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CHAPTER 1
INTRODUCTION

In the following pages are a number of electronic synthesiser
related projects for a variety of sound effects. Each chapter
deals with one project and begins by explaining its
application and theory of operation. Most of the projects
use integrated circuits, usually as the central element, but also
in peripheral circuits. There are now a very large variety of
1.C.’s on the market, which. perform many tasks in the sound
effects field at a much cheaper price than with discrete
transistors, From the construction point of view much time
can be saved and, with less soldered joints, there is a lot less
1o go wrong,

Full constructional details are given for all circuits. Printed
circuit boards have been adopted as a general method of
construction, but there is no reason why Veroboard or other
methods cannot be used instead. It is assumed that most
readers will be acquainted with the preparation of printed
circuit boards. If not, full instructions are given with the
many printed circuit kits that can be purchased. As regards
cases and front panels, general suggestions only are given.
Many readers may have existing equipment which they might
wish. to match into, or may have their own preferences with
regards to housing the circuits,

Few aspects of the projects could be considered “critical’, and
s0 construction of them could easily be undertaken by the
inexperienced. Sockets can be used for the L.C."s, thus
reducing the possibility of damage while soldering themin.
Setting up requirements are kept to a minimum, but where
they are necessary a good multimeter is all you need. One
that has a sensitivity of 20 k§2/V would be adequate, An
oscilloscope is an expensive Tuxury these days, but if you have
access to one, it will be very useful for looking at the

various waveforms. In addition, a simple amplifier with
loudspeaker and an audio signal generator (sine/square wave
output, 20 Hz — 20 kHz frequency) will be found most useful.

1
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The final chapter deals with the projects as a whole, and how
they may be fitted together. It also gives information on how
the projects in this book can work within an ‘electronic music
studio, although it is expected that you, the reader, will have
many more ideas on how these projects can be made to
produce electronic music.

Finally, the author wishes to acknowledge the invaluable help
of Miss Debra Berry for checking, correcting and typing the
manuscript,
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SINGLE-CHIP SYNTHESISER

CHAPTER 2

If you take a VCO, a low frequency oscillator, an envelope
shaper and VCA, a noise generator and a mixer, plus various
other bits and pieces, you have got a simple synthesiser. What
may be surprising is that all of this is now available in a little
black package with 28 pins protruding therefrom.

The SN76477N chip is now available for two or three pounds.
It is primarily intended for use in games and alarms. However,
due to the versatility of the device it is possible to program

an extremely wide variety of audio wavelorms.

Programming is by four methods, namely resistors,
capacitors, logic and analogue signals, operating in various
combinations.

Figure 2.1 shows a block diagram of the chip. Essenfially
there are three sound generators — the LFO, VCO and noise
generator, which are mixed, given an envelope, amplified
and finally outputted. Most parameters can be controlled
externally and any combination of the three generators can,
be selected in the mixer.

We shall look at each block in the system in turn, concentrating
on how it is controlled and what it controls after it.

Low Frequency Oscillator (LFO)

The LFO has a working frequency range from 0.1 Hz to
30 Hz, which is controlled by a resistor on pin 20 and a
capacitor on pin 21. The frequency is given by:

= 0.64/RC Hz
The LFO produces two outputs — the first is a square wave

which is fed to the mixer, and the second is a triangular wave
. =3 3




* which is fed to the VCO via a switching system. This second
waveform can be changed to an exponential one by putting a
resistor across the timing capacitor on pin 21,

Ext Ext.
Veo VvCO noise

Control select cirl. Pitch Conirol Cirl, clock

21T T_ZO 2§T | [ 13? Tﬂ' 4? 3?

LFO -bvcgjfLFO >l veo Noise
M celect : clock
. )
Noise
generator
Y Y r_] *

»
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5
Nolse
Mixer filter Eg

- Select mix
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System g

ﬁ (0 enable - 2 3
logic »| Envelope

Y Y sht_:ll_per »{Amp; 'g

Envelope modulator 2

Li%citi -] select o 3

logic :

SR e e

Control Select timing Attack Delay Amplifude

. Flg. 2.1 Block diagram of 76477

~ YVoltage Controlled Oscillator (VCO)

‘The VCO has a'working frequency range from 1 Hz to 20 kllz,
and this is controlled by 4




1) an external voltage (pin 16)
or
b) the triangular output from the LFO
and /or
¢) d resistor and capacitor on pins 18 and 17 respectively.

In fact the resistor and capacitor set the minimum frequency
of the VCO, and is given by:

= 0.64/RC Hz

Between the LFO and VCO Is a switching clrcuit which

selects either the LFO triangle output or an external control
voltage as a control input to the VCO. The switching function
is controlled by logic signals on pin 22. Therefore a logic 0 on
pin 22 connects the VCO control input to an external control
voltage on pin 16, while a logic 1 connects the LFO triangle
output to the VCO input. The external control voltage must
lie between 0 and 2.5V, Frequency increases with decreasing
voltage.

A voltage on pin 19 adjusts pitch, or mark-space ratio, This
fucility permits a change in the quality and tone colour of the
sound produced. This voltage should be between 0 and 2.5V.,
and the mark-space ratio increases with increasing voltuge.

The output of the VCO, which is a square wave, is fed to the
mixer and to the envelope select logic,

Noise Generator

Something that hi-fi buffs are forever trying to eliminate is that
which puts a lot of life into electronic music. In the 76477,
white noise is generated by a shift register, clocked by a ring
oscillator (noise clock). It is then passed through a low-pdss
filter whose bandwidth can be varied externally by a

capacitor at pin 6 and a resistor at pin 5. The cutoff frequency
isgiven by:




= 1.28/RC Hz

” * Itis possible to omit filtering by removing the capacitor and
Jeaving a resistor at pin 5. . :

The noise clock’s frequency can also be varied with an external:
resistor on pin 4, Alternatively an external clock can be
connected via pin 3.

Mixer

The three outputs from the LFO, VCO and noise generator are
fed to the mixer. This is not an analogue mixer in the normal
sense because.instead of summing the input signals it
multiplexes them. No problems are caused for us however,
since the mixer output is taken internally to the envelope
shaper and modulator.

The contents of the mix are determined by the three control
lines A, B, C on pins 26, 25, 27 respectively. Logic signals are
presented to these lines according to the truth table in

Figure 2.2 in order to achieve the respective mix required.
Note the control situation with logic 1 on all inputs — the
output from the mixer is inhibited.

C (27) B (25) A (26) Output

0 0 Q vCo

0 0 1 LFO

o] 1 0 Noise

0 1 1 VCO/noise

1 0 0 LFO/noise

1 o] 1 LFO/VCO/noise

1 1 0 LFO/VCO

1 1 1 Inhibit (zero output)

Fig. 2.2 Mixer truth fable



System Enable Logic/One Shot Circuit/Envelope Select
Logic/Envelope Shaper and Modulatox

The first three circuits are all basically logic circuits which
provide control for the envelope shaper and modulator.

The system enable logic switches the signal output of the chip
on or off depending on whether a logic 1 or 0 respectively
are applied to pin 9. This circuit also operates in conjunction
with the one-shot circuit, which is a monostable whose time
constant is determined by a resitor and capacitor on ping

24 and 23 respectively. This time constant can be found
from:

t= RC seconds

The one-shot circuit enables many sounds like explosions or
percussive effects to be made. The monostable is activated
when pin 9 goes from logic 1 to logic 0. In practice this is
easily carried out with a push-button arrangement.

The envelope select logic is a circuit which decides which
signal will be fed to the envelope shaper and modulator.
The selection is controlled by logic signals on pins 1 and 28,
and the truth table for this is shown in Figure 2.3, This
circuit works in conjunction with the envelope shaper and
modulator, which generates and applies an attack-decay
envelope to the selected input. How this works with the
envelope select logic is also set out in Figure 2.3

Fl}.;g'u: ::i'gu;B Envelope selected Attack ramp starts on, ...
0 (o] VCO Positive edge from VCO
0 Mixer only } System enable (pin 9)

% | 0 One-shot fo logic O
1 1 |VCO with alternating cycles| Every other positive edge

from VCO

Fig. 2.3 Envelope select table




“The envelope shaper is a'simple attack-decay type whose
attack and decay functions are controlled by resistors on pins
10 and 7 respectively, and also a capacitor on pin 8. The
resistors set the relative attack and decay times, while the
capacitor sets the overall timing,

Output Amplifier

The envelope shaper and modulator feeds directly into the
output amplifying stage. The gain can be varied externally,
and the output voltage peak-to-peak will be 3.4 Ry/Rg where
Ry is the resistor at pin 12 and R is the resistor at pin 11,

Since R at pin 11 controls the gain directly, It can be usefully
employed for amplitude modulation. The recommended
limits to its value are 22 k§2 to 220 k€2

There also exists, via pin 12, the possibility of providing an
external input. This can be in the form of a voice signal, via
a microphone and pre-amplifier, or an electiic rhusical instru-
ment such as a guitar or organ. Feeding such a signal in here
has the effect of mixing the internal signal with external
before being amplified and outputted.

