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Preface

The projects collected in this book encompass five broad
categories. There are projects for the hi-fi stereo buff, the
musician or musically inclined, the auto enthusiast, gadgets
designed for use around the home, and eight test and
measuring devices.

These projects, selected from Radio-Electronics
magazine, were chosen to appeal to a wide range of interests
and for varying levels of technical ability and construction
dexterity. Some are simple enough to put together in an
evening or two; others are more complex and infinitely more
challenging.

In each case, there is a complete parts list and, where
appropriate, detailed construction procedures, augmented by
schematics and detailed drawings. Where special components
are used, a source of supply is given. Should you encounter
difficulty in getting any project to operate properly, be sure to
re-read the text and double-check each step to make sure
‘“gremlins”’ have not crept into your work!

The Editors
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PART 1
Audio, Stereo & Hi-Fi

IC MULTIPLEX DETECTOR

by KEN BUEGEL

INTEGRATED CIRCUIT DEVELOPMENTS
often seem to be aimed at exotic ap-
plications which are of little interest
to the general electronic public. But
Motorola’s MC1304 and MC130S are
different: on one chip is a complete,
advanced-design multiplex decoder.
The MCI1305, although identical in
cost to the MC1304, provides for a
separation adjustment and was used in
this project.

The internal circuitry is formid-
able: 10 diodes, 31 transistors and 29
resistors. Even the block diagram for
the 1305 (Fig. 1) reveals a level of
complexity not often used with dis-
crete-component multiplex adapters.

The IC uses the proven balanced
time-switching technique with its in-
herent SCA rejection without filtering,
and also provides a driver for a stereo
indicator. Two separate additional in-
puts provide for stereo-mono switch-
ing and audio muting. And as if this
weren’t enough, a series of diodes
with emitter followers serve as tem-
perature-compensated voltage regula-
tors for the circuits.

Performance of the chip is phe-
nomenal in comparison to the very
conservative Motorola specifications.
A separation of 45 dB at 1 kHz is
typical; three units constructed re-
vealed a separation of 55 to 57 dB
at 1 kHz, 44dB at 100 Hz., and 37 to
49 dB at 10 kHz. These figures are on
a par with the very best multiplex
adapters of conventional design. SCA
rejection exceeds 55 dB and no inter-

fering “birdies” have ever been audi-
ble with the device.

Channel balance is within 0.5 dB
and total harmonic distortion is less
than 0.5% at the recommended com-
posite-signal input level.

The only drawback found in the
design is the 19-kHz and 38-kHz re-
jection figures. Although a typical re-
jection is 20 dB at 38 kHz, this is not
enough to prevent possible “birdies”
when beating against a tape recorder
bias oscillator. Therefore a ‘Twin-T
filter has been added (Fig. 2) to each
output to increase rejection another
20 dB.

Construction & alignment

You can build this project for
under $21. The actual-size PC pattern
for the decoder is included for do-it-
yourselfers, and a complete kit of
parts and drilled PC board is available.
Please use the components listed, as
the circuit board was laid out for
them.

Construction of the project is
simple, as is the alignment procedure.
A 2.2 x 3.2-inch PC board provides
enough component space without
crowding. Recommended coils for this
circuit are available only in a PC
mounting style.

The best technique is to insert the
IC and then add. other parts outwards
from the IC. Don’t bend the leads on
R4, IC1, or the transformers. After all
parts are properly soldered, add the
required external wires. If you do not
plan to use audio muting or mono-
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stereo switching, wires are not con-
nected to pins 4 and 5 of ICI.

Although a multiplex generator is
the easiest alignment method, this unit
can be aligned with a broadcast signal.
Input level should be about 0.75 volt
p-p to achieve maximum channel
separation.

Each output should be connected
to a 22K load to provide the proper
terminating impedance to the Twin-T
filters.

8

Connect an oscilloscope or ac
vtvm to the junction of pin 1 and C4.
Peak L1 and L2 for maximum 19 kHz
as seen on the scope. This waveform
should be about 1.6 volts p—p with a
+15-volt supply. Move the scope
probe to the junction of C5 and pin 4
of L3 and peak L3 for a maximum
38-kHz trace. This should be about
22 volts p—p. Caution: if you do not
use a low-capacitance probe, the cir-
cuit may be slightly detuned when the
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Fig. 1-—Complex functions performed by 31-transistor MC-
1305 (inside dotted line). Connections to pins 4 and 5 are

optional.

probe is removed. This detuning will
be slight and is corrected in the next
step.

Connect the scope or vtvm to the
right output and set up the generator
for a left-only output. Set the wiper of
R4 to midposition. Carefully peak L1,
L2, and L3 for a minimum output on
the right channel. Then set R4 for a
minimum output.

Now set the generator for a
right-only output and read the output
level on the right channel. Then set
the generator to a lef-only output.
The difference in readings is the chan-
nel separation. It will not be as high
as the figures given earlier since the
residual reading also includes 19-kHz

and 38-kHz components. An elaborate
filter can remove these components
for true separation readings, but the
separation will not be increased.

FM station alignment

If you do not have access to a
multiplex generator, connect the input
to your tuner output. First peak L1,
L2 and L3 for maximum output
waveforms as described earlier. Con-
nect the scope vertical input to the
left output and the horizontal input to
the right output. Tune to a monaural
station and set the scope gains until
the trace is a straight line at a 45°
angle (Fig. 3-a).
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PARTS LIST

All resistors W, 5%

R1, R2—20,000 ohms

R3—4700 ohms

R4—500-ohm, YW trimmer (CTS type
X201R50113)

RS, R6—3900 ohms

R7, R8, R10, R11—4300 ohms

R9, R12—2200 ohms

Capacitors

C1l, C3—5-uF, 50V electrolytic (Mallory MTV
5CB50)

€2, C4—.01-uF polystyrene (Maliory $X110)

C5—.0022-uF polystrene (Matlory $X222)
C6, C7—.022-uF, 100V Mylar (Mallory
PVCl1122)

C8, C9, C12, C13—.001-4F ceramic (Centralab
CE102)

C10, C11—.002-uF ceramic (Centralab CF202)

C1l4, C15—0.2-4F, 10V ceramic (Centralab
UK-10-204)

C16—0.1-uF, 10V ceramic (Centralab UK-10-
104)

C17—60-uF, 15V electrolytic (Mallory MTV
60CB15)

Other parts

L1, L2—J. W. Miller type 1361

L3—J. W. Miller type 1362

{C1—Motorola MC1305P

The following parts may be ordered from

Transitek Co., P.O. Box 98205, Des Moines,

Wash. 98016. All prices include postage. IC1,

$7.20. L1, L2, L3 (set of three), $5.40. PC

board MPX, $2.95. Complete kit of all fisted

parts and drilled PC board, $21.00.

Use the same-size
printed circuit pattern
above to makeyour
decoder. Components
specified will fit on
the board.
Component-side
drawing on tne right
shows where to mount
the parts. Some or
the wiring to the
unit is optional.
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i SEPARATION

STEREO
EXCELLENT
SEPARATION
Figs. 3-a—¢c show scope patterns with
vertical scope input to left output of
the decoder and horizontal input con-
nected to the decoder right output.

Tune to a stereo broadcast and
you will probably see something like
Fig. 3-b. This indicates limited separa-
tion. Now, while watching the scope
face, slowly tune L1, L2, L3, and R4
until you get a trace most like Fig.
3-c. If you can connect your amplifier
to the adapter and also hear the out-
put—preferably in headphones—so
much the better.

Some stations have stereo pro-
grams which feature highly directional

microphone pickup, this type of pro-
gram material is the easiest to use for
alignment. When the output looks like
Fig. 3-c, you must identify the chan-
nels. It is possible to tune the unit so
that the output labeled L is actually
the right channel. Careful tests do not
show any difference in separation or
other specifications, however, so if
you wind up with the channels inter-
changed, simply reverse them when
you plug them into your preamp.

Most tube tuners will have more
than 0.75 volt p—p output. This adapt-
er will have decreased separation and
increased distortion at higher input
levels. The input impedance is around
20K so a 100K pot inserted in series
with the input may be adjusted until
the input is correct.

An interesting feature of this IC
is its 8~22-volt supply specification. If
the adapter is aligned at 15 volts and
the supply voltage decreased, separa-
tion stays almost unchanged. This is
not true if the adapter is aligned at a
lower voltage which is then increased.
In no event should the supply exceed
-+22 volts. Operation at +15 volts is
highly recommended, since no per-
tormance characteristic was improved
at higher voltages. As the supply volt-
age is not critical, a relatively inex-
pensive Zener diode with capacitor
filtering will provide very stable opera-
tion.

6-CHANNEL STEREO MIXER PREAMP

by GZORGE D. HANCHETT

THIS STEREO PREAMPLIFIER AND
mixer is particularly interesting to
those who want to make high-quality
tape recordings. The preamp has four
microphone and two line inputs that
can be switched to left, right, or both
channels. In addition, two auxiliary
inputs are provided, one for each

12

channel. The auxiliary inputs cannot
be switched. All inputs that can be
switched are controlled from the front
panel. The two auxiliary inputs are
controlled from the rear of the unit.
Each output channe! has its own VU
meter.
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PARTS LIST
(Fig. 1) R4, R11—47 ohms, 1, watt, 10%

C1l, C2—1000 ,F, 25 volts, electrolytic
D1 through D8—SK3030 (RCA)

M1, M2—VU meter

R1, R2, R7, R10, R15, R16—potentionmeter,
10,000 ohms (R7, R10 is a dual iinear pot)
R3, RS, R6, R12, R13, R14—10,000 ohms, Y%

watt, 10%

The

stereo

preamplifier

and

mixer is made up of three basic cir-

cuits and a

minimum of

inter-

connecting wiring. The three circuits
are a high-dynamic-range microphone
preamp, a multi-input mixer, and a
headphone or line amplifier. A block
diagram of the total unit is in Fig. 1.

The output of each microphone
preamp (see Fig. 1) is fed to a switch
which can connect it to channel A,
the left channel, channel B, the right
channel, or both channels (A and B)

14

R8, R9—33 ohms, 1% watt, 10%
$1 through S$S6—rotary switch, 2 poles, 5

positions, shorting

type

J1, J2, J3, J4&—microphone jacks

J5, J6—phone jack

J7—4-lug terminal strip (screw terminals)

J8, J9—phono jack

simultaneously. The output of these
switches as well as the line input for
each channel is fed into the multi-in-
put mixers. A master gain control
combines or gangs the outputs from
the mixers installed in each channel
and passes the combined signal to the
line amplifiers. The diode limiting cir-
cuit used with each VU meter keeps
the meter from being damaged during
the charging of the large coupling ca-
pacitors in the line-amplifier. Two R-C
power-supply filters consisting of R8
and C1, and R9 and C2 assure circuit



stability. Each filter services two mi-
crophone preamplifiers.

The stereo preamplifier and
mixer is made up of a number of cir-
cuits as described above. The descrip-
tion of each of the three circuits in-
cludes circuit boards and component
placement diagrams. The individual
circuit boards and the interconnecting
wiring required for the stereo preamp
and mixer may be assembled as de-
sired by the builder to form the kind
of custom unit he needs.

CIRCUIT BOARDS

A complete set of 8 circuit boards needed to
build this unit are available for $10. Order
1070B-1. A set of 4 boards for building a
mono version are $6. Order 1070B-2. Boards
are G-10 glass-epoxy, undrilled. Photo nega-
tive for making your own boards containing
all board patterns is $1.50. Order from
Photolume Corp., 118 E. 28 St., New York,
N. Y.

The high-dynamic-range micro-
phone preamplifier, intended to be
used with low-impedance dynamic- mi-
crophones, will handle loud passages
of music and close talking without ad-
verse effect on the output. The ampli-
fier has a gain of 1500 to 2000 and
can provide a maximum undistorted
output voltage of 2 volts rms to a load
impedance of 500 ohms or more. The
maximum undistorted input is 400
mV rms. The frequency response is
flat from 20 Hz to 30 kHz.

The circuit for the high-dynamic-
range microphone preamp are in
Fig. 2 The preamplifier consists of
two stages of current-stabilized ampli-
fiers separated by a gain control and
an R-C filter, consisting of R7 and
C5, that prevents motorboating. Re-
sistors R5 and R12, placed in the
emitter circuits of transistors Q1 and
Q2, improve the frequency response
of the preamplifier by providing some

8200 +20v
wh ¥ T B
| RIl ]
10K
R2 R4 iR9
100K 10K 100K 3
1076V | Délgv K3020
cl | Lt
; EfLa b 150/15V
: c4 Q2 | c7
Yook o5 | 5K3038 \
o | - - 125V|4 10/12v ——.
IN _ s()
=, | &2k 38 RI2
(@] Sk&o RS §+ 68q $RIS oyt
Ri* 680 “~ lrio | O
ce E2K | | s
77 Eo O e L las R4 |
I o fn470£ co! 4700 1K h
2% 1 Fa=ge | oSy | i GoM GND

= ¥SEE TEXT AND TABLE T

PARTS LIST
(Fig. 2)

C1l, C5—10 ,F, & volts, electrolytic
C2, C6—300,F, 6 volts, electrolytic
C3—10 ,F, 15 volts, electrolytic
C4—100 ,F, 25 volts, clectrolytic
C7——50 ,F, 15 volts, electrolytic

Q1, Q2—SK3038 (RCA)

Q3—SK3020 (RCA)

All Resistors Y5-watt 10%
R1—see table { and text
R2, R9—100,000 ohms
R3, R10—6200 ohms
R4, R11, R15—10,000 ohms
R5, R12—68 ohms
RS, R13—470 ohms
R7—820 ohms
R8—potentiometer, 10,000 ochms, audio taper
R14—1000 ohms

15



HIGH DYNAMIC RANGE
‘ MICROPHONE PRE-AMP

emitter degeneration. The output of
the preamplifier is shunted with re-
sistor, R15, to make the circuit com-
patible with the zero-point switching
capability used in the master preamp.
The output impedance of the preamp
is low. The table shows the value of R1
to use with microphones of various im-
pedances.

The printed-circuit-board layout
for the microphone preamp is in Fig
3. A photograph of a completed board
showing parts placement is in Fig. 4.
All ground connections in this circuit
must be made to the same point, as
shown in Fig. 3, to avoid forming
ground loops. This common-ground
feature is built into the printed-circuit

TABLE |
Microphone Impedance [R1 (chms)
200 220
500 560
4,000 R1 not used

R1 connected across microphone input
jack.

board and must be followed if some
method of circuit construction other
than the printed board is used. In ad-
dition, all preamplifier connections to
external circuits should be made to the
same ground point.

16

FIG.3— CIRCUIT BOARD PATTERN for the mike preamp.

Multi-input mixer

The multi-input mixer is designed
to mix the inputs from up to seven
sources, usually microphones, for in-
put to an amplifier, recorder, or other
piece of audio equipment. The mixer
has a gain of approximately unity
and, therefore, has no effect on the
system in which it is installed. If more
than seven inputs are required, as
many as three mixers can be wired in
parallel.

How it works

The circuit for the multi-input
audio mixer is in Fig. 5. The resist-

FiIG. 4— PHOTO OF ASSEMBLED BOARD
showing parts placement details.
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PARTS LIST
(Fig. 5)
C1 through C7—10 ,F, 6 volts, electrolytic
€8—50 ,F, 15 volts, electrolytic
Ql—SK3020 (RCA)
R1, R3, R5, R7, R9, R11, R13—1000 ohms, ¥;
watt, 10%

R2, R4, R6, R8, R10, R12, R14—39,000 ohms,
1, watt, 10%

R15—100,000 ohms, %, watt, 109%

R16—2200 ohms, Y% watt, 10%

R17, R18—see table It and text

Fl16. 5—CIRCUIT of multi-input audio mixer. Two are needed to build the unit

described .

ance network shown at the left not
only provides the mixing function but
also to make possible zero-point
switching of the inputs.

In the zero-point switching, as
used in this unit, the capacitors at the

MULTI-INPUT AUDIO

LLLLLLY |

- ) 92C515909

output of the microphone preamps as
well as the input capacitor of the
mixer are kept charged. This is done
by connecting a resistor across the
output and input. Thus there is no
disturbance, no cracks or pops, when

MIXER

OUTPUT

PR

+20 w& -]

FIG. 6—CIRCUIT BOARD PATTERN for the audio mixer.
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| Ri3

COMMON

| Ri7-,

FIG. 7—-PHOTO OF MIXER shows parts placement on the circuit hoard.
Refer to Fig. 1 for interconnection details of the complete preamp.

inputs are switched in or out. The am-
plifier portion of the circuit, shown at
the right in the schematic, is current
stabilized by the emitter resistor. This
resistor is not bypassed, and provides a
greater degree of degeneration and re-
ducing the overall gain of the mixer to
unity.

Some adjustment of resistor val-
ues is required if less than seven in-
puts are used. Table II shows these re-
sistor values for from 2 to 7 inpurts.
When three or more mixers are paral-
leled to accommodate more than seven
inputs, not only must the outputs of
the mixers be paralleled but the ground
points on each circuit board must
be connected. The gain of the mixer
thus connected is somewhat less than
unity.

Component placement and cir-
cuit board pattern for the multi-input
mixer are in Figs 6 and 7 along with a
photograph of a completed board.

Headphone or line amplifier

The headphone or line amplifier
is very useful when the power ampli-

18

TABLE 1
RESISTANCE VALUES
No. of inputsl R17 R18
2 8.2k 120 ohms
3 7.5k 110 ohms
4 6.8k 91 ochms
5 6.8k 82 ohms
6 6.2k 75 ohms
7 6.2k 68 ohms

fier is located some distance from the
microphone. If preceded by a micro-
phone preamp, the amplifier makes a
very useful remote pickup. It is also
very useful for driving the line inputs
of tape recorders.

The headphone or line amplifier
has a voltage gain of 100 and can
drive any line impedance of 250 ohms
or more. It has a maximum undis-
torted output of 3 volts rms into a
500-ohm line and has a frequency re-
sponse flat from 20 Hz to more than
25,000 Hz. The input impedance is
1,800 ohms.



PARTS LIST
(Fig. 8)

C1—5 ,F, 6 volts: electrolytic
C2—100 ,F, 25 volts, electrolytic
Q1—SK3020 (RCA)
Q2—SK3024 (RCA)
R1—1000 ohms, 1, watt, 10%
R2—3900 ohms, Y, watt, 10%
R3—680,000 ohms, 1 watt, 10%
R4—470 ohms 4 watt, 10%

FIG. 8— LINE AMPLIFIER circuit

two transistors.

uses

FiG.

