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How to use this Manual

If you have no experience of electronic sound genera-
ting devices, and little technical know!edge, start by reading
Sections |l and |11, then progress slowly through Section tV,
referring to the Specimen Patches {Section V{I} where
relevant. Section V contains advice on special uses for the
Studio, and will only be needed by experienced operators.
Section V1, on Maintenance and Faultfinding, should be
read for its general advice, but internal adjustments should
not be attempted unless suitable measuring equipment is
avaitable, and the user has experience of modern solid state
electronics. Section |, the Specification, gives all the
technical facts necessary to use the VCS3 with ancillary
egquipment, and for an enginser 1o check its performance.

ERRATA AND ADDENDA



I - Specification

GENERAL

The VCS3 (Voltage Controlled Studio Mk3) is a self-
contained unit comprising Sound Sources, Treatments for
these sources, Amplifiars Tor bringing signais and controls
in from, and leading them out to, external equipment,

L oudspeakers and a Power Pack capable of accepting any
AC mains supply in the 230V or 110V ranges.

The VCS3 is intended to be useful in several distinct
applications, amongst which are the following:

As a complete unit in itself, using its own internal
loudspeakers, and needing no ancillary equipment.

As the main unit of an electronic music studio,
combined with tape recorders and other equip-
ment. This could include extra indicating devices
such as oscilloscopes and frequency meters, and
extra source or treatment devices.

As a live performance instrument, connected to power
amplifiers and large speakers, and accepting inputs
fram microphones and other sources as well as
generating its own sound.

As a sound effects generator, patched in to a studio
recording system or a theatre reproduction system.
The YCS3 can generate a large number of different
kinds of effect.

As a teaching aid, the studio can demonstrate all the
main acoustic phenomena simply and clearly. It
can be operated by students, and used with any
convenient indicating or recording device.

The main electronics are mounted on three printed
circuit boards, and ather devices in the cabinet include the
manual control potentiometers, the 16X 16 matrix board
with patching pins, the mains transformer and rectifier, the
reverberation springs, the loudspeakers and various tamps,
sockets, switches etc.

The cabinet is of solid afrormosia wood, with sliding
hack and bottom covers. The panelwork is in heavy gauge
aluminium with a satinised finish, screen printed jegending
and a Mylar coating which can be written on. A strong
plastic dust cover is supplied, together with mains lead and
a selection of jack plugs.

Dimensions: 17%" (438mm) high X 17%" {444mm} wide X
18" (419) deep

Weight: {including mains lead and slip cover} 22%Ibs
{10.2 Kg)

DETAILED SPECIFICATION

220-245V, or 105-115V, AC 50 or 60Hz.
Connection by miniature 3-pin plug. in
countries using 2-pin wall outlets it is not
recessary to make a ground connection, and
since the input is floating the polarity is not
important.

Mains Input:

Mains Fuse: 1A, tubular type, access on back panel by

mains input.

Studios destined for Europe will normally be set at
248V, and those for North America at 110V, To change the
voltage range, remove the bottom panel {1 wood screw) and
move the plug by the mains transformer {mounted near the
joystick). Particularly if it is set to the low range, make sure
that the input socket is marked to indicate this. To remove
the bottom or back paneis, first turn the studio on to its
face.

Mains lead connections {back of plug):

(=
LIVE NEUTRAL
Qscillator 1:
Max, Output Levels:  sine — 3V p—p

ramp — 4V p—p

{dial onty} — greater than
1Hz—10KHz

Frequency Range:

Dial relationship is 1.5 octaves £2% per major division,
and the actual dial calibration, when properly set up,
is as follows {the extreme positions may be outside
the tolerance}:

DAL NO. © 1 2 3 4 5
FREQ (Hz} (0.6) 1.7 471 116 327 925
DIAL NO. & 7 8 <] 10

FREQ {Hz}) 261.6 740 2,093 5,920 (16,750)

Voltage control sensitivity {include 2.7 Kohm paich
pin resistor) = 0.32V/octave. External voltages through
input channel give 0.16V/octave since input channels
have a voltage gain of 2,

General Note on Control Yoltages: Specifications give

ranges for manual control of v.c. parameters. The

ranges can be extended by additional control voltages.
Oscillator 2:

Max. Output Levels:  square/pulse output — 4V p-p

triangle output —3Vpp
ramp positions of
triangle — BV p-p

Al other details are the same as Oscillator 1.
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Oscillator 3:

Max. Qutput Levels:  square/pulse output — 4V p-p

triangle output — 3V p-p
ramp positions of
triangle -6V pp

Frequency Hange:
{40 secs per cycle) to BOOHz

Calibration of dial as follows (extreme low frequency
varies slightly from example to example):

DiAL NO. 0 1 2 3 4 5
FREQ {Hz} {0.015} 0.043 0.122 0.344 0.97b 2.76
PERIOD (Secs) {65) 232 82 29 102 036
DIAL NO. B 7 3 9 10
FREG {Hz) 782 222 625 177 500
PERIOD (Secst 0.128 0.045 0.016 0.0066 0.002

Voltage Control sensitivity: 0.26V/octave

Noise Generator:
iax. Qutput Lavel: 3V p-p
Ring Modulator:
Max. Input Levels for undistorted output: 1.5V p-p
Max. Qutput Level with 1.5V on both inputs: 8V p-p
1.5V indicates about 0.45 an the Meter for sine waves.
Above this level there will be some breakthrough of
spurious overtanes. Breakthrough with 1.5V p-p to
one input only is 5mV p-p (—60dB)
Filter/Oscillator
Frequency Range in all functions: {knob control only)
greater than BHz to
10KHz
As a Low Pass Filter (Response knob to 0 — "Low
Pass Position') Cut off rate 12dB for first octave

and 18dB per octave thereafter

As a Resonator [Response knob about halfway —
"Hi-Q Pasition’) Max, stable Q factor: 20

As a Sine Wave Oscillator {Response knob to about 7
or more] Low distortion sine wave output over

whaole frequency range.

Valtage Caontrol sensitivity: 0.2V/octave.

Envelope Shaper and Trapezoid Output:

Max. Repetition Rate: 60Hz

Attack Time: wvariable from 2mS to 1 second
Cn Time: variable from 0 to 2.5 seconds
Decay Time: variable from 3mS to 15 seconds
Off Time: variable from 10mS to b seconds

Decay Time can be voltage controlled, and the Control
sensitivity is 0.4V /octave — i.e. an increase of 0.4V
will double the Decay Time.

Trapezoid Qutput Voltage Range: from —3V {ON) to
+3V {OFF}

{dial only} greater than 0.025Hz

Reverberation Unit:

The double spring delay line {mounted under the fron
left part of the lower pénel), has delay times of 25mS
and 30mS. Maximum reverberation time is greater
than 2 secs.

The output of the Reverberation Unit can vary by
10:1, depending on the exact frequency. This means
that very large paak outputs may oceur even when the
average level is quite low. When the unit is overloaded,
or when it overloads subsequent devices, distortion
will occur, particularly when a tone of slowly varying
frequency is being used.

There can also exist conditions in which acoustic
feedback occurs when using the internal speakers. tn
the small VCS3 cabinet this is unavoidable, but it will
only occur under extreme conditions, and not at all
when external speakers are being used. A slight
recduction in reverberation mix, and in some cases
levels, will check it.

Voltage Control of Reverberation Mix: —2V for no
reverb
+2V for max.
reverb

Input Ampltifiers:
Microphone Inputs {MIC jack sockets)
Sensitivity: 12X} bmVAC into 600 ohms

In fact the input characteristics are flexible enough to
give satisfactory results with most devices, even if the
impedance is considerably higher than 800 ohms {e.9.
crystal microphones}. Low impedance microphones
and pick-ups, however, should be fitted with trans-
formers and/or preamplifiers.

High Level Inputs {HI LEVEL INPUTS jack sockets!

Sensitivity: {2X) max. 1.8VAC (r.m.s.) or £2.5VD1
into 50 Kohms

These are the normal inputs from a taps recorder or
radio, but since they are directly coupled they can
also he used for a DC control input. There is no
objection to one channe! being used for a signal and
the other for a controt, since they are quite separate
¢ircuits.

{Low Level inputs
Sensitivity: (2X) max. 50uA into 500 shms)

These inputs are not available at jack sockets, and are
not normally used, since they are much oo sensitive
for most purposes. They are in fact a DC version of
the microphone inputs, and are found at the Keyboar
Jones Socket (g.v.). In general, however, these should
be reserved for use with special extra equipment such
as the EMS Keyboard.

The three {normally two) inputs to each channel mus
be used separately — e.g. if Channel 1 MIC input is
busy the Ht LEVEL input to Channel 1 cannot also
be used. But different kinds of input can of course be
applied to each channe!:

General Note on Arrangement of Jack Sockets: The

jack sockets are arranged so that Channel 1 {or in one
case L for Left) is in its correct position viewed from
the FRONT of the studio. For this reason they may &



first seem to be the wrong way round when viewed
from the BACK. But we consider this the most logical
arrangement.

Output Amplifiers:

Two amplifiers with Manual and Voitage Control of
gain, and manual top and bass roll-off controls. There
are four pairs of outputs, three of these being available
at jack sockets for external use.

Signal Qutputs {SIGNAL QUTPUTS jack sockets)
Level: (2X) 2V p-p max. into 600 ohms

Thess outputs are marked L and R instead of 1 and 2,
because they are under the control of the PAN knabs
on the lawer front panel. These are the normal outputs
for tape recorders, amplifiers etc. They should go to a
high level (e.9. radio} input, and never to an input with
built-in compensation for a non-linear device {(e.g.
pick-up or tape head inputs).

High Level Signal Outputs {(HEADPHONES (STEREO)
jack socket)

Level: [2X]) 10V p-p max. into 50 chms

These outputs go to a sfereo jack socket. Do not use a
2-way fack in this socket or one side of the high level
output will be short-circuited. A three-way jack is
supplied with the studio, and is normally suppiied
connected to & pair of stereo headphones when these
are purchased. The tip of the jack is connected to the
left channel, the ring 1o the right channel, and the
main body fo ground.

This is a non-panning output, and although intended
principatly for headphones it can be used wherever an
especially high level output is required. The outpuis
10 the internal speakers are also non-panning, and for
this reason the PAN controls are marked (EXT.).

DC Outputs {CONTROL QUTPUTS jack sockets)

Level: Depands on the setting of the device from
which a control is being taken. It is
approximately the same as the figures
given for each device. The optimum load
for this output is 10 Kohmes, and it should
nat be {ess than 2 Kohms.

These sockets are connected to Rows B and C on
the Matrix Board, which is why those letters are printed
by the sackets. They are, in fact, taken at the inputs
te the output amplifiers, up to which point the chain
is directly coupled.

Meter:

A TmA moving coil meter movement is switched to
read two ranges as follows:

As a centre-zero DC meter {switch to Control Voltages}:

range is+1 VDC, O volts being in the centre of the
scale.

As a lefthand-zero AC meter {switch to Signal Levels):
range 1s 4V p-p for full scale deflection.

Joystick:

Two potentiometers mounted at right angles are
simuitaneously controlled by a joystick whose limits
of movement describe a sguare area.

Whatever the setting of the range controls, the
joystick shouid give OVDC from both its outputs if
the stick is precisely central. Moved down and/or io
the left the controls are more negative, and vice versa,
the amount depending on the range control settings,
which are independent and may be quite different.
The most positive position for both is the top right
hand corner.

Joystick Range (Range Controls at max.): (2X} £2
VDG

Matrix Board:

16X 16 way pinboard (256 locations), inputs on vertical
rows, cutputs on horizontal rows. The tips of the pins
go to outputs, and the shafts to inputs. Do not use
patch pins other than those supplied; there are various
types of matrix board, and the wrong pins can easily
damage this expensive item. In addition, VCS3 pins

are neither shorted nor fitted with diodes {as other
pins commonly are}, but with resistors.

All devices at patchboard:

Input Impedance: 10 Kohims constant

Input Sensitivity:  Average 1.5 p-p for full range.

Cutput Impedance: 300 ohms to 3 Kohms dapen-
ding on output level controf
of device.

Output Level: Generally about 2V p-p, but
all devices can detiver con-
siderably more than this.

Patch Pin Resistor — 2.7 Kohms

The probiem of designing an all-purpose patch is to
combine ease of use with acceptable fevels of cross-
talk, and we consider that the best compromise has
been achieved. Inter-row capacitance is approximately
50pF. There can be a small amount of high frequency
cross-talk to open cireuit inputs, but this is reduced by
about 12dB when an input is busy.

KEYBCOARD Jones Socket

This is intended for use with EMS devices, and these
are supplied with a plug to fit this socket. Do nat
attempt to use this facility unless the suitability of
the proposed equipment has been thoroughly
checked.

Socket Connections:

i 2
Low Lovei TC lnpug 1, it i 5, 5OmA i Lised. Supply
Z 4 -
R - 1Y SO Smbitzed Suzaly
= |

4

Acack b pise dody —— il DC lps 2

s
i

l—: ; SPARE

0y

fee il trgger the en-

velo B shaber

WARBNING: Great care must be taken not to short
circuit supply rails 1o themselves or to Ground (Pins
2, 3 and 4}. Damage to the VCS3 will almost certainly
result unfess the fault is only momentary.
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SCOPE Jack Socket

This socket is connected to Row A, and therefore sees
any output connected to the Meter. In conjunction
with the Control Qutput sockets, there are three
possible ways of gaining access to the Matrix Board.

Although. this socket is marked SCOPE {for Oscillo-
scopel, it can be used for a variety of purposes,
including feeding back a signa! inta the studio via one
of the Input Amplifiers (see Section VI.

General Notes on Connecting External Equipment

1) Always make sure that the specification of the
device agrees with the figures given i the foregoing
pages before connecting it.

2} Wateh out for “earth loops” — see Section VI

3} Don't forget that all jacks are 2-way (hody and tip}
except the Headphones jack, which is 3-way (body,
ring and tip).

4} Make sure that any extra jack plugs you buy are a
proper fit — tight but not too tight — and that the
live connection (tip} is firmly gripped by the socket
spring. Foreing in the wrong jack plug may damage
the socket.

o

Always use screened teads, and pre-tin both the jack
plug lugs and the lead and screen, so that the final
joint can be made In the minimum time. Too much
heat will cause the insulation to melt back and
possibly short circuit the lead. :

§;

Use whatever form of cable grip is provided on the
jack plug, so that mechanical strain does not fall on
the inner lead or soldered joints.

1T~ General Introduction

The VCS3 is not ‘played’ tike a conventional musical
instrument, but it is all the same capable of a far greater
range of sounds than any one musical instrument, and since
its controls are all continuously variable the varieties of
sound obtainabie are literally endtess. We think you will
find the following pages helpful in getting the best from
the instrument, but our suggestions are not meant to be
exhaustive, and are designed principally to enable you to
realise sounds you have devised yourself.

The important initial step is to undersiand the vway
in which the many circuits of the VCS3 are arranged for
convenience in use, and to be able to follow the logical path
of your desired sound from source to loudspeaker.

Devices in the machine are of two basic kinds. The
first is a Generator or Source device, swhich we can represent
as a box with an arrow coming out but nane going in.

Devices in this categary are the three Oscillators, the
Noise Generator, the Filter when oscillating, and the
Trapezoid Cutput. In fater pages each of these is described
in detail.

The other basic sort of device is a Treatment, and this
is like a box with one ar rmare arrows going in and one
coming out,

Treatments in the VCS3 are the Filter, the Envelope
Shaper, the Rigg Modulator, the Reverberation Unit, and the
Input and Output Amplifiers. The amplifiers, if used simply
as such, are only Treatments in the sense of making the
signal larger, but the Output Amplifiers can beused ina
way (as we shall see) which makes them genuine treatment
devices.