{ " 049y
i ,

31—T_ IC1 +5v
-L Com
3
T o 3
2 4 . o0v
Componenis:

C1 100uF 16v elect,

C2 O-F polyester

IC1 uA78LOSAWC Sv regulator at 100mA
B1 Sv batlery PP6 or similar

Fig. 24 Battery power supply
. g X



Regulator

This is the power supply of the chip. Externally, it requires a
regulated 5 volts, an unregulated, but smoothed, 9 volts, and

a ground. The current drawn by the chip is around 15 mA.
This can easily be supplied by a battery, and a circuit to be used
with one is shown in Figure 2.4. This circuit is required to give
the regulated 5V. supply.

Figure 2.5 shows a mains power supply which will do the same
Jiob.

T

Di-4
L
~ } q < -0+9v
N L
¢l g

IC1 —.I-—o+5v
Common
Tca
& ki -0 0y

Componenis:

Cl 470uF 16v elect

C2  O4pF polyester

ICt  pATBLOSAWC 5v regulator at 100mA
D1-4 WOI1 bridge rectifier

T1  Mains transformer 6v at 6VA

Fig. 25 Mains P.S.U,

A Practical Circuit

To enable the full potential of this chip to be realised, the
circuit in Figure 2.6 has been designed so that all of the
various functions of the chip can be varied. In most cases
this means potentiometers or switched resistors/capacitors,
but where logic signals are required simple on/off switches
are tised.

9
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Components:

R 4-Tk

RrR2 4-Tk

R3 4-7K

R4 22k

RS 33k

R6 4-Tk

RT 10k

R8 10k

R9 47k

R10 4-7Tk

all YaW 10% carbon

VR1 100k lin.

VR2-4 1M lin.

VRS 470k lin.

VRE-8 1M lin.

C1 330pF polystyrena
c2 1000pF polysiyrene
c3 2200pr polysiyrene
c4 O-O1uF polyester
C5 0-01pF polysster
C6 O-1uF polyester
CT {uF polyester

c8 10pF 12v siect.

Fig. 2.6 Practical circuit for 764977

c9
cio
Cii
ci2
C13
Ci4g
Ci5
Cci6
Ci7
ci8
cio
Cc20
ca21

IC1
IC2

S1-3
$4-5
56-9

4700pF polyst

O furF potyesyfe.rm
iuF pelyester

10uF 12v elect,
22)F 12v elect.
470pF polysiyrene
4700pF polysiyrene
0-47pF polysster
4-TuF 12v elect.
100pF polystyrena
O-01uF polyester
O-1uF palyester

1F polyester
SN76477

NESS55V

1 pole changeover

1 pole 4 way rotary
1 pole on/off

510-13 1 pole changeover
Si4-16 1 pole 4 way rotary

SK1-3 single sockeis to suit

(e.q. phono, jack, etc)



- Ttwould be easy to provide switches and variable controls for
gvery possible patching arrangement, but some of these have
been dispensed with in the interests of economy and
simplicity of the final layout.

In this circuit, a clock generator has been provided which can
be used to switch the mixer control lines A, B or C so that
two simultaneous signals can be passed to the envelope
shaper. This has the effect of providing the components of
a mix with different levels with respect to one another. The
rate of switching is about 60 kHz, which is well above the
audible range. 3

= o g
gp Bs¥ n ¥ ;ﬁaéﬁﬁﬁﬁﬁk
O ] v (R o] N I B
PEHETE LR ER
VR4 e E 5 %E.
VRS —t—o : : \
:101:

O i R o
: o
lo-{_n._p__l-: o i

Autg —— : E

i it

2 Pl Yot
g i gag >

Fig. 2.7a Prinfed circuit loyout for maln circuit
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There now follows full construction details,

Construction

The main chip and most of the assoclated components are
mounted on a single printed circuit board. All potentiometers
and switches are mounted on the case’s front panel,
connected to the p.c.b. by wiring, Figure 2.7 shows the
layout and copper pattern for the main board, while Figures
2.8 and 2.9 show the boards for the battery p.s.u. and mains
Pp-s.u. respectively. It is advisable to use a socket for the main
chip — it will enable you to test the circuit before putting the
LC.in,

I

=z o]

Fig. 2.7b CGopper pattern for main circuit
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$ o~y
“ifo
bte | @ l:l
Bl e Of= 4By
o——0v
O 0
D ¢
Fig. 2.8a Printed circult layout for battery E.SU.
B A

c D

A B

X 2 _{ ot 4By
O |.

ac +| €1 Ict

—~le

& 123 T e
from T1—o 1 1 1 c2
®) 0]
D) ¢

Fig. 29a Printed circuit layout for mains P.S.U.
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re————

R

®) O
c ]
Fig. 2.9b Capper pattern for mains P.S.U.

The whole works can be housed in one case. The case should
preferably be aluminium, to provide screening for the audio
sections. One with a large removable front panel is ideal,
because this panel will be able to carry all of the controls as
well as the main board, This method of construction provides
for a very neat layout and enables simple maintenance to be
carried out. Figure 2.10 shows how the panel fits together.
The sequence of construction is to build the main board first,
and then mount the pots and switches onto the front panel.

‘The panel, of course, should be pre<dnl1.ed or punched, and

lettered.

Jii

D

P.C.B. mounted

ch; stand E;Lm \j
pots @

swilches Pots and

swiiches

¥~ —Front panel
4 made from 18 swg
oluminium

Fig. 2.10 Diagrom showing method of panel assembly (not o scale)
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Wiring can then begin, following the circuit diagram. The rule
at this point is to keep all wiring to one side of the board, so
that when the board fixing screws are removed, it can be
‘hinged’ away from the panel, exposing the controls. Use
different coloured connecting wires if possible. Not only do
they look professional but they make things a lot easier when
you are trying to find out where the wires gol

When the panel is complete, you can start preparing the rest of
the box. The power supply fits in here and fairly long wires
should be connected to the board so that it is easy to lay the
panel alongside the box without stretching the wires, The
mains cable (if you are using a mains p.s.u.) is led into the

box through a hole at the back. Make sure there is a grommet
in this hole and it’s a good idea to clamp the cable inside the
box. Figure 2.11 gives details of the box assembly.

Front pane! fixed o _ .
aluminium angle e e e,
on sides of e e g
box 2 8 e ‘4
2 B8 B8 <
Box
made from
12 mm plywood

or chipwood or
18 swg sheet metal

Fig. 2.11 Sketch showing panel in place in the box

After all this has been done, you can try the circuit out. Little
should go wrong that a soldering iron will not cure.

Using the Single-Chip Synthesiser

After reading the explanatory notes earlier you should already
have a good idea of what the 76477 is capable of, but here are
just a few extra hints to help you on your way.

When setting up the circuit to produce a particular sound, it is
best to adjust the controls in the following order:

16




1) Set @ots and rotary sthches to lheu: mid: valua.
2) Select mixer combination.

3) Select envelope.

4) Adjust VCO, noise generator, and LFO;

5) Adjust attack and decay.

6) Adjust output amplitude,

A large variety of waveforms can be synthesised with this

circuit, but further effects can be produced by bringing in the
external circuits such as the clock on the mixer select lines or the
the external noise clock. The VCO frequency also has provision
for external control and this could be connected to a device

, such as the sequencer to be described later; or another voltage-
generating device,




& CHAPTER 3
ANALOGUE DELAY LINE

The concept of delay is very important in music and sound.
Sound waves, travelling through air at 343 metres per second,
take a finite time to reach the ear. Think of a gun being fired
some distance away. You see the smoke, then hear the shot
a couple of seconds later.

It Is the delay in sound waves reaching our ears that enables us
to position sound sources without using our eyes. Sitting in
front of an orchestra, the sound waves emanating from 2 violin
on the left take longer to reach the right ear than the left. A
phase difference results, which the brain interprets as position.

Reverberation is also caused by delayed signals. More recent
‘artificial’ effects that rely on delay include phasing and
flanging.

Until recently, these latter effects were elther produced by two
tape recorders playing the same signal — one delayed, one

not — or by electronically filtering thé signal so as to produce
an effect approaching that of true phasing or flanging.
Reverberation has been produced by all manner of mechanical
methods: springs, plates, bathrooms and so on.