9— CIRCUIT BOARD n for

+20
OouTPUT

92€S15838

HEADPHONE OR LINE AMP

INPUT

0

FIG. 10 COMPLETED BOARD showing

parts placement. See Fig. 1 for circuit
hoard interconnections.
STANCOR TP-3
PRI 120 VOLTS
SK3024 +20
SEC SOVOLTS | 5K30%0 & vor:
. ¥°|&
“( | ) RI
00/ 3770 X020
F A E
sowiow 7| P2 e 9=
T %
~ jsx3030 + c2
Y j @E'A R0
. 03 o
| 4 COMMON
22V ZENER
Ty WATT

FIG. 11—POWER SUPPLY is regulated
circuit. It is built right on the main
is of the mixer preamp as you can

the line amplifier is shown actual size.

Amplifier operation

The circuit for the headphone or
line amplifier is in Fig. 8. The inter-
connection of the transistors in the
amplifier makes the operating condi-
tion of the amplifier self-adjusting,
i.e.; the amplifier can maintain itself
in a stable operating state in spite of
variations in power-supply voltage and
ambient temperature. Stability i1s in-
sured by feedback through R3. If Q1’s

see in the photo

emitter current should increase, the
base voltage of Q2 would decrease be-
cause of the additional voltage drop in
R3. However, the decreased base voit-
age of Q2 results in a drop in Q2’s
emitter current, a reduction of feed-
back voltage to QI, and hence a de-
crease in QI’s collector current. This
decreased collector current causes an
increase in Q2’s base voltage that
compensates for the original decrease

19



FROM THE REAR OF THE MIXER-PREAMP you can see the auxiliary input and line
input jacks. Three sets of outputs were connected in parallel to provide connectors for
all likely applications.

LOOKING IN FROM THE TOP you can see the power-supply components in the lower
right of the photo. The two VU meters are at the top. Most of the jumble of wiring
consists of leads connecting outputs to the circuit boards.

20



and the amplifier is stabilized. The in-
terconnection of transistors just de-
scribed also makes possible the low
output impedance of the amplifier.

The printed circuit board pattern
for this circuit, and a photo of a com-
pleted board, are in Figs. 9 and 10.
Power supply is last

A simple power supply completes

the unit. This supply i1s shown in Fig.
11. It is assembled directly on the
chassis of the unit and is not built
onto a circuit board. Once you have
completed the power supply, selected
the desired number of input, mixer
and output boards you can proceed to
assemble your custom mixer-preamp.
We are sure you will enjoy it.

STEREO EXPANDER-COMPRESSOR

by W. E. McCORMICK

IF YOU PREFER THE FULL, DYNAMIC
music range of original performances
to the electronically compressed mate-
rial from tuner, tape or disc, the stereo
volume expander-compressor  de-
scribed here will enable your hi-fi
system to deliver it.

Or, if you want a limited, preset
level of music or TV audio, the unit
will provide that too. In addition, the
volume expander-compressor will act
as a limiter with other reproducing
equipment.

It operates with any hi-fi system,
and can be driven by almost any signal
source, including carbon microphones.
It has two operating modes: expansion
and compression. Specifications meet
those of commercial units (see chart),
and the compressor-expander can be
constructed for about $20.00.

Amplitude swings produced dur-
ing live musical sessions are often too
great to be broadcast or recorded, and
must be reduced in level for the media
used to convey them. When these dy-
namics are linearly restored, realism is
greatly enhanced.

Various devices for replacing this
dynamic dimension have been mar-
keted.

SPECIFICATIONS

Expansion. To 8dB per channel

Compression. To 20 dB per channel.

Distortion. None

Input Impedance. 1000-100,000 ohms
with RCA photo-cell About 250-100;
000 ohms with Clairex photo-cells

Output impedance. 47,000-470,000
ohms average.

Use with amplifier. 4-8 or 16-ohm out-
put impedance.

Drive voltage required—a0.7 volt to ini
tiate dynamic action

Frequency response. = 1 dB throughout
audio range.

Inputs .... 2 .
Outputs ... 2 Stereo version
Rise time® . . . 10 msec. with RCA

cells; 12-15 msec. with Clairex cells.
Insertion loss . . . 2 dB on compres-

sion. 6 dB average on expansion.

*Measured from instant of applied
iHumination until cell current reaches
63% of its total value. This is a func-
tion of distance between lamp and cell
and illumination intensity. Since the
maintaining neon lamp voltage is less
than the firing voltage, a sufficiently
long decay time is automatically pro-
duced. This also tends to produce a
light bias on the cells, which keeps
them ready for firing.

S

After deciding to add this feature
to my hi-fi system, I considered sev-
eral methods. Some were merely gim-
micks: resistors, varistors, even in-
candescent lamps were placed across
the amplifier output, where their load-
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ing effect varied inversely, but seldom
linearly, with the current through
them.

Other units with built-in “take
charge” circuits use the variable con-
duction of back-biased diodes to make
the output of a cathode follower in-
crease faster than its input. These
operate between fixed points over
which there is no convenient control.
They also require alterations in criti-
cal signal circuits, which many audio-
philes do not like.

The principle employed in some
commercial expanders had an appeal-
ing simplicity. Signal-driven, they use
neon lamps to activate photoconduc-
tive cells and require no other power
supply. Their major component, how-
ever, had been especially designed for
a specific product.

Special components needed
With a circuit configuration in
mind, however, what was demanded

of the components could be assessed.
Some of the qualities needed were out
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Compandor parts arrangement. Note left-right symmetry. Identical parts arrangement
was used for each stereo channel. It makes assembly considerably easier and neater.

of the ordinary, but hardly unique.
Needed were:
® A transformer with practically flat
frequency response over the audio
range.
® A high-impedance input winding to
permit connecting it across an output
transformer’s secondary without ap-
preciable loading.
® A turns ratio high enough to drive a
neon lamp from an audio signal volt-
age of 1 volt or so.
¢ A neon lamp with a firing voltage
and ionization time the same in total
darkness as in ambient light.
® A light output that would remain
proportional to the voltage applied
and not behave erratically after a few
overloads.
¢ A photoconductive cell with proper
spectral response. Great sensitivity.
Fast rise time. Proper light-to-dark
conductance ratio. Appropriate resist-
ance extremes and extreme linearity
at very low light levels.

Such parts were rounded up, and
Fig. 1 shows a stereo version of the



Parts List

c1, €2, C3. c4—0.47 uF, 200V LM1, LM2—fuse, No. 44 lamps, 6.8V, 025 amp
R1, R7—500-ohm, 5-watt, wire-wound poten- s1—4 pole, 3-position switch (or Lafayette
tiometer (Mallory VWS500 or equal) part No. 99H6170, g-pole, 3-position)
R2, R3, R8, R9—330,000 ohm, 1l-watt, 10% Misc——Term‘ma| strip (Jones 4-screw, barrier
resistor type or equal), resistor board (for 4, 1-
R4, R5, R10, R11—47.,000-0hm, 1, -watt, 10% watt resistors) solder lug terminal strips
RS, R12—100,000 ohm, Y-watt, 10% resistor (two with 2 insulated and 1 gnd. lug, one
NE1, NE2, NE3, NE4—Neon lamp, signalite with 4 insulated and 1 gnd. ug). phono
NE2V or ASA No. A2B. Allied Radio part jacks {4 RCA audio type and plugs as
#K002 122. needed), chassis (Bud CB-1628, 1%4” h x
pC1, PC2—Photo cells, Clairex CL504L or RCA 6" w x 3" d) cabinet (Spectrum Prod-
ucts, No. 488, Bud SC-2130 or CU-465),
T1, T2—Transformer, primary impedance metal panel (approx- 3" x 6”), plastic or
500,000 ohms, secondary impedance 50 metal light housings, panel jewels and
ohms (Argonne AR-142, Lafayette Radio threaded bushing set, tamp-cell housings,
see text) knobs, grommets, wire, etc.
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Fig. 1—Stereo version of the compandor. Resistance of photoconductive cells is varied
by stepped up signal from amplifier that fires neon lamps. Cell resistance is used in
voltage dividing network to produce desired effect. RI and R7 are 500 ohms, 5 watts.

?xpaqder-coqxpressor. 1f a monophon- compressor Works. Since operation of
ic unit is desired, build only one chan- both channels is identical, only one is
nel. described.

A small signal voltage across po-
. tentiometer R1 from the power ampli-
Briefly, here’s how the expander- fier is stepped up by transformer T1,

How it works
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Underchassis closeup shows where the rest of the compandor components are located.
The circuit is completely passive and, therefore, has no power supply of any sort.

passed through current-limiting resis-
tor R2 and applied to neon lamp NE-1.
Lamp LMI1 is a fuse to protect the
transformer and lamp NE-1, NE-2,
located on the front panel, is a remote
indicator showing NE-1’s response. At
some pot setting, NE-1 and NE-2 will
begin to flicker. The intensity of NE-1
will be proportional to the voltage
across it. This light, falling on photo-
conductive cadmium selenide (or cad-
mium sulphide) cell PC-1, causes its
conductance (resistance) to vary with
the illumination applied. Resistance
decreases as light intensity increases.
Cell PC-1 now acts as a resistor
that varies linearly with amplitude
variations of the power amplifier.
Using the changing cell resistance
in the signal-voltage dividing network
consisting of R4, R5, R6 and blocking
capacitors Cl1 and C2, the switching
arrangement behaves as follows:
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Position 1 (EXP) places the light-
variable section of the dividing net-
work in series with the signal. On
louder passages the signal has less re-
sistance to overcome and expansion
occurs.

Position 2, the off position, al-
lows the signal, minus the insertion loss
of the expander-compressor, to pass
straight through. By selecting your lis-
tening level with the expander-com-
pressor in its off position, compensa-
tion is automatic.

Position 3, comp places the divid-
ing network across the input signal. On
louder passages more drop takes place
across series resistor R4 and compres-
sion occurs,

Parts placement is not critical.
There is no interference between chan-
nels with the compact arrangement
shown.
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Fig. 2—Lamp-cell housings are plastic.
Secure lamps and cells with clear cement.
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The function selector switch, the
two operating-level pots and the two
remote-indicator neon lamps are
mounted on the front panel. The lamps
are held in grommets and jeweled
bushings are used for dressup.

On the back of the chassis are four
phono jacks (an input and output pair
for each channel) and a terminal strip
with four screw terminals (two for
each drive-signal circuit). Other parts

are located as shown in the photo-
graphs. Grommets are used to protect
leads passing through the chassis.
Resistors and capacitors are
mounted on solder-lug terminal strips
or supported by their leads. Current-
limiting resistors R2, R3 and R8, R9
are mounted on a resistor board on top
of the chassis near the lamp housings.

Build the lamp-cell combinations

Each lamp-cell  combination
should be 1n a light-tight housing. The
housing shown in Fig. 2 was made
from a g’ ID plastic bottle. Metal
3Smm film cans are also suitable. Saw
about 14" off the bottom of each bot-
tle, and paint the inside black. Cement
the cells and neon lamps in place. Give
the outside of the module a one-turn-
plus wrap of black construction paper.
Slit the ends of the paper for the neon
lamp leads, and slit the center for those
of the cell. Next, apply cement to the
wrap, which is pressed over the cell and
lamp leads. Then plug the assembly
into its cap, which contains a metal
stiffening washer, and bolt the assembly
upside down on the chassis.

Pieces of aluminum foil about
74¢” long x e” wide, cemented bright
side in beneath the neon drive lamps,
will increase the unit’s dynamic range,
sometimes considerably, Cement all
components with a clear-drying adhe-
sive such as Elmer’s Glue or White
Glue.

The neon lamp should be not
more than ¥8” from, and perpendicu-
lar to, the face of the cell being driven.
Lamp anodes should be parallel to the
face of the cell.

Alternate lamp-cell housings can
be devised, but must be lightproof. The
flash of a room lamp or the flicker of
fluorescents will affect the sensitive
cells. Light from one channel striking
the cell of the other will disrupt the en-
tire system.

How to use it

When used with an integrated
system (preamp and power amplifier
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Fig. 3—Hookup for integrated system (a), program material is fed directly to inputs.
dor output is fed to preamp.
Component system (b) compandor is inserted between preamp and power amplifier.

Drive signals come from speaker ter

on one chassis), the expander-com-
pressor is inserted between the pro-
gram source and the preamp, as shown
in Fig. 3-a. Be sure to use the right
preamp input, since compensation for

Is and co

plate.

a record player, for instance, is differ-

26

ent from that for tape. If the unit is
unstable with an integrated system,
shield the top of the chassis with per-
forated metal and add a metal bottom



With component systems, place
the expander-compressor between the
preamp output and the power ampli-
fier input (Fig. 3-b).

In this location, the unit will act
on program material from the preamp,
allowing you to switch from one pro-
gram source to another without chang-
ing cables.

Signal voltage to drive the unit is
obtained from the output of the power
amplifier, preferably from a 16-ohm
tap. If this impedance is not available.
use the 8- or 4-ohm tap. Never connect
the unit across a 70.7-volt or other con-
stant-voltage line. A small signal swing
drives it through its entire dynamic
range.

Regardless of which terminals
the drive circuit is connected to, the
speaker system always sees its match-
ing impedance.

The volume level at which the unit
will go into action depends largely on
speaker sensitivity. If this is more
sound than you customarily use when
loud passages are played, the circuit
shown in Fig. 4 will compensate for
above-average transducer efficiency.
usually permitting full expansion and
compression at normal listening levels.

To connect the unit to high output
impedance amplifiers of any kind.
place a resistor in series with one side
of the line to the drive circuit. Use
a value about 50 times that of the out-
put impedance.

Input and output cables for use
with integrated systems can be stan-
dard shielded audio cable. A length of

Fig. 4—Transducer
too efficient? This
circuit takes care of
that problem should
it arise in your unit.

3’ is recommended although longer
ones can be used if a capacitance of
about 100pf is maintained.

With component systems, your
existing audio cables may be used.
Cathode follower preamps usually per-
mit the use of much longer cables.
Lamp cord of any reasonable length
can be used between the power ampli-
fier output and the drive terminals.

The expander-compressor can
perform several limiting jobs. It can
be used when making tape recordings
to prevent overload distortion right in
the concert hall, if you wish.

You can hear soft passages of pro-
gram material played in high-ambient
noise locations. By compressing the
loud passages and raising the volume
level of all the material to where the
loud passages were, the soft passages
will come through as only the loud ones
previously did.

Even works with TV

Used with a TV receiver, it keeps
those ‘“important messages from the
sponsor” at a level commensurate with
their importance. Connect from the
high side of the de-emphasis capacitor
to ground, and across the volume con-
trol. Remove the low side of the de-
emphasis capacitor from ground; a 3’
cable will substitute its capacitance
closely enough.

Here’s another bonus. In the com-
pression mode, try playing those noisy
records you were about to throw away.
Start with the operating level controls
fully clockwise.




What happened to those clicks
and crackles? Being spike pulses, they
were cut off. The level controls can
now be adjusted to the point where
only loud dlicks are cut off. Too much
compression will make even a splendid
performance sound singsong.

Now get out your finest tapes or
records and play them with dynamic
expansion. Set the amount of expan-
sion desired for the loudest parts of the

material. As the operating level con-
trols are advanced, the remote indica-
tor lamps will begin to flicker, indicat-
ing when the compandor takes hold.

The great dimensional changes
you now hear left the recording studio
as tiny pips on the signal, some of them
barely got out at all. But now, even at
low listening levels, the full dynamics
of music are present.

FM STEREO TUNER

by KENNETH E. BUEGEL

FM TUNERS FOR STEREO RECEPTION
have steadily improved in quality.
Today’s audiophile can select a solid-
state unit with specifications which
were never achieved before,

All tube designs, all the older
transistor designs, and the present FET
designs use an agc technique known
as reverse bias in which a negative
bias is applied to either a grid or base
to reduce the output current (and
gain) of the device. While reverse bias

+204
+|54
+10+
45+

[oF

POWER GAIN dB

~5

2 4 6 8 10 I2 i4
COLLECTOR CURRENT —mA

Fig. 1—Curve of foward-agc transistor.
Low collector currents yield high gain.
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works well with devices such as tubes
and certain FET’s, which can operate
at zero or negative bias, it fails when
used with ordinary transistors which
must always have some forward bias
to maintain operation.

Strictly speaking, the forward
bias on the transistor was only re-
duced until the gain decreased at
some very low collector current. Un-
fortunately, this meant that the base-
emitter junction could be a very good
rectifier for the same strong signal
that was producing the bias. Thus
this biasing technique was a failure in
operation and the setting was ripe for
the introduction of FET’s.

The use of a different type of
transistor, however, solves the over-
load problem. This transistor is known
as the “forward agce” type—one in
which gain reduction is caused by an
increase in the forward bias applied
to the transistor as shown by the curve
of Fig. 1. Note that at collector cur-
rents of only 2-3 mA the power gain
of the device is maximum, but when
the current has increased to a higher
value the power gain may even be-
come negative, with less output than
input.



Of course, since the base-emitter
junction is heavily biased, a strong
signal cannot be rectified at this
point. Thus, in the FM-1 tuner de-
scribed here, we can apply a signal of
0.2V rms to the antenna terminals
without degrading performance.

Although forward-agc transistors
can successfully compete with FET’s
under extremely strong signal condi-
tions, they deliver superior perform-
ance when handling very weak sig-
nals. We get this kind of performance
by close impedance matching between
the coupled circuits, which implies
maximum power transfer. With an
antenna impedance of 300 ohms it is
simply not possible to transform this
upwards to the higher values required
for field-effect transistors. Circuit con-
figurations capable of this transforma-
tion such as transmission lines and
tuned cavities are bulky and of pro-
hibitive size.

The transistors used in this de-
sign present a much lower input im-
pedence and con$equently more use-
ful power is transferred. The result is
a tuner with high sensitivity and an

extremely important side benefit—no
shielding is required in the rf section.
"Whereas a stray coupling capacitance
as low as 0.1 pF (16,000 ohms @
100 MHz) can couple a considerable
amount of power between two high-
impedance circuits, the same stray ca-
pacitance effects little power transfer
between impedances nearer 1200
ohms.