The output amplifiers lead to loudspeakers in the
VCS32 or out to other amplifiers, tape recorders ete,
Sometimes the output goes to a meter which maonitors the
behaviour of the seund. A Terminaf device can be shown as
a box with an arrow going into it.

We can represent any complex of circuits as an
arrangement of boxes i we wish, and you may find it
helpful sometimes to draw boxes to show what you are
aiming at, before setting up the VCS3 fo produce the sound.



Before going further, it is essentiatl to introduce one
urther idea, because it isvital 1o the operation of the studio,
his is the principle of Voltage Control. Tradiionally
esigned source or treatment devices have only manual
weans of varying their principal parameters, whatever they
1ay be {and this depends on the function of the device of
ourse}. The circuits in the VCS3, on the other hand, have
s well as manual control the possibility of voltage control.
y this we mean that by applying a voltage to a special
\put on the device its main parameter can be automatically
aried. In our box drawings we can add ancther arrow going
1 and mark it C for Control.

To distinguish the twa types of input, we talk of a
ignal Input and a Control Input, and this Contro! may be a
teady voltage, giving a steady output, or a varying voltage,

® W LT
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A very simple sound, in this case a single fone from an
oscillator, would need a block diagram like this:

le le

OSCILLA- OUTPUT

TOR. 1 AMP 1
The Control Inputs have not been connected, and we

are using only the Manual control knobs for gach device. In
Section |1V the precise use of all knobs is explained.

A more complex arrangement, but still relatively
simple for a studic as versatile as VCS3, would be:

&
— BT 4 /-k}ill'ovsﬂci(
N

N

ouUTRUT
— osc.2 —)
AME 1

C &

NOISE.
GENERATOR

ENVELOPE ouTeUT

N
SI\. ‘P'E;Q.. AMP c'::?_)

n which case the output will vary with it. The parameter
inder conirol is clearly marked, but is usually self-evident —
for example the control input of an oscitlator will vary the
Frequancy, that of an amplifier the gain, etc. What gives the
VCS3 its great versatility is that one device can be made to
sct on the control input of anather, and whole chains of
nterdependent events can be built up in this way.

It is very important to make up your mind for what
rpOse you are Using an available voltage — whether as a
Signal (to be heard) or a Control {to medify another device}.
Sometimes the same signal is used for both purposes, but in
the main we will find that Controls tend to be of much
ower frequency than Signals, and this is why several of the
Sources can produce very low frequencies indeed, well into
the subsonic spectrum and useless as audible sounds.
Oscitlator 3 can produce a frequency approaching one cycle
ner minute, and the Envelope Shaper can also make very
slow changes.

If the Control Input is marked with a C, there is no
need 1o mark the Signal Input, and the two main types of
hox now look like this:

e e

This would produce a varying swishing or roaring sound,
with the level and with movement %etween the speakers
cantrollable by the joystick (a2 manual doubile voltage control
device). In the next Section we will see how the above block
diagrams are interpreted on the studio. &

Although the VCS3 can generate a very large number
of types of sound by itself, you will almost certainly wish
16 connect it to external amplifiers and/or tape recorders, -
and feed into it from microphones and other sources. There
are ample connections to do these things, and details of the
various jack sockets are given in the Specification {Section 1),
The studio is delivered w;tﬁ a supply of jack plugs, but
these are in any case stAndard items and spare ones can be
obtained from any good radio shop. Advice on soldering
leads to jack piugs is given at the end of Section |, and
notes on external equipment both in Section | and Section V.
Note that the Headphone jack socket uses a different type
of jack plug (3-way} from the others {2-way}.

eq &)

0sc.a R -




III Connecting the VCS3

and Using the Matrix Board

Unless otherwise stated by a label, the mains trans
farmer is set to 245 volts, and after the lead has been fitted
with a suitable plug the studio can he pltugged in and
switched on {MAINS ONJ, when the red lamp by the switch
should glow. The studio must on no sccount be connectad
to a OC suppfy. The small red light on the upper panel may
also glow or flicker, and this is quite normal. If your mains
supply is lower than 240V a tapping can be selected by
removing the bottom panel {place the studio on its face —
like an inverted “V''). But it is better to set to the tapping
next highest to your supply than risk too high a running
voltage. For use in the USA ar other areas having 110V
supplies, a suitable tapping is also provided, and it is
advisable to mark the mains input point clearly if itis set
for the low range. For mains lead connections, see
Section | {Specification).

The studio is now running, but no sound will be
heard until ane or maore pins are inserted into the matrix
board. Since no results can be obtained until the operation
of the matrix board is understood, we are devoting the
remainder of this section to this important component. in
the next section the devices themselves are explained in
detail.

tn order to arrange our Sources and Treatments into
patterns of blocks, such as we outlined in Section 11, we
must have some means of connecting one block 10 another.
In theory this could be done by switches, but a moment's
thought will show that in order to achieve the very large
number of possible combinations we wish to have available,
the switches would have to be very numearous and compti-
cated, and would defeat their purpose by being almost
impossibly cumbersome to use. All studios of any
complexity, therefore, while they may fit switches for
very common operations, also have a flexible plugging
system which we call ‘patehing’. Most patches are achieved
by loose wires and plugs known as patch cords, and rows of
holes somewhat like a telephone exchange. Not only can
patch cords be broken very easily, but the system takes up
a lot of room and when any complex patch is made the

result is a mass of tangled wires. The miniaturised patch
board fitted to the VC33 allows any one or more of 256
different connections to be made by the simple insertion of
a small pin. The insertion of one pin connects one input &
ane output, each identified by the intersection of two rows
of holes at right angles. The cutputs are ranged in horizontat
rows, labelled both with function and with numbers, and
the inputs are arranged in vertical rows, also identified, but
in this case by functions and letters. To make things even
easiar, the Signal Inputs are shown by letters in round boxes,
and Control Inputs by letters in square boxes. Furthermore
the appropriate numbers and letters are also repeated near
the device they refer to — e.g. the Envelope Shaper has (@
by it, which rmeans that its Signal tnput is row (©; . |t has the
letter [T by DECAY, which means that the Decay Time
voltage control is on row T]. The two outputs {Trapezoid
and Signall are marked 11 and 12, and these are the rows
on the matrix board where these outputs can be found.

Let us consider the first simple biock diagram we
drewy in Section |1, and lay it out in terms of the matrix
board, Oscillator 1 output is either row 1 or 2, depending
on the waveform you require {or both if you like). The
input to Qutput Amplifier 1 7s on row B.-One pin inserted
at B1 or B2 will therefore produce the single tone we were
looking for.

If you try this and achieve no sound, it may be
because (a) Osc. 1 is set to a sub- or super-sonic frequency,
{b) the appropriate Osc.1 level control is at zero, (¢} the
Cutput Amp. 1 level contral {on lower panel} is at zero or
{d} the speaker muting switch for Channel 1 is down.

[t is worth mentioning here that there are many
settings of the VCS3 which produce no sound, but onge
yvou understand the logic of its devices you will yvourself
go about the operation of the controls in a logical manner.
The basic lesson from this sirmple patch is that your Wil hear
nothing unless there is a pin in row B or C or both.— i.e. you
must finish any patch by connecting to an output amptifier,



The second block diagram which we drew in Section !l Try to work out the action of the Controls. The
requires rather more pins, and in this case we will draw out DECAY voltage control may not be fully understood until
the whole route of the signal and the controls in order to you have read the description of the Envelope Shaper in
make the patch quite clear. the next Section, but fwwo controls are applied (Ose.1 and

Osc.2}. The two oscillators are tuned to nearly the same

As can be seen from the diagram, this patch needs frequency (O on the dial will yield a slightly different
nine pins, and we can note the locations {from left to right} result from each), so a difference frequency or beat occurs,
as: B12,C12, D10, H7, L2, L4, N6, 016 and Fi5. Different producing changes slower than either of the basic frequen-
control waveforms will result if we change L2 to L1, L4 to cies. Note that if you are trying this patch immediately
L3, and N6 to N5. Suitable knob positions for this patch after switching on the VCS3, the Noise Generator will not
are given in the first Specimen Patch in Section VIi. operate for about 20-30 seconds after vou have switched on.
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Mow although this patch gives us a swept coloured
noise controllable in various ways, this will not happen
unless vou have also set up the knob controls correctly, and
apart from reading the advice given in the next section, you
shauld now try the effect of moving the knobs from their
suggested positions. 1t is a firm rule, however, that unless
vou have a patch which can produce the kind of sound you
are looking for, no amount of manual alteration will achieve
it for you, so give a great deal of thought to the correct
placing of the pins, Practice with different combinations of
devices will teach you how to analyse the sound in your
mind’s ear into the complex of devices which will produce it.

General procedure for patching:

1) Think of the kind of sound(s) you want.

2) Think of a sequence of devices which will produce
this, and set the relevant knob controls more or

less In the positions you think will be carrect.

3

Make a trial patch.

4

if disappointed the first time, check the knob
controls to make sure they are not set so that no
sound can be heard anyway, or set wrongly for the
sound you had in mind.

5

if even then the patch seems unsuccessful,
simplify it and build it up stage by stage. There
are often several ways of achieving a given sound.

B} A device can sometimes be used in two ways at
once, but cannot separate two mixed input signals.
For example if reverberation is being used on
Channel 1, you cannot aiso connect a Channel 2
signal to it without intermingling the whole result.
But one control can affect signals in both channels,
or more than one device — simply place several
pins in the same row, as we did with Rows L and
12 in the above example.

2

Watch out for gross overloading. All of the devices
will give some overall amplification if set at or near
maximum level, but on the whole a2 Treatment
should be set to give unity gain, and it is possible
to produce very distorted sounds if everything is
driven at maximum, and defeat the purpose of
your patch. 1 is best to keep the main level
controls (large knobs on Lower Panel) at about
two-thirds to hegin with, and build up levels from
the start of the chain so that each stage is
comfortably driven. Sometimes you will find it
better to change the order of the Treatments — for
example in the case we have just illustrated the
sound would be different if the Envelope Shaper
preceded the Filter, because the Control waveforms
would be acting on the Signal in a different state.

In the next Section we describe the function of each
device in turn, and your skill at patching will increase as you
try the effect of each device and that of various combina-
tions of them.

IV — Detailed Operation
of Devices

On the following pages each device in the VC83 is
considered separately. So far as possible, Sources are
arranged on the left of the studio, and Treatments on the
right, at least on the upper panel. The Input Amplifiers,
although not Sources in themselves, become so when an
Input is applied to them, and the use of these amplifiers is
explained not only in this Section but in Section V.

These descriptions are intended to explain the
practical use of each device, further technical information
being available in Section | {Specification). As we have
said before, the aim of this Manual is fo stimulate your
ideas rather than to impose curs, and the few examples
given are meant as foundations to buitd upon, not complete
guides to the use of the device in question. Do not hesitate
to experiment with all kinds of patches not given in this
hook. The studio is designed so that it is virtually impossible
to damage 1t electrically by wrongly connecting its internal
resources, and aur whole intention is that you should be
adventurous rather than cautious.

The devices will be discussed in the following order
(beginning at top left of the Upper Panel):

Upper Panel

OSCILLATOR 1
OSCILLATOR 2
OSCILLATOR 3
NOISE GENERATOR
INPUT AMPLIFIERS

Lefthand side

RING MODULATOR
FILTER/OSCILLATOR
ENVELOPE SHAPER
REVERBERATION UNIT
QUTPUT AMPLIFIERS
METER

Righthand side

l.ower Panel

MATRIX BOARD

MAINS ON/OFF

JOYSTICK

ATTACK BUTTON

QUTPUT LEVEL AND PAN CONTROLS



OSCILLATOR 1 Sine Output Level. Decides the amount of output

available at Row 1.

Ramp Output Level, Decides the amount of output
available at Row 2, Since the fwo cutputs are derived

C@ywcj) ) from the same Cscillator they are perfectly in phase
and may he mixed (2 pins) to give a large variety of

i tone colours.
> M

0aC1

o, OSCILLATOR 2
e 22y 41
53

This Oscillator is intended principally for generating
audible tone, hut since its range extends downwards to 1 Hz
it can be used in a variety of Control applications as well.

C (frequency)

In building a tone, we must consider several elements,

but such questions as the length or shape of the final note 5 N
are usually decided after we have chosen a basic sound I
{though we may alter the basic sound later if we wish). OSC Dj

This Oscillator and Osciliator 2 have the same frequency ’4 5 AN
range {more than the complete audible spectrum) but
different choices of waveform. The nearer a vwaveform

approaches to sine tone, the ‘purer’ it sounds, although sine
tone itself is dull and characterless. One output from
Oscillator 1 produces sine tone at a point near the centre

of its Shape Control, and you can easily test this. Put a

pin at B1, turn up Channet 1 cutput level {lower panel} to
about 6, and set the frequency control to a middle position.
Mow turn up the Sine Level to about 4 or 5, and move the

The range of this Oscillator is the same as that of Osc. 1.
The difference is in the shape control arrangements and the
outputs available. {n this case they are square and triangle,
not sine and ramp as from Osc. 1, although since the shape

Shape Contro! through its whole travel. You wilt find one control applies to both waveforms we can derive a ramp
point near the middle which is suddenly very smooth. This output from the triangle.

is the sine point. To each side of this point the waveform . ] o ]
gradually changes to the shapes shown below. In general, As with Osc.1 the Symn'jetf'Caf position is ea.‘f‘ﬂy h_eard,
the rougher and sharper a waveform, the ‘buzzier’ it sounds, because the even harmonics disappear — the point is quite
which means that it is rich In upper harmonics. Symmetrical critical. The sguare is a ‘rough sound, because the odd
waveforms either ¢contain no harmonics [sine) or odd har- harmonic series is long and of relatively high amplitude.
monics anly. Unsymmetrical waveforms contain both odd The triangle is also an odd harmonic series, but decreasing
and even harmonics, Far a fuller explanation of this refer in amptitude much more rapidly. For further methods of

to any acoustics textbook. tuning for symmetry, see the descriptien of the METER.

The other waveform available from Osc.1 is @ ramp or Controls {L to R):
sawtooth, which is rich in both odd and even harmonics. We ) .
will see later that by using the Filter we can subtract Frequency {slow motion diall As for Osc.1 {1Hz-10KHz)

harmonics from an otherwise rich waveform. . . o
Shape Control. This applies to both outputs, and it is

Controls (L to R): important to remember this if you are using the
outputs for different purposes — i.e. changing the
Frequency (slow motion dial}. THz-10KHz, extend- triangle to a ramp also changes the square to a pulse.
ibte by Valtage Controls, The numbers on the dial do The shapes change as follows:

not refer to frequencies, but can be used as a method
of logging dial setting. The relationship is in fact 1.5

octaves per major division on the dial, and a table of I- |— ‘_

nominal dial calibrations is given in the Specification =
{Sect.1). In all cases of voltage controlled parameters, l

a given dial setting will only refer to a definite LET. ———0ERTRE > BT

frequency {level ete.} if the setting has not been _

i ; , TRUENIE
modified by a control input. The manual and electrical ~d ~" l/’ B

controls must be taken together.

Shape Control. This applies only to the Sine Qutput

{next to the right). The shape changes on each side of NOTE: When using the square/pulse shape, the
the sine peint in the following manner: extreme positions of the Shape Control give no output
because the puise becomes too short to be perceptible.

. S\ /\ The output then becomes in effect a steady DC,

4 N =T

Square Output Level. Available at Row 3.

Triangle Output Level. Available at Row 4. As with
Osc.1, the two outputs can be mixed by inserting
pins in Rows 3 and 4 together.
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OSCILLATOR 3

C (requency)

9 4 nr

0SC3 | &

I =N V)V

This Oscillator has the same shaping arrangements a5
Osc. 2, but Is very much slower, going down to a lower limit
which varies slightly with each example, but is certainly
greater than 40 seconds per cycle (0.025 Hz). Frequencies
of this order should be regarded as changes of voltage over
a period, since the only audible output is & click when the
waveform reaches a sudden change of direction. |t wilt,
however, produce audible tone at the upper end of its
range, reaching 500 Hz, or just short of an octave above
Middle C.