Now a purely electronic delay mechanism has been evolved —
the analogue delay line, or bucket brigade device,

Theory

A most useful analogy is the bucket brigade, a line of firemen
each with buckets. Water would be tipped from bucket to.
bucket along the line until it reached the fire at the other end,

In our delay line, the buckets are capacitors and the water is
electric charge. The capacitors are connected in a chain,
linked by electronic switches. The device requires a clock




_ input to activate these switches. Figure 3.1 will help explai
the method of operation. Q"‘“‘ 2

On phase I of the clock signal, input “a’ is sampled and the
capacitor in stage 1 charges up to the level of the signal. Phase
11 comes along and the contents of stage 1 are transferred to
stage 2. No inputs are sampled on clock phase IL. Phase I
returns and another input signal ‘¢’ is sampled and stored in
stage 1. At the same time sample ‘a’ is shifted from stage 2

1o 3. -

Tt is not too difficult to see that each input sample gets shunted
along the delay line every time the clock changes phase. Note,
too, that an input is sampled only on alternate clock phases,

To enable a complete signal to be taken from the far end of

the delay line, the other half of the signal is clocked through

* another delay line which is connected in parallel to the first,

The clock input, however, must be in antiphase to that of the

Delay stages ——

Clock
Input | 1 2 3 4 5 6 phase
0 a I
T TS
2, ke &
< c
& 2 L
[ 2 a I
////// A/////; FFTTTS
c
l '//;f/ /;// I //E// I
1]
815 ///‘// YA L I
q [ c
r7,;.:.f/, T 77 I I
g g ¢
v, 77 //./// AT -
Clock signal = [~ 1] I
[l RN

Fig. 3.1 Operation of delay. line
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first delay line, which is easily achieved in practice using digital
circuit fechniques, as will be seen later.

td

It is not too mathematically difficult to see that the delay
time of a signal passing down the line is:

number of stages

2 x clock frequency Reconds

So that if, as in the Mullard TDA1022, the number of stages is
512 (or rather 512 pairs of stages if you consider the two
parallel lines), and the signal frequency is 1024 Hz, the delay
time is:

212 = 0.25 seconds
LT 07 S s

It would seem that the analogue delay line wraps up the whole
delay problem quite neatly in its black plastic box. Not sol

Of course, the trouble comes with bandwidth. As the clock
frequency comes down and delay time goes up, so the
bandwidth decreases in proportion. The maximum

theoretical signal frequency is half the clock frequency, but
practically it is better to assume the maximum bandwidth (i.e;
maximum signal frequency) to be a third of the clock frequency.

To illustrate the effect which this limitation has on our use of the
delay line, Figure 3.2 shows graphically how the bandwidth.
decreases with increase in delay time for the TDA1022.

If we wanted a delay of 0.1 seconds, the clock frequency would
have to be:

512
2x0.1

=2560Hz

Thus the maximum bandwidth would be:
1/3x2560=853 Hz
= T 21



1 1 ] 1
0 8 10 18 20 25

Bandwidth KHz

Fig. 3.2 Graph of delay vs. bandwidth for the TDAIO22

It is easy to see that to achieve a workable bandwidth, we have
to accept an‘apparently small delay time, unless we connected
several delay lines together, which. would be expensive.

In actual fact, a great many applications of delay lines only
require a short delay tine, and thus the bandwidth problem
only has an effect when we want discrete echoes.

To prepare the signal for input it is passed through. a low-pass
filter to remove all frequencies above the bandwidth. In
addition a low-pass filter is used at thc output to remove the
clock frequency,

Noise is always a problem in audio circuits, and the delay line

is no exception in this respect. The noise arises from the
leakage from the buckets, and is unfortunately more prominent
at low frequencies. By using some form of noise reduction
system it is possible to get signal to noise ratios of 70 dB.

22



Other problems Include susceptibility to overload, requiring
limiting on the inpyt, Distortion due to the delay line is
around 1%,

So much for the theory and associated problems. Now we will
see what it can do in practice,

Basic Delay Line Circuit

As stated before we need to drive the TDA1022 with a two
phase clock. Figure 3.3 shows a suitable circuit. It uses an
NES566 function generator, It has a manual frequency control
VR1 and also provision for voltage control via C1. This
facility will be very useful when we come to the various
applications of the delay line. Trl adjusts the DC level of the
clock signal before it enters the flip-flop IC2 which produces
the two complementary phases that are required by the delay
line.

The next part of the baslc circuit is the low-pass filter. In fact
two of them should be constructed, one for the input to the
line and one for the output. The filter is.of a type known asa
fourth-order Butterworth. As can be seen in the diagram
(Figure 3.4) it consists of two similar stages, Each stage has a
section which can vary the cut-off frequency from 500 Hz up
to 15 kHz. The whole filter has a roll-off of 24 dB. for every
doubling of frequency after the cut-off point,

Having dispensed with the essential peripherals, we can now"
deal with the delay line itself. Figure 3.5 shows the circuit
detail. For what it does it is a surprisingly simple circuit — this
is a reflection on how micro-electronics have changed practical
construction of complicated circuits,

The two preset resistors in the circuit are fors

a) setting the DC bias at the input, so that the signal is
symmetrical about the DC level.
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‘Fig. 3.3 Clock generator for TDAI022 _
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Components:

R7 39k
RB 4Tk
RS 4-Tk
R10 47k
R11 56k
R12 4Tk
R13 47k
R14 47k
R15 56k
all 1/aW 10% carbon

VR2 220k lin. dual-gang
VR3 220k lin. dual-gang
C3 33pF 16v elech

cq4 22 polystyrene
C5 2200pF polysiyrene
C6 2200pF polystyrene
C7 2200pF polystyrene

Output
22

IC3 744
IC4 741

Fig. 3.4 Circuil diagram of low-pass filter (2 required)
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Componenis:

Ri6 100k

RI17 33k

Ri8 5-6k

R1S 1k

R20 47k

R21 47K

R22 10k

all YW 10% carbon

VR4 4-Tk minicture preset
VAR5 4-Tk minigiure preset
C8 22uF 25v elzch.

C9 O-1uF polyesier

C10 100pF poiystyrene
Tr2 BCiB2L

IC5 TDA1022 delay line

Fig. 3.5 Delay line circuit

8 o+15v
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Power Suppljf

The delay line and clock generator circuits require a +15 V

supply, while the filters need a 15 V supply. Thusa 15 V
supply is sufficient, and will also be able to supply power to
additional circuits which we may wish to add in due course.

A mains power supply unit is shown in Figure 3.6. It is fairly

straightforward, and uses a single chip to obtain regulated
15V,

T Di-4
L
N 3 ’ ) 8 7 HS
c
E T 1 11 C3
- Ov
‘_L | s v
c2

T TC4

015y

v

Components:

C1  1000uF 25v elect
C2 1000uF 25v elect,
C3 10uF 25v elect.
C4 10uF 25v elect.

IC1 4195 requlator £15v of 100mA
D1-4 WO!1 bridge rectifier

T1 Mains tronsformer 12-0-12v 6vA

Fig. 3.6 Mains powered P.S.L. circuit diogrom

Construction

The printed circuit layout and copper pattern are given in
Figures 3.7 and 3.8 respectively. Included on this board are

the delay circuit, its clock generator and two low-pass filters,
The power supply is mounted on a separate p.c.b. which is
shown in Figures 3.9, In fact the whole p.s.u. can be construgted

27



8T

gz +
3 g o = -
A | ] 1 8
Clock | o
contr
voiloge 0ty LRA._J-. .-L_E‘_l—l_. Ris o—t— VR2
i & Jo
VR3 o TIE o—— VR2b
VR3b ——= = &—— VR2a
oo — ;
L]
o Hei »,,
VR2 —p—o ™1
it 4 P T
VR2q —t——o E % %
$
: 5
* Input ——o ]
b c

' Fig. 3.7 Printed circuit loyout for delay line circuit







O O
12 — = ”@
- Ik
ac +

12 ==t |

Gy :

from T1 @ cs4 |
\ e {5y

D c
Fig. 3.9a Printed circuit layout for PSU,
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Fig. 3.9b Copper paltern for P.S.L.

as a complete module on a piece of aluminium sheet, such that
other circuits are shiclded from any hum interference from the
transformer. The module can then be installed inside a case
with other p.c.b.’s. Figure 3.10 shows how the p.s.u. module
is made up. A terminal block is provided for the low voltage
outputs so that more than one circuit can easily be connected.
Details of housing the delay line circuit board will be given
later, since there will be more boards to go in the same case,
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Fig. 3.10 Construction details of P.S.U. module

Setting-up the Delay Line Circuits

It is n6t a bad idea to construct the board in sections, so that
each section can be tested separately, before going onto the
next. The order of construction is given below, together with
any testing required. i

1) Clock generator. A simple check to see if the circuit is
oscillating is to connect each output in turn to the line
input of an amplifier so that the clock can be heard to
oscillate when the frequency is set to its lower end.

