
ig. 4. How to add witc pole 4 position rotary
a potentiometer to A DS S (Bl LI B
lt)he generator for SW4 Switch DPDT Toggle
urst-on-tone 47k P E 4
operation. That is LIN T ELERE S%BAosairz% b:t'telrzies .
level with tone bursts LINK TO OV 3ssciﬁg?e ?(?A sockets

2 knobs

. . of higher ampli- TO OV.
Fig. 1. Circuit diagram. tude at intervals.
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GGL

4520

DUAL 4 BIT

BINARY UP COUNTER
TOGGLE ON POSITIVE
EDGE OF CLOCK
IF ENABLE IS HIGH
AND RESET IS LOW

4016
4066

QUAD ANALOGUE
SWITCH. ON IF
CONTROL IS HIGH
ON RESISTANCE
4016 TYP 28012
4066 TYP 8012

4001
QUAD 2 INPUT
NOR GATE

inpUTs | ouTpuT |

A | B |

0! 0 1

'K 0

10 0

BE 0

Fig. 3. Pin connections of the ICs used in the generator.

4 x 1.5V
BATTERY

4 x 1.5V
BATTERY

Fig. 2. Component overlay
and interconnection diagram.
Note that there are six links on
the board, including two under
1C4, which should be installed
first.

SW3

HOW IT WORKS — ETI 124

The input signal is squared by
comparator ICI such that the output
of the comparator will be high if the
input is above +6 mV, and low if the
input signal is below -6 mV.
Resistors R2 and R3 provide the
necessary positive feedback to cause
the IC to act as a comparator. The
output of the comparator is
connected to both clock lines of IC2.
If the enable line is high these
counters (IC2) will toggle at the
input frequency.

IC3/3 and IC3/4 form an RS flip
flop where the output must be in
either a high or a low state, that is
the flip flop has only two stable
states. If the output of 1C3/3 is high
IC2/1 is allowed to clock and, after
the number of input pulses selected
by SWI have been counted, the
output from SWI goes low. This low
is coupled to the tlip flop by C2
toggling the flip flop. disabling IC2/1
and enabling 1C3/2. After the
number of cycles, as selected by
SW2, have been counted the flip tlop
is again toggled. 1C3/1 and 1C3/2 are
used to square up the pulses
generated by C2 and C3 respectively.

The input signal is also coupled to
the output buffer, 1CS, by the
analogue switch 1C4/1. When this
switch is closed (control signal high)
the output of the buffer will be the
same as the input. When switch 1C4/1
is open 1C4/2 will be closed and the
output will be held at zero. Since
these switches are controlled by the
flip flop the output will be the
required tone burst.

A trigger output is taken from the
flip flop to synchronize an oscillo-
scope if required. A second output is
also available from pins 4/11 of 1C4
which is the reverse of the main
output.

Switch SW3 forces the flip flop into
cither of its two possible states thus
allowing continuous tone or no
output to be selected as required. In
the centre position the normal tone
burst is obtained.



obtain times that remain in the same
TONE BURST GENERATOR 0l i

Fig.5 (a) Top trace
{b) Bottom trace

Fig.6. Printed circuit board
for the Tone Burst Generator
Full size. 142 x 47mm.

the input tone burst of five cycles. (original design).
the response of a low-cost speaker at 1 kHz. Note the reduced

amplitude of the first half cycle and that ringing has added another cycle at the end of
the burst. The room reflection can be seen on the trace after the burst.

settled for the ability to select 2, 4, 8
and 16 cycles for the duration of
either period, as this compromise
greatly simplifies the circuitry. We still
have the switch to select tone, tone
burst or off, but the OFF LEVEL
control has been deleted. The latter
control may quite easily be added,
however, as shown in Fig. 4. . The
output dc level control and the
starting-point phase change have also
been deleted.

Since we only need half of a CMQOS
4016 IC, to give the required output,
the other half may be used to give an
inverse output if required, that is, the
reverse output is on when the other is
off and vice versa. This output is not
buffered or brought out to the front
panel. If it is intended to load this
output with less than 47 k it is
recommended that a 4066 IC be used
instead which will handle loads down
to 10 k. For loads of lower impedance
than this, a buffer such as is on the
normal output should be used.

r

ETI 124

POWER
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INPUT

TONE BURST GATE

CYCLES ON CYCLES OFF Q
4 8 4 8
16 2 16 TRIGGER
OUTPUT
BURST
TONE O OFF O
MODE OUTPUT

eti124

Fig.7. Front panel artwork.
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CONSTRUCTION

As with any project construction is
greatly simplified if a printed circuit
board is used. However the layout of
the unit is not critical and any other
suitable method, such as Veroboard or
Matrix board may be used if desired.
We strongly recommend that sockets
be used for the CMOS ICs, especially if
a printed circuit board is not used, as
these devices are quite easily damaged
when soldering. The use of IC sockets
also facilitates later servicing. Also
remember that, unlike TTL, all unused
inputs of CMOS must be connected to
either the positive or negative supply
rail.