Osciliator 3 is intended primarily for Control functions,
although the sonic part of its range can of course be used
when chords are required. To monitor the very slow
changes, conrect the Meter by inserting a pin at AD or AB,
and switching the Meter to Control Voltages.

Controls (L to R)

Frequency (slow motion dial}. 0.025 Hz 1o 500 Hz. A
table of nominal dial calibrations is given in the
Specification (Sect. 1}.

Shape Control N

' As for Osciltator 2, but
Square Output Level  about 20 times slower for a
\ given dia! setting

Triangle Output Level

OSC. QQUT—

0s8C. 3 OUT —>

COMBINETD
COMRTRS L._,l
WAVEFORM

At this stage, experiment with the three oscillators,
singty and in chords as audic generators, and in various
configurations of control. Three part chords can be made
by inserting pins into one ar both outputs of each oscillator
on Rows B and/or € — or you can make the lefthand tone
colour different from the right, by using, say, B1, C2, C3,
B4, C5, B6. Oscillator 3 will only produce a sonic output at
the upper end of its range {between about 7 and 10), and
should usually be used as the bottom note of the three.

Or tone from {say} Oscitiator 1 can be modified by
putting an output from Osc.2 or 3 into its control input {
If Ose.? frequency is set at or near its lower end, and pins
placed in B1 {for Osc.1 output} and 13 {for control} a trill
or tremolando will result. You can controf the speed of
this effect with the frequency control of Osc.2, its evenness
with the shape control and its pitch range with the level
control. If now a siow ramp from Osc.3 is applied to the
same cantrol (I6}, a rising and falling series of notes can be
produced, Again the various controls of Osc.3 will affect the
nature of the pattern produced.

By using the ramp output of Osc,2 as well as that of
Osc.3, a staircase waveform can be generated. The two level
controls must be carefully adjusted if you want a steady
pitch on each ‘step’, since as you can see from the diagram
a change in either slepe will affect the flatness of the level
parts. Note that the ramps are in opposite directions: for the
upward staircase below, Osc.2 Shape Control should be fully
counterclockwise, and that of Osc.3 fully clockwise. (see bel

Applied as a control to Osc. 1 this waveform will cause
it to perform upwards or downwards scales and arpeggios.
These must, however, be of the symmetrical variety (chrom-
atic, whole tone, diminished sevenths, ete.) or of course
intervals in between which have no staff notation equivalent
Musicians with an interest in intervals may care to tune Osc.
so that Osc. 1 is swept through an octave, and then tune
Osc.2 to give unusual equat divisions of the octave, such as
10 or 13.

There are many such simple patterns to try, using
only the three oscillators. One can control the other two,
which will result in changing two part chords, or there are
various circular control configurations, some of which
interact in such a way as to give an illusion of randomness -
i.e. they take so long to repeat themselves that there appear




10 be no regular pattern, An example of this is given in
Specimen Patch Ne.2 (Section VI, which produces clicks
in &n apparently random manner. Study the arrangement
of the pins and see how the Oscillators are acting-on each
other.

NOISE GENERATOR

NOISE 7
GENERATOR.

This device is not voltage controlled, and produces
gither ‘white’ noise or noise with some colouration. White
noise can be compared with white colour, in the sense that
the whole audible spectrum is represented in the same way
that white light contains all colours {light frequencies). If
you imagine an audible spectrum drawn out in the way that
a light spectrum is often shown, a sine tone is represented
by a single line on that scale {like the thin yellow line of
sodium light}. White noise, the opposite phenomenon,
would be a picture of the whole spectrum at once.

When we are devising the best method of arriving st a
sound we may work in two ways; either we start from a
simple tone and make it more complex by adding to it, or
we hegin with a sound which contains all frequencias {white
noisel and subtract from it to arrive at what we need. Or of
course we may combing tone with naise in various ways.

As a guide to basic applications, coloured noise accurs
in nature as such sounds as the wind and the sea. In music
the unpitched percussion instruments {cymbals, snare drum,
block etc.) all have a high noise content.

We will often find that we use Noise in canjunction
with the Filter {q.v.}, and when the noise is restricted to a
narrow part of the spectrum we refer to the width of this
part as the 'Bandwidth™ of the noise. But a degres of
colouration {i.e. bandwidth restriction} is obtainable with
the Colouration control on the Noise Generator.

Controls {L to R}:
Colour. Dark to the left {low pass filter}, white in the
middle {unfiltered), and high and light to the right
{high pass filter].

Level. The amount of Moise available at Row 7.

1

You can listen to noise at B7, or without using any
other devices you can frequency modulate one or more of
the Oscillators with noise. At low frequencies you will hear
noise chopped at the frequency of the Oscillator. At higher
freguencies the result is a kind of pitched frying sound.
Further experiments with noise will be possible when we
have described some of the Treatment devices.

IMPORTANT: Because its design includes a circuit with a
very farge time constant, the Noise Generator wilf not
operate for 207 to 307 after switching on the studio. This is
guite normal, but should be remembered when yau are
trying to set things up very quickly.

INPUT AMPLIFIERS
{see black diagram below)

These are not necessary for the internal operation of
the studio, but are called into use for two main purposes —
{11 to process an audio Signal brought it from an external
source; (2} to influence devices in the VCS3 from an
external Control source. High level AC/DC inputs are
provided, as well as separate microphone jack sockets, but a
given channel can only be used for one purpose at a time —
e.g. if a microphone is being used on Channel 1 [nput
Amplifier, we cannot also use it for a DC control input. But
the other Channe! is completely independent, of course,
and each can be used for a different purpose.

Do not feel that Input Amp. 1 socmehow belongs to
Output Amp.1. There is no reason why you should not use
both tnput Amps. for a signal destined for sither or both
outputs — they are interchangeable. ;

A few typical inputs would be:

(1] Anair or contact microphone

{2] A disc player or tape recorder playing in material
which we wish to process lor even a radio].

{3} Another VYC53 from which it is intended 1o
derive a control voltage.

{4y A remote control, such as a remote fader, which
could be very simple and provide noiseless
control from as far away as you like.

'n gereral, tape recarder or radio outputs feed into
the HI—LEVEL INPUT jack sockets. The 1C jack sockets
are intended for 600 ohm microphones, but will accept
imputs of higher impedance. Low impedance microphones
should, however, be fitted with step-up transformers. Further
infarmation on using the YC83 with external equipment will
be found in Sections | and V.

MIC. INPUT (1) 9—— =
(KEYBOARD IN 1) e

HFLEVEL IN() »
MIC.INPUT (8 —r
(KEYBORRDIN ) -

HI-LZVEL IN(Q) &

INPUT | o
AMP. 4

INPUT | o
AMP. 2,
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Controls (L to R}):
Channet 1 Level Availabie at Row 8.
Channet 2 Level Available at Row 3.

When you are not certain how large the input is, put
the Level controls to zero befare connecting. Connect the
meter ta the appropriate input channel {A8 or A9} and
switch it to read the appropriate type of input (Control
Voltages or Signal evelsl. Turn the input up cautiously
until the input signal level reads about half scale, and then
connect it to its intended destination and adjust again until
correct. | the needle goes right over as soon as you begin
turning it up, make arrangements to attenuate the signal
externally before lringing it in.

A very simple but useful function of these amplifiers
is a5 straight through line or manitar amplifiars, in
conjunction with the output amplifiers {pins in B8 and C9}.
For general studio work, yvou may need to filter a signal
{for examplel, and the two sets of amplifiers plus the filter
can be used for this purpase alone without using any of the
other devices at all.

RING MODULATCR

3 i Ny
MODULATCR

This is the first Treatmeant we are considering, and its
mature makss it unsuitable for Voltage Control, since it
either functions correctly or not — there are no gradations
of control possible. It has one control, the Output Level,
inputs being controlled at the devices feeding the modulator.

Contral
Qutput Level Modulated Output available at Raw 13.

Elsewhere in the YCS3 we can obtain amplitude and
frequency modutation {some of the experiments we did
with the three oscillators were frequency modulation}, but
ring modulation, though a special case of amplitude modula-
tion, has in practice a different function and effect. There is
some analogy with the logical AND, in the sense that no
signal is present at the output unless there is a signal at both
inputs. This means that apart from normal modulation
applications, we can use it as a switch by removing one input.

For a full understanding of modulation it is necessary
to read more widely than this manual, but the essential facts
are these: Modulation, though apparently similar to the
operation of mixing {two inputs and one output) does not
merely mix sounds and present the mixture. It actually
transforms the inputs, and the output consists of new
sounds not heard at all at the inputs. These new sounds
{modulation products} are the result of both adding and
subtracting all the input frequencies, giving sum and
difference frequencies which only in special cases relate to
the original frequencies harmonically (typical special cases
are when the arithmeticzl relationship is a very simple one —
e.g, octave}. Modulation occurs in natural circumnstances.
For example if you speak ar sing down a length of wide pipe
your vaice is modified by the pipe and emerges at the
other end modulated at the resonant frequency of the pipe.

In this case, of course, the modulation is only partial and &
great deal of the original inputs (voice and pipe notel can be
teard. Ring modulation is a special case in which [provided
the modulator is a good onel the inputs disappear
altogether,

Take two sine waves — one by connecting to B 1, turning
Osc.1 frequency to about 6 on the dial, and tuning Shape
Contral for symmetry. Put another pin at C10, turn Filter
Frequency (targe knob) to about &, Level contral to maxi-
mum, and advance Besponse unti! the Filter oscillates. Tune
the two notes to an exact unison {tune out the beats). At
this point vou should check the signal level because the Ring
Modulator inputs should not be higher than 1.5V peak to
peak for undistorted output. This level will read 0.45 on
the Meter (slightly left of centre}. Chack by switching Meter
to Signal Levels and plugging it first at At and then at A10.
Adjust the level controls so that outputs are equal and
below the above level {say 0.4},

Change the pinsto E1, F10 and B13. You should hear
an octave of the original note. Now slowly turn Osc.1 tuning
to about 5.3 {one octave down — you can if you like
prepare this position while tuning the unisont, During the
retuning two notes will have been heard at the output, one
rising and the other falling, and neither of them the original
notes, This is because the sums and differences have been
moving towards each other, as follows:—

FALLING —————»

600 580°560[540 520|500 480|480(450| HEARD

SIS
OSC.1 300 280 2600240220 200 [180(166|150 (

i -+ SUPPRESSED
FIL/OSC.| 300 300,300 300]300|300 (300|300 300, |
DIFES! 0i 20| 40| B0; 80|100]120|140]150

RISBING —»

HEARD

At the end of the run you should hear a note one
octave below the original, plus its twelfth above. A
comparison of ring modulated tone with the same tones
unmodulated can be found at Patch 3, Section VII,

Wost ring modulators have some ‘breakthrough’ and
distortion, so that the cutput waveforms are not only
degraded, but contain some of the original inputs. The VCS3
transformerless integrated circuit ring modulator is extremely
efficient, and this depends on its maintaining perfect balance.
After a great deal of use this balance may have 1o be adjusted,
and instructions for doing this ere given in Section VI.

Although we have mentioned that the levels should be
kept below 0.45 on the Meter, do not be inhibited by this,
The amounts of distortion and breakthrough will still be
acceptable at much higher levels, and no harm except
urtwanted results will come from overloading this robust
device. Do not feel it is necessary to make Meter checks all
the time.

The Ring Modulator is a very usefut and versatile
device, and we now give a few typical examples of iis
application:

1) Transforming {nstrumental Sounds Plug a micro-
phone to MIC 1 input socket {perhaps another 1o
MIC 2 — one could be an air microphone, the othera
contact typel. These go to one input of the Modulator
(E8, ED), and the tweo input amplifier level controls
will be varied to give the desired result. The ather
input will normally be fed by a sine tone, which gives
the purest result, singe a rich tone or a chard will give
rise to outputs of great camplexity, sometimas even
confusion — however you are advised to experiment
with all types of input. The purest sine available is
from the Filter/Oscillator {see p. 13 ) for detailed



description). Put a pin at F10 and the Response control
to 7 or more. Finally a pin at B13 or C13 or hoth will
connect the output {or of course other Treatments

can be added as well}, This arrangement will completely
transform the sound of a voice or instrument, and you
should try the effsct with different settings of the
Filter/Oscillator frequency.

2} Freguency Doubling Perfect octaves will be
obtained if the Filter/Oscillator output {set as aboval
is applied to both inputs (E10, F101. This special case
gives difference frequency = 0 and summation fre-
quency = 2 X original = octave. Connect both ariginal
{B10 or C10) and modulated output {(B13 or C13} to
speakers to hear octaves.

3 “Bow” Type Attacks This is 2 remarkable trick,
depending an the fact that the Modulator is AC
coupled (has capacitors in the input ¢ircuits). The
result af this is that at very low frequen\gies all inputs
are differentiated and/ar phase shifted (don't worry
if you dan’t understand that explanation!, and that a
DC has no effect at all. The capacitor is sensitive onty
10 a changg in the input voltage, and the marea rapid
the change the greater the firal output,

Pir Oses. Tand 2'at E1 and E4, snd tha Joystick at
t1%, J15 and F 16 {for further description of Joystick
see p. 195, Set Joystick range controls at 6, and pin
also the output of the Ring Modulator (B13). There
will now anly be a sound when the Joystick is movad,
and if the Oscillators are tuned to a concard some-
where in their mid range (56 on the diall, you can
‘play’ the joystick as if it were & bow. ‘Bowing is up
and down, and pitch changing from left to right.
Specimen Patch 4 {Section V1) gives a more elaborate
version of this, with ‘bowing alse contributed by the
Trapezoid Cutput (see Envelope Shaper). Try slso
slow square and ramp inputs — you can produce
various pluckead and struck tyaes of sound.

4) Bell Tones The natural bell sound is complex,
and the Ring Modulator will produce very complex
outputs if the inputs are themselves rich in harmonics.
The hest results are obtained by using fairly high
frequency inputs and combining low difference tones
with very high summation tones {the difference tone
can of course be very low even though both inputs
may be very high or supersonic). The actual “stroke’
is made by the Envelope Shaper {g.v.), and can be

set to ‘toll’ or 'tinkle” whichever sort of sound is
required. Tune Oscs.1 and 2 to about 7.5 on the dial,
and use the sine output of Osc.1 together with bath
outputs of Osc.2. Pin E1 and F3, F4. Connect the
Joystick to 116 and J15 (range controls at 4}, Take
the output of the Ring Modutator to the Filter,

13

Shaper set Attack and On at O, Decay at about 6 and
Off about 3; Reverberation Mix at b and level at 10,
Maw move the Joystick for different betl-like tones
and also adjust filter Frequency and Decay for
different effects.

These are a few examples of Ring Modulator technigue.
Many of the Patches in Section VII make use of the
Modulator, and will give you further experience of its use.
Ring Modulation has unfortunately gained for itself a
reputation for harsh, distorted sounds, and this is in fact the
usual result when a primitive transformer and diode device
is used. YWe hope that the above examples have shown some
of the great variety of useful sounds obtainable with a good
design.

FILTER/OSCILLLATCR

0

c @Y&ﬂ;u,e;zgj
H FILTER./ o
OSCILLATOR

A Filter does exactly what its name implies — it
removes some of the freguency spectrum from any input
presented to it, by cutting off some of the low or high
frequencies, or both. The more complex the input, the
more drastic the effect of the Filter can be. There is, for
example, no point in filtering a sine tone, because only one
frequency is present in any case. At the other end of the
scale, a complex, jagged waveform can be refined to an
alrmost sinusoidal condition by filtering out all but its
fundamantal frequency. Or the fundamental can be ignored,
and some other part of its harmonic structure can be
selected.