Turning the frequency control will increase the pitch until

it soon goes out of audible hearing range. To check that the
two outputs are in antiphase, just connect both to the
amplifier input. The level should drop sharply indicating
that the two signals are cancelling one another out, Of
course, if you have an oscilloscope, it is much easier to check
the operation of the clock,

2) Low pass filters. These can be checked by connecting an
audio signal generator to the input and an amp. and speaker
10 the output. Each cut-off frequency can thus be
calibrated by listening for the point where the level begins
to fall off or by observing this point on a VU meter. Note
that the signal generator must of course have the same
output level for all frequencies.
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3) Delay line. Once you have constructed this circuit, try out
the whole board. With everything working connect the
signal generator to the input of the first filter and connect
the amplifier to the output of the second filter. Now
increase the input level until the output begins to clip — a
harsh distortion will be heard. Now adjust VR2 until the
level of distortion is as low as possible — you will not be
able to eliminate it entirely. Turn the input level down to a
reasonable level, and adjust VR3 until there is minimum
breakthrough of the clock frequency.

The delay line board is now set up and ready to use.

We will now look at the various applications of the delay line,
beginning with phasing.

Phasing

This effect has in the past been produced by using a comb

filter whose frequency notches were continuously varied. The
delay line can become a comb filter by mixing the original

signal with the delayed signal. As the two signals are a few
milliseconds apart, there will be some cancellation at frequencies
spaced 1/t Hz. apart, where t is the delay. By varying the

delay time, therefore, a phasing effect can be produced.

Figure 3.11 shows a block diagram of the set-up required,

Inputo- »9—»|Delay line
T 3—00 Output
Sine wave Clock
oscillator generator
Depth

Voltage control input
Fig. 3.11 Block diagram of phasing arrangement
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A sine wave oscillator is used to modulate the clock generator’s|
frequency at a slow rate of about 0.5 Hz. The output of this
oscillator is fed to the voltage control input of the clock
generator. Figure 3.12 shows a circuit diagram of the oscillator
and Figure 3,13 gives board details and layout. Note that

there is provision in the circuit for the frequency to be yaried,
Although we do not really need this for phasing, it will come

in useful for other effects,

0 Qu
0-2Hz ——'p"éoﬂz
Compenents: R1 330k Y4aW 10% corbon Ci 1pF po
R2 Thermistor type R53 C2 1uF polyester
VR1 1M lin. dual~gang 11 741
Fig. 3.12 Circuit diagraom of sine wave oscillator
A B
01— +15v
e o e
VR{ —{—o
VRib ——=2 g
&—— sinewave
output
ﬂ
o—t— ~{5y
. S 355
D c

Fig. 3.13a Printed circuit layout of sine wave oscillator
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C 0
Fig. 3.13b Copper patfern of sine wave oscillalor

Flanging

"This effect is similar to that described above. It is obtained

in much the same way, except that instead of mixing input
with output you mix output with input — sounds confusing!
What happens is that feedback is provided from the output so
that, instead of frequency cancellations taking place, the
response peaks at various frequencies, This gives a con-
siderably coloured output. Figure 3.14 gives the details of how
the effect is achieved. It uses virtually the same components

as for the phasing effect,

—=F—

Q

Delay line |—» —»-0 Quiput

: 4

Input© b

4

Sine wave Clock
oscillator -;ﬂ generator
: Depth

Fig. 3.14 Diagram of flanging arrangement
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Yibrato

True vibrato is defined as frequency modulation, and before the
delay line arrived it could only be achieved at the signal source,
A vibrato effect could be achieved with filters and oscillators
but, nevertheless, it was not the real thing.

Tn Figure 3.15 a block diagram shows how the delay line is used
1o create the effect. By modulating the clock generator with

a slow sine wave the delay time can be varied. If a constant
frequency is fed into the delay line the output will have a true
vibrato with the rate being that of the sine wave oscillator.
Once again the sine wave oscillator of Figure 3.12 is used to
vary the vibrato rate,

O—————|Deloy ling |————————>0

r 3

¥ |Sine wave Clock
'_;Z}— oscillator ngji generator
Vibrato Depth
rafe

Fig. 3.15 Block diagram of vibralo arrongement

Echo and Reverberation

These two effects are basically the same, the difference being
in the delay time required. For echo you need to have a long
enough delay time so that each echo is a discrete sound,
whereas for reverb the delay time is much shorter so that the
several echoas merge into one, and the effect is of the sound
dying away over about 1 sécond. Until now many methods
have been used to generate these effects. For echo the most
popular method is to use a tape loop with 5 or 6 heads around
its circumference. Reverb methods include mechanical springs
and plates with transducers attached to them and also using a
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special hard-walled room with a microphone at one end and a
loudspeaker at the other,

With an analogue delay line things become much simpler. The
method is to form a loop such that the delayed output is fed
to the input — at a lower level than its original input level. A
diagram of this arrangement is shown in Figure 3.16. The
clock frequency, and therefore the delay time, can be varied by
the potentiometer in the clock generator circuit. This controls
whether you produce a short duration reverb or several discrete
echoes. With one delay line you are not going to get very long
echoes, but if these are required it is possible to connect more
delay lines in series. Potentiometers are shown in the diagram
which control the final echo/reverb output level and the level
of the feedback. The latter control determines the rate of
decay of the echo or reverb,

Echo decoy rate
Qutput

o - —;“ »{Delay line |—»
Input Balance:
4 echo/origi

Clock
. generator
Delay time

Flg. 3.16 Block diogram of echo/reverb arrangement

Double tracking is a particular use of echo which can give the
impression that a second instrument is playing. This is done
by adjusting the echo circuit so that a single echo is heard,
delayed by about 50 mS.

From double tracking we move naturally on to chorussing.
This is the effect which leads us to believe that there are a
number of instruments playing, when in actual fact there is
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only one. It is used in the so-called ‘string synthesisers’, and
can be a very pleasing sound. The effect requires more than one
delay line — at Jeast three preferably. Each delay line has its
own slow sine wave oscillator as shown in Figure 3,17, and the
delayed outputs are mixed together.

All of these effects have been achieved with only a few extra
components. The main auxiliary circuit is the slow sine wave

Delay line —m"—-‘
1 Level 1

A

Sine wave Clock
oscillator —;ﬁi generafor
Rafe 1 Depth 1

Sine wave 1
—-@: oscillator Delay line —;ZLM

Rate 2 f Level 2
3
Clock Y
generator ::——-b-o Output
Depth 2
]
Delay line
3 Level 3

Sine wave Clock
—g‘: oscillator -12(— gsngrutor

Rate 3 Depth

Fig. 317 Block diagram of chorus arrangement
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+ oscillator. This can be housed in the séme case as the delay
line itself. To enable all the effects described earlier to be
produced, several switches and pots need to be incorporated.
Precise details are not given here since most readers will have
their own preferences as regards layout and patching arrange-
ments, and which of the effects they will want to uvse.
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CHAPTER 4
PROGRAMMABLE SEQUENCER

The average electronic synthesiser consists of a number of
different circuits, often duplicated, which can be linked in a
variety of ways to enable different sounds to be synthesised.
Most of these circuits are voltage-controlled, which means that
their important parameters (frequency, amptitude, filter pass
range etc.) are varied by means of a control voltage input.
Usually the system is so designed that any circuit’s output can
be used to control another circuit via its control voltage input,
and vice versa, In this way the versatility of the instrument is
increased to a great extent. Having established that voltage
control is the design principle that runs a synthesiser, we can
see that a means by which a sequence of voltages can be
memorised would be extremely useful. Such a piece of equip-
ment is known as a sequencer. It is used usually in conjunction
with — though not necessarily — a VCO, so that a tune can be
programmed and played back at will,

There are basically two types of sequencer, digital and
analogue, described below.

1) Digital sequencer. This usually has a digital memory chip
(RAM) at its centre. To program it, a keyboard is used to
write in each note as a binary number. The keyboard has a
set of contacts which convert the number of the key pressed
into this binary number. As each note is written into the
memory, it is assigned an address and then the memory
steps on, ready to receive the next note.

For playback, a variable-speed clock is used to step through
the memory, releasing each binary-encoded note, and
sending it to a digital-analogue converter, where it is
converted into a voltage, used to control a VCO.