Remember also that any electro-
static shield placed over an inductance
must be much larger than the coil
diameter to prevent drastic reduc-
tion of Q values and inductance since
the shield acts as a single shorted turn
coupled to the inductor.

The crystal filter impedances in
the FM-1 are closely matched to re-
duce phase non-linearity and preserve
good stereo separation.

On weak signal reception, for-
ward bias to Q1 and Q2 (Fig. 2) is
supplied through R22 and R24 from
the junction of R21 and R25. Adjust-
ing R25 sets the bias for highest sensi-
tivity. As signal strength increases, the
base voltage on Q5 becomes more
positive until, at a higher signal level,
Q5 is providing bias to Q1 and Q2.

FM-1

Using the detailed alignment procedure
should be able to achieve or improve the

20 db Quieting Sensitivity
30 db Quieting Sensitivity

1uV
. 1.4,V

50 db Quieting Sensitivity 3.9 uV
Capture Ratio .......... . 1dB
AM Suppression .......... ... ... 60 dB

Harmonic Distortion ... 0.5%, (measured

at detector output)
Hum and Noise .. ... less than —70dB
Spurious Response ...... less than —90dB
Image Rejection . .. ..... less than —90dB
Half i.f. Response . ... less than —80dB

Adjacent Channel Selectivity .. ... —70dB
Overload Sensntlvrty (for 19,
distortion) . ... 0.2V rms

Specifications
that appears on these pages, the reader
following figures.

. .45 db mid-
frequency
35dB @ 50 Hz
30dB @ 10 kHz
Output Level adjustable up to iVrms
Output Impedance approx. 20,000 ohms

Multiplex Separation

Distortion 19%,, 1000 Hz, 75 kHz

deviation
SCA Suppression 48 dB
Hum and Noise 45 dB

—60 dB (below reference 1V
output with 19 and 38 kHz
components notched out)
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The resistance in the collector
circuits of Q1 and Q2 is low to pre-
vent saturation at these higher collec-
tor currents. The base connections to
L2 and L3 provide maximum power
transfer from the tuned circuits. Q3
is a dual-gate FET mixer with the rf
signal applied to gate 1 and the local
oscillator signal to gate 2.

Transistor Q6 is arranged to pro-
vide a low distortion oscillator signal
to the mixer. An additional Zener
regulator prevents frequency variation
while the R28-C24 combination re-
moves any Zener noise. The base of
Q4 is matched to the mixer output by
a tap point formed by the capacitive
division of C14 and C15.
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Transistor Q4 provides the 500-
ohm output impedance for the first

crystal filter. Each filter requires
about 5 pF at the IN terminals to
give the specified bandpass. For F101
(Fig. 3) this capacitance is the length
of shielded cable connected to Q4. For
the second filter it is the output ca-
pacitance of IC101.

Transistor Q101 amplifies the
signal and applies it to Q103 and
IC101. The gain of Q103 and Q104 is
just enough so that the if. voltage
rectified by D101-D102 will provide
further bias to the transistors only
when the signal is well past the point
of maximum noise reduction, but long
before the signal level reaches the
overload level. The design gain of the

MPS€939



Fig. Z—Rf:head schematic ison the left,and the component placement for its
PC board is .above. Notice trimmer C25 is mounted on the “d’’ section of the
four-part tuning capacitor which is mounted on the board.

Q103 and Q104 stages is centered
within this range.

All if. transistors are of a special
type with the emitter lead placed be-
tween the base and collector leads.
This lead arrangement prevents un-
wanted coupling (and phase shift) be-
tween output and input of each stage.

The ratio detector, T102, has a
linear bandwidth of 500 kHz and
contains the diodes within the housing.
Because of T102’s bandwidth, align-
ment is simple, and can be done al-
most as well with off-the-air signals
as with a signal generator.

The tune indicator lights when
the signal is tuned correctly. The volt-
age at R125 will be about 1.1 V
positive without a signal and rises to

nearly 1.3 volts when even a-weak
signal is tuned in. R126 provides an
adjustment for this voltage discrimina-
tion. When the voltage at R125 rises
in the presence of a signal, Q105 is
turned on, in turn saturating Q106 and
Q107. LMI101 in the collector cir-
cuit of Q107 lights to indicate correct
tuning. A S202 contact (Fig. 4) is
wired to the turn-on bias for Q107. If
S202 is set to the stereo position this
bias will be clamped to ground by
Q207 unless the 19-kHz pilot signal
has resulted in turning on the stereo
indicator, LM201. Thus if the MUTE
switch is on, and S202 is set to the
stereo position, only stereo signals will
be heard.

Since Q107 saturates at this time,
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a contact on S201 may return source
resistors of Q210 and Q211 to ground,
allowing the audio to appear at the
output jacks.

The collector voltage at Q106
also saturates Q208 in the stereo in-
dicator circuit, allowing an indication
only when stereo is tuned in.

The detected composite signal
feeds the high-impedance input
of Q201. T201 and C203 present a
high impedance in the emitter circuit
of Q201. The output voltage appear-
ing across R201 is low in 19-kHz com-
ponents. T202 and C202 are tuned to
67-kHz to eliminate SCA interference
at the stereo outputs. The 19-kHz pilot
signal appearing across T201 is am-
plified by Q203. T203 and T204 are
tuned to the 19-kHz signal. The input
to emitter follower Q204 is a very
‘pure 19-kHz signal which provides
superior lock-in of the oscillator even
on extremely weak signals. Since the
voltage at the emitter of Q204 is a low
impedance it is used to drive the pilot
detectors, D201 and D202, as well as
synchronizing Q209.

The rectified pilot signal satur-

ates Q205, which in turn provides a
turn-on bias to Q206, the stereo lamp
driver. The emitter of Q206 is in series
with Q208. Therefore, the indicator
will not light unless Q208 is also
turned on. Q208 is driven by the
voltage appearing at the collector of
Q106, and this voltage will bias Q208
only when a signal is received. The
stereo indicator lights only when a
stereo signal is received. There are no
false indications between stations.

Locked oscillator Q209 can only
operate when pin 6 of T205 is re-
turned to ground by the saturation of
Q206. T206 in the collector circuit is
tuned to 38kHz and drives the bal-
anced detectors D203-D205 and
D204-D206. Balanced detection re-
duces the 38-kHz components which
can appear across the de-emphasis
networks, R224-R225-C219 and
R226-R227-C220.
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The gates of
Q210 and Q211
ground potential. Source resistors
R230 and R231 are switched to
ground to turn on and to 412 volts to
mute. In muting, the audio output is
reduced over 50 db. This switching
voltage is taken from the collector of
Q107, the TUNE lamp driver. The out-
put of each channel may be adjusted
to any voltage up to 1V rms by the
output controls in the drain circuits
of Q210 and Q211.

Resistor R204 selects the amount
of composite signal, minus 19-kHz and
67-kHz components, applied to the
switched detectors. This composite
output contains the L 4+ R signal at
50-Hz to 15-kHz, as well as the
L — R sidebands at 23-kHz to 53-
kHz. These sidebands may be atten-
vated by multi-path reception as well
as phase distortion in the i.f. strip.
The detector transformer used in the
FM-1 has a linear bandwidth of 500-
kHz to minimize this distortion. How-
ever the tuner alone is not able to
compensate for all possible causes of
L — R sideband attenuation. There-
fore C204 should be installed on the
following basis: use the .02-xF unit if
this multiplex board is nor used with
the remainder of the FM-1, or if all
your useable signals originate more
than 30 air miles from your receiving
location. Use the .05-uF capacitor
when the multiplex is used with the
FM-1 and the stations are both local
and distant.

The power supply provides
+14.6V for LM101 and LLM201 and
regulated 12V for all other circuits.
Q212 functions as a capacitance mul-
tiplier; the +14.6V has less than 3
mV p-p ripple. D210 provides a reg-
ulated output from Q213. If there is
excessive Zener noise you can add a
simple R-C network to eliminate it.

Diode D209 serves only one
function; to prevent destruction of
Q213 in case of a wiring error or ac-
cidental short during testing. With~

output amplifiers
are returned to



out D209 any short would cause the
charge in C232 to be placed directly
across the base-emitter junction of
Q213. The resulting current flow
would destroy this transistor. With
D209 in place any short drains C232
of its charge at the cost of only a
momentarily increased dissipation in
Q213.

Three circuit boards are used in
the tuner. These boards are the rf
head, i.f. strip, and multiplex and
power supply boards. Each board is
completed according to the sequence
shown. When all boards are wired,
they are temporarily mounted in the
chassis for alignment. After alignment
is complete, the dial panels are
mounted and the unit is ready for
final wiring and assembly.

Alignment procedure

Set dial to 88 MHz. Loosen the
dial drum set screws and slide the
drum off the shaft. Using small pieces
of masking tape, tape the dial cable
in place so it cannot become tangled.

LF. STRIP

1. Set generator for a sweep
width of about 300 kHz, centered
about the 10.7 MHz. 1t possible, use
post marker adding to set two mark-
ers; one at 10.6 and the other at 10.8
MHz. Set the generator output level
to about 200 V. Connect the output
cable ground to the edge of the if.
strip near the input to F101. Clip the
“hot” lead to the insulated cable
jacket leading to F101; DO NOT tie
the hot lead directly to the input pin
of F101.

2. Set the bottom (primary) slug
of T102 for a symmetrical response
with the top slug tuned off resonance.
The scope vertical input should be
connected to the output lead from
R121, and the horizontal input should
be fed from the sweep voltage in the
generator. Follow the generator in-
structions for connections and phas-
ing procedures.

3. Next adjust the top slug (sec-
ondary) of T102 for best linearity

between the 10.6 and 10.8 MHz mark-
ers. Do not retune the bottom slug.

4. Connect a dc vtvm set on the
lowest range between ground and the
top end of R119. Slowly adjust the
top slug of T102 for exactly zero volts.
This should be a very small part of a
turn.

5. Connect the vtvm to the out-
put lead from R146 and increase the
generator output until you can read
some voltage above zero. Tune T101
for a maximum reading. Reduce the
generator output and repeak T101.

6. Place a small ceramic-disc
capacitor in series with the output
lead of the generator and connect the
capacitor to L4. Leave the vtvm on
R146. Increase the generator output
and tune L6 for a maximum reading.
Reduce the output and repeak L6,
This completes the i.f. alignment.

RF HEAD

1. Set R25 to mid-position; con-
nect a small amplifier and speaker to
the output lead from R121. Set the
generator output to 88 MHz with
enough deviation so that an audio sig-
nal can be heard from the speaker.

2. With the plates of C1 fully
meshed adjust L2, L3, L4, and L6 for
maximum quieting of the received
signal. Reduce the generator output
as needed so that the signal is always
slightly noisy. Use a small nylon or
fiberglass tool to move the coil turns.

3. Set the generator output to
107.8 MHz and set C1 so its plates
are at minimum capacitance. Peak each
trimmer capacitor on C1 for maxi-
mum quieting, as well as C25.

4. Repeat steps 2 and 3.

5. Set generator output fre-
quency to a quiet spot near the upper
end of the dial, around 105 to 106
MHz. Tune the receiver to this fre-
quency and repeak the trimmer on L4
for best quieting. “Rock™ Cl about
this point while adjusting this trimmer
since there is some interaction be-
tween peaking this trimmer and the
local oscillator frequency. If you do
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Chassis layout of tuner sections used by the author.
A large L-bracket supports i.f. and rf boards. Cl is
mounted on rf board, concealed by dial drum here.

not rock C1 you may only succeed in
“fine-tuning” the oscillator frequency
and sensitivity will be reduced from
optimum.

6. Repeat steps 2, 3, and §S.

7. Tune C1 to a quiet spot near
the bottom of the dial and adjust R25
for maximum quieting on a very weak
input signal. At this time you may
wish to check the sensitivity. It should
be 20 dB quieting at less than 1 pV
input. L1 should be spaced about 1/8
inch below L2. If sensitivity is too low,
carefully push L1 closer to L2 and
repeak the antenna trimmer capacitor
at 107.8 MHz and adjust the turns
on L2 at 88 MHz. Ten sets of tran-
sistors were tried in the prototype
unit and sensitivity varied between
0.95 to 0.55 pV for 20 dB quieting.
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MULTIPLEXER

You will need an oscilloscope
and a multiplex generator to align this
section. An ac vtvm is also helpful
when making separation measure-
ments.

1. Connect the scope vertical in-
put to the wiper of R204 and inject a
67-kHz input at the input to the multi-
plex board at C201. Tune the slug in
T202 for a minimum output as seen
on the scope.

2. Connect the scope to the
Q202 end of C202. Inject a 19-
kHz pilot signal at a 25-mV rms level
and tune T201 for maximum trace
height.

3. Connect the scope to the col-
lector end of C206 and set S202 to
the MONO position. Tune T203 and



T204 for maximum trace height. Re-
duce the input level of the generator
and carefully repeak the tuning of

transformers T201, T203 and T204.

4. Connect the scope to either
channel A or B output and inject a
19-kHz signal at 25 mV rms. Tune
oscillator transformer T205 for zero
beat as observed on the scope. S$202
must be in the STEREO position.

5. Connect the scope to either
end of C214 and tune T206 for
maximum 38-kHz trace height.

6. Set up the generator to de-
liver a 0.25V rms L-only or R-only
composite signal to the input. Connect
the scope vertical input to channel A
and the horizontal input to channel B.
Slowly tune T205 until the scope is
displaying either a vertical line or a
horizontal line. One of the settings of
T205 will be very unstable; use the
setting which is the most stable and
connect the scope so that an L-only
input gives a vertical line.

7. Repeak T201 for the most
vertical line and adjust R204 for the
best vertical line. Switching to an R-
only input should result in a horizontal
line on the scope.

8. Inject an L plus R signal, with
pilot, and set R232 and R233 for
equal outputs from each channel.

SPECIAL TUNER PARTS
The following special parts are need-
ed for the construction of the tuner.
All are available from Transitek, P.O.
Box 98205, Des Moines, Washington.
Tuning capacitor C1 .. ... .. $7.50
Miller coil No. 9051 ........ $2.04
Miller coil No. 2072 .. ... ... $2.58
Miller coil No. 1354PC . . $2.61
Miller coil No. 1355PC . .$2.61
Miller coil No. 1361 .. $1.80
Fairchild 2N3690 . ....... $1.25
Crystal filter . ............ $13.50
Rf printed circuit . ......... $5.90
If printed circuit ........... $7.20
Mx and power supply

printed circuit . ......... $9.20

COMPLETE TUNER
PARTS LIST

PARTS LIST RF HEAD
Al resistors are 14 W, 5% unless noted as 14

R1, R4—47 ohms

R2, R7—330 ohms

R3, R8—4700 ohms

RS, R22, R24—1500 ohms
R6, R9, R14, R29—100 ohms
R10, R16, R23—220 ohms
R13—12,000 ohms
R15—100,000 ohms

R21, R26, R30—10,000 ohms
R25—2500 ohms, Y4-watt trimmer
R31—1200 ohms

R32—4700 ohms

R11—470 ohms, 1, watt
R12—150,000 ohms, 1% watt
R17—33,000 ohms, 1, watt
R18—4,700 ohms, 1, watt

R19—510 ohms, 15 watt
R20—180 ohms, 5 watt
R27-—220 ohms, 15 watt
R28—100 ohms, 1, watt

Capacitors

Cl—4 gang FM tuning capacitor, (2-17 pF
per section. Trimmer range 0.5 to 12 pF.
Only three trimmers are used. Local os-
cillator section uses separate trimmer.

C2, C17, €21, C22—6.8 pF, NPO ceramic
€3—3.3 pF, NPO ceramic

C4, C5, C6, C8, €9, C10, C16, C19, €20, C23—
.02 xF, 25V cer.

€7, C12—.001 pF, ceramic

C11—70 pF, 20V electrolytic (Mallory MTA-
70E20 or equiv.)

C13—.05 pF, 25V ceramic

C14—68 pF polystyrene

C15—200 pf polystyrene

C18—1 uF, 50V electrolytic (Mallory MTA
1D50 or equiv.)

C24—350 pF, 15V electrolytic (Maliory MTA
350 F 15 or equiv.)

€25—3~-12 pF ceramic trimmer (Centralab
822FZ or equiv.)

Cr—trimmers on C1

Semiconductors, coils

Q1, Q2—2N3690 (Fairchild)

Q3—3N141

Q4, Q5—MPS 6939

Q6—2N3856

D1—10V Zener diode, 1W, 5%

L1—2T, #26 enamel, next to ground end of L2

L2—4T, #18, 4" dia, 7/16” long
L3—AT, #18, 14” dia, 7/16” long, tap at 1T
and 3T

L4—same as L3 but tap only at 3T

L5—2T, #18, 5/16” dia, 14" long, tap at 34, T
from Cld

L6—J.W. Miller 9051

IF Strip (101 to 199 series)

c101, C€l103, Cl105, Cl06, C107, €108, C109,
Cl110, C113, Cl14, Cl19, C120, C1i26,
c127, C128, C129, C130, C131, Ci32—

.02 uF, 25V ceramic
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C102—6.8 pF, NPO ceramic

C104, C111, C112, C123—.05 yxF, 25V ceramic

C115—S5 pF, polystyrene

Cl116, C117, C118—330 pF ceramic

C121—5-uF 50V electrolytic (Mallory 5D50 or
equiv.)

C122—350-uF 15V electrolytic (Mallory 350-
F15 or equiv.)

C124, C125—omit due to design change

Resistors all 14 watt 5% unless noted

R101—560 ohms, Y, watt

R102, R112—47,000 ohms, Y watt

R103—10,000 ohms, Y watt

R104, R111, R120—2200 ohms, 1% watt

R105, R138, R144—1000 chms

R106, R110, R117, R139, R140, R145—220
ohms

R107—510 ohms, Y, watt

R108—4700 ohms, % watt

R109, R121—22 ohms, % watt

R113—6800 ohms, 5 watt

R114—220 ohms, % watt

R115—470 ohms, Y5 watt

R116—47 ohms, Y, watt

R118—2700 ohms, 1% watt

R113—100 ohms, % watt

R122—47,000 ohms

R123—6800 ohms

R124, R125—5100 ohms

R126—1000 ohms, 14-watt trimmer

R127—22,000 ohms

R128, R136, R141—47,000 ohms

R129, R137, R142, R143, R146—10,000 ohms

R130—4700 ohms

F101, F102—XTAL FILTER, $13.75 ea.