The type of Fitter fitted to the VCS3 enables you to
select a very small portion of the spectrum, rejecting all the
rest. To know what its characteristics are at a particular
moment, we need two pieces of information — the frequency
at which the acceptance of signal is most efficient {the centre
frequency), and the extent of acceptance on each side of
this point {the bandvidth). The VCS3 filter has an assym-
metrical bandwidth characteristic. When the Response
contro! is fully to the left it behaves as a fow pass filter,
which means that response is normal up to a certain point,
after which it rapidly falls away. As the control is turned to

Envelope Shaper and Reverberation {B14, C12, D10,G10, the right the bandwidth contracts from the low frequency

H13). The best filter Frequency position is probably
about 7, Response O, Output 10. On the Envelope

i B e
Lo Tass sikion

end until the filter has a sharp peak at a frequency deter-
mined by the Frequency Control.
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The sharpness of the peak, or selectivity, is known as
the 07, and so we refer 10 the /ow pass position {Response
control fully left} and the high-"Q” or Resonator position.
This will be at about 5-6 on the Respaonse dial, and at some
point around here the filter will begin to oscillate. Thisis its
second function — a very pure sine source, in fact the purest
sine tone available in the studio. The actuat oscillation point
will vary slightly with the frequency setting, and you should
try this out with yvour own VCS3 {pin in B10}. Set the
frequency control about halfway. Advance the Response
control until oscillation begins. Take it back until the
oscillation just stops and then check that it doesn't
oscillate at a higher frequency setting. A little practice will
determine the highest setting for the Response control
which gives high-Q without oscillation anywhere in the
range.

For an exercise, tune Osc.1 to a fairly low note, and
put its ramp output through the Filter {(H2, B10}. Then
sweep the filter frequency writh Osc.3 set to a rising ramp
{NB and Osc.3 shape control to the right). With some
adjustment the filter will extract the separate harmaonics
fram the ramp waveform and a natural series will be heard.
The filter has a profound effect both on tone and noise (try
this as well). If the frequency setting 7s below the funda-
mental offered to the filter no output at all will be obtained,
of course, and until vou are used to it this can produce
puzzling cases of disappearing signals. As with the ring
madulator, the filter in the VCS3 is very efficient, and the
total disappearance of the signal when off tune may beg &
surprise 1o those used to less perfect designs. This effect is
most marked when the input is a sing wave, because with
no harmonics to filter an output will only be cbtained very
near the correct centre frequency point.

Controls (L to R}:

Frequency {large knob) Covers the whole sonic range
gither as the filter centre frequency or the osciltator,
depending on the function being used.

Response Fully left is the low pass position. At same
point a little over halfway the high-Q position becomes
the oscillator position, and the device wili continue to
oscillate at points further to the right.

Level Output available at Row 10,

Several of the specimen patches in Section VII make
use of the Filter, and you will find it invaluable for shaping
tone and noise to what you require. The voltage control is
of frequency, and by swaeping the filter frequency the
timbre of a note can be continuously changed. If the Filter
is oscillating, the voltage control operates in exactly the
same way as the controls of the three Oscillators, and this
pure sine source is particularly useful as one of the inputs to
the Ring Modulator, ¥YWhen you have studied the next

description {(Envelope Shaper}, try applying the Trapezoid
output to the Filter while a tong is being routed through the
Filter and the Envelope Shaper. The timbre of the note will
change throughout its length.

kn general, you will get best results from the Filter if
the input is rich in harmonics, so it often a good idea to use
both Oscillator outputs together, or even a whole group of
olutputs from several oscillators, either in unison or
arrangad in a chord.

There are occasions when you will want to use the
Filter as such while it is also oscillating — it then becomes a
variety of modulator with a built-in secand input. Effects

like howling wind, for example, resuit from mixing a naise
input with the ascillatory output of the filter.

ENVELOPE SHAPER
C {decay Time)
B | ENVELOPE | 4o

e |
SHAPER.
C { \&F@m cLI

1

This is a complex unit, and its main controls are
concerned with time. 1ts primary function is to generate a
shape for a sound. For example a plucking type of sound
must start very guickly and immediately begin to fall away,
but much more slowly than it started. Or you may require a
rapid crescendo at the beginning of a note, then to hold it
steady at a certain level, finally letting it fall off slowly to
sitence and after a few seconds automatically repeat itself.
Within the limits of its time controls, such a cyele can be set
autormatically on the Envelope Shaper.

There are six controls associated with the device, and
we will consider first the four on the top row, These are all
congerned with time, and the following sketch illustrates
their function.
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tn most cases these times are quite slow {a second or
morel, but it is possible to produce a cycle fast enough to
generate actual tone at about 80Hz (all four controls at zero}.
This will sound not Yke an envelope but modulation. At the
ather end of the scale the longest self repeating cycle is
about 20 seconds [.05Hz). This is with Attack, On and Decay
at 10, and Off about halfway. Further to the right OFf
becomes a permanent state next time it is reached, and the
cycle must be reactivated by the Attack Button on the lower
panel. This is the Manual mode, in which you set up the kind
of attack you require and press the button whenever you
want to hear it. The only need for practice is in managing
short attacks in the Manual mode; the On state will continue
as long as the button is held down, so a rapid release is
necessary if a short sound is required. When the hutton is
released, the Decay occurs at whatever time has been set.
The small red indicator makes quite clear when each half of
the cyele begins — bright for Attack and On, dim for Decay
and Off.

A special case exists when the Attack time sxceeds
the On time, and In this event the decay will operate before
the Attack has finished. Gentle undulation of level can be
obtained in this way. Lengthening the Decay time, on the
other hand, will not have quite the same effect — the On
cycle will not fire until the voltage has reached a certain
level,

YWith a little practice a wide variety of automatic and
manually triggered shapes can be obtained. Experiment with
various types of sound {in at Row D, out at B12 or C12}.

The control parameter selected for this device as the
most useful one is the Decay Time { }. Since altering the
Decay time also affects the firing of the next On cycle, a
control applied to this point will not only change the shape
of the note {more or less tenuto) but also the whole
repetition rate of the cycle.

There are two outputs, and it is important to dis
tinguish between them. The normal signal output (Envetope
Signal — 12) is the end product of the signal put in at
with the desired shape applied to it. The Trapezoid Qutput
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{11) makes this shape available {without the signal it may

be shaping, or even in the absence of a signal) for whatever
controi purpose may be needed. You will find this waveform
very useful as a control, and the interactions of this with

the other very slow waveforms available {from Qsc.3) can
produce non-repeating events over a surprisingly long period.
As a simple example, try adding to the experiment above by
applying the Trapezoid output to the frequency contral of
whatever tone you were putting through the Shaper, There
will now be an upwards glissando as the note begins, and a
downwards one as it decays. The diagram befow

illustrates the action of the two outputs:

Controls (L to R):
{upper panel)

Attack Varigs the crescendo time of the note, from
almost instantangous {2mS) to 1 second.

On Variable from 0 to 2% seconds. Attack and On are
slightly interdependent, which can produce effects like
that mentioned above, when Attack time exceeds On
Time.

Decay From almost instantaneous {3mS) to the very
long time of 15 seconds. These very long decay times
are in effect slow diminuendos rather than the normal
decay of a sound.

Off The first half of the control settings lengthen the
automatic off time from 10mS to about 5 seconds. At
some point between 5 and 7 the cyele becomes non-
repeating and must be activated by the Attack Button.
This point depends to some extent on the Decay

setting — if this is siow, the Off control must be further

to the left to achieve an automatic cycle.

Envelope Signal Level of signal cutput available at
Row 12,

Trapezoid Output Level of control signal available
at Row i1,

(NORMAL ENVELOPE OUT)

MWW 2y
PER| L

o WM\&WW—WM T

SIENAL DU )

L

P A
SRS

iATT ON

(FREQENCY MOD

LTE ATT. ete — —

[
ENVELOPE OUT)

i N 5 = A e
{ ‘.T) C‘ S C W\?&N «A J J - [\\\/ ] 2 G—_NLQ{\_W{Ewi N. Y ,_:_lu\\‘wll'_ !
| spR [ |

oY

<

-’
) I



16
{lower panel}

Attack Button To the right of the joystick. Used to
initiate the cy¢le in the Manual mode.

To experiment, plug s pin at 411 so that the trapezoid
shapes can be seen on the meter (meter to Control
Voltages). Apart from irying different envelopes on
different types of signal (some interesting percussion
effects can be obtained with filtered naisel, try the
effect of applying the trapezoid output to different
controls. For example if you are filtering a tone and
putting an envelope on it, you can also change its
timbre as the note proceeds by putting the trapezoid
control an the filter frequency (N11), as we suggested
in the description of the Filter.

One final point to remember is that when attack and
decay times are set at minimum, the trapezoid output
tecomes in effect anothar slow square wave source.
By combining square waves from Osc.2, Osc.3 and the
Trepezoid and putting them all an Osc. 1, patterns of
notes can be made to produce a large number of
interesting rhythms.

Special effects include a "bounce” which speeds Up or
slows down, achieved by applying Ose.3 ramp to the Decay
cantrol (Specimen Patch 5, Section VI, and the ‘bowing’
effect mentioned under the Ring Viodulator (Patch 4,
Section VI,

See also the Qutput Amplifier description, where a
point is made that an inverted envelope is possible if the
Trapezoid output is applied to an Output Amplifier control.

REVERBERATION UNIT

, C IL!'TL }C-:;

\

UNIT

This device is partly electronic and partly mechanical,
consisting of two springs in light tension, driven at one end
by an electro-rmagnetic transducer. A similar arrangement acts
as a pick-up at the other end and takes the signal off, by now
delayed and reiterated by the travelling and standing wave
patterns gererated in the spring. When reverberation is befng
used you will hear the signal fainthy even if there is na
output amplifier connected. This is because it is possible to
hear the spring itself vibrating. |t is located under the lowwer
panel just below the pin stowage, and accidental knocks here
will cause the spring to vibrate and produce a noise aven if
there is no input connected.

Reverberation aims to simulate the effect of a natural
enclosure with multiple path reflections. Echo devices, on
the other hand, produce definite repeats of the signal at ane
or more fixed repetition rates. There is no provision for this
in the VCS3,but single echo effects can be abtainad on maost
tape recorders by using head feedback.

Because the die-away is part of the character of the
reverberated signal, it is commonly connected last in the
chain before the output amplifier, but it can be connacte
anywhere, and it may be used not for its reverberation
effect as such, but as a kind of acoustic blender. Because
of its delaying effect, events which occur in rapid success
can be heard simultaneously, and this tends to make a
complex sound more homogeneous. On the other hand,
spring reverberation inevitably degrades the signal, and
there is considerable loss of definition and high frequenci

Care should be taken not to overioad the spring,
which will cause distortion, |f this ocours, the level contre
of the previous stage(s) should be reduced and the reverb
tion output level advanced. The more reverheration used
{Mix Control further to right) the less defined the signal.
¥When using the internal speakers it is also possible to set
&n acoustic feedback or howl, and this is unfortunate byt
unavoidable in such a smalf cabinet. A very small
reduction in Mix wili stop it, and it will not oceur at all
when external speakers are being used.

Although Reverberation can be used with continuol
signals, when it will blend and filter as mentioned above,
it is normally most effective an sounds that stop and stari
Experiment, for example, with a ring modulated tone {sa
Osc.1 and Osc.2 into B2 and F4), and follow this with the
Envelope Shaper (B13) and the Reverberation Unit (G 12,
B14). Set Osc.1 and 2 frequencies fairly high — abeut 6 o
7 on thedial. If you set the Shaper to repeat about once :
secand, with short attack and fairly short decay, and set
revarberation mix about halfway, vou will be able to
produce a variety of hell and clang tones. If you connect |
joystick to Ose.1 and Ose.2 frequency (115, J18) vou can
change the clangs by moving the joystick. A patch of this
type has alrgady been given in the Ring Meodulator descrip

The voltage control input (J alters the proportic
of direct to reverberated sound heard at the output — in
fact it performs automatically the same funection as the Mi
Control does manually.

Contrals {L to R}:

Mix Propertion of direct to reverberated cutput.
Fully to the left, there is no reverberation, and the
device is simply an amplifier. Fully to the right, near
the whele of the signal is heard via the springs.

Level Amplitude of mixed output available on Row
14.

In electronic music, reverberation often has a differe
function from that of simulating an acoustic environment.
Apart from its effect as a blender and filter, it assists in
creating a positional illusion. A reverberated sound seems
further back from the listener than a hard-edged, dry soun
In conjunction with the pan cantrals it is possible to make
sound move back as well as from left to right by adding
reverberation during the pan. The effect of this must he
tried out in a given space if it is to be used for live perform
ance, but the electronic composer often thinks in spatial
relationships as well as in tonal and rhythmic ones, and
reverberation is ong of the technigues he can use.
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SIGNAL. OUTPUTS

These are the essential links which connect the signal
sither to the internal speakers (via T-watt final amplifiers),
or out to external equipment by one of the sockets at the
rear of the studio — or of course both.

In many cases you will use them simply as amplifiers,
and any patch must eventualty arrive at Rows B or C, The
main level controts are the large knobs on the lower panel,
but these do not operate guite as normal volume controls.
They operate the voltage control function of the amplifiers,
and when no other voltage control is added to Rows O or
P you will usually have to turn the knob about halfway
before the signal appears. But when another contrai is
added the first half of the track will often be used to back
the other contral off — in fact it is possible to have settings
at which the signal cannot be cut off at all.

The two controls an the upper panel {Output Filter)
should normally be set halfway (at b) for a flat response.
Turned to the feft they cut top and to the right they cut
bass. This allows a modest final tane control of the signal.
They are not narrow band filters like the Filter/Oscillator
circuit. ft /s important to remember to set them back fo 5
when making a new patch, because they will affect any
signal going through the studio. They should be adjusted
last, and in & live performance they will often help to “tune’
the studio for a particular acoustic environment.

The muting switches must be up if you wish to hear
the internal speakers, but when the VCS3 is used with
ex ternal amplifiers they are usually switched off {down),
unless the studio is feeding a remote location and the internal
speakers are wanted for local monitoring. Do not overdrive
the local speakers, which are only 8. They give a very good
account of themselves considering their small size, but they
«ill give you a false idea of the output if driven into distor-
tion. For the output jack plug connections see Section |
(Specification),

The output amplifiers can also be voltage controlled,
and as a simple initial exercise in amplitude control try
plugging Ose. 1 to both outputs {say B1, B2, C1, C2 — to
give waveform controll, plugging Ose.2 ramp to Ch.1
Control {04) and Osc.3 ramp to Ch.2 Control {PB}. Now set
Ose.2 at minimum {about 1 Hz} and Osc.3 to the same
frequency (this will be about 6 on the dial and you can plug
meter to both {A4, AB) to tune out the beats — only remove
pins afterwards to prevent interconnection). Set Oscs. 2 and
3 to the symmetrical position {triangfe). Turn up both main
controls and Oses. 2 and 3 ramp level controls to give a
wide range of fade. If you now slightly swing the frequency
contro! of either Osc.2 or 3, the tone will swing from side
to side as the two oscillators, a little out of step, alternately
reinforce and cancel each other's effect.

You ¢an also try amplitude modulation by putting an
audible tone on Row (Ol or [P]. If yau wish, you are now
in a position to compare the aural effect of frequency
modulation, amplitude modulation and ring modulation
with the same pair of frequencies. Try the difference
between modulating pure tones {Osc. 1 sine symmetrical
and Filter as Oscillator] and richer waveforms.