The plastic box that we used
measured 160 x 95 x 50 mm and is
very convenient in that the printed
circuit may be held in position by
sliding it down behind two of the
pillars to which the front panel is
screwed. The front-panel overlay on
the prototype was made from
Scotchcal but, as the amount of
lettering required is quite small this
may readily be done directly on the
panel by hand or with Letraset.

Shielding of the internal wiring is not
required providing that the unit is kept
away from strong 50 Hz fields. If
operation in the vicinity of strong
fields cannot be avoided then the unit
should be mounted in a diecast box.

USING THE UNIT

The testing of loudspeakers is very
difficult indeed and much effort is still
being spent to find test methods which
will not only give an accurate
understanding of the relative
effectiveness of the design, but which
will be easy to reproduce.

One of the main problems with
speaker testing is that the speaker
cannot easily be isolated from its
environment. For example, reflections
from the walls of a room modify the
response, seen by a microphone, no
matter where the microphone is placed
in the room. If one could eliminate
reflections then the situation would be
improved considerably, and hence the
use of anechoic (echo free) chambers
for testing speakers. But such
chambers are very expensive to build
and consequently not readily
accessible to the amateur.

A further problem is in assessing the
transient power handling capability of
the speaker. Speakers will handle far
greater peak transient power than is
indicated by their RMS power rating.
This is a very important attribute of
loudspeakers in handling musical
transients. Any attempt to assess this
with a sinewave signal may result in
the destruction of the speaker due to
thermal failure — apart from also being
extremely noisy.

How the unit is assembled.

The use of a tone-burst generator
minimizes both these problems. How
this is achieved is better understood by
examination of Fig.5. This shows on
the upper trace a five cycle 1000 Hz
burst that is fed to a loudspeaker.
The second trace shows the same burst
as picked up by a microphone in front
of the speaker. We notice that the
burst has been changed by the speaker
and an examination of these changes
can tell us a lot about the speaker. For
example we notice that the first half
cycle has not reached full amplitude
and this indicates that the speaker
would have some difficulty in
reproducing high frequency transients.
Next we notice that instead of five
cycles there are now at least five and a
half. This could mean one of two
things. Either there is a speaker/room
resonance or, the speaker itself is
continuing to vibrate after the original
excitation has ceased. Which is it? We
can determine this by changing the
position of the speaker to see if any
change occurs in the shape of the
burst, if not it is caused by the speaker
itself, and if it does then it is a
speaker/room resonance. A speaker
that lengthens the burst unduly will
sound muddy in that region. Of course
the speaker must be examined over its
whole range to gain a thorough
assessment of performance.

It is of course possible to eliminate
room reflections simply by performing
the tests outside. However unless one
lives in a very quiet area, background
noise will introduce problems — and
your neighbours are unlikely to

appreciate the noise that you will
generate.

By varying the off period we can also
select a ratio where the room
reflection, the oscillation seen after
the cessation of the burst, does not
interfere with the first few cycles of
the burst and the response versus
frequency of the speaker may then be
assessed from the amplitude of the
first half cycles that are stable in
amplitude. Thus it is possible to gain
an appreciation of the frequency
response, transient performance and
quality in terms of ringing of a speaker

by careful use of the tone-burst
technique.
The transient power handling

capability of a speaker may be assessed
by selecting a fairly long off to on
ratio for the burst and by feeding the
burst to the speaker via a high-power
amplifier. If for example an off to on
ratio of 8:1 is used then the peak
power will be eight times the average
power. Thus the speaker may safely be
driven to a peak level where a
predetermined amount of distortion
occurs. Take care that the amplifier is
capable of providing the péak power
required.

Of course a tone-burst generator may
be used for a wide range of testing. We
have mainly concentrated in this
article on its application to the testing
of loudspeakers.

The circuitry of the tone-burst

generator may easily be modified for
use as a ‘silent switch’ for A/B speaker
testing. The method of doing this is
shown on page 32.
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PROJECT 128

Sensitive instrument for ‘A’
weighted audio noise and signal
measurements.

AN ACCURATE and sensitive ac
voltmeter is needed for many audio
equipment measurements.

Whiist for example, maximum power
output is readily measurable with a
conventional multimeter, more
complex instrumentation is required
for measuring noise output (a
measurement required when checking
signal/noise ratio).

Even signal levels as high as 100 mV,
typical output of most pre-amplifiers,
are not readily measured with
accuracy on a conventional multimeter.

The ETI 128 Millivoltmeter is
specifically designed for such
measurements whilst also being useful
as a general purpose ac/dc voltmeter.
The lowest range, of 300 microvolts
FSD, allows measurements to 80 dB
below one volt, whilst other ranges
allow measurements up to 30 volts ac
or dc. These ranges cover most of the
measurement requirements of audio
work.

When measuring noise levels account
must be taken of the non-linear
characteristics of the ear. For this
reason a network has been
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