Specifications for F101 and F102:

Center frequency—10.7 MHz

Bandwidth—1.5db, 200 kHz min., 3db, 240
kHz min., 20db, 500 kHz max., 50db, 1100
kHz max.

Ultimate attenuation—50dB minimum

Maximum insertion loss—5dB

Phase linearity—Within pius to minus three
degrees of best straight line over 200
kHz minimum bandwidth

input to filter—500 obms plus 4.2 pF

Load on filter—500 ohms plus 7.5 pF

Size—51mm long, 18mm wide, 33mm high

Operating temperature—45 to 110 degrees F.

T101—J. W. Miller 2072

T102—J. W. Miller 1605 PC

Q101, Q102, Q103, Q104—MPS 633%

Q105, Q107—2N3860

Q106—2N5355

D101, D102—IN34

tM101—12-14V, 25-40 mA

Muitiplex and Power Supply (201-299 series)

C201, C208, C224, C225—1uF/50V, electro-
lytic (Mallory MTA 1D50 or equiv.)

C202—560 pF polystyrene

€203, C206, C207, C211, C212—.01-xF poly-
styrene

C204— 02-uF or .05-uF, disc ceramic; see text

C205—.001-xF polystyrene

€208—.01 ¢F disc ceramic

C210—15-uF, 35V, electrolytic (Mallory MTA
15E35 or equiv.)

C213—5-uF 50V, electrolytic (Mallory MTA
5D50 or equiv.)

C214—.0015 uF, polystyrene

€215, C216, C217, C218—.002-xF temp. stable
ceramic

€219, C220—.001-4F temp. stable ceramic

C221, C222—.05 uF, disc ceramic

C223—10-uF, 35V, electrolytic (Mallory MTA
10D35 or equiv.)

€226—500-uF, 25V, electrolytic (Mallory TC
25058 or equiv.)

C227, C228—500-xF, 15V, electrolytic (Mal-
lory MTV 500DN15 or equiv.)

Alj res'stors 14-W, 59% unless otherwise noted

R201, R206, R212, R213, R214, R215, R2le,
R217-~10,000 ohms

R202, R207—2 megohms

R203—3300 ohms

R204—1000 ohms, Y4 watt trimmer

R205—1000 ohms

R208, R218—6800 ohms

R209—2,200 ohms

R210, R234, R235—100,000 ohms

R211, R230, R231—4700 ohms

R219—560,000 ochms

R220, R221, R222, R223—39,000 ohms

R224, R225, R226, R227—150,000 ohms

R228, R229-—1 megohm

R232, R233—25,000 ochms, 14 -watt trimmer

R236—220 ochms, Y-watt

R237—100 ohms, Y5>-watt

R238—56 ohms, l5-watt

R239—470 ohms

T201, T203, T204—J.W. Miller 1361

T202—J.W. Miller 1362

T205—J.W. Miller 1354-PC

T206—J.W. Miller 1355-PC

T207—117V pri., 24V CT secondary, 1A power

xfmr.
D201, D202, D203, D204, D205, D206—I1N-
4154

D207, D208, D205—40267

D210-—13V Zener diode, 1W, 5%

Q201—2N3391

Q202, Q203, Q204, Q206, Q207, Q208, Q209—
2N3860

Q205—2N5355

Q212—40408

Q213—40407

$201, S202—rocker switches

£tM201—12-14V, 25-40 mA pilot bulb
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BOOKSHELF SPEAKER SYSTEM

by ALEXANDER N. RETSOFF

WHAT I WANTED WAS A COMPACT
speaker system with a wide, smooth
frequency response, low distortion
and sufficient power-handling capabil-
ity to fill at least a small room with
realistic sound.

The requirement for smooth re-
sponse and low distortion in a small
cabinet calls for an acoustic suspen-
sion system. Although horn-loaded
speakers provide excellent response
and low distortion, the laws of phys-
ics being what they are, it is impos-
sible to have a “small” horn-loaded

ar puwpn ¥
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speaker that extends to 50-80 Hz.
That being the case, the choice was
between a bass-reflex system and an
infinite baffle.

Bass-reflex speakers

The bass-reflex approach includes
all systems in which the sound ema-
nating from the rear of the speaker is
allowed into the room. Such a system
may go under the name of “bass-
reflex,” “tuned-port,” “ducted-port,”
“distributed-port,” “Helmholtz resona-
tor” or some other title. In all cases, a
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Walnut-veneer finish can make a hand-
some extension speaker for any hi-fi.



hole somewhere in the cabinet allows
the rear sound wave from the speaker
to enter into the room. These systems
boast relatively high efficiency and ex-
tended low-frequency response.

In general, every dynamic
loudspeaker exhibits a primary reso-
nance at the lower end of its fre-
quency response. The frequency at
which the resonance occurs depends
upon the mass of the moving system,
i.e. the cone and voice coil, and the
com pliance of the suspension.

For a speaker in free space, the
suspension is made up of the flexible
spider, which supports the voice coil
end of the cone, and the rim support
at the large end of the cone. The sys-
tem is analogous to a weight on the
end of a spring. Once the weight is set
in motion it bobs up and down at a
rate or frequency that depends on the
mass of the weight and the com-
pliance of the spring. By increasing
the size of the weight and/or picking
a softer spring, frequency can be low-
ered. The converse is also true.

The point is that a speaker’s out-
put drops off very rapidly below its
resonant frequency. Also, at its reso-
nant frequency the cone likes to move
and does so very readily, resulting in
a peak in the response curve. Just like
the weight on the spring, once in mo-

tion at its resonant frequency, the
speaker tends to keep moving even af-
ter the signal has disappeared. This
“hangover” causes poor transient re-
sponse and muddy sound.

The degree to which the peak ap-
pears in the response curve and the
transient response is impaired is deter-
mined by the “Q” of the resonant sys-
tem. This in turn is controlled by the
damping or f{riction in the moving
system. The chief causes of damping
are the air loading on the speaker
cone, the friction in the suspension
system and the damping factor of the
amplifier.

If damping is high, there is only
a mild peak in the response curve,
since the energy is rapidly dissipated
in the friction; the cone quickly
comes to rest after the excitation is
removed. An underdamped system
will exhibit a large peak and long
“hangover.” Obviously this is to be
avoided.

What has all this to do with the
choice of a speaker enclosure? Well,
the speaker and its enclosure must be
designed for one another. It is the
combination of the two, the speaker
in its enclosure, which must be tested
for resonance, response, etc.

Now, a bass-reflex enclosure is a
box with a hole in it, and a box with
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Fig. 1—Cutting diagram shows you how to cut two speakers from a single board.
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Fig. 2—Use good cabinet assembly techniques when constructing your speaker.

a hole in it is a resonant system itself.
It is called a Helmholtz resonator. A
soda bottle is a Helmholtz resonator
if you blow across its mouth.

The design philosophy behind a
bass-reflex enclosure is to have the
box resonate at the same frequency as
the speaker mounted in it. This can
be accomplished by properly con-
trolling the volume of the box and the
port size and ducting.

When two resonant systems are
coupled together like this an odd
thing happens. Instead of getting
twice as big a resonance as you might
suspect, you get two resonant peaks,
one higher in frequency than the orig-
inal and one lower in frequency. A
dip appears where the original reso-
nance was. The spread between the
two peaks depends on the degree of
coupling between speaker and box.
This in turn depends upon the size of
the box and the amount of damping
material in it. In this way, one can
extend the low-frequency response of
the speaker system to the lower of the
two resonance peaks.

This sounds like a terrific idea,
and indeed the bass-reflex system was
widely used several years ago, and still
is in many smaller enclosures. There
are certain disadvantages to this sys-
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tem: (1) increased distortion, espe-
cially near the resonant points, since
the system is somewhat uncontrolled
near resonance; (2) less than opti-
mum transient response, leading to
muddy sound; (3) irregular response
in the bass region formed by the two
resonances and the trough.

Why an infinite baffle?

This leaves us the infinite baffle.
The infinite-baffle enclosure includes
any type which prevents the sound
from the rear of the speaker from
getting into the room. In its simplest
form it is an infinitely large wall in
which the speaker is mounted.

In a more practical form, it is a
completely sealed box filled with fiber-
glass or felt mats to absorb the rear
sound energy. The walls of the box
are strong and rigid enough so they
do not vibrate 1n sympathy with the
speaker. The infinite baffle performs
the primary function of the speaker
enclosure: preventing the rear sound
wave from blending with the front
wave. Since the two waves are out of
phase, they cancel each other if
allowed to meet. (The sound emanat-
ing from the port of the bass-reflex
enclosure is delayed by the enclosure
design enough to emerge in phase



with the front wave in the bass rein-
forcement region. At higher fre-
quencies all rear energy is absorbed
by the damping material in the cabi-
net, and in this region the bass reflex
acts as a sort of infinite baffle.)

Early infinite-baffle enclosures
were made very large. Since the air
trapped in the cabinet acts as a spring
behind the speaker cone, system com-
pliance is reduced and the resonant
frequency of the sveaker system is
raised above that of the speaker alone.
Since the output of the system drops
below the resonant frequency, it ap-
peared advantageous to use a very
large cabinet for minimal increase in
the resonant frequency.

The acoustic-suspension system is
basically an infinite baffle in which
the compliance of the trapped air is
counted upon to provide some of the
speaker suspension. Such a system
uses a speaker with a very light (com-
pliant) suspension that has a very low
free-air resonance. It is put in a rela-
tively small sealed enclosure. The
trapped air decreases system com-
pliance and substantially raises the
resonant frequency by as much as an
octave.

Thus one can see the necessity
for starting with a very-low-resonant-
frequency speaker. The acoustic sus-
pension provided by the trapped air
has one very distinct advantage: it
lowers the harmonic distortion of the
system. The main cause of nonlinear
distortion in a speaker system is the
nonlinearity in the suspension. The
typical spider and rim-surround sus-
pensions do not provide a linear re-
storing force at extreme cone ex-
cursions.

The “spring” provided by the
trapped air, however, is extremely
linear. In a well-designed acoustic-sus-
pension system, the air cushion pro-
vides the majority of the restoring
force. For example, if the resonant
frequency of the system is one octave
above (twice as high) the free-air
resonance of the speaker alone, three-

quarters of the restoring force is pro-
vided by the air cushion and only
one-quarter by the speaker suspen-
sion. Thus, the effect of the nonlinear
suspension, that is the distortion, is
reduced three times.

In addition, the air cushion is
provided by making the enclosure
small instead of large. Further, the re-
sponse is relatively smooth—assuming
good damping to an acceptably low
frequency—if the original speaker is
of the high-compliance type. We pay
for all these advantages with a de-
crease in overall efficiency.

In choosing a speaker for use in
an acoustic-suspension system one
must look for a low resonant fre-
quency. Next, you need a good, pow-
erful magnet, which implies good
damping and the capability of long
speaker excursions. The latter, al-
though they give rise to Doppler dis-
tortion, are unfortunately necessary to
get a reasonable sound-pressure level
from a small cone.

How to build it
Probably many speakers will fill

the bill. I chose to build the system
around one available for $8.95 from
Lafayette Radio Electronics (cata-
logue No. 99E01554). It is a 5-inch
unit with a 1¥2-1b magnet and reso-
nant frequency of 40 Hz. It is rated
at 16 watts (peak). For a tweeter 1
chose another Lafayette unit (cata-
logue No. 99E01562) at $2.95.

The enclosure is 14 x 9 x 9
inches and is constructed from 34-
inch plywood. I chose to construct it
from single-sided walnut-veneered ply-
wood, available from several firms.
Following the cutting diagram of Fig.
1, two speaker enclosures can be
made from one 24 x 48-inch sheet of
plywood.

Other veneers are also available.
If you like oiled walnut, two or three
coats of boiled linseed oil rubbed in
with cheesecloth and the excess re-
moved will give you a better finish
than you can expect on commercial
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Fig. 3—Wiring diagram for speakers. Do
not use tantalum electrolytic capacitors.

cabinets. Let each coat dry overnight
and rub lightly with the grain using
fine steel wool. The recessed front and
back of the cabinet will not show and
can be made from 3%-inch fir ply-
wood available from any lumber yard.
A two-conductor barrier strip is
mounted on the recessed rear wall.

Fig. 2 shows how the cabinet is
put together. Be sure to make it air-
tight. Seal all cracks with glue, filler
or caulking. The inside of the cabinet
should be loosely filled with Tufflex or
a similar sound-absorbing material.
Such materials are readily available
from most parts dealers.

The wiring diagram is shown in
Fig. 3. A 4-pF, 50-or 100-volt ca-
pacitor is used as a highpass filter to
the tweeter. This capacitor should be
a paper or mylar type. Aluminum or
other electrolytics should not be used.
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Fig. 4—Anechoic chamber curve is
smoothed by placing unit in corner.
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Fig. 5—Impedance curves for the woof-
er in free air and damped in the cabinet.

When wiring the speakers be
sure to observe polarity. If you use
the speakers recommended, you will
find one terminal on each insulated
with a red fiber washer and the other
with a white one. Connect the whites
together as the common return and
the reds with the capacitor.

More exotic crossover networks
could be used with this speaker sys-
tem, but they are really unnecessary.
The woofer used in this system han-
dles itself so gracefully at the higher
frequencies that there is no real rea-
son to prevent it from reaching them.

When you’re through, connect
them to a good amplifier with at least
5 watts per channel capability into 8
ohms and listen. As is true for all
speaker systems, bass response is
affected by placement of the units in
the listening room. As much as 9 dB
boost in the low end can be achieved
from corner placement.

Fig. 4 shows the response of the
system, measured in an anechoic
chamber, and the response expected in
a corner placement, the recommended
location for this system. Placed in a
corner, a speaker sees a much reduced
solid angle of radiation at low fre-
quencies. Thus, its efficiency is greatly
increased. This is especially important
for small-size systems. You can ex-
periment with various placements in
your home. You will probably be
quite surprised at the difference posi-
tions can make.



Impedance curves of the woofer
in free air and in the damped cabinet
are in Fig. 5. You can see that the
resonant frequency rose from 48 Hz
to 75 Hz, almost an octave. In addi-
tion, the height of the peak is sub-
stantially reduced. As explained, the
acoustic response of a speaker system
falls off at about 12 dB per octave
below the resonant frequency. From
Fig. 5, you can see the resonant fre-
quency is at 75 Hz, and, sure enough,
from Fig. 4, the response starts to fall
off at just about that point,

The results of this little system
will amaze you. The sound is sur-

prisingly clean and live. The in-
struments of the orchestra are well
defined and project into the room.
This is attributable to the smooth
mid-range. Except for a dip and peak
in the response at 4 kHz and 6 kHz,
the response throughout the critical
mid-range is extremely smooth and
well balanced compared with any sys-
tem. Couple this with adequate re-
sponse, again without any sharp vari-
ations, out to the limit of audibility
(16 kHz), and solid bass response
down to 60 Hz or so, and you have a
system to put many of its larger and
more costly brothers to shame,

3-WAY ELECTRONIC CROSSOVER

by NORMAN H. CROWHURST

The basic amptifier circuit around
which a 12-dB/octave filter can be
built is in Fig. 1. It consists of a central
voltage-gain stage and two emitter fol-
lowers, to provide impedance isolation
so performance is not affected by ex-
ternal circuits and their impedances.

The output emitter follower
makes the output signal voltage devel-
oped by the voltage-gain stage avail-
able with a low source impedance, and
the base circuit of the input emitter
follower is fed by a 2:1 voltage di-
vider. There is an additional 2:1 gain
loss due to the 6 dB feedback used to
sharpen the response to its correct
shape.

So the voltage gain of the middle
stage should be precisely 4 (12 dB).
This will make the output signal volt-
age the same as the input, from each
channpel, within that channel’s range.

Using a 12-volt supply and tran-
sistors with a current gain of about
100 (this is not critical in the circuit
chosen) we calculate values. For the

output emijtter follower, we want the
emitter dc voltage to be 6 volts. This
allows maximum swing with the 12-
volt supply.

Picking 510 ohms as the emitter
resistor (assuming a 500-ohm load as
minimum external output termina-
tion), the dc load at the base will be
about 100 times this, or S1K. Using a
bias potentiometer of 5.1K and 5.6K
will bring the emitter voltage very
close to 6-volts on a 12-volt supply.

Now to calculate the base input
resistance of the output emitter fol-
lower: This consists of 5.1K and 5.6K,
along with the reflected impedance of
about 51K (with no external load con-
nected) all in parallel. This combina-
tion figures to 2.5K. An external load
of 500 ohms would reduce the re-
flected part to about 25K, reducing

the combined input impedance to
2.25K, which is not a serious change.

To achieve an in-range gain of
4:1, we assume a collector resistor of
1K and calculate the collector load,
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which is this 1K paralleled for sig-
nal purposes with 2.5K, to make 720
ohms. With this collector load, an
emitter resistor of 180 ohms will con-
trol the stage voltage gain to 4:1.

To get 6-volts on the collector of
this stage, its current must be 6 mA, so
the emitter voltage will be 1.08-volts.
The 180 ohms will reflect to the base
circuit as 18K.

The next step was based on us-
ing identical capacitors for controlling
turnover in each stage of coupling.
For the high-pass filter, the reactance
of the coupling capacitor between col-
lector and output emitter follower
needs to be 3.5K (2.5K plus 1K) at
root-2 times turnover frequency.

The input emitter follower will
provide negligible source impedance,
so the base input impedance of the
voltage-gain stage should be 3.5K also.

0.25v
{+)
3.8K
osv_, ; AAA M
54 “AAA ©
3.6K
=1.8K
0 25v 125V
Pz — v

Fig. 1—Basic 12-dB/octave filter (be-
low) uses two emitter followers. Fig.
2 (above)—Voltage relationships that
determine feedback resistor value.

Trial and error led to the choice of
5.1K and 43K, along with the 18K
reflected through the stage from the
180-ohm emitter resistor, which comes
very close to the 3.5K desired.

This combination of resistors also
controls the emitter voltage to 1.08
volts, and thus collector current to
6 mA and the collector voltage to 6
volts.

The input emitter follower also
uses a 510-ohm emitter resistor. Its
bias will normally be taken through
the feedback resistor. Its input imped-
ance, reflected from the emitter resis-
tor, will be about 51K. Using two 3.6K
resistors across the input signal voltage
will divide the input voltage in half
(before feedback is considered).