A very interesting experiment is to compare the
performance af the ring modulator and the output ampli-
fiers at very low freguencies. You will find that a very slow
square wave (about one every four or five seconds) on the
output amplifier simply switches the signal on and off {or
soft and loud depending on level applied}. With the ring
modulator, however, this waveform only ‘opens the gate’
at the moment of rapid change — it is insensitive to the
steady state existing during the main part of sach half
cycie. The reason for this was discussed in the description
of the Ring Modulator, and the very short bursts should be
compared with the effect of the Qutput Amplifier. To hear
the two effects together, plug B1, C13, E1, F5 and O5.
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The output amplifier is also in effect another envelope
control, because the trapezoid output can contral the output
amplifier. But it operates in reverse — i.e. the attack half
cycle causes a fade and vice versa. So anather method of
swinging the signal is to put one side through the
erwvelope shaper and control the other side by means of the
trapezoid on the output amplifier (plug B1, C12, D1, C11).
Don't forget also the possibility of Joystick control.

Controls
{Upper Panel}

Channels 1 and 2 Qutput Filters Bass or treble roll
off with flat central position.

Muting Switches. Up to operate internal speakers.
{Lower Panet}

Main Level Controls Level available to feed speakers
or autputs. This output does not appear on the
matrix board.

Pan Contrals These operate only on the low level
outputs, which are the anes normally used to supply
external amplifiers or spaakers. The effect will not be
heard an the internal speakers. Normally {but not
necessarily. always! ong would think of Channel 1 as
left and Channel 2 as right, so keep the lefthand Pan
Contrel at 1 and the righthand one at 10 as a general
rule. in performance or recording the channels can be
crassed, both brought to the left or right, or panned
across as desired,

To rmake a Control Voltage available externally, use
one of the Control Qutput Sockets, having eonnected the
reguired Control to one of the Qutput Amplifiers.

METER

CONTROL
VOLTABES

®

“METER

m——y
SIGNAL
LEVELS

The meter does not in itself affect the operation of
the studio; it is neither a Source nor a Treatment, but an
Indicator or Monitor. |t has two states, selected by a switch,
and any hole on Row plugs the appropriate output to
the meter. With the switch up {Control Voltages!, the needle
settles down at or near the middle of the scale. It is then a
centre zera DC meter, and Q.5 on the scale means 0 volts.

It will read the slow control phenomena, and indicates
whether the signal is negative or pasitive. With practice you
will be able to judge the shape of a control waveform from
the movement of the needle (the stesper the wavefront, the
sharper the kick of the pointer}. 1n a performance, for
example, you might need to check the Trapezoid waveform
befare plugging it to a control, to make sure it is correct.

Y ou have noted beforshand that the swing should be be-
tween .2 and .8, and you can check the attack, on, decay
and off times with a watch. Don't worry about the absofute
value, or the apparent reading on the meter {which has a
nominal full scale deflection of 1 mA}, because it is intended
for indication and logging rather than precise measuremeant
If you do require them, conversion values are given in the
Specification (Sect. |},

In the other position (Signal Levets) it becomes an AC
meter reading from zero, and can be used for noting and
logging sound levels. You can make sure, for example, that
the two inputs to the Ring Modulator are equal in value, if
this is what you reguire.

You may sometimes use the two states of the meter
at different frequencies of the same output. To demonstrate
this, Switch Meter to Control Voltages, plug to A3 and turn
Osc.2 1o zero. Turn up the square output of Osc.2 until the
needle gives a large flick each way {(Method 1 for tuning for
symmetry — tune for even flicks each way). Now if you
increase the frequency the flicks begin to run together and
decrease in amplitude — not because the signal is swinging
less, but because the inertia of the meter movement makes
it unable to keep up with the changes. Eventually it settles
down in the middle, and varying the square output level
makes no difference — because it is reading an average, and
the net average of a symmetrical plus-minus signal is zero.
This is Method 2 of tuning for symmetry; note the zero
point of the meter, which may not be quite .5, and with
signal fast enough to hold the pointer still, tune shape
control until the pointer shows exactly this point — for
average = zero.

Vith the oscillator still at the new higher freguency,
switch to Signal Levels, and you can read the level of square
output from Osc.2 arriving at Row 2, If you now reduce the
frequency again the needle will again flicker, but since it is
rot centre zeroed it will swing against the lefthand stop and
give unreliable readings.

WARNING: Connecting more than one signa! to the
Meter will effectively join whatever signals are plugged,
which will sometimes give puzzling results, since it will
amount to unwanted patching. So although you may want
to look at the shape of several cantrols together in order ta
check, remove all but one pin from Row A before listening
1o the result.

MATRiIX BOARD

This has aiready been described in Sect. |1, but the
following further remarks may be helpful:

{1} The pins are as strong as can be made, but
obviously their small size makes them liable to
damage if handled roughly (the shaft is a tube, not
solid metalt. Do not bend them sideways, and if the
top comes unscrewed for any reason, screw it up tight.
Never patch with damaged pins, which can bend the
contact leaves of the board.

{2)  You can to some extent preset a paich by
inserting pins halfway and then pushing several home
at once. Most functions can be switched in this way
without a noise, but some will click {e.g. reverberation
out to an output amplifier).

{3} We can supply spare pins, and it is not recom:-
mended that you cbtain pins fram another source, in
case they are dimensionzlly different. There are
several different designs of matrix board, and the
wreng type of pin can irreparably damage the board.
V53 pins must also be fitted with a 2.7Kohm
resistor.

{4t Try to prevent dust and grit entering the holes
in the board. Large particles are almost impaossible to
remove, and if the studia is being stored for some
time it is a good idea to tape a piece of paper over

the board. Ocecasionally us a miniature vacuum cleaner
it available. :



MAINS ON/OFF

Salf-explanatory. If the red light fails to glow, check
that {a) the mains lead is not defective, {b) the fuse at
the back of the studio is intact. It is just possible that
the indicator itself is defective, but unlikely because
the neon lamp should last indefinitely. For instructions
on how to change the Mains Tapping, see Section |
{Specification).

JOYSTICK
A
C (vertical)
@ TOYITICKY \
C (hovidontal)
©

Although the mounting is round in shape, the actual
movement is in a square, and with a little practice one
parameter can be altered without affecting the other.
Negative 1o positive change of both voltages is
achieved by moving the stick from bottom left to top
right.

The joystick can be plugged to any of the Controd
inputs, but will not be effective on Signal inputs. So
although 32 holes appear to refer to the joystick, except

in the special case of Ring Modulator ‘bowing’ {q.v.], only

16 of these are actually effective,

You can select any two controls, or tink several
together — such as a chord on Oscs. 1, 2 and 3, of
which all the pitches can be moved simultanecusly.
The other direction of the stick could be filtering,
or level, or both. Experiment for yourself.
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Practice is required to set up the Range controls
correctly, and to use the stick precisely. With the
Range controls at O the stick has no effect because no
control voltage is applied. At 10 the effect is at
maxirmurm.

Suppose you wish to control two frequencies aover a
definite range. Connect Osc.1 in the usual way (B1
and 2), and put a pin also at 115, This is left-right
stick movemeant. Set the left-right range controf to
about 5, and move the stick across and back several
times, noting the interval given by the extremes of
position. By adjusting the range control you can make
the movement cover any range you like. You can then
adjust the manual frequency control to make the
range you have chosen begin and end at the pitches
you want. The VCS3 is so designed that if vou have
set the range to {say)} an octave, an octave should still
be produced at all settings of the oscillator frequency,
Now set up the range of Oscillator 2 in the same way,
using up-down movement. |t is now possible to
produce any two-part chord within the limits of the
WO ranges set, at some position of the stick.

The Joystick is often useful in trying out a patch, to
see what the effect would be of altering ane of the
controls. Having tested the resuit on the Joystick, you
might then reset a manual control and take the stick
out of circuit. Try different combinations of stick
control, and if you are controlling several parameters
at once, try the effect of different groupings of these
parameters on the two stick movements.

We have already menticned in the Ring Modulator
description how the Joystick can be used almost as a bow,
and nearly all the Specimen Patches in Section VI show
the stick connected, Although its effect is often dramatic, :
particularly if the range controls are set high, it can also be i
adjusted to make subtle changes of pitch, level, timbre, '
envelope or reverberation. In a live performance, for example,
it can be preset so that certain known changes will take
place as the stick is moved from [say} top right to top teft
and then down to bottom laft.

ATTACK BUTTON

Already described under Envelope Shaper. Don't
forget that this button can be operated with the little finger
of the right hand at the same time as the Joystick is being
used, leaving the left hand free for other adjustments.

QUTPUT LEVEL AND PAN CONTROLS

Already described under Qutput Amplifiers. The Pan
Controls are available onty at SIGNAL OUTPUTS jack
sockets. in maost cases the Pan cantrols should be left at O
and 10 respectively on left and right, so that external
equipment corresponds with the internal speakers unless
otherwise adjusted.
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V—External Equipment and
Special Patches

On the following pages we describe some methods
of using the VCS53 with other equipment, and some special
patches which involve the jack sockets at the back of the
studio. We would emphasise that the more complex the
circuit, the easier it is to make a mistake. Do not plug any of
the jack sockets to each other without thinking carefully
first, and never connect peripheral equipment without
taking the same precaution. If vou are at all uncertain,
always make a block diagram as in Section !, showing the
complete Signal and Controd paths, both inside the VCS3
and through any external equipmeant you may be using.
Watch out for positive feedback loops, in which an ampli-
fying circuit is fed back on itself. This causes an unstable
situation which can result in howlback or temporary
naralysis of a circuit.

EXTERNAL EQUIPMENT
As discussed under {nput Amplifiers {Section 1V}, the
VCS3 can be used purely as a Treatment device, or as 4

combination of Treatment and Source. tr this case we can
represent the entire studio as a Treatment box.
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Contvol Outputs

This is the best way to think of the studio when you
are using external inputs. Here are a few examples:

Example 1 External Signal Inputs

You might wish to modify a vocal or instrumental
input in various ways. Connect a suitable microphone {80(
ohms or more, or low impedance with a transfarmer} to
MIC INPUT 1, and start with the tnput 1 tevel control at
zerg. Connect the output amplifiers to external amplifiers
and speakers, and plug the signal straight through (B8, C8)
1o check that the untreated signal is satisfactory. Adjust th
input and output level controls so that a clean, undistortec
result is obtained. Already one treatment is possible — you
can pan the signal from speaker to speaker.

But having brought the signal to Row 8 you can now
treat it exactly as you would an internally generated signal.
Passible modifications of the original sound include:

Reverberation

Ring Modulation {using an internal second inpu

Applying an Envelope to 1t

Chopping or other shapes of amplitude
modulation applied to the Output Amplifier

Channel switching and panning automatically

Filtering

Any combination of the above automatically
changed about

Any of these treatments can be applied as constant
effects or made subject ta internal voltage controls {e.g. the
Filter or the second input of the Ring Modulator could be
swept}. You could have different sorts of treatment on the
two outputs, panning them as desired, or keep one untreate

The other input could be used for & second microphol
perhaps in this case a contact microphone, or for a tape or
disc nlayback, or an external electronic signal. For example
a prepared tape of electronic music can be further treated a
part of a live performance. {N.B. The inputs are not suitable
for direct feed from a tape head or pick-up, because no
provision is made for the essential playback equalisation).

If hum is experienced when using external equipment
one of the commonest causes is the “earth loop” or “"groun
loop”’, If both inputs 1 and 2 are connected to the same
equipment (e.g. upper and lower track of a tape playback},
the grounded screens of the leads make a clesed loop.
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This loop can pick up induced hum {there is always a
plentiful mains field about} and affect the signal. The best
cure is to break the loop somewhere {usually at one of the
points marked with an "X}, but not of course on both
sides, or there will be no circuit. When the VCS3 ispart of a
large complex, it may be advisable to disconnect the mains
earth at the plug, because if other parts of the equipment
are also grounded to mains it is possible to make & long
lcop through the house wiring system.

Example 2 External Control Inputs

If you have a second VCS3 or other voltage contrelled
studio, a control voltage can be brought in — usually through
the normal HI-LEVEL INPUT jack sockets {see note on
possible patching arrangements later in this Sectionl. If the
control freguency is in the audio range, any oscillator {not
necessarily itself voltage controlled) can be used to controt
the VCS3, but for very low frequency control direct coup-
ling {without capacitors} must be used or the intended
waveform will be differentiated and probably useless {a

square wave, for example, can become a row of short spikes).

Do not, hovever, remove output capacitors from oscillators
without checking the standing DC on the other side of them.
In the case of a valve oscillator, there might be several
hundred volts on the live side of the capacitor, and the
whole experiment is best left alone if you are not certain
about this.

Apart from varying contral voltages, there is often a
need for simple DC control of a signal, and this can be
achieved without any elaborate circuitry — in many cases
one potentiometer and a battery. We give a circuit in which
the YC53 is used as a remote fader, though of course other
treatments could be set on it. We suppose in this application
that you must have long lines between the fader and the
amplifier {perhaps to the back of an audience), and to bring
the signal itself would certainly lead to hum and loss
problems.

Although in the above case it would be passible to
derive the necessary voltage from the Keyboard socket, &
battery is the simplest method of remote operation, because
long power leads are always & potential source of trouble.
This type of control can easily be extended — for example
you can have a number of switched preset potentiometers —
to give all sorts of control over any pararmeter in the studio,
or a foot pedal. This is a matter for your own ingenuity.

Example 3 Connecting Outputs to External Eguipment

Normally it is a simple matter to connect the VCS3 to
a complete amplifier with preamplifier, and merely involves
a suitable lead or leads between the SIGNAL OUTPUT
sockets and the high level inputs of the amplifier {usually
RADIQ). If there is no preamplifier you must find out
what level of signal is needed to drive the main amplifier,
and possibly fit the main amplifier with a gain control if it
has none. |f the amplifier is very insensitive it may be
necessary to use the HEADPHONES jack, but you will
lose the panning facility. Panning can, however, be carried
out by manipulating the two Output Level controls, and
in various automatic ways (see Sect.IV].

As we have mentioned elsewhere, fow fgvel inputs
with built in compensation for pick-ups or tape heads are
not suitable, and in any case there is an unnecessary amount
of gain available, and you will find the signal difficult to
handle, apart from the chance of further hum loops,

All the above remarks apply equally to a tape
recorder, whose input arrangements are just the same as
those of an amplifier. The maker's instructions will show
the sensitivities of the various inputs in both cases.

Once the signal is in the amplifier chain, other peri-
pheral equipment <an be connected at any suitable point,
The SCOPE socket can also be used for a freguency meter,
and Yolume Unit or Peak Programme meters can be
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The value of the potentiometer is not critical, but a
large value will give less battery drain. If the fader at first
operates in reverse, change the battery polarity. The best
setting is found by adjusting Input Amp.2 level and Cutput
Amp.1 level to give a comfortable fade control. Make sure,
also, that the Signal leve! {Input Amp. 1) is correct for
distortion free reproduction.
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connected to the lines between the VC53 and the external
equipment {though these may need their own amplifiers),
1f the SIGNAL QUTPUTS are taken straight to an external
patch and mixer, you may find it necessary 10 use line ar
make-up amplifiers to restore the signal tevel after mixing,
but if you have a studio with this sort of equipment you
will be familiar with these problems in any case.



A complete small studio set-up might be something
like this:
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SPECIAL PATCHES, NON-STANDARD
CONNECTIONS etc.

A, Special Patches

Atthough the jack sockets behind the studio are
intended primarily for connecting it to other equipment,
there are occasions when some of them can be connected
to each other for special purposes.