The advantage of this type of sequencer is that the memory
used is capable of remembering a large number of notes —
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256 is ot uncommon. However, the pitch of each note has
to be programmed beforehand, and cannot be set while the
sequencer is running,

2) Analogue sequencer. The operation of this type of sequencer
centres around a decade counter. This is a chip, or piece of
logic circuitry, that sends a logic 1 to each of 10 outputs
in turn. The outputs are connected to an electronic switch
which switches in the output voltage from a potentiometer
so that this voltage can then be used to control a VCO. A

" clock is used to switch the decade counter from one
potentiometer to the next so that a sequence of voltages is
sent to the VCO.

With this type of sequencer, it is thus possible to adjust the
* pitch of the notes while the sequencer is running,— what
could be called a real-time machine. The main disadvantage
is that, because every note has a separate potentiometer,
the number of notes in a sequence has to be limited to, say,
twenty. If the main use of the sequencer is to generate
background rhythms then this should not be a problem,

The sequencer to be described here is of the analogue type.
Figure 4.1 shows a block diagram of the system. At first
sight it probably looks extremely complex. In fact, itisa
fairly simple piece of equipment that can produce complex
sounds. Let us look at the diagram step by step.

At the front end is a clock with a variable frequency between
0.5 Hz and 20 Hz. This provides a pulse output which sets the
rate at which the sequencer runs when playing. As an
alternative to the clock is a one-step switch, which, as its

name implies, steps the sequencer one step at a time, This
facility will be particularly useful when programming the
sequercer.

After the clock or one-step the pulses are split into two
channels. In each channel the first block is the ‘Divide by
1-10 unit. In fact it divides by 2—10, with an extra switch
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which allows the in
for these dividers is so that each channel can run at chf ferent
rates, but where these rates bear a pre-programmed mathe-
matical relation to one another, and are also synchronised.
It may be difficult to see the point of this at present, but
when we look at how to use the sequencer it will become
obvious,

* The dividers are followed by the decade counters, which
splits the pulses up, sending them to each of 10 outputs

- one after the other. By connecting any of these outputs to
the ‘reset’ pin of the counter, the sequence length can be
shortened.

. Each of the counter’s outputs, on producing a pulse, causes a
potentiometer to be connected to the main output. An Le.d,
is also connected to each of the counter’s outputs 5o that it is
easy to see which pot is active at any one point during the
sequence.

~An amplifier takes the output voltages from the pots and
amplifies them to a suitable level to drive a VCO,

~ Circuit Operation

- The clock generator and one-step switch circuits are shown

. inFigure 4.2. The clock is a simple CMOS astable, where VR1
~ sets the rate of oscillation between 50 mS and 1.5 s. IClisa
- set of four 2-input NOR gates, Two of them we used in the
clock asinverters. The other two are used in the one-step

. circuit — one as an inverter, the other as a NOR gate, The

- purpose of the one-step circuit is to provide a single pulse to

- the decade counters. A simple push-button wired to the

.~ power rail would be fine, except for thie possibility of switch

- bounce. The circuit climinates this by employing a mono-

~ ‘stable to hold the pulse on for a % second.

- These two circuits are followed by two identical channels, A
. and B. The first two circuits in each channel are the divider
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[ 5 7L g S5 S2
St —o o dividers
ICle c2 IC1d
Components:
R1 680k C1 2:2uF 16v lantalum
R2 15k C2 0O-47uF polyester
R3 390k IC1 4001BE CMOS

all 4W 10% carbon
S1  push on/release off
VR1 470K lin. S2 1 pole changeover

Fig. 4.2 Circult diagram of clock -+ one sisp

and the trigger pulse monostable, and are shown in Figure 4.3

The divider circuit consists of a decade counter (IC2) and 3
NOR gates and an inverter (IC3). The counter counts up to
the number set by the rotary switch 54, at which point a pulse
is sent to the output while the counter is reset. Thus the
output frequency is that of the input divided by the number
st by 84. S3 simply serves to by-pass the divider to give the
effect of ‘divide by one’.

IC4b and IC4¢ form a monostable to convert the pulse from
the divider into a pulse with an ‘on’ time variable between
50mS and 3 s. The time constant is set by the two com-
binations of C3/R4/VR2a and C4/R5/VR2b, which give a well-
defined period if VR2 is dual-gang. Since the circuit is
activated by the trailing edge of a pulse, 1C4a achieves the
opposite effect, so that we can trigger an envelope ahaperat
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Fig. 43 Circuit diagrom of dividar + monosiable (2 required)

Negative-going
Ic4d pulse

Positive-going
pulse
Compenents:
R4 15k
R5 15k

all ¥aW 10% carbon

VR2 1M + 1M lin. dual-gang
C3 2:2uF polysster

C4 22uF polyester

1C2 4017

IC3 4001A
IC4 4001A

S3- 1 pole on/off
$4 1 pole 9 woy rofary
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the very beginning of a note. 1C4d gives us the choice ofa

positive — or negative-going output pulse,

wode

Figure 4.4 gives the circuit diagram of the decade counter, pots -
and output amplifier. Note that only one channelis shown,
whereas two will be required,

| The decade counter (ICS) works by splitting up a clock input

—

so that each of the counter’s 10 outputs goes high one afier
another. The switch from one output to the next occurs on the
positive edge (i.e. the leading edge) of the incoming pulse, so we
do not have to square up the clock pulse after it leaves the
divider.

When an output of the decade c%unter goes high, one of the
pots (VR3—12) becomes active, and the voltage set at the
slider is taken via D12--21 to the non-inverting amplifier
IC8. The gain of this amplifier is varied by VR13 and hasa
rage of roughly 5:1. VR4 sets the final level sent to the
VCOQ. The reason for having both a gain and level control, is
80 that the voltage ranges of both the sequencer and VCO
can be matched, and thus full use will be made of both,
pieces of equipment.

D211 are l.e.d. indicators to show which particular pot is
on at any one time. They are driven by inverters in 1C6 and.
1C7.

S5 connects the reset pin of the counter to any of its outputs
so that the sequence length can be adjusted to anything
between 1 and 10 notes.

Finally we come to the power supply. The CMOS circuits
require minimal current at 12 V, while the 741 amplifiers need
a bit more at £12 V. Although a regulated supply is not
absolutely essential, the cost of using 1.C. regulators is not a
great deal more than using a simpler circuit with discrete
components. The recommended circuit is shown in Figure 4.5.
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Di-4

IC1 o +{2v
C1 Cc3
E: - ¢ -..r : 2 ‘I‘ ¥ T 0 Qy
"‘]_-'02 T "1':04
T ; Ic2 —j——oﬂzw

Components:

C1 1000uF 25v elect,

C2 1000uF 25v elect

C3 O4pF polyester

C4 O1pF polyester

IC1 MA7B8M12UC +2v regulator

1C2 MATSM12UC -12v regulaior

D1-4 WO1 bridge rectifier

T1 Mains transformer 12-0-12v at 0-5A

Fig. 4.5 Circuit df&g_ram of PS.U. for sequencer

Construction

3 printed circuit boards are used — 1 for the clock/one-step
and p.s.u., and the other two for two channels of divider/
monostable/decade counter/output. The copper patterns and
board layouts are given in Figures 4.6 and 4.9 inclusive,’

The best method of construction for this type of project — or,
for that matter, for most types of projects — is to hang every-
thing onto the front panel including, in this case, the power
supply. The front panel will have to be suitably large anywiy
to accommodate all of the pots, and the amount of board-to-
controls wiring is going to be astronomical, so it only makes
sense to have the boards fixed to the panel,

The construction details here assume that the pots aré rotary.

Sliders wouild be very nice, but unless you can get a job lot of
them from somewhere, it could turn out to be a bit expensive.:
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Fig. 4.6 Printed circuit layout for P.S.U. and clock/one-step clrcuils

c

Fig. 47 Copper patfern for PS.U, and clock/ona-step circuits
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Figure 4.10 shows how the front of a front panel might look
like, while Figure 4.11 takes a look round the back, Dimensions

are only approximate, since they depend on what sort of

components are available.

It is probably best to collect all of

your pots and switches and sit down with a large sheet of paper
to try and work out what would be a neat arrangement. Then

transfer your ideas onto a

sheet of 18 s.w.g. aluminium and

start drilling.
° o L] L] L] L] - L] o .“"'N
ChanrelAl O O © 0 0 © O O ©O o.“:,L.E.D.s
Charinel B 6 6 6 6 6 6 6 6 6 o*jPrbt%mm'
pols
0O o © . 0 O o © i
e ey LR IET e MG i
B l bt e
Sequ- Trigger Sequ- Trigger
ence  pulse ) Clock ence  pulse :
length length Output speed length length  Oulput
s sl L Ol O < e -~ voltage

* Divide Trigger controls One Divide Trigger controls

G byn oulput 5 step 3 by n  ootput
A P
Channel A ‘Channel B

Fig. 410 Front panel layout

P.LBs for dividers
and decade counters

O O
o O

P.C.B. for clock/cne step
and P.S.U.