Feedback will reduce this signal
voltage to one-fourth input and the
4:1 gain will bring the output voltage
up to equal the original input signal
voltage, as well as reversing its phase.

The source resistance for the in-
put signal voltage of V%, at the base, is
the parallel combination of two 3.6K
resistors, or 1.8K. The signal voltage
will be dropped, when feedback is ap-
plied, to ¥4, while the feedback resis-
tor will connect back to a signal volt-
age of 1, reversed phase. (Fig. 2).

So the feedback resistor will have
1.25 times the original input voltage
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circuit added for a 3-way crossover. See table for values.
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across it, thus needing to be 5 times
the impedance that “drops” the 0.25
part. Five times 1.8K is 9K, for which
a 9.1K resistor will serve.

Using a blocking capacitor to
keep dc out of the input circuit, the
bias of the input emitter follower is
taken from a 6-volt point (the output
emitter) through 9.1K and 3.6K,
yielding a working voltage of about
1.7 volts. As the signal level at this
point is ¥4 the input and output signal
level, this voltage provides adequate
margin for handling the signal.

The impedance reflected through
the input emitter follower will be 1.8K
divided by 100, or 18 ohms. And
through the output emitter follower,
720 ohms divided by 100, or 7.2 ohm:s.
Thus output loading can have little ef-
fect on operation.

Low-pass design

That about sets the picture for
the high-pass configuration. For low-
pass, we have the collector-circuit
parallel impedance calculated at 720
ohms. This is the impedance the shunt
capacitor works with. If we use a series
resistor in the base circuit to make that
also 720 ohms, the same value of
shunt capacitor will serve. With the
3.5K in the base circuit, a 910-ohm
resistor will bring the shunt combina-
tion at the base to 720 ohms. This re-
sistor needs dc blocking, unless the
section is bandpass, so the capacitor is
needed for the high-pass function.

Thus the compleied two-way
crossover looks like Fig. 3. To make
calculating the capacitors for turnover
easier, we will figure them at whatever
crossover frequency is chosen.

For high pass, they should be fig-
ured at root-2 times crossover, so their
reactance will be root-2 times the
series-circuit impedance at crossover,
or SK.

For low pass, they should be fig-
ured at crossover divided by root-2,
so their reactance will be the parallel
circuit impedance divided by root-2 at
crossover, or 500 ohms,
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This makes the figuring very con-
venient. We have tabulated some val-
ues of capacitors for selected cross-
over frequencies. If you want to make
your crossover three-way or more, it
is simple to combine the two functions
into one circuit for any bandpass chan-
nels you use (Fig. 4).

If you plan on making several of
these, in varying combinations, it may
be worth planning an etched circuit
(Fig. 5) that can be wired for low
pass, high pass or bandpass. Fig. 6
shows a completed circuit for a three-
way crossover, using these circuit
boards.

Finally, you may need to know
how to check the performance. The
first step is to open the feedback loop.
This can most simply be done by lift-
ing the 9.1K resistor from the output
emitter and connecting a 12K resistor
in series with it to the negative sup-
ply. Now the unit should show pre-
cisely 2:1 gain, and 90° phase shift
with zero gain at frequencies that are
root-2 times crossover for high pass,
and crossover divided by root-2 for
low pass.

This 90° phase shift pattern
should look like a circle on the scope
when horizontal is connected to input
and vertical to output with both inputs
set to the same sensitivity. This can be
set by paralleling them on the input
and adjusting to give a 45° straight
line. Check this at the appropriate
root-2 frequencies. If the result is in-
correct, find out where it goes wrong.

To find an error in a high-pass
filter, or the high-pass function of a
bandpass, use an electrolytic capacitor
to bypass one of the turnover capaci-
tors in turn; first one, then the other.
Each of these should yield the 45°
trace at root-2 times crossover fre-
quency (Fig. 7).

If one of them doesn’t, the ca-
pacitor has the wrong value and should
be corrected. Finally, reconnecting the
feedback should give the elliptical
trace at crossover, instead of the circle
at root-2 times frequency.



To find an error in a low-pass
filter, or the low-pass function of a
bandpass, merely disconnect one end
of the turnover capacitors, each of
them in turn. Each of these condi-

tions should yield the 45° trace at
crossover divided by root-2. Again, if
one of them doesn’t, the capacitor re-
maining in circuit is off value and
should be corrected.

Fig. 5—Copper side of
circuit pattern used for
crossovers. Actual size
of the PC board used is
3 x 6 inches. Draw or en-
targe opticatly. Fig. 6 be-
low shows the com-
pleted and wired 3-way
crossover. Use table for
crossover values.
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Fig. 7—Scope pattern of the 45° phase-
shift frequency, identifying 8 points on
the ellipse. Here the 45° line is set at
a mid-band frequency, and the ellipse
should appear at the root-2 frequency.
If the 45° line is set by paralieling ver-
tical and horizontal, the ellipse will be
twice as high for the same width. Fig.
8—Various power supply circuits: a is a
12V winding, one side grounded, b is
12V winding with center tap grounded
(or 6V, one side grounded) and ¢ is 6V
with the center tap grounded.

I 707 5 0 S.707 |

A little practice with this will find
it quite simple to do, and the circuits
obey the rules nicely.

Almost any pnp transistors will
serve in this circuit. If you want to
use npn transistors, merely reverse the
supply polarity and the polarity of any
electrolytics. With pnp, positive supply
is also signal ground for input and out-
put. With npn, negative supply is also
signal ground.

The lowest low pass can incor-
porate a rumble filter, if desired, “at
no extra cost,” by using identical elec-
trolytics with a value to give a 12-
dB/octave rolloff at the desired
frequency, say 20 Hz (as shown in
Fig. 6).

The supply requirement for each
unit of the crossover is about 21.5 mA.
Thus a two-way crossover requires
43 mA; a three-way, 65 mA. This can
easily be obtained from a filament
transformer with small diode recti-
fier(s) and really large electrolytics
for final smoothing (Fig. 8). The
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Tabie of Capacitor Values
Crossover
Fr Cap Values (uf)
Hz Low Pass High Pass
20 16 31.6
25 13 1.3
30 10.5 1,05
40 8 0.8
50 6.3 0.63
60 5.3 0.53
80 4 0.4
100 3.2 0.32
120 2.7 0.27
150 2.1 0.21
200 1.6 0.16
250 1.3 0.13
300 1.05 0.105
400 0.8 0.08
500 0.63 0.063
600 0.53 0.053
800 04 0.04
1,000 0.32 0.032
1,200 0.27 0.027
1,500 0.21 0.021
2,000 0.16 0.016
2,500 0.13 0.013
3,000 0.105 0.0105
4,000 0.08 0.008
5,000 0.063 0.0063
6,000 0.053 0.0053
8,000 0.04 0.004
10,000 0.032 0.0032
12,000 0.027 0.0027
15,000 0.021 0.0021
20,000 0.016 0.0016



configuration used depends on the
filament supply. You can probably use
something from the shelf for this, be-

cause nothing is at all critical, except
that it needs adequate filtering to
avoid hum.

STEREO HEADPHONE CONTROL CENTER

By PETER E. SUTHEIM
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STEREO HEADPHONES are great—they
provide the ultimate in separation and
you aren't distracted by room noise.
Only trouble is they usually don’t
match your amplifier output. This ste-
reo headphone control center takes
care of the matching; moreover, it
gives you full control of volume, bass,
blend and balance. And you don’t have
to disconnect it to use the speakers.

The control center can be used
with any stereo headset and any stereo
amplifier—unless you have a very un-
usual headset or an amplifier.

Controls

For controls, it has a three-posi-
tion selector switch: You can choose
speakers only, phones only, or both at
the same time. (The third choice may
seem a bit strange, but it is much ap-
preciated where one listener is hard of
hearing. He can wear the phones and
enjoy the music at a suitable volume
level. The others can listen at a com-

fortable volume through the speak-
ers.) The switch is of the shorting
(make-before-break) type to reduce
switching clicks.

There is, of course, a volume con-
trol for the phones, ganged so that both
channels are controlled simultaneous-
ly. A balance control compensates for
uneven tracking between the two sec-
tions of the volume control, and for
individual differences in hearing sensi-
tivity between the listener’s ears.

The blend control corrects for the
sometimes excessive stereo separation
in headphone listening. At its extreme
counterclockwise position, the blend-
control resistance is switched out of
the circuit, allowing full separation. At
the other extreme, the two channels
are connected together, producing
mono sound.

The bass control provides up to
approximately 6 dB of boost at 40 Hz
(referred to 1 kHz) to compensate for
headsets whose air seal against the
sides of the head is not good.

Connections

Leaving aside the convenience this
box provides—which may or may not
interest you—it might seem that
there’s a simpler way of connecting
phones to an amplifier. The most ob-
vious would be simply to connect the
phones across the speaker terminals
with a switch in series to turn the
speakers on or off. This works, but has
a couple of very serious disadvantages.
First, earphones require only between
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Fig. 1—Unique switching arrangement makes it possible to switch in speaker or
phones only, or both, Amplifier is loaded, either by the speakers or RI and R2.

PARTS LIST

C1, €2, C3, C4—100-aF, 3-volt electrolytic
capacitor

J1, J2—Three-contact phone jack

R1, R2—25-0hm, 10 watt wirewound resis-
tor

R3, R4, R8, R9—47-ohm, Y%-watt resistor

RS, R7—15-ohm, Y;-watt resistor

R6—Duai 1000-ohm potentiometer, log
taper (Centralab, F5-1000 & R5-1000)

R10—Dual
ometer
R11-—100-ohm wirewound potentiometer
R12—500-ohm potentiometer (with S2)
S1-—4 pole, 3-position shorting type (make-
before-break) rotary switch
8§2—S.p.s.t. switch (on R12)
Misc.—Plastic case with aluminum panel
(Lafayette 99 H 6272 or similar); bar-
rier-type terminal strip (5 terminals)

50-ohm wirewound potenti-

10 and 100 milliwarts for quite loud
volume levels. This is in the neighbor-
hood of one-thousandth of the power
output capability of typical amplifiers.

Not only is the full amplifier pow-
er unnecessary for phones, but it can
destroy them in a fraction of a second
by burning out the voice coils or rup-
turing the diaphragms. As a result, the
volume control on the amplifier can be
only just barely cracked open. There
has to be some way of cutting the
power fed to the phones.

Furthermore, the high sensitivity
of the phones results in a good bit of
noise along with the music. The normal
amplifier hiss and hum, usually inaudi-
ble a few inches from a speaker system,
become definitely audible in high-sen-
sitivity headphones pressed close to
your ears.
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The usual way of solving both
problems is simple and quite satisfac-
tory: Stick a resistance in series with
each “hot” earphone wire. The value
most commonly used is around 300
ohms. It cuts down the power to the
phones and, of course, cuts back the
noise at the same time. It also reduces
the damping factor to nearly zero. But,
this seems to have little audible effect
on phones, which have very small, low-
mass cones or diaphragms with little
inertia. They are usually pretty well
damped by internal absorbents and by
close coupling to the ear chamber.

But a load in the vicinity of 300
ohms is almost an open circuit as far
as the amplifier output is concerned. It
becomes necessary then to provide a
dummy load for the amplifier when the
speakers are switched out. The value of
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The limiting factor in parts mounting is size of the controls on the front panel.
Wire position is not important; the circuit is all low impedance and high level.

STEREO AMPL  TO L SPKR

16| ©
L 8 (%2 e
49 2o |
| @M  5-COND CABLE / 20! |conrao
o bl
iy 7 —Tlo0] (=
; )
— /] AN
i oo
40 T T= FLOATING TIE POINT (SOLDER-LUG
R oM STRIP W/TH 2 INSULATED LUGS,ETC) o
18l ©

TO R SPKR

Fig. 2—To avoid undesirable power loss in the speaker wiring, don’t use a cable
Ionger than approximately 25 feet. Use impedance taps to match your speakers.

55



Shorted output circuits in a solid-state
amplifier can be destructive—use a bar-
rier type terminal strip. Note: speaker
and amplifier ouiput terminals are shown
in reversed order—follow the schematic.

the dummy load is not critical. It isn’t
necessary, or even desirable, to mnatch
the dummy to the amplifier output.

A considerable upward mismatch
(for instance, 8-ohm output loaded by
25-ohm resistor) means much less
power wasted in the dummy load as
heat, since the amplifier will not usual-
ly develop nearly as much power into
a 25-ohm load as it will into an 8-ohm
load. This headphone box switches in
a pair of 25-ohm 10-watt resistors (one
for each channel) in the PHONES posi-
tion of the selector only.

It might be worth while to digress
for a moment to explain this matter of
protecting amplifiers with a dummy
load. In general, the dummy is most
important with tube amplifiers, prin-
cipally because the high inductance of
an unloaded output transformer can
develop peak voltages during loud sig-
nals or instability high enough to break
down transformer insulation or cause
arcs in tubes or tube sockets. Almost
any value of load resistance less than 5
or 10 times the nominal output impe-
dance of the amplifier will load the
transformer enough to prevent this
type of trouble.

In transistor amplifiers, shorts
across the output, rather than opens,
most often cause trouble. However, it
can do no harm to load the output of
even a transistor amplifier in the same
way, Dummy-loading may even save
the output transistors if the amplifier
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happens to be unstable with no load.
Occasionally a defective or poorly de-
signed amplifier will oscillate with no
load and damage its output transistors.

Construction

Few things could be simpler or
less critical to wire than this switchbox.
The low impedances and relatively
high signal levels make it unnecessary
to observe any precautions about wire
length, shielding, routing, and so forth.
Be sure, though, to use wire no thinner
than No. 22 for the leads that will
carry the full speaker current (heavy
lines drawn on the schematic).

The photos show all the details
for wiring the control center. The
solder-lug strip mounting is soldered
to the back of the balance control.

The Stereo Headphone Control Center
works as described. It is important to try
to obtain log-taper (audio taper) controls
for R6, otherwise the change from flat re-
sponse to full boost occurs all in the first
few degrees of rotation from the counter-
clockwise stop.

Be sure to wire the control exactly as
shown. If you don't, the taper is in effect
reversed and the rate of change will be
even more extreme than with a linear-taper
control.

If the electrolytic capacitors have
uninsulated metal cases, as the ones in
this model did, insulate them with tape
to prevent their touching the panel.
The panel must be electrically common
to the common side of the circuit un-
less you want to provide insulating
bushings for the phone jacks.

Modifications

Of course you can provide only
one jack if you wish, or three or more.



Volume will diminish as you paraliel
more sets of phones. If you like, you
can provide a separate volume control
for each headset. You can, in fact,
duplicate the portion of the circuit
after the switching (to the right of the
dashed line X-X on the schematic) so
that each headset has full, separate
control facilities.

If you like your headphone music
extremely loud, you may have to forgo
the bass-boost circuit (R5, R6 and R7
and Cl, C2, C3 and C4), To provide
6 dB of bass boost, the circuit must
introduce 6 dB of loss everywhere else
in the spectrum, except at the low
frequencies. In a passive equalizer,
there is no way around this fact of
life. So if you need loudness, discon-
nect or omit the bass boost circuit.

Connecting the thing

Fig. 2 shows how the control cen-
ter is to be connected to an amplifier.
Note that the common terminal on the
control center goes to the amplifier
chassis, not to either of the speaker
terminals often labeled “common” or

“C”. The reason is that in many ampli-
fiers the so-called “common” terminals
are not common to each other or to
the chassis, and cannot be connected
together without disrupting some cir-
cuit function.

This connection is for headphone
operation only. The normal connection
to the speakers is in no way affected
by the addition of the box if you follow
the scheme given here. The speakers
can be turned off or on by the selector
switch in the control center, but this is
done by interrupting the high (4-, 8-
or 16-ohm) side of the wiring, not by
disturbing the connection to the ampli-
fier’s low side.

Flat, five-conductor antenna-ro-
tator cable is handy for making the
connections between control center
and amplifier because it can be slipped
under a rug or run alongside of base-
board molding.

The wire should be No, 22 or
heavier. Avoid running more than
about 50 feet to prevent a sizable
portion of your expensive ampli-
fier power to be dissipated in the
wiring.

FM STEREO ADAPTER

By KENNETH F.

THIS STEREO FM DEMODULATOR IS DE-
signed around recent silicon planar tran-
sistors and uses high-stability polysty-
rene capacitors. It is compatible with
any detector output level between 0.3
and 5 volts peak to peak. Separation on
a properly constructed unit will exceed
30 dB from 50 Hz to 14 KHz, and 40
dB from 100 Hzto 10 KHz.

Many stereo listeners are puzzled
when a good stereo adapter added to a
previously satisfactory tuner fails to
produce adequate separation. Often the

BUEGEL

trouble lies in unexpected areas. When
you've been intelligent and careful in
connecting the adapter to the tuner, and
the antenna installation isn’t faulty, what
else could be wrong?

In almost every instance I have in-
vestigated, the problem was caused by
restricted tuner bandwidth, which causes
a distorted response in the 23-53-kHz

subcarrier range. Many otherwise fine
tuners may have this defect. It 1s possible

to compensate for it.

57



TO STEREO INDICATOR
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R22 TRIGGER Q5 ;
INPUT FROM TUNER~=

This decoder incorporates just that
kind of compensation. The schematic is
in Fig. 1. Input stage Q1 has adjustable
gain to match different tuner output lev-
els Because of heavy feedback the in-
put impedance is high enough to allow
direct connection to a vacuum-tube
tuner without heavy loading. The value
of R2 is selected during alignment.

L is the SCA (Subsidiary Commu-
nications Authorization) rejection filter,
which, with the well-balanced output de-
tectors, keeps SCA program matter in-
audible. Emitter follower Q2 sends com-
posite audio at low impedance to the
center tap of T3, a 38-kHz doubler in
the collector of Q4. The pilot signal de-
veloped across T1 is amplified by Q3
and synchronizes the 19-kHz locked os-
cillator, Q4.