Obtain four extra jack plugs and a length of screened
cable, and make up two patch cords about 187 long, with a
jack plug at each end. Join the cable care to the tips and
the screen to the shafts of the plugs. You can now try the
following examples:

Example 1 Inverted Control Signal

Connect one of the leads between the SCOPE socket
and HI-LEVEL INPUT 1. As we have mentioned,
{Specification, Sect.l}, the SCOPE socket will see anything
connected to Row A (which means also that anything at
this socket will show an the Meter}). The Input Amplifiers
not only increase any signals applied to them, but also
invert them. This is usually immaterial, but a slow control
will appear in mirror image form if fed through these
amplifiers, and this can be a very valuable facility. Specimen
Patches 13 and 14 (Sect.VI1} give examples. Patch 13 is a
fairly simple exercise in scales, glissandi and arpeggi in
contrary motion, Note that the ramps of Oscs.2 and 3 are
connected to Ose. 1 contro! and also to Row A, Via the
connection behind the studio this control re-enters and
appears at N8 in inverted form, controlling the Fifter!
Oscillator in the opposite direction from Ose. 1.

Patch No. 14 is mora camplex, and in this case the
irwerted contral is of rhythmic pattern as well as pitch {one
side is slow while the other is fast, and vice versaj. To test the
resuit, remove pin at A6 and note the difference,

Example 2 Two Inverted Control Signals

Dececasionally you may wish to irvert two cantrols,
and in this case one of the BC Qutputs can also be fed back
into the studio. This involves using ane of the outhbuts for
control, and therefore only one signat output is usable as
such. Specimen Patch No. 15 producss siren-like wails with
swepl noise accomapanying them, moving i~ disferent
directions ir ar spparently capricicus fashion. Use the
second pateh cord to connect CONTROL OUTPUT 2 to
INFLL 2, leaving the first cord a'so connected. The normat
controls zre Ose. 3 and Trapezoid, ard their irversicons
anpear at Inputs 1 and 2 respectively. Various configurations
of Rows 8, 8, @ and 11 are anpliad to give different
patterns — including the semi-cancetling effect of applying
different amplitudes of tne same cortrol in opposite
nalarities,

B. Joining Two Studios

Two VCS3's are more than twice as powerful as one,
becadse there are al} sorts of new possibilities of contral. To
realise all these passioilities easily, it is & good idea to make
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used. |f knobs are wrenched so violently that the
whale petentiometer becomes loose, attend to it at
once before an internal wire is broken. Take off the
back, hold the potentiometer from behind and
tighten the nut firmty, {f the wires are already dis-
placed check that mone are broken and resolder if
necessary.

Matrix Board and Pins Advice has alrsady been given
about these items in Section 1V,

Meter If the pointer does not read zero when the
studio is off, the zerg can be adjusted with the smalt
perspex screw at the bottom of the dial.

Panels Avoid any abrasive cleaner, and never use
strong solvents like acetone, trichlorethylene or petrol
{gasolineg, benzin, essencel. The best cleaner is
methylated spirits (alcohol}, but paraffin {(kerosene)
or turpentine can be used, though they tend to leave
an oily deposit and often an unpleasant smell. Use
wax pencit to mark the panels if you wish to do so,
rather than lead, particularly hard lead, pencil. Do
not use ball point, which may leave a permanent
indentation in the finish, or fibre-tipped pens, which
often contain an indelible stain.

Switches The switches respond to very light pressure,
and should not be strained by heavy-handed operation.

Storage Solid state devices dislike sustained heat.
Never leave the VCS3 in a sealed car in summer sun,
or in a similar situation, For long term storage choose
a coal, dry position. If it is not used for a very long
time {a matter of years} there may be trouble with
electrolytic capacitors when it is switched on again,
and the best insurance against this is to run the studio
for a few hours at least every few manths.

DON'T connect unknown inputs with the input level

controls wide open. Take particular care when
connecting valve {tube} driven equipment to
the VCS3.

DON'T overrun devices constantly for hours on end. If

the outplts are not connected, this can happen
without the user knowing. The safest course is

to rermnove pins when the studio is finished with
for the time being.

DON'T cannect unknown mains supplies without

checking,

DON'T interconnect jacks at the back of the studio

without thinking carefully first, Particularly
take care if you connect the Keyboard Jones
Socket, because of the danger of short-circuiting
the supply rails.

DON'T  grossly overrun the internal speakers, which may

be damaged and give unreliable results thereafter.

They are not intended to fill a large hall, but to
give an adequate performance to the user of the
studio. For any audience application, connect
to external power amplifiers and concert
speakers.

DON'T continue to use the studio if unexplained noises,

hieat or smells occur. Stop and investigate.
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The miniature preset potentiometers on the printed
circult boards are all carefully adjusted on initial setting up,
and should not need further attention. But in the event of
components being replaced or accidental displacement of a
preset, the following adjustments can be made, but only if
proper measuring instruments are available. Adjustment to
these small controls is best carried out with a plastic btaded
screwdriver, but in any case be sure not to touch any other
companent except the preset you are adjusting. If you are
doubtful consult an engineer, because rough handling can
do a great deal of expensive damage in a very short time,

BOARD A (left hand loocked at from back}

il 3(\.-1’11-5\r ik

[wca]  [1c3]

11

Pre ——(@) ©—r

_] BOARD A |'—

Board A contains: Power Stabilisers
Qutput Amplifiers
Reverberation Driver Amplifier

PR1 {10 Kohms) Negative stabiliser supply voltage.
Adjust for —9 volts on negative power rail
{ground to Keyboard socket 2)

PR2 ({10 Kohms) Positive stabiliser supply voltage.
Adjust for +12 volts on positive power rail
{ground to Keyboard socket 4}

PR4 (2.5 Mohms} Output Channel 1 zero level.

Adjust for —70dB with level control knob at
Zerq.

PRE {2.56 Mohms) Output Channel 2 ditto.



up a link board, using either another matrix hoard {with
short-circuited pins} or a callection of conventional jack
sockets {a "jack field”) and patch cords such we made up
for the previcus experiments. The rear connections of both
studios can be brought to the link board, and a typical set-
up, Using two 20-socket jack strips, would be:

Output Strip: Enput Strip:

1 Signal Qut L 1 Hi-Lavel In 1}

2 e rr R I. 2 r r 2)VC83A
3 Controt Qut 1 > VCS3A 3-6 Parallel

gom e wy \ 7 External A 1

5 Scope 8 7 A2

6 g - =

g% Parallel }? Hi—lrevel :3 219_

9 U 2y VCE3B
10 Ex:c:erna! Fefard 1 13-16 Parailel
11 2 17-20 Spare
12-16 Outputs froam VCS3B
17-20 Parallel

Lt is best to plug microphones directly to the studio,
hecause the fewer line connections there are the better, on
a high gain line. The headphones jacks could be brought out
ta the jack field, but are probably as useful in their normal
position. .

The paralie] sockets are very useful in a jack field, but
wotild not be necessary if you used a matrix board, since
parallelling is merely a matter of putting gins in the same
row. Excessive use of parallels may, however, cause loss of
signal due to lowering of the impedance, and in some cases
hum oaps may acour.

An arrangement such as the above enables all inter-
connections to be made in a moment, and the full
possibilities of inter-controt and mixed signals gasily
reslised. As mentioned at the beginning of this Section,
the more camplex the patch the mare necessary it is 10
think carefully what you are doing. When in doubt, draw a
lock diagram sketch before trying out what you have in
mind,

G Open Pin Patching
Two terminal pillars are provided on each side of the

pin stowage below the Matrix Board. The purpose of these
is 10 provide ancharage and a ground connection if you

20

wish to use the Matrix Board in the same way as you woulc
a jack field — i.e. make external connections directly to it.

The ground connection is necessary because the pins make

only live connections, ground being commeoned permanentl
to all circuits.

It is best to make two sorts of lead, one for inputs
and one for outputs, or confusion may result, since it is
important to know whether you are cornecting 1o the
vertical or horizontal row at a given pin location.

Unscrew a pin and carefully remove the 2.7Kohm
resistor. Now take g length of screened lead and remove
about 8 or so of the outer sheath. Unwrap {or unbraid}
the screening, leaving the inner cable exposed. Connect
this efther to the tip or the shaft of the pin, making sure
that short circuits cannot occur to the unconnected side
{you can drill & hote in the pin cover and lead the cable
throush, or use an open pin}, Shorten back the screening
to about half an inch, and solder this firmly to a spade
terminal {for clamping under the terminal pillar) ora
hanana plug (to push into the socket in the top).

Leads connected to the tips of pins should be
clearly marked QUTPUT, and those to the shafts INPUT.
Or you may prefer to use a colour cade for this.

It should now be possible to ancheor the earth spade
plug, and reach any hole on the board without straining
the pin. Accidental jerks of the cable will pull on the
terminal pillar {which can take it} and not on the pin and
delicate leaves of the matrix board {which may notl. The
type of lead yvou use will determine whether the hole you
choose is reaching the appropriate vertical or horizontal
row.

As previously stressed in this Manual, we urge you
not to attempt these special types of connection unless yc
are canfident that you knaow what you are doing.

VI—Maintenance

A General Care and Maintenance

The VCS3 could hardly be easier to maintain, because
the solid state circuitry is designed to run well within its
capacity, even under conditions of electrical misuse, and
there are no mechanical parts except the Joystick. But the
foltowing general points may be helpful:

1t Cabinet Afrormosia wood is perfectly satisfactory
without any special treatment, but can be oiled or
polished if desired.

2 Jack Sockets These are of standard pattern, and extra
jack plugs can easily be obtained. However there are
some non-standard sizes on the market, and no plugs
should e used if they are a very tight fit or on the
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and Faultfinding

3 Joystick The grease in the control slots may eventu;
dry out, particularly if the studio is kept in a warm
place, To service, remove the bottom panel, and tak
off the red cover plate of the joystick. Carefully cle
the slots and ball joint, and relubricate with a /ittle
Vaseline or silicone grease. Do not aliow any grease
touch the potentiometers, and take care not to cro:
thread the self-tapping screws when replacing the
cover. i

4 Knobs Do not wrench cantrols violently against the
stops at either end of the track, If knobs become
loose, slacken off the set screw, reset at either
maximum ar minimum position, and tighten firmly
Thea enindles are nvlan. and it is normal for the scre



___.szx
@ ———rw

PRI3
~—PR12

PRI ——
PRH-——*-

P39

PR&

——| BOARD B

Envelope Shaper
Filter/Oscillator
Ring Modulator
Input Amplifiers

Board B contains:

PR6 (100 Kohms) Fitter fraguency adjustment.
Adjust so that filter oscillates at 260 Hz with
panel control at B,

PR7 {10 Kohms! Filter intrinsic gain control.
Normally set fully counterclockwise.

PR8 (100 Kohms} Ring modulator input B funda-
mental rejection, With a 1V p-p sine wave to
input A, trim this control for minimunt
breakthrough of fundamental.

PRQ (100 Kohms} Ring medulator input A second
harmonic rejection. With input as above to B,

trim for zero breakthrough of second harmonic.

PR10{1 Kohm} Ring Mod. input A fundamental
rejection.

PR11{2.5 Mohms) Ring Mod. input B second harm.
rejection.

PR12 (100 Kohms! Envelope shaper maximum decay
rate. Adjust for decay time of 3mS with panel
control at 0.

PR 12X (2.6 Mohms) Envelope shaper OFF level. Set
PR 13 clockwise, "OFF" pane! contrel at 10,
“DECAY" panel control at 10. Put large signel
into envelope shaper and adjust PR12X to just
get zero output.

PR13 (2.5 Mohms) Envelope shaper "off " level.
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Noise Generator
Oscillator 1
Oscillator 2
Oscillator 3
Meter Amplifier

Board C contains:

PR 14 {10 Kohms] Meter amplifier DC zero, Ground
the input to the meter amplifier, and trim so
that meter reads 0.8 {half scale) when switched
to Control Voltages.

PR15{100 Kohms} Osc.1 frequency offset. Set
frequency dial at & and trim to obtain 261.6 H
NOTE: Do not attempt frequency adjustments withou
an accurate frequency meter,

PR16 1100 ohms) Osc.1 frequency cantral sensitivity
Adjust to get nrecisely 1.5 octaves per major
division on frequency dial. Calibration points &

Dial 4 5 3
Frequency 32.7Hz 261.6Hz 2093H

PR 17 {10 Kohms} Osc.1 sine purity {flyback suppres
sion). Adjust for purest sine wave at about
400 Hz.

PR19{100 Kohms) Ose.? frequency offset. Adjust a
PR15

PR 20 {100 chms! Osc.2 frequency control sensitivity
Maving adjusted Osc.1 {PR 18], apply the same
control to Oscs. 1 and 2 (e.g. from joystick} ar
adjust PR20 so that both oscillators track
perfectly in unison {listen for zero beatsh,

PR21 {100 Kohms! Osec.2 frequency offset. Set
frequency dial to 10 and adjust to 500 Hz,



Faultfinding

If you suspect that the studio is not operating correctly,
rst go through the following procedure:

1) Remove all peripherals to isolate the studio
from any outside effects

2 Make sure the muting switches are up, output
lavels set high enough

3 Check the patch and control settings

4} Check the pins, and change them around. Reject
any suspect ones.

n

Check that the mains connection is firm (pilot
light glowing steadily)

6} Simplify the patch in order to isolate the
device you suspect.

Very often you will find that there is no fault at al!
ayond a broken pin, but if vou definitely suspect a parti-
Ular device, try another patch using that device. If this
onfirms your suspicions, find out from the list in this
ection aon which board the device is located, and carefutly
2rmove the board from its holder (first removing circuit

board retaining rail — two wood screws). Push it firmly
home once or twice, which may clear the fauilt if the trouble
was a dirty contact. If the trouble still persists you will

have to obtain expert attention for the board.

If the studio overheats or smells or burning, or breaks
down altogether, the fault will sither be in the power pack
or in ane of the heat dissipating components, The power
pack is located near the joystick, and the power components
{regulators, speaker amplifiers and reverberation driver) are
all on Board A,

Remove the back panel and check Beard A for
components obviously overheating {slight warmth is normal
with some components). If there is no trouble on Board A
check the supply rails for +12 and —9 volts, and the small
wire shown on the diagram for Board A and marked 11.3
volts {power amplifier supply}. Failure of the positive rail
will in any case show immediately on the front panel if the
Meter deviates from a central reading when switched to
Control Voltages. Another possible source of trouble is the
breakdown of a large value electrolytic capacitor, but this
is rare, particularly 1f the studio is used regularly.

The foregoing should enable a fault to be located and
described, and circuit diagrams are supplied with this
Manual. But in any case of genuine breakdown the user is
recomrmended to seek professional advice.

VII —Specimen Patches

QOn the following pages you will find a number of
ompleted VCS53 Dope Sheets, and more of these are
rovided for your own use. Further supplies of Dope
heats can be ordered from us, and we think you will
ind them very useful.

The purpose of these sheets is self-evident, but
ou will find individual ways of using them. A single
heet can be filled in with all the information you need
5 file a patch and control setting for future use, A
sries of sheets can make up a live performance ‘score’,
nd this is why we give places for Start Time and End
ime {e.g. 26" and 1710") and for noting control
Hanges during that time. Pin changes can be shown by
ollaws dats and arrows, or ditferent colours, and the
imes of pin changes noted beside them. Many other
jeas will ococur to you as you become more confident
1 using the studio.

Ve do rnot ¢laim any special excellence for the
yllowing patches — in fact they had to be designed
0 that cantrol settings were not too critical to allow
ar individual variations, and they all use only the
osources internally available. But they do give a
umber of useful demanstrations of most of the
henomena we have discussed in previous Sections.
ry 10 unravel the patches and find out what is
appening.

Some of the sheets are marked 'Universal Patch’
and these have a secondary object in testing the
operation of the studio, because they exercise every
device at ance. The more spectacular sounds will be
shown 1o their best effect if the VCS53 is connected
to power amplifiers and |arge loudspeakers.

The aim of this Manual is not to lay down fixed
rules for using the VCS3, but to give you enough
working ability with the studio to achieve your own
resitlts in your own way. The possibilities are very
large, and can be enlarged still further by using our
special keyboards, a second VCS3, and other ancillar
equipment.