Fig. 4.1 Layou? behind front panel



' Once you have drilled, painted, lettered the front panel, start

making up the boards, beginning with the p.s.u. and clock
board. Itisa good idea to check this board is working before
making up the other two. With all three boards completed and
working, the pots and switches should be attached to the front

| panel. Now the wiring can be carried out, following the circuit

diagrams. If suitably coloured wires are used then this part of
the proceedings should be straightforward. The boards can now
be fixed to the panel and the sequencer checked out.

A}

EI Using the Sequencer

The basic method of operation should, by now, be faily

- apparent. You can soon get used to it by connecting up a
. couple of VCO's and envelope shapers, as in Figure 4.12, so that

cach channel has an independent output. By experimenting

- with clock speed, division number, sequence length and the

pots, you will socn be able to see what the sequencer is
capable of., To really illustrate how the sequencer works,
though, we will see how we can generate background rhythm

| and bass accompaniment to a picce of music.

‘Trigger
output
l 3 Trigger Input
Output
Channel A 0 - \VCO | ES/VCA 0
Qutputs
Chennel B 0 ES/VCA 0
Qutput W
_ I o Trigger input
. Trigger
. Sequencer output

" Fig. 412 Arrangement of sequencer with VCOs and envelope shapes

e

Figure 4.13 shows a chart with two lines of music, two lines
underneath each one for each channel of the sequencer. The
tune is the first part of a traditional Irish jig called ‘Dingle
Regatta’, It has a good thythm to it and a simple structure, so
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it will be easy for us to fit some sequencer patterrfs into it.
There is no need to worry if you know nothing about musical
theory — a short explanation follows,

The notes are divided into bars of equal length (timewise).
There are three types of notes used and these are also shown in
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Fig. 413 Programming the sequencer
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the diagram, together with a time value. The time signature
6/8 at the start of bar 1 means that there are 6 quavers in every
bar, and two beats to a bar, This means that there is a beat on
the first and fourth quavers in every bar, remembering to

treat a crotchet as two quavers.

To program the sequencer, the first thing to do is to set the
dividers on each channel. If channel A is going to provide the
bass accompaniment and channel B the background rhythm,
the pattern of notes or beats will be as shown in the diagram.
The bass accompaniment occurs on every beat, and the thythm
runs at 3 notes per bar, equally spaced. The division number
for each channel is determined by looking at the frequencies of
notes for one channel compared to the other. In this case we
see that for two notes in channel A there are three in channel
B. Thus, for channel A we need to divide the clock frequency
by 3, and for channel B, divide it by 2.

Having set the dividers, we must now set the sequence length,

Here we consider for how many notes (up to a maximum 10)

we want a sequence to run before starting it again, The best

' method in this case is to have lengths of 8 notes for channel A
and 6 notes for channel B,

The timing is now set and the rest of the setting up is easily
done while the tune is played. The first control to adjust is
‘the clock speed. The program pots can then be adjusted so
that the pitch of each note begins to sound about right. This
is something that cannot be laid down in hard and fast rules,
it being dependant on your own preferences,

Of course, these notes are only really for guidance. Once you
have mastered the timing controls of the sequencer, you will
soon find out how versatile this instrument is. If you find

that the sequence lengths or number of channels are becoming

a restriction to your creative ideas, then it is possible to add
more decade counters and program pots to extend the sequencer.
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CHAPTER 5
TWO VCO’s.

The VCO is the central element in a synthesiser. It generates
the sound which is subsequently processed by circuits such as
filters and envelope shapers. The principle of operation ofa
voltage-controlled oscillator is that the frequency of the output
is determined by a voltage level at the input. The relationship
between voltage and frequency is normally either linear or
logarithmic. The advantage of using a logarithmic VCO is that,
when running the VCO from a keyboard which outputs linear
voltage increments, the frequencies will match closely with,

an equal temperament scale.

Two VCO’s are described here — one uses a linear voltage/
frequency relationship, the other a logarithmic one. Both would
be suitable as sound generators within a synthesiser, and

would also work well with other circuits described in this book,
notably the sequencer described in the previous chapter.

ycot -

This first VCO makes use of a readily available function
generator [.C., the 8038. This has a frequency range from
0.001 Hz to 1 MHz and has three waveform outputs — sine,
triangle, and square wave. In addition, the harmonic content;,
of the sine wave can be adjusted. The circuit diagram for this
VCO is given in Figure 5.1. Manual frequency control is via
VR, while VR2 adjusts the sine waveform — this is useful for
providing a variety of different tones, All three waveforms are
mixed using VR3-5 before being summed and amplified by
IC3. A wide variety of waveforms are therefore available from
this circuit. Without IC2, a negative-going control voltage will
cause an increase in output frequency. If you require a
positive-going control voltage, IC2 is a unity gain voltage
inverter that will do this,

It
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Fig. 51 Circuit diagram of VCO1
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Construction

This is straightforward and should not cause any problems. A .
printed circuit layout and pattern are shown in Figure 5.2, The
circuit can be housed in a case by itself or in the same case as
other synthesiser modules. Chapter 7 gives details of a possable
case construction and also the p.s.u. for this circuit.
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Fig. 5.2a Printed circuit layout for VCO 1
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Fig. 5.2b Copper pattern for VCO {
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VCo2 A

This VCO has a logarithmicvoltage/frequency relationship
generated by Trl in Figure 5.3. A control voltage varying from
0 to +5 V will cause a current to flow through Trl. This
current will flow through either IC4a or 1C4b, depending on
the output state of the CMOS dual comparator IC2. Let us
assume that it is high, and thus IC4a is on and IC4b is off. ICI1,
acting as an integrator, ramps in the positive direction. The
comparators in IC2 switch at 1/3 Vec and 2/3 Vee respectively,
which is 4 V and 8 V, IC2 goes low, which turns off IC4a, and
turns on IC4b. IC1 then begins ramping in the negative
direction until it reaches 4 V, at which point the output of IC2
goes high again, and the cycle repeats.

The slope of IC1’s ramp depends upon C1 and the curient
drawn by Tr1, and so it is easy to see that the output frequency
is dependent upon the voltage at R1.

Construction

All the components are assembled on one printed circuit board,
which is shown in Figure 5.4. Construction is straightforward
and should cause few problems, but be sure to take the usual
precautions where the CMOS LC.’s are concerned - it is
advisable to use sockets for the more expensive ones,

The circuit requires no setting-up and can be put into use
immediately. Separate sockets should be provided for the
triungle and square wave outputs. The control input can be
fed by a number of different sources — a simple pot, a key-
board, or even another VCO to obtain cross modulation,

The use of these two circuits on their own is simple and

requires no explanations or hints. The final chapter deals with
VCO’s as part of a large synthesiser system.,
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CHAPTER 6
A.D.S.R. ENVELOPE SHAPER

An envelope shaper is basically an amplitude modulator. Ina
synthesiser it is usually the last stage before final mixers and
amplifiers and its job is to impart an envelope to the sound.
Without an envelope shaper the output would be a continuous
tone, Figure 6.1 shows just what the shaper does to the sound,

There are two types of envelope shaper, namely A.D. and
AD.S.R. The top diagram in Figure 6,1 shows the operation
of an A.D., or attack-decay, shaper. On receiving the necessary
trigger pulse, the envelope embarks on the attack section.
When it reaches a peak, it decays away to zero. Both the
attack and decay rates are variable.

In the A.D.S.R. shaper, shown in the diagram below, a more
complex waveform is generated. The trigger pulse is often
generated from a keyboard, and when the envelope shaper
receives the leading edge of the pulse, it begins on its attack
slope at a preset rate. On reaching a peak, the level decays at a
rate that can also be adjusted, but instead of falling to zero it
levels off at an adjustable sustain level. The envelope stays

at this level until the trigger pulse ends, when the level dies
away to zero at a rate set by the ‘release’ control. When the

ADSR

Tﬂr _ Sustain
111

Aﬂncl?lbcgr 1 Release [
Lo |
Fig. 6.1 Diagrams of AD and ADSR envelopes
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output from a VCO is amplitude-modulated with this envelope,
very good imitations of most string instruments can be
achieved.

The envelope shaper described here is of the A.D.S.R. type
just described. It comes complete with an amplitude mod-
ulator and can be used in conjunction with either of the
VCO’s described in the last chapter, or indeed most other
VCO’s,

Circuit Operation

A complete circuit diagram is given in Figure 6.2. Referring to
the timing diagram in Figure 6.3 will assist in undurst.mdmg
the sequence of events.