QS5 selects and amplifies the 19-kHz
pilot signal. R22 is the trigger adjust-
ment, which sets the level of pilot signal
required to switch the adapter to stereo
reception. D5 and D6 charge C24 with
rectified pilot signal until Q6, a dc am-
plifier, 1s forward-biased.
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Q6 drives Q7 into saturation, which
lights lamp PL and brings the lower end
of T2 to ground potential. Under these
conditions Q4 oscillates and T3 pro-
vides the switching signals to the out-
put detectors. Diode pairs D1-D3 and
D2-D4 will conduct alternately at the
38-kHz switching rate and channel left
and right components of the signal ap-
plied to T3 centertap to correct outputs.

During monaural reception, when
no pilot signal is present, Q7 will be cut
off and its collector at supply potential.
A slight reverse bias will prevent oscil-
lation in Q4. There is now a path
through D1. D2, RI3, and R14; thus
the monaural signal applied to the cen-
ter tap of T3 appears at output A. A
similar path exists for the same signal
to appear at output B. The de-emphasis
networks precede output jacks.

The decoder circuits draw about 8
mA from a 14-volt supply. PL’s current
is 20 mA from a slightly higher poten-
tial. If it 1s not convenient to draw this
much current from an available source,
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PARTS LIST

C1,Cc21—0.1 gF, 30V,
ceramic

c2, ¢5, C6, C7, C8,
c20, €22 — .01
©F, polystyrene

C3, C23—.02 pF, 30V,
ceramic

c4, C9, Cl4, C18—5
uF, 15V, electro-
Iytic

Cl11, C12, C15, C16—
.002 uF (Sprague
192P or equiva-
fent)

C13, Cl17—.001 gF
{Sprague 192P or
equivalent)

C10—.0012 uF, poly-
styrene

C19—.0015, uxF, disc
ceramic

Fig. 1—Follow this wiring diagram carefully

for best operation of the FM stereo adapter.

C24—1 uF, 15V, elec-
trolytic
c25 — 10 uF,

electrolytic

15V,

Capacitors specified
as polystyrene are
Mallory type SX,
listed on p. 293 of
Allied's catalog 260
(1967 genera! cata-
fog)

Ceramic capacitors
can be Sprague’s
low-voltage type, al-
though  higher-volt-
age capacitors are
of course equally
usable.

D1-D6—1N4446 (G-E)
(1N914A is also
usable)

Q1—2N3391 (G-E)

Q2, Q3, Q4, Q5, Q7—
2N3860 (G-E)
Q6—2N508 (G-E)
PL—16-vo!t indicator
famp (15-20 mA)
(Sylvania 16CSB
~—p. 316 of Atlied
catalog 260)
R6, R21—1.8
megohm
R2, R1l1—see text
R3—trimmer  resis-
tor, 1,000 ohms

R1,

(Mallory type
MTC-4)

R4, R7, R23, R26—
10K

R5, R8—1,000 ohms

R9, R10—4,700 ohms

R12—470K

R13. R14, R15, R16—
39K, 5%

R17, R18, R19, R20—
150K, 5%

R22—trimmer resis-
tor, 10K (Mallory
type MTC-4)

R24—22K

R25—100K

R27—220 ohms

All resistors 1, watt,

10% unless other-

wise specified

T1, T2, T4, T5—19-
kHz tank (J. W.
Miller 1354-PC)

T3—38-kHz  output
transformer (J.
W. Miller 1355-
PC)

L—series bandpass
filter (J. W. Mil-
ler 1352-PC)

For construction on

chassis instead of

etched circuit board,
order Miller units
without PC suffix
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Parts list for Fig. 2

Cl—250 uF, 25v, (RCA) or equiva-
electrolytic ient 100V silicon

C2—350 uF, 15v rectifier
electrolytic D3 — Zener diode,

C3—0.22 uxF, 50v, 18V, 3 or 1
paper, Mylar or watt  (Motorola

Fig, 2-a—Regulated power takeoff for using the demodulator with a tube-type tuner.
b—1If you don’t wish to draw power from a tuner, this power supply will perform well.

14v

1N4744, Interna- former, 117-volt
tional Rectifier primary, 26.5:]
1ZF15T10 or volt ct secon-
equivalent) dary, 0.6 amp
Q—2N3414 (G-E) (Knight 54 A

1476, Triad F-40X
or equivalent)

R1—220 ohms
R2—470 ohms

T—filament trans-

the regulated supply shown in Fig. 2
will power the decoder.

When constructed on an etched cir-
cuit board, the complete decoder, in-
cluding required bottom clearance, fits
in a space 3% x 6 x 2 inches. Since the
unit is extremely stable and won’t need
constant adjustment, it can be tucked
away in an unused cabinet corner. If
you decide on chassis construction, a
recommended size is 7 by 9 inches. This
provides room for the power supply,
terminal strips, transistor sockets, etc.
If you plan to build on a chassis instead
of on a circuit board, be certain to order

the transformers without the PC
(printed circuit) suffix.

In mounting parts to the wiring
board, first install the transformers,
then R3, R22, all other resistors and
capacitors (except R2 and R11), and
finally the transistors and polystyrene
capacitors.

The first step in alignment is to
measure the multiplex output level of
the tuner with an oscilloscope. Use the
highest peak-to-peak reading as a refer-
ence. Use an input level, from an audio
generator to the decoder. of 25% higher
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than this reference level. (Use any con-
venient frequency in the audio range.)
Choose a value for R2 between 3.9K and
12K (larger input, larger value) which
allows undistorted reproduction of the
input signal as seen on a scope at the
emitter of Q2.

Next insert a 67-kHz signal (this
should be accurate) and tune L for min-
imum signal at Q2’s emitter. Insert a
19-kHz signal at one-fourth reference
level and tune T1 for maximum voltage
across its winding. Reduce the input sig-
nal and tune T4 and TS5, with R22 at
maximum, for maximum voltage across
R24. During tuning reduce the input
level until the voltage across R24 starts

Fig. 3-a—Poor stereo separation; b—
good separation; scope at adapter output.



to decrease; at this point the tuning ef-
fect is most pronounced.

Tack in a 470-ohm resistor for R11
and temporarily ground the collector of
Q7. Tune T3 for maximum amplitude
of the 38-kHz waveform at Q4’s col-
lector. Then tune T2 until any jitter in
the waveform disappears, indicating
synchronization with the input signal.
Continue to retune T1, T2, and T3.
while reducing the input level, until the
oscillator is synchronized with a 19-kHz
input signal at least 26 dB (one-twenti-
eth) below reference.

Select a value for R11 between 200
and 1,000 ohms that provides maximum
undistorted 38-kHz output. Too low a
value will give lower-amplitude switch-
ing voltages and reduced separation
Adjacent cycles of the switching wave-
form will not have identical height (this
is normal) but should be within 20%.

If you have access to a stereo mul-
tiplex generator, remove the ground at
Q7’s collector and inject a composite

signal at reference level. Set R22 to
place Q7 in saturation and adjust R3
for maximum separation.

If such a generator is not available,
you can run through the procedure just
described with the decoder connected
to a tuner receiving a stereo transmis-
sion. Connect a potentiometer (about
100K to the tuner output to allow the
input to the decoder to be reduced dur-
ing alignment.

After preliminary adjustment re-
move the potentiometer from the cir-
cuit. Connect outputs A and B to the
vertical and horizontal inputs of a
scope. Tune to a station known to be
transmitting a stereophonic broadcast.
Adjust R22 until PL lights. The scope
pattern will probably resemble Fig. 3-a.
Adjust R3 until the scope display looks
like Fig. 3-b. A slight touchup of Tl
and resetting of R3 will result in best
separation. If the separation seems
poor, try another stereo station or
broadcast

200-WATT IC STEREO AMPLIFIER

ADVANCES 1IN HIGH-POWER THICK-
film technology combined with a
unique circuit have resulted in a hy-
brid IC power amplifier with universal
applicability. The amplifier was de-
signed for the industrial and commer-
cial market where a high-power, au-
dio-range, reliable and compact linear
amplifier was needed.

Although not fabricated specifi-
cally for high-fidelity applications, the
performance characteristics of the
TA7625 hybrid power module (see
Table I and Graphs I-III) suggest it
is quite adequate for this purpose. The
photo snowing an  encapsulated
and unencapsulated module mounted

TABLE !

Data taken with split supply at
+37.5 volts, 4-ohm load, 1-kHz
signal frequency and feedback resis
tor = 820 ohms.
Zero signal
watts*
input voltage == 1.00 @ 100watts
output
THD = 0.38% @ 100 watts out-
put
Input voitage —— 0.62 @ 35 watts
output
THD = 0.149%, @ 35 watts output
= Of this, 585 mW is dissipation in
resistors R, R. and R., leaving a
device dissipation of 1.14 watts.

dissipation = 1.725
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on a heat-sink type chassis indicates
the extreme compactness possible for
a 200-watt stereo amplifier. The pow-
er supply for the modules is mounted
on a separate chassis, although single-
chassis construction is possible if pre-
ferred. The power modules are avail-
able for $80 each.

The protective circuitry of the
modules insures they cannot be inter-
nally damaged by a sustained short at
the output or faulty power-supply
voltages. The design permits use of the
module with capacitive loads (elec-
trostatic speakers).
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Structure & circuits

The internal structure of the hy-
brid amplifier is shown in Fig. 1. It
has a rugged steel base plate on which
both the thick-film circuit and the out-
put assembly are mounted. This out-
put-transistor assembly is an all lead-
solder mount system with a lead frame
tor easy fabrication. A ceramic sub-
strate is used under each pellet to
isolate it from the base plate. The pel-

let is mounted on a heat spreader
which reduces the heat flux density by

the time it gets to the ceramic.
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The schematic for the circuit of
the hybrid power amplifier is shown
in Fig. 2. A differential bridge (QI-
Q2) is employed at the input of the
amplifier to provide good control on
the quiescent operating point zero-
output voltage. Imbalances of the
bridge circuit with supply variations
are solved by using constant-current
source Q3 in the emitter circuit. This
approach is almost universally used
in integrated circuits to function over a
wide range of supply voltages.

The voltage at pin 8 dictates the
output voltage at pin 3. A pair of
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matched resistors (R2 and R3) con-
trol the output voltage to half the
supply voltage. Pin 8 is grounded di-
rectly for the split supply case (Fig.
3-a) and ac-grounded with a 100-uF
capacitor for the single supply case
(Fig. 3-b). The constant-current
sources (Q3 and Q4) allow the am-
plifier to be biased properly from a
total supply voltage of much less than
30 volts to the 75-volt maximum.

The true class-B quasi-comple-
mentary output/driver stage is driven
by the bidirectional current source.
The output devices (QI10 and QI1)
are chips from the 2N3055 family and
the pnp/npn drivers are from the
2N5322/2N5320 families. The bidi-
rectional current source npn/pnp’s
are from the 2N2101/2N4036 fam-
ilies.

A technique for eliminating cross-
over distortion in class-B output stages
is to operate them from a high-imped-
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ance source (a current source). The
current transfer characteristics of a
typical output stage do not exhibit the
offset steps as do the transconduc-
tance characteristics. The high-imped-
ance source consists of a second cur-
rent source, Q4, direct-coupled to the
class-A predriver, QS. In this case, the
class-A stage is a pnp device since the
bridge devices are now npn type.
This arrangement also allows the cur-
rent source to be an npn type as well
and can share the same reference di-
odes, D1 and D2.

This approach is a simple col-
lector-to-collector connection of com-
plementary devices providing an in-
herently high collector impedance
source; together with the differential
bridge, the system performs as a “con-
trolled bidirectional current souice.”
Its operation is completely indepen-
dent of supply voltage variations.

Versatility was achieved by bring-
ing the feedback terminal out (pin
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Fig. 3-b—The single supply arrangement
with pin 8 ac grounded through 100 uF.

7). Maximum gain is limited by the
100-ohm internal resistor, R10.

The load-line limiting circuit
(shaded area) protects the amplifier
from a sustained short at the output.
This unique limiting circuit places re-
strictions on the allowable operating
area of the drivers and outputs. It
functions as a voltage and current
sampling circuit to provide operating
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Power supply circuit for stereo ampl.

TA-7625 Power Supplies

P Ci-C2 DI-D4 F

120 watts 5000 uF IN1202A 7A
(60W/chan.) 50V

40 watts 3500 pF IN1614 2A
(20W/chan.) 350V

limitations on the output devices. The
limits chosen do not inhibit normal
operation, but any overload condition
including a short circuit will remain
within the safe area of operation of
the device. Diodes D7 and D8 and
the load-line limiting circuit protect
against a faulty output transformer
secondary that may reflect voltages to
the amplifier output termination, ex-
ceeding the power supply voltages.
The diodes clamp this reflected volt-
age to the power supply, while the
load-line limiting circuit limits the
drive.

Controlling the gain bandwidth
product of the output stage in relation
to the preceding stages and adding the
10-pH inductor and R23—C7 for ca-
pacitive loads are other design factors
for added versatility.

65



PART 2
Musical Devices

DIGISYNTONE MUSIC SYNTHESIZER

by F. B.

THE DIGISYNTONE 1S A RADICALLY NEW
approach to a build-it-yourself music
synthesizer. Basically, the Digisyntone
system is a special-purpose 1C digital
computer. It reduces the musical scale to
numbers., and generates tonal effects by
digital operations with these numbers.

The Digisyntone system gives you a
wide range of voices, whose quality can
be controlled by mixing pure and accu-
rate harmonics. Digisyntone is the only
electronic musical instrument you can
build that never needs tuning—it’s auto-
matically tuned when you build it.

The basic project uses 21 IC’s, and
costs from $75 to more than $100.

Although Digisyntone has a stan-
dard organ keyboard, it is monatonic.
That is, it will play only one note at a
time, and hence is strictly a solo in-
strument like the trumpet, clarinet, saxo-
phone, etc. Pure harmonic mixing re-
sults in many tonal effects—the instru-
ment’s major musical capability.
Numerical musical relations

There are several basic numerical
relations in music. Octaves are related
by a factor of 2. For any note, middle C,
for example. there are other C’s above
2%, 4%, 8%, etc. the middle C fre-
quency, and some below Y5, Y4, etc. the
frequency. Hence, a simple way of gen-
erating octaves is multiplying or dividing
exactly by 2.

The musical scale has 12 notes in
each octave. The frequency relation here
between any one note and its neighbor is

a 124/2 factor. That is, the frequency of
C#, and this applies to any C# in the
scale, is the frequency of any C12\/2—.
The numerical value of 12\/2 is irra-
tional: like =, it never comes out even.
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A close value is 1.0595. The series of
numbers listed in Fig. 3 have this rela-
tionship. Other series of numbers could
be used, but they would be no better, if
as good as these. The derived intervals
are not perfect, but are very close. The
worst case error is less than 5% of a
semitone.

A third numerical relation concerns
harmonics. By definition, a second har-
monic is 2% the frequency of any start-
ing or fundamental frequency, or simply
a frequency 1 octave above the funda-
mental. The fourth harmonic is 4X the
fundamental, or 2 octaves above, and so
on with the even harmonics.

A third harmonic is 3X the funda-
mental, and octaves of this give the
sixth, twelfth, twenty-fourth, etc. The
fifth harmonic is of course 5X, and this
gives the octaves as 10X, 20Xx, 40X,
etc. harmonics.

Much more could be written about
the theory of musical tones but, for this
project, the above is quite adequate.

The basic digital system

Using electronic circuits, it is much
easier to divide frequencies than to mul-
tiply them. With integrated circuits, a
frequency can easily be divided by any
positive whole number, and this is the
basis for the digital music system to be
described. Fig. 1 shows the basic system
in functional block form.

The oscillator operates at a rela-
tively high frequency. The precise fre-
quency can be controlled with R1. and
the frequency can be modulated with a
vibrato signal through R3,

The oscillator drives a divisor
counter which is in turn controlled by a



logic control or decoder and keyboard
switches. The logic controller controls a
feedback to the counter and the com-
bination divides the oscillator frequency
by any one of 12 whole numbers. These
numbers, listed in Fig. 3, have ratios
close to 124/2.

Hence the output from the logic
control feedback circuit will present the
factors of a musical scale which is inde-
pendent of actual frequency. This output
is now split into two paths. Path PA is
divided by 2 twice, providing two oc-
taves of the third harmonic. Path PB is
divided by 3 and by 2 three times. This
provides four octaves of the fundamen-
tal. (Note that since the path PB is di-
vided by 3, the frequencies will be lower
by this factor than from path A; ie., A
is a third harmonic of B.)

The six outputs are routed to at-
tenuator controls and into a system of
filters which change the output wave-
forms from square to sinusoidal. Four
bypass switches are provided to pass the
square waves for bright-tone effects.

Circuit details are shown in Fig. 2,
3 and 4. Figs. 2 and 3 consist almost
entirely of integrated circuits. Two in-
tegrated circuits are called for: the
MC724P quad 2-input gate, and the
MC790P dual JK flip-flop. Also suitable
is the HEP 570 quad 2-input gate, and
the HEP 572 dual JK flip-flop.

In Fig. 2, IC1 is the oscillator, with
C1 and R1 ard R2. This simple RC os-
cillator can be set up to run at any fre-
quency to about 4 MHz. In this case. its
frequency range. variable with R1, is
about 1.2-2.5 MHz. IC1 also provides a
single-input. two-output buffer.

The oscillator output drives the in-
put (pin 2 of IC2) of the divisor
counter, an eight-stage binary counter
(IC2 to ICS5). There are two binaries in
each IC. These are cascaded to count
straight binary. Each binary has two
outputs: Q outputs, pins 13 and 9 (for
the two flip-flops in each package), and
Q (not Q), pins 14 and 8. These out-
puts, except for pin 9 in IC5, go to the
decoder logic (IC10-IC21). These out-
puts are designated in Figs. 2 and 3 as 1,
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FIG. 1-—-BLOCK DIAGRAM of the sys-
tem. The three main sections, oscilla-
tor/counter, logic control and filters are
detailed for wiring in Figs. 2, 3 & 4.

1, 2,2, etc. from the flip-flops down the
cascaded chain.

The decoder logic control is shown
in Fig. 3. This shows the flip-flop inputs
across the top of the figure, and horizon-
tal lines indicating connections to the
logic control IC inputs.

This decoder logic system consists
of 12 MC724P gates connected as eight-
input Nor gates. One of these IC’s is de-
tailed in Fig. 3. Pins 3, 5, 8, 11 and 14
are connected to a common-output cir-

68

cuit with external load resistors RS to
R16. The load resistors go to a 2.3V
B+ source obtained by decoupling from
the main 3.3V source through R17 and
C3. When the final circuit tests are
made, if there are any conditions under
which operation appears fuzzy, they can
often be corrected by adjusting this volt-
age. Making R17 smaller raises the volt-
age, and vice versa.