The final Section {VI11}, after the Specimen
Patches, is a short Glossary of some of the technical
terms we have used which may not be familiar to all
readers. Although we have tried to write this Manual
in an easily comprehensible way, we trust that users
will réalise that it is not in any sense a texthook of
acoustics, electronics or music. The information we
have given 15 sofely to make it easy to use the studio,
and we urge owners of the VCS3, particularly those
those who are new to electronic music, to read
reference books dealing more fully with the subjects
involved,



PROJECT/NAME /DATE VCS3 USERE MANUAL SECTION VII

SHEETNo &

PERFORMANCE /RECORDING NOTES

PATCH No 1}l

SETTING No 3

Specimen Noise Patch detailed in

START TIME:

Sect.JITI,

END TIME §

Try the effect of altering the

PERIPHERALS

settings given helow

NONE

FILTER/OSC

OUT. FILTERS
@‘ ,@} /\ | fmﬁ (B 5 } &

L]
25 26 27 28 29 30 3 S

NUMBERS ARE DQPE SHEET AEFERENCES. NOT PIN BOARD NUMBERS

SIGNALS | CONTROLS

MIouT [E mna [E1F| osc. ‘RIB|T our

T|AMPS| Y MOD |V |L| FREQ €1V |L AMPS

E E IR |E AlRIE

RI1T 2|LiAa Bla|r|1 2 3 v|eig|1 2
0sc v L : : 1
1 P~ e 2
0sCc 1t . - b3
2~ ; ® 4
osc LI ' ' 5
3 o~ o B
NOISE L8 ; 7
INPUT 1] . i ! ) 8
AMPS 2 i 9
FILTER & 10
TRAPEZ 1A
ENV SIG ee 12
RING MOD 13
REVERB _ : _ 14
STICK _ _ ® 15
$ : - ® |16

CONTROL CHANGES

1-8

17—24

25—

32—-39

36 & 39: EBest output set-

tyfrom

studio to studio,

32

LEFT

3

8

sgrT

e

LOUD

RIGHT

€5 ()

(64



ROJECT/NAME /DATE VCS3 USERS MALUAL SECTION VII SHEET No 1
ERFORMANGE / RECORDING NOTES PATCH No 3| 2
SETTING No §
Irregular clicks using Oscillators START TIMEs
only. The long cycle of repetition END TIME
gives an appearance of randomness. PERIPHERALS
NOWE
DSC 1 RM FILTER/OSC CONTROL CHANGES
: /\\ ; /‘ﬁ\\ ; /‘“\\ ; /-\\ //—\ /‘\ —=
059 19 17 |\ . o
S d NE o S el | Nl / \/
7 2 3 4 5 5
>SC 2 ENVELOPE
e e e W /‘—\ /‘“\ /“\ g—18
a6 (1) I
Vol 2 8T N | N st \\__/ \_,/ u
g 0 7 12 13 14 15 1
ISC 3 REVERB
N N e N T NS R VR teead
4. 4_ i 6 i 6 J;I \ A ; ./\] | e
N oA N ST S g N A N o N
17 18 19 20 21 2 23
NOISE INPUT OUT FILTERS m —
N NN Y
A (O | 5' 5 a3
T LT W el . o
25 26 27 28 29 30 ai s
NUMEBERS ARE DOPE SHEET REFERENCES, NOT PIN BOARD NUMBERS
SIGNALS | CONTROLS | »|
Mlout [ETrnc B F| osc. [RIE|T|our
T |AMPS|y MOD . ¥ L| FREQ |G'¥|LIAMPS
E | E LA '
R-12:L.ABQE123YSE12

osc | @ 1 pe—
1 T ] & 2 O
0sSC Lt ® 3
2 o~ '® : 4 32
0sC T L . ! 5
3 o~ : e 6 I
NOISE : 7
INPUT 1 . . 8 O @
AMPS 2 2] 35
FILTER 10 &
TRAPEZ 1 34
ENV SIG 12
RING MOD ’ 13
REVERB ; ! 14
= T . : =
STICK ’ — _ = @ O O @]
AB'CID'EF G H‘I_J-KLMN|OP = T = s
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PROJECT /NAME /DATE

VvCS3 USERS MANUAL SECTION VII

SHEETNo &

PERFORMANCE / RECORDING NOTES

PATGH No I 3

Unmodulated mixture on left, modula-

SETTING No

tion products on right, self-awitched

START TIME:

END TIME 1§
Notes: Control 2 = Tune for Symmetry PERIPHERALS
Controis 3 & 8 - Meter check, using
pin positions marked with X' one at
a timeé, arfter whichn remove pin. NONE
N.B. Some variation must be expected
betweer. different machines. |
08C 1 RM FILTER/OSC CONTROL CHANGES
/\|® l/ 6\ (/I—O\ |//8\\ l@ B
4-6/¢.5 O [(10[4) 8 (T >
&N DN S e Bt
i 2 3 4 5 B 7 8
0sC 2 ENVELOPE
NN AN AN TR N 2N A 515
1Yo o/ |1010) 6|4 ™
R IS TR P St Nt
) i0 11 2 13 14 15 16
OSC 3 REVERB
POOOMGS O gl
| u:, | Il 1O
A4 A\ A
i7 18 21 22 23 24
NOISE INPUT OUT. FILTERS m——
NNV BB /‘;\ o
\,v/ \/ Nend N NEAN S AlO ¢
27 28 29 30 |3 E)
NMUMBERS ARE [OPE SHEET AEFERENCES, NOT FIN BEQARD NUMBERS 32-38
FOUT|E|HING B]F| osc. RIBIT|out
I AMPS  [MOD 'Y 'L} FREQ ‘c \é-% AMPS
R‘12L s|BlR|1 2 3_YE‘E31 p)
osc IR ool BRI e
S 1 0 I P I R
osc il ~ | | L T A B -
2~ | | | ] L o | 4 32
osC F L NN Mo | © Ji&
3 o~ 1 g T e |16 ]
NOISE S I O A T R
NPUT - 1] | | L] TERE: @ ANV A
AMPS o U T T e 33 3
\ ! i : j I
FILTER X! ) o | L T ] o
TRAPEZ R [ ] | T e a4
ENV SIG e | T ] | e
amawos | T8 T T T s
REVERB I N L T R L
= L e | 1 I5 m
STICK " - I I ! t i I =t l 4QJ| 5 m m 5.'-1




PROJECT/NAME /DATE VC33 USERS MANUAL SECTION VII

SHEETNo &

PERFORMANCE /RECORDING NOTES

PATCH No ¥ 4

SETTING No §

"Bowing® the Ring Mecdulator

START TIME;

END TIME ¢
PERIPHERALS
Note: Controls 1 & 9 = Tune for
concord such as sixth.
NONE
osc 1 RM FILTER/OSC CONTROL CHANGES
:/-"‘\\ Ilr/—"—'\\l /-'—\\ 5
Bl O (3 & e
\-__-/ \\_/ \\"—"/} \_7/ ks/
5 g
oscz ENVELOPE
f?“saﬁ@@+w
| - » bl 5 |
' 5 ! J
\E;// \M_//\\H//\h_//\\»,/
9 13 14 15 18
OSC 3 REVERB
/"“\\ : 17—~24
‘\_/ \_/ Mool N
2| 22 23 24
NOISE INPUT QUT. FILTERS —
SN TN S
/\ /\ I:./ -,:I@\\l +
27 28 29 30 a3l 8
NUMBERS ARE DOPE SHEET REFERENLES, NOT FIN BOARD NUMBERS 32 —329
MiouT R ring B ] osc. |BIE|T|our
¥ |AMPS| y - MOD v L| FREQ |C'Y E AMPS
E E A :
R'12 C|las|BlE]123v8lR12
0sC & Lol i 1
1 ™ ' 2
OS¢ [ L 3
2 ~ | 4 32
osc T'1J 5
NGCISE ' 7 %W
INPUT 1 8 @ @
AMPS 2 9 3as
FILTER . e 10 ® | goaTeH
TRAPEZ [ ] ® ik 34
ENV SIG e 12
RING MOD : L] 13
REVERB e - 14
STICK bl s 15
_ bt P 16
A[B'c[D E F|G H|I|J kK[LM|N|O'P % =
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PROJECT/NAME /DATE  VCS3 USERS MANUAL SECTION VII SHEETNo 3

PERFORMANCE /RECORDING NOTES PATCH No 3| 5

SETTING No §

| )

Sounce" effect from Envelope Shaper | START TIME
END TIME 1§

PERIPHERALS

RONE
0sC 1 RM FILTER /OSC CONTROL. CHANGES
5555 (1)20ok
! i Al ! -
1 2 3 4 5 6 7 8
08G 2 ENVELOPE
@ @ /é\ f@' 77N /g [/\I /‘5\ | [T
i ) ! i) i I 44— i :
) i I i) |5 Pl A i s
5 i0 L 12 13 14 15 16
05C 3 REVERB .
P 4 ~ 17—24
@f@ //_\ / 8 rs _—’ l,/'a \ @I ( Ly | 21: Best reverberation
! i I ; 15 A ' / setrting will wvary
7 \\13'/ \1é/ %0/ \2—|/ \‘“52/ %3// \é‘;/ with different VC33s
NOISE INPUT OUT. FILTERS -
: c Y A T TN T TN x
NP N DN i o ¢
25 26 27 28 29 a0 a3 S
WNUMEERS ARE DOPE SHEET REFERENCES, NOT FIN BOARD NUMBE‘F{S a3—39
MTout [ETrRng "B TFT osc. [2 BT our
E_AMPS v MOD ¥ LI FREQ C ¥ é AMPS
E BE
R12L|AB§E123Y‘EH12
osc v el | ! i
1 M~ [ ] ' i 2
osc il | e | | 3
2~ e _ | 4 32
osc I LJ i 5
3~ ' o0 o 6 I
NOISE ! 5 7
INPUT 1 | L 8 O @
AMPS 2 AR ENE 9 35
FILTER o e ‘ B | 10 %
TRAPEZ - | T Jee | @] 11 -
ENV SIG , e | | | |12
RING MOD ! TN EE R
REVERB o || | L e
s L RIS I B AT N I " W N P
n T T ! . | A 40 q | S ;




PRGJECT /NAME /DATE

VCS3 USERS

MANUAL SECTICN VII

SHEET No

PERFORMANCE /RECORDING NOTES

PATCH No

SETTING No

Explosive noises of various differ-

START TIMEg

ent kinds, depending on settings of

END TIME

Jovstick and Control No.l$S

FERIPHERALS

Zmplifiers and large

loudspeakers 1f poss-

ikle.

OSC 1 RM FILTER/OSC CONTROL CHANGES
F A /’\ P R f/—\\ T8
4 oy 7 (r10)4)10)
1 2 3 4 5 [ 7 8
osc 2 ENVELOPE/rﬁ\\ P
/’“\\//ﬁ“\ /““\ 7 o N : Y N 9—16
Ci9 o0 lO T | >
i \ _/ N \_// Mhedt® W N g Bt
9 1 12 13 14 15 18
0sC 38 REVERB .
P 1724
I/‘)?\ N /_o\ ’ @ i —’ ) f/lﬂox\i f@ l./ '0 L ,)‘( Vary control 18 (low=
L LY ! I'\\ pis RN e ] b
A R sy P AN e AN A
17 18 19 20 21 22 23 24 est sounds about 4)
NOISE INPUT OUT. FILTERS
3 TN TN il T e BN S i m\’\ A5
‘530 0 B s) A
\_ / \_// Mol Mo o | N e o » o]
25 26 27 28 29 30 i3 5
NUMEERS ARE DOFéSHEET HEFER%CES. MOT FIN BEQOARD NUMEBERS 32—-39
¥ out E‘WNG§?IT osc. B]E f[our
I AMPS yIMOD v L} FREQ |G|, L|AMPS
E E- Al
RI1 2|CaBf k|1 23|y E[R11 2
OSC v ' I ; o
1 I~ | & 2 @
os¢c Lt ! 3
2 ey & 4 32
osc ML i 5 LOW
3 S @ & 6 I SLOW
NOISE ® ; 7
INPUT 1 ! 8 @
AMPS 2 : : | g % 35
R
FILTE ® | ! 10 ——
TRAPEZ s 11 34 TAST
ENV SIG @ J | 12
RING MQD 1
REVERB K ] ; 14
sTICK 0@ : 15
} 3 ] 16
A B][C D|E'F GH|I JK|LIMN|OP = = 5 %




PROJECT/NAME /DATE VC53 USERS MANUAL SECTION VII SHEET No |
PERFORMANCE / RECORDING NOTES PATCH No 3| 7
SETTING No &
Timbre changes through Filter and START TiMEs
Ring Modulator END TIME %
PERIPHERALS
Note: Tune Controls 1 & 9 for best
unison over joystick (vertical)
range., NONE
0SC 1 RM FILTER/OSC CONTROL CHANGES
: /-—-—u\\‘.l //—\ I /‘\‘ : /—“\ .;f/_""\\\l I."/—'_hh\\"-._l -8
(55 659 |O}. 5010 >
N NN N Ve o N2
T 2 3 4 5 5 7 8
0sC 2 ENVELOPE
AT HTIR TS N DN 7 i W i W 516
(685 65| 515 (T (4 ™
NN N A N S NN
10 1 2 | 13 14 15 16
0sC 3 REVERS
T o VT i
@ ,’/é\". I\// 3 \"", 6 ; l/éh\\_l |f/ é\ "/6\" ll__.-/ \"'. 17—24
i-._ ! I\ .-'I i' _,'i '.-'I
N B ol ey ) e sl Bae il el Do K
17 18 19 20 2! 22 23 24
NOISE INPUT OUT. FILTERS —
NN N N )
L ;f L s e >
et N M S o Bt [N o7 ” o)
25 26 27 28 29 30 |3 S
NUMBERS aARE MQOPE SHEET REFERENCES. NOT PIN BOARD MNLUMBERS 25—29
SIGNALS | CONTROLS 2
M ouT TETRING [ETF | osc. [BIE T |our
T AMPS y | MOD g "lF FREQ |G 'Y |L AMPS
E . = A
H12‘LABEE123YE§%12
0sC v (e @ | K W
1 Ml el® . 2
osc M1 * @& | | 3
2~ ] e el T 4 32
osc 14| ° i ! i ® 5
3~ o ey 8 I
NOISE T " g 7 TCH
INPUT 1 | ! N o B @ (
AMPS 2| L | | ' \ T - :
FILTER o | | A |l K 10 L, TimBRE
TRAPEZ [, ] ! EONDE ‘- —
ENV SIG | i i e T e
mnamoo | | | 1 e T[T ] 13
REVERS o | | | 14
« 01 T e el 15 m
8TIC n 1 | 9 I | R Y q | ! E




34

PROJECT /NAME /DATE VCS3 USERS

MANULL

SECTION VII

SHEETNo &

PERFORMANGE / RECORDING NOTES UNIVERSAL PATCH

PATCH No | 6

SETTING No ;

ModGulated scales and arpeggios with

START TIMES

noise modulation of Filter/Occ.