Before the start of an envelope S1 is off, IC13 and b are on,
and IC1c s off. ICI is a quad bilateral CMOS switch, which
is a set of four separate switches, If alogic 1 is applied to the
control input of a switch, it will turn on, When S1 closes, or
the leading edge of a trigger pulse reaches the input, IC1a turns
off and C1 begins charging via VR1, the Attack control, As the
level at C1 reaches +7 V the inverter [C2¢ changes state and

the latch (IC2a and IC2b) changes state. This turns IC1b off
and IClc on, which allows C1 to discharge through the Decay
control VR2. However, it will only discharge until it reaches
the voltage level set by VR4, the sustain control, and there it
will stay for as long as S1 is held closed (or the input trigger
pulse is held high). When eventually the input goes low, ICla
switches on again and C1 dlsclurges completely through VR3,
the sustain control.

The generated DC envelope is taken to a buffer with a gain of
3, built around op-amp IC3. VRS adjusts the output level and

+hence the depth of modulation of the voltage-controlled
amplifier which follows. This is based on an inexpensive chip,
the MC3340P. It comes in an 8-pin d.i.l. package and can
attenuate an applied signal by up to 90 dB. VR6 controls the
final signal output level,
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Fig. 6.2 Circuil diagrom of ADSR envelope shaper
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Fig. 6.3 ADSR timing diagram

Construction

A printed circuit layout and copper pattern for the envelope
shaper is given in Figure 6.4. Construction and setting-up are
straightforward and should cause few problems. Take care,
when soldering I.C.’s in, not to bridge copper tracks with
stray pieces of solder. It is a good idea to use sockets for the
LCs,

Details of housing the circuit are not given here, since itis
expected that it will probably form part of a synthesiser or
other sound effects unit and will therefore fit into a larger case.
Of course, the circuit can be housed by itself, but some
thought must be given to the power supply. The p.s.u. is
described in the next chapter and is intended to be used to run
a coliection of synthesiser circuits, including this envelope

shaper.
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Fig. 6.4b Copper pattern for envelope shaper

Using the Envelope Shaper

Using this circuit is a lot simpler than the impression you may
get by looking at an array of six knobs. The circuit is triggered

" by one of two means:
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a) Manual push switch S1
or

b) Trigger pulse: logic0 =0V
logicl=+12V

The output of the circuit can be connected to the input of an
amplifier, while a VCO can provide the signal input. Then, by
experimenting with all of the various controls, you will find out
how the different envelopes sound. For instance, setting a fast
attack, a fairly short decay, mid-value sustain, und a long
release time will give a good imitation of a piano, providing

of course, that the VCO is generating the right waveform.

A violin imitation, on the other hand, is achieved with a long
attack and decay, low sustain and short release. Naturally,
the envelope shaper is not intended just for imitating — an
infinite variety of new envelopes can be generated,
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CHAPTER 7
POWER SUPPLY UNIT

This power supply is intended to run a collection of synthesiser
circuits such as the VCO’s and envelope shaper described
earlier, All the circuits require a standard +12 V supply,
preferably regulated. Since regulator chips are now available
for a variety of voltage and current requirements, they have
been used for this particular p.s.u,

The circuit diagram is shown in Figure 7.1, Operation is
straightforward, since the regulator chips take care of most of
the processing.

Components:

C1 1000pF 25v elect,

C2 1000uF 25v elect

C3 O1uF polyester

C4 O-1uF polyester

IC1 pA7812UC +i2v requlator

IC2 pA7912UC -12v regulator

D1-4 WO1 bridge rectifier

T1 Mains transformer 12-0-12v at {A

Fig. 7.1 Circuit diagram of synthesiser power supply
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Construction

A printed circuit board layout and copper pattern is shown in
Figure 7.2, which carries all of the components except the
regulator chips and the transformer. These are mounted,
together with the circuit board, on a piece of aluminium, so
that the metal acts as a heatsink for the regulators and also as
a screen [or the transformer. Figure 7.3 gives an idea of what
this arrangement should look like. The complete p.s.u. is thus
easily fitted into the corner of a large case containing other
synthesiser modules. The best method of construction in this
situation would be to fit the synthesiser circuits (VCO’s,
VCF's, ete.) in the form of modules onto the front of the box
s0 as to form a front panel. Each module would be a complete
unit with circuit board, pots, switches and input/output
sockets mounted on a panel. The power connection would be
in the form of a multiway plug and socket arrangement,
whereby several sockets would be mounted along the bottom
of the box and connect to the p.s.u. In this way, each module
can be very easily removed for servicing and repair by un-
screwing the panel and pulling out the power connector from
the base of the box, :

&——In __l
o—t—Com. O

CEw o out |
i

O

O 120
+12v ~—
Ov —
«+
42y — ol
from T1 1TT S
L]
b I=sfeny c
& g 3
L—-!(:2—l

Fig. 7.2a Printed circuit layout for power supply
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c )
Fig. 7.2b Copper pattern for power supply )

Figure 7.3 shows a general arrangentent for this useful method
of construction,

Box made from Synthesiser P.SU.
12mm chipboard modules
or plywood
L) o
0®© e
o]
o® s
L]
« ¢ :;:
e 3 E : Power
. Patch sockets
sockets fixed fo
! ini gg:k -
uminium 3
fo carry rno?qbes

Power plug from module shown
connected to power supply

Fig. 7.3 Skefch showing arrangement of synthesiser modules in box
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CHAPTER 8
PUTTING IT ALL TOGETHER

The object of this final chapter is to show how the various
circuits described in this book can be made to work together
to produce a versatile piece of sound-generating equipment. It
goes on to show briefly how a synthesiser or sound generators
would fit into an electronic music studio,

Synthesisers

A synthesiser is a set of souna-generating and sound-treatment
circuits housed in one box. The individual circuits can be
connected together in a variety of ways (otherwise known as
patching). The difference between large and small synthesisers
is merely the number of times that the basic circuits are
duplicated. A small synthesiser would have a minimum of two
VCO’s, whereas a larger one may have as many as nine or ten.

The VCO can be seen as the starting point in any synthesiser —
generally 2 are considered a minimum. Then you need one or
two envelope shapers, and you have a very basic synthesiser.
The VCO and envelope shaper circuits described earlier can be
used together to form such a synthesiser, Of course, you will
need the p.s.u. described in Chapter 7 as well.

With just these circuits, a surprisingly large range of sounds
and noises can be generated. The normal patching arrangement
for 2 of each of these circuits would be as shown in Figure 8.1.

Control ES
source Vveo1 + VCA
¢————0 Qut
Control ES
source veoz + VCA

Fig. 8.1 Basic synthesiser set-up
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Each pair of VCO and envelope shaper generates its own
particulat sound, and then the two are mixed together. Since
each shaper has its own level control, we can mix the two in
varying proportions.

Alternatively, one envelope shaper could be used to accept the
output of both VCO’s. This results in a single rather than a
double sound, but with a much richer tone structure. For
instance, with 4 YCO's a rich 4-note chord can be obtained.
By selecting the appropriate waveforms from the VCO’s and
by setting up a suitable envelope, many musical instruments can,
be imitated or some new ones ‘invented’,

® Another useful way of using 2 or more VCO’s is to allow them
to modulate one another. This is easily achieved by connecting
the output of the modulating VCO to the control input of the
modulated VCO. Figure 8.2 shows an arrangement whereby the
output from two VCO’s are used to modulate a third. This
arrangement can be used to generate complex vibrato sounds.

Control _, e & ES

by veot veos |- + VeA o Out
Control l

saurce veoz

Fig. 8.2 Modulating VCOs

An envelope shaper can also be used to control a VCO. By
connecting up a shaper as shown in Figure 8.3, an interesting
sound can be heard when manually operating the shaper with
the push button. The usual sound envelope will be heard, but
at the same time the frequency will rise and fall, reaching its
peak at the same point that the envelope reaches its peak.,

Contral ES
¥e0 + VCA

DC envelope
out

0 Out

Fig. 8.3 ES controlling VCO
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Additional Circuits

Naturally, VCO’s and envelope shapers are not the only
circuits that you are likely to find in a synthesiser. There are
numerous other circuits, which treat the sound in various ways,
Probably one of the most common is the voltage-controlled
filter (VCF) which is most useful for changing the harmonic
content of a sound. Ina VCF, which is usually a low-pass type,
the controlling input voltage is directly related to the cut-off
frequency of the filter. Figure 8.4 shows a common use of a
VCF in conjunction with an envelope shapex and a VCO. The
control voltage used for the VCO is also used for the VCF so that
the pass band of the filter ‘tracks’ the VCO frequency. This
means that the harmonic content stays the same at all
frequencies,

Control ES
source VCO VCF + VCA © Out

¥lg. 84 Common VCF circuif

Another frequently used circuit is a noise generator, This
produces white noise which contains all frequencies of the
audio spectrum and sounds like the noise heard when tuning
between radio stations on an FM band. The noise can be
used instead of, or mixed with, VCO’s and can be treated by
the same treatment circuits. Pink noise is white noise whose
bass frequencies have been boosted. It can be used in the
same way as white noise would be used.,

Control Sources

You will have noticed at the front end of the diagrams
something called ‘Control source’. This is where the basic
control voltage for the VCO comes from, Inits simplest form
this can be a potentiometer giving between 0 and 6 V at its
wiper. A better and more usual source is a keyboard. A simple’
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Fig. 8.5 Circuit diagram of keyboard and sample-and-hoid circuif




design for one is given in Figure 8.5. Tt has provision for
adjusting the control voltage range using VR1. The keyboard
needs fo have two sets of contacts — one for the control voltage
from the resistor chain, and the other to provide a frigger
pulse for the envelope shapers.