The input pins are 1,2,6,7,9,10,12
and 13. These are all the same, and any



input can be connected to any flip-fiop
output. These connections are shown as
dots on the 12 horizontal lines which
represent the inputs and outputs of the
12 IC gates. IC10-IC21. The IC outputs
are labeled to notes of the scale, B, A#.
A, G#. etc., indicating the key switches
to which they are connected. The col-
umn of divisor numbers indicates the set
of numbers which closely approximate
the ratios of 12y/2. The logic connections
(inputs to the gates) are derived from
the equivalent binary numbers shown to
the right in Fig. 3. For convenience,
these binary numbers are shown back-
ward from conventional—the least sig-
nificant digits are to the left.

These Nor gates function as fol-
lows. IC10, for example, divides by the
number 131, and connections are made
such that when there are 1’s in the
binary numbers, the Q, or 1, 2, ete. flip-
flop outputs are connected to gate in-
puts; where there are 0, the Q outputs
are connected. During its cycle of 256
counts, when and only when the counter
has accumulated 131 counts, all the flip-
flop outputs to IC10 will be 0’s, and this
is the only time when IC10 can produce
an output.

The logic control system is shown
in Fig. 2 as the lower dashed-line box,
with flip-flop inputs T, 1, 2, 2, etc. and
the gate outputs.

Gate outputs B, A#, A, etc. are
switched by key-switch contacts on key-
board KS1. This has two key-switch con-
tact sets (that is, two make contacts) and
buses on each key. The upper contacts
are wired with all B keys, all A# keys,
e€tc. on common circuits, making 12 key-
switch inputs from the 12 gate outputs,

When a key is pressed, the output is
transferred to bus A which goes to IC1
input pin 12. Part of IC1 serves as the
oscillator already described, as well as
the buffer function. The buffer has two
outputs. The reset output (pin 8) goes
to pins 10 and 12 of counter binaries
IC2-IC5. This completes the feedback
loop, causing a reset of the counter to
zero at the number of counts designated
in Fig. 3 for any key pressed.

The trigger output from the buffer
(pins 9, 10, 14 of IC1) goes to the sec-
ond set of key switches on the keyboard.
This set is split into buses B and C, each
I octave long. When a key in the upper

octave is pressed, the trigger from IC1 is
transferred to bus B. This connects to
pin 2 input of IC6 and pins 2 and 6 in-
puts of IC7. The input frequency for
these will be the same as the trigger fre-
quency, or the oscillator frequency di-
vided by the divisor number for that
key.

When a lower octave key is pressed.
the trigger goes to bus C, and to the pin
2 input of IC8. The pin 13 output of the
first flip-flop in IC8 is coupled through
C2 to the same inputs connected to bus
A. This operation divides the trigger fre-
quency by 2, lowering it by 1 octave
whenever a lower octave note is played.
If the manual or keyboard used has 3
octaves of keys, a third trigger bus un-
der the lower octave routes the signal to
a divide-by-4 (two cascaded binaries) or
one MC790 connected in cascade, and
the output of this is connected through a
0.0015-uF capacitor to the bus B input
line. This lowers the trigger frequency 2
octaves. This connection (not shown in
Fig. 2) is sketched in Fig. 5.

ICé divides its input frequency by 2
and again by 2, providing two third-har-
monic outputs, 9 and 10. IC7 divides
this same output by 3 (note the special
feedback conmnections on IC7). The pin
9 output from IC7 goes to the pin 6 in-
put of IC8 and output 11. The output of
IC8 pin 9 divides by 2 on output 12,
and IC9 divides by 2 twice more, pro-
viding outputs 13 and 14.

These six outputs go to Fig. 4. At-
tenuator pots R18-R23 insure that any
of these outputs, in any combination,
can be gated from zero to maximum
into the filter system of Fig. 4. Note 1K
pots are called for, but any values be-
tween 1K and 10K are suitable here.

The filters are four low-pass RC
networks which convert the square
waves from the IC circuits into sine
waves. These are desirable for the best
harmonic mixing effects. Some square
waves are also desirable, and two each
of the fundamentals and harmonics are
bypassed through switches S2 to S5. The
filter and square-wave outputs are col-
lected on a common line into a pre-
amplifier with volume control Q2, and
patched into any medium- or high-gain
external amplifier through C21, which
should be a 200-volt or more paper or
Mylar unit for safety in patching into
yacuum-tube amplifiers.
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FIG. 3—DECODER LOGIC section uses 12 IC's connected as
eight-input NOR gates as shown in the lower drawing. Dots on
the horizontal lines indicate where the NOR gate inputs should
be connected to the divisor counter (IC's 2-5). Outputs to
the switches are the scale notes (vertical column)

Transistor Q1 provides a 6-Hz twin-
T oscillator for vibrato. This output
goes to resistor R4 on the main os-
cillator, IC1. In the event the vibrato is
too deep, R4 can be made larger, and
vice versa. The vibrato is stopped by
opening switch S1.

Construction

Despite its complexity the Digisyn-
tone is surprisingly easy to build, thanks
to the integrated circuits. Make sure all
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connections are correctly and securely
made, and that no’ shorts occur from
stray bits of solder and incorrectly ori-
ented connecting wires.

There are several good ways of
mounting IC’s including the use of sock-
ets, which, however, are expensive. The
best way is prubably on etched circuit
boards. The mounting used for the pro-
totype is on pattern G Vector board
with T-28 push-in terminals. The IC’s
are mounted upside down and the power



and in and out leads are made either
directly from the terminals or to ex-
tended leads to terminals. Fig. 5 shows
enlarged views of typical mountings for
both the MC724P gates and the
MC790P flip-flops. A suggested switch
and control arrangement is shown in
Fig. 6.

The circuit requires a supply volt-
age of 3.3 to 3.7 volts at about 180 mA.
A suitable power supply to furnish this
regulated voltage is simple to construct
and is shown in Fig. 7.

The mounting of the assembled cir-
cuits, keyboard and controls is not criti-
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mu% @
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isz 53 54

OUTPUTS FROM FI6 2
10 n

RSE'@ /2080
5K SKPT

cal. It is probably advisable to mount
the oscillator, or at least control pot R1,
in a shield, since it has a frequency in
the radio broadcast range. Also, keeping
the interconnecting leads as short as pos-
sible will reduce tendencies for cross-
talk.

Using the Digisyntone

The several controls which govern
the musical capability are described
here. Refer to Fig. 6 for a pictoral lay-
out of these controls. The instrument
pitch is under PITCH control R1. Since
the system automatically delivers a cor-
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/52
FiG. 4—FILTER SYSTEM recewes the six outputs of the 20K
harmonic and fundamental dvider IC's (6-9) RC networks
convert square waves into sine waves. and Q1 Q2 serve as

vibrato and preamplifier respectively (Note change R44
labled 1.2K to R49 ¥

PARTS LIST
Capacitors
C1-—200 pF
C2—.0015 pF

C3—100-u4F, 3V electroiytic
€4-C6—0.01 uF

C7-C9-—0.033 uF

C10-C12—0.1 xF

C13-C15—0.25 uF

Cl6—2 uF, 10V

C17, C18—1 uF, 10V

C19, C20—10 uF, 10V

C21—] uF, 200V

C€22-—2,000-4F, 6V electrolytic
€23—5,000-4F, 6V electrolytic

All resistors 14 W, 10% unless noted
R1, R18-R234, R51—5,000-ohm linear poten-

tiometers
R2—1,500 ohms
R3-—680 ohms

R4, R41-R44—10,000 ohms
R5-R16—620 ohms
R17—33 ohms, IW
R24—R36—13,000 ohms
R37-R40—390,000 ohms
R45—6,800 ohms
R46—-R48—47,000 chms

R49—-1,200 ohms

R50—68,000 ohms

R52-—20,000 ohms

R53—200 ohms

R54—13,000 ohms

R55—5 ohms, 10W

R56-—100 ohms, 2W

R57—120 ohms, 2W

Semiconductors

D1-—3.6V, 1W Zener diode (HEP 102 or equiv)

Q1l, Q2—MPS2926 or HEPSO transistor

Q3—npn power transistor (HEP 247 or equiv)

RECT 1—full- wave bridge rectifier (HEP 175
or equiv)

IC1, 1C10~IC21—Quad 2-input gates (MC724pP
or HEP570)

1C2-1C9—Dual JK flip-flop (MC790P or HEP-.
572)

Other parts

T1-—6.3V, 2A filament transformer

S1-S5—spst switch

S1-—spst toggle or slide switch

S2 through S5—spdt toggle or slide switch

Keyboard (see text)

Pattern G vector board

T-28 push-in terminals

Miscellaneous wire and hardware
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POWER LEADS

AND GASCADE
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RESET
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8
U TO PIN 2,
\e‘f" NEXT

‘% BINARY

FIG. 5—IC MOUNTING technique will
insure a neat and functional layout.

rect musical scale independent of pitch,
the pitch can be adjusted to tune to any
conditions. A point can be found where
the middle A key, for example, will tune
to 440 Hz, in which case the entire in-
strument is in normal tune to the stan-
dard scale. R1 can also tune to any
other frequency. This provides, among
other things, a key-shift feature in which
the player may play on the keyboard,
for example, in a simple key such as C,
but obtain sound in any other key. This
capability should be a welcome feature
to the many “favorite key” musicians.
This same control (R1) permits dy-
namic sliding or gliding tone effects. Try
a Hawaiian melody using R1 to swoop

PITCH

0 oY
HI“H

]

in

MOUNTING
MC724P
FOR DECODER

06l LOGIC
INPUTS

| T

LOGIC
INPUTS

F ===
w&

1._.__

i 2 4 6 7
Y |3 12 oo a2
8
F4LOAD
OUTPUT RESISTOR
____43.-.5_" SIM. NEXT
STAGE

/

the tone upward or downward in real
Island style.

Other special effects

The voL knob is simply a volume
control which can be manipulated as a
dynamic swell or loudness control for
special effects. The four harmonic mixer
controls (1, 2, 4 and 8) provide the fun-
damental, and 3, 6 controls the third-
harmonic system. When off, to the left,
these controls do not permit any signal
admittance to the output system. In the

VIBRATO

SEGH

SQUARE

GGGGGG

RI9 RI8

|

AI|I 8
i

] U
J.W

FIG. 6—KEYBOARD and control
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arrangement suitable for the Digisyntone.
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FIG. 7—POWER SUPPLY for the syn-
thesizer provides well-regulated 3 volts.

full clockwise position, all the signal is
injected. These controls may be adjusted
of course to any level in between. Many

combinations are possible with these six
controls, and most of them will sound
distinctive.

The harmonic mixing will be most
effective on the sine filters (S2-S5 up).
Other tonal effects can be obtained with
square waves (S2-S5 down). The vibra-
to is turned on or off with S1.

It has been said that the instrument
is monatonic; ie., only one note is
played at one time. Note that if two
keys are played at once, except for oc-
taves, nothing sounds. Inherent in the di-
gital tone system, this characteristic may
be used to provide interesting chopped-
tone effects by playing on a key and
rapidly keying another to chop the tone.

A note on keyboards

A suitable keyboard for the Digi-
syntone is the one thing a builder can-
not readily buy over the counter. There
are a number of possibilities for sal-
vaged keyboards from a piano, toy pi-
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OUTPUTS (FIG. 3) PIN 12
C--—--A A¥ B ICl
] Y

i

-

-

1 1
5 A A*%B _Lc A [a*¥B C

A*lg

f’L’

A LT T

BUS A

L LLL

L LLLL LLLL

7~ B80S D BUS C BUS B
TO IC8 PIN 2 To 1c6,1C7
INPUT

INPUTS

ADDED +4 FOR B-
3 OCTAVE 37 NOTE £ —
KEYBOARD:._ Poll e Mo goQ
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FIG. 8—HIGH C wiring for suggested
keyboard will play an octave low.



ano, accordion or reed organ. Most any
of these can be fitted with key switches
to provide a suitable playing medium.

The best bet, however, is a com-
mercial organ keyboard. These can be
obtained from 3 to 5 octaves, with dual
key switches and buses, for approxi-
mately one dollar per note, from Pratt
Read & Co., Inc. Ivoryton, Conn.
06442. You should specify “3 octave, 37

note, manual with two key buses per
note, no resistors,” and ask for quota-
tions.

This keyboard has a high C, which
will be dead in the system shown. But
this can be doubled or connected in par-
allel with the next lower C key. It will
sound an octave low, but this is a fairly
common way of handling an end note in
some organs. This is shown in the dia-
gram of Fig, 8.

GUITAR VIBRATO

by JACK JAQUES

ADD THIS VIBRATO TO THE GUITAR
and youll have given that amplifier
new life. In simple terms the vibrato
makes the sound pulsate—come and
go at a controlled rate. This pulsating
rhythm adds real life to otherwise
“flat” or “dead” music. Also, with a
little educated knob twisting, you can
Create some unusual sound effects.

While vibratos are most com-
monly used with guitars and accordi-

The three series-
connected  9-volr
batteries must be
secured so there is
no possibility of
their coming loose
and damaging other
components. Too,
replacement should
be simple and easy.
Use battery clips
and holders bolted
to the bottom cover
plate as shown.

+ i
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ans, the sound of many other musical
mstruments can be greatly improved.
For example, the reed type electric
chord organ can be greatly enhanced
by adding a vibrato. For instruments
that do not lend themselves to a spe-
cial pickup, try using a standard high-
impedance microphone.

If you take a look at the vibrato
circuit you’ll see that it consists of
one transistor, one FET, 2 potentiom-
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eters, a battery power supply, input
and output jacks, and the various
resistors and capacitors needed to
complete the circuit. The unit delivers
an overall gain of 6 to 8 dB, and its
high-impedance output is ample for
driving most power amplifiers to full
output.

In the circuit transistor Q1 is
connected as a twin “T” oscillator
that produces a sine-wave of approx-
imately 6 Hz. This signal is applied
to the source (S) of FET Q2, where
it amplitude modulates any incoming
signal applied to the gate (G) of Q2
through input jack Ji. The ampli-
tude of this modulation can be var-
ied by the DEPTH control R4, to cre-
ate either a light or a deep vibrato
effect. The vibrato rate (frequency)
is adjusted with RATE control Ri1, or
may be turned off with switch S1 for
normal sound.

Operating the vibrato is easy.
Connect any high-impedance micro-

phone or pickup device to input jack
J1. Connect output jack J2 to the
high-impedance input of any ampli-
fier system. Place the VIBRATO
switch and the POWER switch in the
ON position. Adjust potentiometer R4
and R11 to approximately midrange.
Then play single notes or chords on
the musical instrument being used
and adjust the RATE and DEPTH con-
trols to obtain the desired effect.
When operated this way, Q2’s gain
is effectively used, and you’ll find it
handy if you are using a low-power
amplifier.

Complete  construction details
can be found in the diagrams, al-
though parts layout is not critical. Cut
the perforated board to size and care-
fully drill the three mounting holes.
Next insert the push-in terminals
where indicated. Then wire in all
parts. Watch out for battery and ca-
pacitor polarity and you’re home.

PO\&"ER
o
R2 Rio O ?5'7»( 52
5-6K sk 2uF )
—
al I T ey
c3 R4 HEP25I
ek DEBTH ! 5
+
=l | l B2 9V
5 l R6
' 2.2K +
, ) , B3 9V
;—"——T’ = 4 * —r
== l *_ca R
= J2@- L R 2,F
OUTPUT s *, viraTo | RT. ’
' RS
R3lKI \.LC5 47K ws C6
RATE W :]"'#F
R9
1K

A simple, yet effective vibrato circuit. Vibrato effect is produced by a 6-Hz
twin-T oscillator thar modulates the amplitude of the signal in the source
circuit of the input transistor. Input and output impedances are high.
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POWER DEPTH RATE VIBRATO

Physical layout of parts in the vibrato. Observe polarity of the electrolytics. The
numbered circles represent the push-in terminals used as tie-points. Thin insulated
hook-up wire is used throughout. The perforated-board chassis is suspended from
the top of the case on three screws. These are visible in the head photo. Controls
and switches are mounted on the front of the case; jacks are on the rear.

PARTS LIST QI—HEP251 pnp transistor

Q2—HEP80} n-channel FET
81, B2, B3—9-V mercury battery (Eveready

E146X or equiv.)
Resistors—l2-watt 10 7 uniess noted

Capacitors—25 volts or more R1—4,700 ohms

C1—5 uF, electrolytic R2—5,600 ohms

C2, C3, C5, C6—1 uF, electrolytic R3—1 megohm

C4—2 uF, electrolytic R4—50,000-0hm potentiometer (Mallory U35
or equiv.)

C7—0.) uF

R5, R7, R8—47,00 ohms

J1, J2—phono jacks R6—2,200 ohms
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R9-—1,000 ohms
R10—15,000 ohms

R11—3,000 ohm potentiometer

(Mallory U8 or equiv.}

S1, S2—spst toggle switch
Miscellaneous Parts

Chassis, 5 x 7 x 2*

Chassis cover, 5/ x 7**

Perforated terminal board 2%’ x 3%" (Key
stone 1753 or equiv )

Push in ferminals (18} (Keystone 1496.FT or

equiv.}

RHYTHM

By R. T.

TODAY’S POP MUSIC IS WILD AND EXCIT-
ing. Tie into it with a light-and-music
show! Put Rhythm Lights near live
musical instruments—or radio or hi-fi
—and flood lamps will fill the room
with color in rhythm with the music.
This sound-to-light converter is all
solid-state for trouble-free operation.
No special wiring is necessary—ijust
place the unit near the sound and the
lights flash dynamically filling the room
with a brillant color array.
Assembly and wiring of Rhythm
Lights is easy. All the components are
laid out on a printed-circuit board
which is enclosed in a simple, one-piece
chassis. All components used are avail-
able at most electronic distributors.

Circuit operation

A crystal microphone picks up
sound from radio, hi-fi or musical in-
struments. The high-impedance micro-
phone is directly coupled to transis-

Battery clips (3) (Keystone 72 or equiv )
Battery holders (3) (Keystone 79 or equiv.)
Transistor sockets (2)

Knobs (2)

Terminal jug

Machine screws, 6-32 x 34 (3) (for terminal

board mounting)
Machine screws, 4.40 x 3/16" (6) (for battery
holder mounting)

Nuts, 6—32 (9}

Nuts, 4--40 (6;

Rubber feet (4;

LIGHTS

MONTAN’'E

tor Q1 (Fig. 1); this transistor is a
grounded-emitter stage with feedback
from collector to base for stability. A
100-pF capacitor (C12) decouples the
power supply from this low-level first
stage. The signal next goes to transistor
Q2. Resistor R3 established Q2’s oper-
ating point and capacitor C4 reduces
high-frequency signals. Final amplifi-
cation takes place at transistor Q3. Vol-
ume is controlled by 10,000-chm pot
R11, which acts as part of the bias net-
work for Q3. Diode D1 compensates
for temperature effects on Q3.

Transformer T1 isolates the low-
voltage amplifier stages from the high-
voltage, lamp-driving stage. The signal
is rectified by diode D7. Capacitors C8
and C9 limit the frequency response
to about 500 Hz. Trigger diode D13,
and RI2—BRIGHTNESS—set the level
at which the SCR (Q4) conducts. The
SCR drives the lamps to various bright-
ness levels and is powered through
bridge rectifier circuit D9-D12.

Neon lamp PL1 indicates power
is on. Transformer T2 supplies 12 volts
for the amplifier.
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PARTS LIST

C1, C4—500-pF, 150-volt ceramic capacitor

C2, C3, C5——10-4F, 12-volt, electrolytic capac-
itor

C6, C12—100.F, 12-volt, electrolytic capaci-
tor

C7—2000-4F, 20-volt, electrolytic capacitor

C8, C11—0.1-¢F, 150-volt, paper capacitor

C9—0.047-4F, 150-volt, paper capacitor

C10—0.008-4F, 150-voit, paper capacitor

D1—1N34-A diode

D2, D3, D4, D5—Diode, at feast 500 mA, 100
piv (Lafayette 19H5001 or similar)

D6, D8—1N4001 diode

D7—1N4003 diode

D9, D10, D11, D12—Diode, at least 1.5 amps,
200 piv (RCA 40267 or similar)

D13—Pnpn trigger diode, T1-42 or similar

F1-—Fuse, 5 amps, and holder

Q1, Q2—2N3391 transistor

Q3—2N669 transistor

Q4—2N3528 silicon controlled rectifier
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R1—2.2-megohm resistor
R2—10,000-ohm resistor

R3, R5—1-megohm resistor
R4—4700-ohm resistor
R6—2200-ohm resistor
R7—100-ohm resistor
R8—68,000-ohm resistor
R9—39,000-ohm resistor
R10—5000-ohm, 8-watt resistor
R11-—10,000-ohm potentiometer
R12—250,000-ohm potentiometer
R13—5600-ohm resistor

Construction

If you use the printed board lay-
out shown in Fig. 3 you should have no
trouble with assembly. Parts placement
is shown in Fig. 2. I put the assembled
board in an aluminum chassis covered
with contact paper on which I lettered
the names of the controls. I punched a
hole in one end of the chassis for the
microphone.

All controls and the flood-lamp
receptacle are mounted on the front
cover. Use a three-wire power cord for
safety-—the ground wire should be con-
nected internally to the chassis and go
to a grounded receptacle. Keep all
wires insulated and cover all line-volt-
age terminals with electrical tape to
reduce possible accidents. A neat wir-
ing job can keep you out of trouble.

The microphone can be mounted
externally or you can mount it inside
the chassis as I did. Sensitivity of the
amplifier is good; therefore, mike lo-
cation isn’t critical. Transistors Ql

S1, S2—S.p.s.t switches

Tl—linterstage audio transformer, primary
10,000 ohms, secondary 200 ohms (Allied
Radio 54E2386 or similar)

T2—Filament transformer, primary 117 volts,
secondary 12 volts, at least 1 amp (Al-
lied Radio 54B4136 or similar)

PL1-—Neon lamp with series resistor for 117
Vac operation

MiSC—High-impedance crystal microphone;

5” x 10” x 3” aluminum chassis (Bud
AC-404 or similar) with bottom plate (Bud
BPA-1591 or similar; 4-2” standoffs; 3-con-
ductor line cord; ac receptacle; hardwire
and wire.

and Q2 are soldered directly into the
printed circuit board—be sure to heat
sink the leads when soldering. A low-
wattage soldering iron is recommend-
ed. Use a heat sink with SCR Q4;
this precaution will extend its life.

Four standoffs are used to mount
the printed board to the cover. The
cover in turn is screwed to the alumi-
num chassis with sheet-metal screws.
Transformer T1 and T2 are mounted
on the printed board. Very little hard-
ware is needed for the construction,
wiring is simple, so assembly time is not
long. If good quality components are
used, your Rhythm Lights should oper-
ate satisfactorily for many years.

Using Rhythm Lights

Apply power to the unit and turn
on S2. Turn BRIGHTNESS and VOLUME
controls fully counterclockwise. Then
plug a flood light or spotlight into the

.receptacle. Advance the BRIGHTNESS

control until the light barely glows.
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Fig. 2—Lay out parts on the board and solder carefully before mounting board

Furnish music at a normal level and
turn up VOLUME until the music turns
on the light. For best resuits, two 150-
watt flood lamps of different colors
should be used in a semi-dark room.
The results are dramatic.

Switch S1 is a remote on—off de-
vice. You can use lamp cord of almost
any length, since only 12 volts dc is

present in the circuit. This switch opens
the emitter circuit of the final amplifier
stage (Q3), disconnecting the input sig-
nal. Lamp intensity can still be con-
trolled, however, with the BRIGHTNESS
control. Another effect you might want
to try: Hook up a string of Christmas-
tree lights to the unit. Use your imagi-
nation; you’ll find many interesting ap-
plications for Rhythm Lights.

Fig. 3—Use this pattern to make the printed board for Rhythm
Lights. You will need a copper-clad board 9%” x 51", a pint
of etcnhing liquid, 1/16” resist tape, 3/16” resist circles, and a
plastic container in which to immerse the board for etching.
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ELECTRONIC TREMOLO

By R. H.

AN EFFECT COMMON TO MOST KINDS
of classical and popular music is trem-
olo: periodic, fairly rapid variation in
foudness. It is particularly common in
wind instruments, even including the
pipe organ. What it amounts to is
amplitude modulation of the musical
note by a low-frequency, subaudible
signal (usually around 5 to 8 cycles per
second). In conventional musical in-
struments it can be produced by vary-
ing the wind pressure applied to them.

Tremolo is not the same thing as
vibrato, which is slow frequency
modulation (FM) and sounds quite
different. Pipe organs never have vi-
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brato. The two words are often con-
fused.

Tremolo (AM) is easy to add to
an existing music source. The simple
device described here can be used with
electronic guitars, organs or other in-
struments, or with recorded music or
noise to produce special effects for
electronic music or sound-and-light
shows. The circuit is simple and can be
added quickly to any amplifier or tape
recorder.

How it works

The subaudible tremolo signal 1s
produced by Q1, a unijunction transis-

¥ LIGHT-PROOF SHIELD
" pei
| 4
1
i

SRE
100K SEE FIG2

AA

I

Fig. 1—Two 9-volt transistor batteries in series will power the tremolo nicely.

You can install the lamp and photocell

PARTS

Cc1—>5-uF, 50-volt electrolytic capacitor

R1—220 ohm resistor

R2—15,000-ohm resistor

R3—10,000-ohm potentiometer (RATE)

R4—470-ohm resistor

R5—1000-ohm potentiometer (DEPTH)

R6—100,000-ohm resistor for shunting PCl
(you may need to select best value from
47,000 to 470,000 ohms)

any convenient wance from controls.
LIST

PC1—Photocell (Clairex CL607)

LMl1—Incandescent iamp, 28 volts,
(G-E 327 or similar)

Q1—Unijunction transistor (2N2646)

Q2—Large-signal npn transistor (2N437 or
similar)

S1—S.p.s.t. switch of any convenient kind

Case and perforated board or other means for
mounting Q1-Q2 circuitry.

40 mA
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tor, used in a simple relaxation oscil-
lator (Fig. 1). Q2 amplifies the signal
and drives lamp LM1, which flickers
at the rate set by the oscillator. The
varying light falls on cadmium-sulfide
photocell PC1, causing its resistance to
vary accordingly. The photocell is part
of the series arm ot a voltage divider
(attenuator), so the audio level varies
periodically as the oscillator swings.
R3 is the tremolo RATE control; R35
controls the depth of modulation.

The photocell and lamp (see
parts list) are placed end to end and
rolled together into a strip of black

EXISTING
BLOCKING
CAP

il i TO GRID
aboio 2 6 \' % OR BASE

ﬁ ADD BLOCKING CAP IN
PGl “
M

-

TRANSISTOR CKTS
If NEEDED TO PREVENT
DISTURBING DC BIAS,

11 (VALUE 10 TIMES C)

- ot e e e
e oy o P E

s = | oad
LIGHT-PROOF
SHIEL FROM Q2

Fig. 2—Insert the photocell between
amplifier stages as shown. Be sure to
use blocking capacitors to avoid dc
through the photocell and changing bias.

plastic electrician’s tape, making a
single, lightproof unit with leads com-
ing out the ends. Total current drain
for the circuit shown, including the
lamp, is about 20 mA. The circuit will
probably work with other transistors;
Ql is a 2N2646, a common and inex-
pensive unijunction, and Q2 is a 4-watt
opn 2N497, used because it was
handy. The circuit could be rearranged
for use with a pnp transistor as Q2.
This transistor should have fairly high
beta (hre) and be capable of dissi-
pating at least 200 mW.

Circuit connection

Connect the tremolo device be-
tween amplifier stages, either tube or
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transistor, as in Fig. 2 You may want
to trim the 100,000-ohm resistor,
depending on the values of the resist-
ors in the circuit. Keep the leads on
the photocell short, else they may pick
up hum. The leads to the lamp may be
any length: this means that the unit
containing Q1 and Q2 can be put in
any convenient place.

When the tremolo is used with an
electronic organ, it is usually desirable
to keep tremolo off the pedal tones
(tremolo in low bass notes just doesn’t
sound right). Thus you may want to
insert the photocell in the lead that
carries signals from one or more
manuals only, before the pedal tones
are mixed in (Fig. 3). For more spe-
cific information, consult the diagram
of your organ.

INSERT
PC FOR
olf 7" TREMOLO
Wi MANUALS | HERE
3|l oN which a ORGAN
=l TRemoLo A AMPL
=l 1S WANTED EXP. PEDAL
<z( 'S >
=
PEDAL TONES

Fig. 3—You may want to split-feed an
electronic organ, adding tremolo to only
certain manuals, and not to others. See
organ manual before attempting this.

Pipe organs generally do not have
tremolo on all manuals. The great
almost never has it, the swell does
frequently. You may want to arrange
your electronic organ similarly.

Controls

Potentiometer R3 is for rate, RS
for depth. Although electrically the
two controls are quite independent,
psychologically there seems to be some
interaction between rate and depth
adjustments. You may want to rig up
a switch with two or three values of
fixed resistance so that you can select



quickly, while playing, different rates
or depths of tremo'o.

To check out the circuit, connect
an ohmmeter across the leads of PCI.
If the circuit is oscillating and the lamp
is glowing, the needle should fluctuate.

The 2N2646 is fairly easily dam-

aged by heat, so use heat-sink clips
when soldering. and solder quickly. Its
case is connected internally to base 2,
so be sure the case doesn’t come into
contact with any alien wires. A one-
turn wrap of tape or a tight-fitting plas-
tic tubing will prevent mishaps.
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PART 3

Projects for the Auto

TACH-DWELL VOLTMETER

By J. COLT and L. M. BOGGS

TACHS®
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.u
Ly
»

3000

PWELL g
av - 1

g 4
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THE IDEAL AUTOMOTIVE TEST IN-
strument should be able to measure
everything from headlamp candlepow-
er to the water content of exhaust gases.
It should be self-powered and thin
enough to carry in your wallet. Cost
should be less than 50 cents.

You may have to wait a few years
for that instrument. For the time be-
ing, you might like an instrument that
measures rpm and dwell (4, 6 or 8 cyl-
inders) and includes a 3-volt and a
15-volt range for individual-cell and
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system voltage measurements. It costs
approximately $10.

The TDVM'’s (Tach-Dwell-Volit-
meter) low cost and professional ap-
pearance come from using low-cost
components and a predrawn meter
face and from combining circuit func-
tions (Fig. 1). Many of the electronic
parts come from discount-house “2-
for” or “S-for” buys—for example, the
switches, Zener diodes and the 0.1-uxF
capacitors three of which are paral-
leled to make C1. Even if you decide to
build the TDVM with name-brand
components, the price of the complet-
ed unit should be well under what

RPN X jog

R w
DFGREES DU ]

MULT » YL Xo
RPM DWELL

BY 2 FOR & ([
ENGINES

Fig. l-Meter scale for the TDVM is re-
produced here actual size, Drawing can
be traced or photostated.



you’d expect to pay for a comparable
commercial unit.

Try to use the meter specified. If
you have a different 1-mA movement
you want to use instead, you may have
to make a new meter face and choose
correct multiplying resistors for the
voltmeter ranges. Substitutions for
transistors Q1 and Q2 are not recom-
mended uniess you're sure your substi-
tutes have an hre of at least 100.

For clarity, the description will be
divided into three parts, each section
describing one of the three function-

ally separate subcircuits (see Fig. 2}.

The tachometer consists of a
monostable (one-shot) multivibrator
whose output is a constant-width pulse.
Since the output is of constant width,
the dc component of the output pulses
varies linearly with the repetition rate
of the pulses fed into the one-shot
multivibrator. These pulses are taken
from the engine breaker points.

Speed range is increased by
switching the timing resistors; R4 is for
low speed, and R5-R6 for high speeds.
This changes the discharge time of C1.

(PROBE) TO POINTS OR
VOLTAGE CHECK POINTS
1 A

=

Q1,02 LEAD ARRANGEMENT
- [VIgWED FRoM LEADSY
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Fig. 3—Author’s front-panel dimensions. Parts and controls layout is not critical.

To make both 6- and 8- (or 4-)
cylinder measurements, the output of
the one-shot is fed to the meter
through two different resistors, R15
and R16, which are adjusted to give
accurate readings. Both are current-
limiting resistors. At 600 rpm, a 6-cyl-
inder, 4-stroke engine generates
(across the points) 30 pulses per sec-
ond, and an 8-cylinder engine generates
40 pps—two different rates which
must give identical currents through
the meter. Since the dc output of the
one-shot is going to vary, the obvious
way to obtain identical readings is to
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provide two different current paths for
the two conditions.

D4 is included because transistor
Q2 has a small saturation voltage
across it when it is fully on. This volt-
age tends to bias the meter in error
everywhere except an original calibra-
tion point. Q2’s saturation voltage is
approximately 0.2 volt, and the turn-
on voltage of D4 is approximately 0.6
volt, so that the meter reads zero when
Q2 is saturated. D4 can be any good
silicon diode.

Power for the multivibrator is
supplied from the car battery via the



shunt regulator combination R1 or R2 Zener diodes used in the tachometer

and DI. Rl and R2, as well as R13 and dwell-meter sections.
and R14, are switched to provide es- Note that the clip lead marked
sentially constant voltage across the (+) need be connected to the car

RiO

c2
RS
- RI2
C3
D3
RI13

Ri4
RI7

A

L B

3 _ = = . 2 . : )
l_;?.;; 31848 ¥5 05 Tiutnor J:

I3

= RI8
RIS

Dl

R2
~R1

4 ¥ 1

Construction is not criticel. Comp ts are ted on push-through pins. The

perforated board is held in place by the two terminals on the meter. Observe polarity
of the diodes. Avoid excessive heating of the leads from the diodes and the transistors.
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Fig. 4—Connect TDVM probe to con-
ventional ignition system as shown, with
ground clip to a contvenient point.

battery only when using the TDVM
tachometer function.

The dwell-meter section is made
up of R13, R14, D3, R12, C2 and R11.
It operates on the principle that, for a
particular dwell angle, the duty cycle
(ratio of “on” to “off”) of the pulses
across the car’s points is constant.
Since constant amplitude is assured by
D3, we have a train of constant-ampli-
tude, constant-duty-cycle pulses which
has a certain dc component. The only
way to change this dc component is to
change the duty cycle, i.e., change the
dwell. The dc component is read at the
meter as dwell angle.

To calibrate the dwell meter ap-
ply full battery voltage (engine run-
ning) to PROBE and adjust R11 so that
the pointer reads full scale (0° dwell).

A short comment on dwell set-
tings is in order. Most auto manufac-
turers design their ignition systems for
40° (or thereabouts) dwell for 6-cyl-
inder cars, 30° for 8-cylinder and 60°
for 4-cylinder cars. This amounts to
points open one-third, points closed
two-thirds of the time or a duty cycle
of 3315 %. This is also the reason that
the 40- and 30-degree marks coincide
on the 6- and 8-cylinder dwell scales.
If you're ever caught without specs for
a particular auto, you will almost al-
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ways be within a few degrees of cor-
rectness by setting dwell to the 40°~30°
mark.

The dwell-meter section is com-
mon to the tachometer portion in that
input pulses are provided to the one-
shot through a high-pass filter (differ-
entiator), R10-C3. D2 eliminates neg-
ative spikes from the one-shot. R9 is
an isolating resistor. The differentiator
is required because at low engine speed
—or 4-cylinder operation—input
pulses from across the auto’s points
are longer than the output of the one-
shot. Without the differentiator, this
would lead to inaccurate readings,
since the input would tend to hold the
multivibrator on for the duration of
the input pulse.

The voltmeter is a basic series-
resistance ammeter configuration. In
the interests of economy, the voltme-
ter input is provided from the probe
common to all other tests. The only
drawback of this scheme is that when
measurements are made of voltages
higher than the Zener voltage of D3,
D3 conducts. Dissipation in D3 is no
problem for input voltages up to 15.
The main disadvantage is that when
V. is reached, the voltmeter is no
longer a basic 1000-ohms/volt device,
because the voltage source being meas-
ured must supply current to D3 as
well as to the meter. If you expect
this to be a problem, a separate volt-
age-test lead could be provided. But
the circuit as it stands has proved more
than adequate for everyday automo-
bile system checks.

When used with the meter move-