The circuit also includes a sample and hold section, which is
necessary to remember the last Rey pressed, and to retain the
voltage while the envelope decays away. A printed circuit board
for this circuit is shown in Figure 8.6,

Trig. Cirl.
to kbd. pulse volt.

A | Tk B
. l ']+ o
o | [ Je

! o
VR1 —] LIS Ot 12y
. S e
R }—

D ¢
Fig. 8.6a Printed circuil layout for keyboard, sample and hold

¢ o
 Fig. 8.6b Copper pattern for keyboard, sample and hold
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Using a Sequencer with a Synthesiser

Since details of how to use the programmable sequencer with
VCO’s and envelope shapers have been considered, we shall not
go into them again, but suffice it to say that a sequencer is
probably the most useful accompaniment to a synthesiser. If
you have enough VCO’s and envelope shapers to go round, you
can use the sequencer to provide the rhythm and bass
accompaniment while playing the synthesiser keyboard to
provide the melody. Note too that if the output control
voltages of the keyboard are added to those of the sequencer,
with the sequencer playing through a VCO and a shaper, you
can change the key of each sequence by holding down various
keys on the keyboard for the duration of each sequence,

Using a Delay Line with a Synthesiser

Any of the various delay line applications described in Chapter
3 can be used with a synthesiser, Aswell as taking the output
of a synthesiser through the delay line, it is also interesting

to insert the delay line at various points along the circuit line,
For example, taking the output of a VCO and passing it through
the delay line, connected up for phasing, will yield a variety

of sounds. Remember that the clock generator on the delay
line can be voltage-controlled too. This facility enables circuits
like an envelope shaper to control the delay time.

An Electronic Music Studit;

Although the synthesiser and its accompanying sound effect
units are the central units in an electronic music studio; there
are some more, very vital, items that you will need to start
composing and producing electronic music.

First we shall see what sort of room we need for our activities.
Perhaps at this point some of you are thinking that this is
rather hypothetical because you would never be able to have 2
whole room set aside as a studio. Nevertheless the following
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~ hints could be applied ta a whole room or just an area of a
room.

The sort of area that you will need is about 3 m. x 4 m.
Thought should be given to acoustics as well — a carpeted
floor cuts down on reverberation, but if this is still a problem,
try hanging curtains on the walls. Furniture-wise, you need
thiee reasonably-sized tables, a couple of shelves in appropriate
places to hold your amplifier and speakers, and a chair from
which you can comfortably reach all of the various knobs and
switches on the equipment which is laid out on the tables. A
swivel chair is the ideal for this purpose,

Equipment

Apart from the synthesiser itself there are a number of other
items that you will need, and these are sct out below.

1) Tape recorder(s). These are necessary if you want to
retain your efforts, or if youwant to build up complex
compositions by multi-recording techniques. For the latter,
the ideal is to have two stereo half-track open reel recorders,
although stereo cassette recorders can be used instead. A
simple mono cassette recorder has limited use, however, but
this does not necessarily mean that you cannot do anything
with it.

2) Amplifier and speakers, Some of you may be tempted to
use the family hi-fi, but beware! Domestic hi-fi equipment
is not intended for use with continuous pure tones, such as
may emanate from synthesisers. Instead you really need a
high power stereo amplifier with appropriate speakers. This
need not be as expensive as you may think. All you really
need are the actual power amplifier modules — there is no
need for an elaborate pre-amp at all. About 30 W per channel
or more is a good figure to aim at, although if you use a
lower rating, check the rating for continuous sine wave
inputs and make sure that your speakers are rated above the
amplifier’s output by at least 30%.
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3) Mixer. This is the item that replaces the pre-amp in the
amplifier. It takes all of the various inputs, adds them
together in the proportions you want, and then adjusts the
signal for overall level and overall tone content. For our
studio we need a mixer with a stereo output, 6—8 inputs
(the more the merrier, but more expensive), and VU meters
on each output channel. On each input channel we need a
channel fader, pan pot, pre-fade listen facility and overload
indicator,

4) Miscellaneous. This category covers various small items
which you could not go without. Leads, for instance, made
up in various lengths and with various plugs never seem
useful until one Sunday afternoon when you want to
connect this piece of equipment to that piece of equipment
and you haven't enough leads to do it.

A small tool kit might be useful to have around, as well as

a supply of fuses for the various equipment. On the subject
of mains power supply, most rooms do not have half a
dozen sockets so it is wise to use a distribution board with
4 sockets on it. This way, only one plug is used in the wall
socket and one 13 A fuse covers all the equipment.

Equipment Layout

Figure 8.7 shows an example of how the studio shauld be laid out.
Most of the equipment is situated on the tables around you,

with the mixer in the middle, since this controls the total

output to the amp. or tape recorders. The amp. and speakers

are not kept on the table — the speakers for obvious reasons,

the amp. because all volume and tone adjustments can be made
from the mixer.

Be sure to keep wiring tidy and around the back of the equip-
ment. Wires trailing across floors should be taped down or
otherwise fixed.

Hopefully, these hints will help you create your own electronic
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' music studio. Once you are set up, the rest s up to you. Ttis

a good idea to experiment fully with your sound-generating
and sound effect circuits to find out what you can get them to
do. When you find that the speakers are emitting some
interesting noises, it's time Lo get them down on tape and start
composing your own electronic music.

Q T |:| Y
Speaker Amplifier Speaker
Ofher 8
equipment Mixer
"""""" 4 b i | Rkt (= AT |
l I [ I ‘Tapé
; recorder
3m
Synthesiser Q1 | Tape
()| {recorder
jr
. 4m P |
bt |

Fig. 8.7 Studio layouf
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BP81 ELECTRONIC SYNTHESISER PROJECT®
CORRIGENDA & AMENDMENTS

Page 10, Fig. 2.6: 4.7k resistors should be inserted

. with ends of VR1 and VR6. Add D1-3 in series
with §7-9. cathodes towards these switches. Add
to parts list D1 -3 IN914.

Page 33, Fig. 3.12: R1 should read 330R not 330k.

Page 59, Fig. 5.2b: Copper pattern should be modified
as shown:

Add new links

Page 61, Fig. 5.3:  1C3 should read 4049 not 4001,
Page 65, Fig. 6.2:  Vaulues of VRS and VRG have been
omitted. VRS 100k lin, VR6 25k lin.
Page 67, Fig. 6.4b: Copper pattern should be modified
as shown.
Moditied links _

AR

<2

Break old link
' Page 76, Fig. 8.5: Insert one 10k resistor between
switches S50-98 and Ov, _
Page 77, Fig. 8.6a, 8.6b: Diagram and copper pattérn
modified as shown:
Cr;ﬂ.;&u. Trig. pulse Add new |inks
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Electronic
Synthesiser
Projects

B One of the most fascinating and rewarding applica-
tions of electronics is in elegtronic music and there is
hardly a group today without some sort of
synthesiser or effects generator.

m Although an electronic synthesiser is quite a
complex piece of electronic equipment, it can quite
saslly be broken down into much simpler units which
may be built-and tested individually and these can
then be used or-assembled together to make a
complete instrument. |

# This book does just that and is divided into the
following chapters:
’ , & 1
Chapter 1: Introdugtion
Chapter 2: Single-%ip Synthesiser
Chapter 3: Analogue Delay Line
Chapter 4: Programimable Sequencer
Chapter 5: Voltage Controlled Oscillators
Chapter 6: A.D.S.R. Envelope Shaper
Chapter 7: Power Supply Unit
Chapter 8: Putting it all together

B A clear and logical appi‘oach to the subject that
~should enable even the less eXperienced hobbyist to
understand and build, what initially appears'to be, a,
guite complex instrument.
«1SBN O 85934 066 2

BERNARD BABANI (publishing} LTD
The Grampians .

Shepherds Bush Road

‘London W6 7NF 3
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