END TIME §

FERIPHERALS

NONE

0sc 1 RM FILTER /OSC
P o e A E e g e
/ y S " W g i '
‘466 |(15(4) 8 (T
@ ..\\\%/j U \\‘\.\_\_'_//': .\_\_,./' \V \\\_\_,_/
1 2 3 4 5 <] 7 8
OSC 2 ENVELOPE
/ _“\ /’“\ / LA T ™ o Rl T P
| L 66 it0i5
\”/ \J U oot Bt N o
) 10 W 2 13 14 15 16
OSC 3 REVERB
9\ 4T |53010 10
| 4. IR YA i I i
\_/ \_/ N N N
17 hrd 21 22 23 24
NOISE 1NPUT OUT. FILTERS
//*x\ //Hﬂ\ //Fa\n//fﬁ\\ - R\./f—%\ </(;T_Tm)\>
(9 6 ) i LT e
‘\\_,_//j \_/ ‘\_,_,_//J \.\“H-\_\_,_.'/ z \,__/ L//. L] ¢
25 26 1 o7 28 29 30 |3l S
NUMBERS ARE DOFE SHEET SEFERENCES, NOT PIN SOARD NUMEERS
MTouTTE ainG [B [T osc. 'R B[] our
T AMPS y [MOD |V L | FREQ /¥ |L AMPS
E E! : A
Ri1 2{C'A B & §i1 2 3|v|8 &|1 2
08¢ T ® 1
1~ 00 2
osc L L ® 3
2~ | & : 4
osc ML ' ; 5
NOISE ¢ 7
INPUT 1 | | 8
AMPS 2 ! ' 9
FILTER : ® | 10
TRAPEZ ! | K. d 1
ENV SIG 0! | | | |12
RING MCD L : | | 13
REVERB o | | ! 14
STICK | ¢ o] 15
: e e 16
A\B C|DEF|GH | |Jjk'L M|nTO P

CONTROL CHANGES
1-8

8—186

1724

21: ndjust for best pos.

25—

32—3%
A5

and¢ stimulate LH.

Press to raise pitch

——

32

|

33

ANY

35

34

55 (B
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PROJECT /NAME /DATE

VCS3 USERS MANUAL SECTION VII

SHEET No &

PERFORMANCE / RECORDING NOTES

UNIVERSAL

PATCH

PATC

HNo 1| 9

SETTING No §

Random frequency rmodulation by fil-

STAR

T TiMEs

tered noise,

and reverberated ring

END TIME ¢

modulated sounds

PERIPHERALS

Note: In some cases Filter will oscillate
at lowest point of range. Set for NONE
Towest frequency wnich does not
cscilleate.
0SC 1 RM FMIER#OSC CONTROL CHANGES
#7% el TR Z o % 6 -8
6 I 1 7 i e 8 ) O 7: Check that Filter doeg
kY \\u// \u/ \H_/; \\_h____/ \—/ :
1 2 3 4 5 not oscillate
080 2 ENVEUDPE .
7 o o If/—‘ 5 /\ / wEeT 8—16
5) 851351585 O IO (10 O
.\\-.,__//. \\_‘__’_/ \\,__'_ﬂ/ xh___,/ /( _/ \\h_/
E) 0 7 12 13 14 15 18
0sC 3 | REVERB
I{/FH % II//’H“\ , e \ //"'\: /"_““‘\ /'"\ o 17—24
‘4.3 10517610
S N R | N TS Ko N
17 18 19 20 21 22 23 24
NOISE INPUT OUT. FILTERS .
AT B " N o | E e e g~ ey el
SR ) G- Pi{e)
.\___.-" Twre oot \\.__,/ \H___// R ® c
25 26 27 28 29 30 |3 3
MUMBERS ARE DOFE SHEET REFEREMCES, NOT PIN BOARD MNLUMEERS Z5-39
SIGNALS | CONTROLS 35: Attack to activate
MTouT ElrinG B[ | osc, |BIE(T|our left hand side
-|-|AMPS|V Mo ¥ b FREQ g Y| AmPs
£ (& i R £
R12L|A B‘B|R123 ‘s 5l1 2
osc v | e | | . WL '
1N‘.|-|0.ii'|i'.|2
osc o [ [e " |7 ] 3
| E 1 '
2 o i | i. [ | | | L | 4 82
) : |
osc J | | i ! | ® TR
; ; T H H
3~ | | l | | I &) I
NOISE & | L7
: | 7 - : | 1 N
INPUT 1 i L i 4 [ 8
. : i I : 1
AMPS 2| ! il | . 118 o 35
FILTER Fareh o ® | . 10
TRAPEZ g o 5 ¥ L] 0 e N -
ENV SIG e T | T e
RING MOD T e EER -
REVERB el 1 11 ha
S e I 1 H I
STICK | | '.| .I | : 15 6
] e e I 1 16
NEE D\EFGH'||J|K|L M|N|OP o = =
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PROJECT /NAME /DATE

VCE3 UBERS

MANUAL SECTION VIT

SHEETNo &

PERFORMANGE / RECORDING NOTES

PATCH No 1] 10

Three part chords automatically chan-

SETTING No ;

ging, with further variations by

START TIME:

moving pins.

END TIME !

PERIPHERALS

Hote: Conts 1,6 & 2 can be tuned to produce
different chord seguences.
NONE
0sG 1 RM FILTER /OSC CONTROL CHANGES
TN EBNT SN AT P/t | s
(488 Y4)8 0
S e W SN2 N 2
1 2 3 4 5 B 7 8
QsC 2 ENVELOPE/H\ -
/——-\ PR //'Jh\\: ; g /F\ 5 - S—18
! \:, [" 3 i '?] O i 'O I Q,\fi {5.5\'; lé: Should be set at max,
Mot N S 1087 N N N point for self-
] 10 1 12 13 1 15 16 -
OSsC 3 REVERB triggering.
PN e N e N o N P 172
4. i 5 i O 'Z._5‘7;[._ IO' 4— _;II.S‘S,E 21: Set at best position,
S NN SN NS N
17 18 18 20 2] 22 23 24
NOISE INPUT OUT FILTERS e
/—\ \\_ /_\\ \\". lrf/—'_h-..\\‘-,l .//_hh\\\.l I.-'/_H\‘-. f/—-_\ -
(o0 W e S
Sl S ool N md B s R sl " c
25 26 27 28 29 30 31 S
NUMBERS ARE DOPE SHEET REFERENCES, NOT PIN BOARD NUMEBERS 37 —39
Ml ouTTE TG [B[F | osc, "R E[T our
T IAMPS. y | MOD X If FREQ ¢ I gL AMPS
E: E PRIE
R12 C|as|8|E[]1 23 viB g1 2
osc vl e e 5 R ]
1 [ ® 2 \
osCc L 0@ 3
2 N [ ® 4 32
osc [ iJ | |® e 5
3~ \ Chavnebaw e o) I
NOISE \ ben t ii_%\ese, 7
INPUT 1 \ nids '{‘U Oir)'{i'cdﬂ 8 ANY @
AMPS 2 A e cont 9 - 5
FILTER o o L Uebides 10
TRAPEZ O olel |11 5
ENV SIG @ . ' 12
RING MOD 13
REVERB ® 14
B & [ 15
STICK
o o 16 ' 6'5
A-B|C D[E[F GIH{} JIK LM N O[P = o= 5 %
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PROJECT/NAME /DATE  VCS3 USERS MANUAL SECTION VII

SHEET No |

PERFORMANCE / RECCRDING NOTES

UN

IVEREAL

PATCH

PATCH No 8 11

SETTING No 1

Pizzicato-1like scales and arpeggios

START TIMEs

on right, steam-like noises on left

END TIME §

PERIPHERALS

Note:Jovstick alternati

can b

ed

simultanecusly if vou have more than

20 pins

NONE

0SC 1 RM FILTER /OSC
3% 72915500
\Hﬁ/’\x,//\\_,/ N N o N A
1 2 3 4 5 6 7 8
0SC 2 ENVELOPE ]
54 7 alo 0esal-
| _:' : ,l l. : ' ! I'.\ "\_ s .II :\_ il
N N NG | el N ot gl oo
5 10 1 B 13 14 15 16
03C 3 REVERB —~ Py
{ \. I y iy Y v \'l
@ ! 4!5 0 7 ).l r 6 /I '-.\%"6;' ".\ |O | '.\_ 6 l-.\ l ;_.-I F—
17 18 19 20 2] 22 23 24
NOISE INPUT OUT. FILTERS
56 55 -
| | | I I il
A N A S e " c
25 26 27 28 29 30 |3l S
NUMBERS ARE DOPE SHEET REFERENCES, NOT PIN BOARD MUMEBERS
'gOUTiEmNG\EW osc:,!EEE'T ouT
T AMPS|y 'MOD V'L FREO‘C Y.L |AMPS
E E E i la gpid
R.1 2 ; LaBge r|1 23y B R 1 2
08 v e ! ' 1
1 M~ ® 2
osc Lt ® o 3
2 -~ ® 4
osc M . . 5
3 ~u ° * ®s
NOISE M 7
"INPUT 1 i 8
|AMPS 2 _ ! g
FILTER 8 | 10
TRAPEZ | eo'e ™ 1
ENV SIG ] i 1
RING MOD o | ] ol 13
REVERB o LRI N (14
sTICK . |® el 15
o | |o o|[16
aA.B[c DIETFGHIJU[KIL'M|N]D

CONTROL CHANGES

1-8

8—186

17—24

21: Adjust for best pos.

25—

32--39

&

32

ANY

€)

33

34

35

$0 QOC
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PROJECT/NAME /DATE VCS23 USERS MANUAL SECTION VII

SHEET No

PERFORMANCE /RECORDING NOTES

PATCH No 3| 12

SETTING No
Twittering and chirping with variabld grapT TIME
pitch and rhythm END TIME
a
FERIPHERALS

NONE

o]
o
O
D
=

FILTER /O

9]

9]

(@
(o

g
ha
m
=z
<
ul
o)
e

%

—
=
—
[o)]

NUMBERS ARE DOPE SHEET REFERENCES, NOT PIN BOARD NUMBERS

SIGNALS | CONTROLS

M ouT Elrng BT osc :B B =1 gur

E AMPS‘V MOD v L| FREG |E|V|L|AMPs

E E E o AE | L

R12 LC[jaB|lB|E[1 23 Y BlR 1 2
osc el T 7 1
1 P * ' 2
osc Mo L ol 3
2 o~ e 4
osc L i @ 5
3~ R 6
NGISE , - 7
INPUT 1] | , | 8
AMPS 2] ! ! 9
FILTER : e, | . 10
TRAPEZ | P DL @ 1
ENV SIG o o . : 12
RNGMOD | | | - o | i | N 13
REVERB e ’ ' 14
STICK _| & 1@ |® 15
o o] @ . 16

a'Blc olE[FalH tTalk-LimIN OfP

()
)
)
)
S

®
)
o)
Y

h(_
-(

3
)
)

. o)
o)

O
L)
y

15
O8C 3 REVERB /\
P W 0 W L L LW Wi
47V 76 (8410
\_// v‘ \__/ \\_._,./ \-~___/ V \\-—._//
17 18 19 20 21 22 23 24
NCISE INPUT OUT. FILTERS
N NI N N N =
[ ;] If\ } ||’r 6 : 5 | -
v \_—/ \x_..-/f \‘a___,/ v \..__/ e C
25 26 27 28 29 30 31 5

CONTROL CHANGES

i—-8

8—16

17-24

25—31

32—39

32

ANY

33

34

35

©0 Ot
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PROJECT/NAME/DATE  VCS3 USERS MANUAL SECTION VIT SHEETNo 4
PERFORMANGE / RECORDING NOTES PATCH No 3| 13

]

SCOPE connected to INPUT 1 SETTING No .

START TIME;

Scales and arpeggios in contrary END TIME

motion PERIPHERALS

Note: Settings may have to be adjusted for
the individual VCS83.

NONE

0SC 1 RM FILTER /OSC
..f//_h\\\l m .-"/‘_-_H\\_ h \. ./_\
55813 C 8 (6 =
\h_// \x_// e \RH// S Sl S
1 2 3 4 5 8 7 8
0sC 2 ENVELOPE
l\ IO 'I ll :I |: 3 ) |'-_ 6 | l‘\ 5 .': l'\_ 6 _-’:I l' O :I '—*
N AN AN NP ANP AN AN
3 0 1 12 13 14 15 16
0sC 3 REVERB
0 esis1i0 o}
be F he o N 2P [N off e S ol Bg nt
17 18 19 20 2] 22 22 24
NOISE (NPUT OUT. FILTERS
/,Ha\ /,—a\ //_m\ /,F&\ //ﬂw\\//,H\\ (/(’T_TthX
i 146 (5 (5 =
N N N A T SN P &
25 26 27 28 29 30 |a S
NUMBERS ARE DOPE SHEET REFEREMCES, NOT PN BOARD NUMEERS
out [ETRnG |E[F| osc. TB[E Flour
|AMPS| v |MOD |V | L| FREQ 'C|{ L AMPS
T E S A :
| 12!LABEE123YEié12
osc | ° ' ! 1
1 M~ ® ; 2
osc it ; 3
2 ~|o : ! . 5 4
osc ML ’ 5
3 ~|e o 6
NOISE - i 7
) o 8
AMPS 2 ? f 9
FILTER @ 10
TRAPEZ ; 11
ENV SIG & 12
RING MOD 13
REVERB L) 14
STICK hd 8 15
e e ' 16
A|B|C|D|E|F G.H|I J K|L|MIN O:P

CONTROL CHANGES
1-8

9—18

17—24
2l: Adjust for best pos.

25—31
27: Adijust to give hest

range on rilter/Osc,

32—238

9

32

ANY

35
33

34

36
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PROJECT/NAME /DATE VCS3 USERS MANUAL SECTION VII SHEET No
PERFORMANCE / RECORDING NOTES PATCH No 1| 14
SCOPE connected to INPUT 1 SETTING No ®
Rhythmic inversion - i.e. when left START TIMEa
is fast ricght is slow END TIME !
PERIPHERALS
Note: Small adjustments may be necessary
to Envelope Shaper controls and to
Input 1 control NONE

0sC 1 RM FILTER /OSC
4 D 4 8 6
Mo "ot R wd P il | ew s’ e N
1 2 3 4 5 & 7 8
0SC 2 ENVELOPE
S T TR
6546 15151
N AN AN N T N ol 8¢ o Ny o
=) 10 M 12 13 4 15 16
0SC 3 REVERE
/d_H\.‘ ,/—_‘\'\__ lrf/d_h-\\\ I/—H_\\‘ : f’/ﬂ\__
."/é\ \'| II, 6. 5 ; \'| ' .\l I/\ i Io
% ‘ I"\ PEn 2 \ I'-\ SN i
\x-.._../; \___/ \\_‘_,_/ e \___/ e
17 8 19 20 2] 22 23 24
NOISE INPUT OUT. FILTERS /m,\
: 1 ' ; il 11 i
S e e e e ° C
25 26 o7 28 29 30 |al 3
HUMBERS ARE DOFE SHEET REFERENCES, NOT PIN BOARD NUMBERS
) SIGNALS | CONTROL
ouT[E ming B T] osc. P[E'Tiour
AMPS|y MOD Vv L| FREQ &Y 'L AMPS
E E Alr L
1 2|CaBB Ei128v(8Ei12
0sc o |M @ ; 3
1 ™ ® 2
osc M o 3
Y o Lo 4
osc ML ® 5
3 o~ e * ® 8
NOISE 7
Saameas =t o 8
AMPS 2 i )
FILTER ® 10
TRAPEZ ™ ® 11
ENV SIG e 12
RING MOD . 13
REVERB Y 14!
STICK s o 15
[ I8 16
ABCDEFGHIJIKELMiNOP

CONTROL. CHANGES

1-8

g8—186

17—24

25—31

32—-38

33

34

35
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PROJECT/NAME /DATE VCS3 USERS MANUARL SECTION VII SHEETNo
PERFORMANCE / RECORDING NOTES PATCH No | 15
SCOPE connected to INPUT 1 SETTING No 4
CONTROL GQUTPUT 2 connected to INPUT 2f START TIMEs
END TIME
Two 1nverted controls, affecting PERIPHERALS
Oses.l & 2, and filtered noise
Note: Qutput 2 is at O, because this NONE
¢channel is being used for control -
i.e. only one audic cutput is used
0SC 1 RM FILTER xosc CONTROL CHANGES
T e /_\_, 7 ﬁ\ f_.-'/_ i) "\ 7 s o -8
I 4- / 8 ! I"\ 6 ;"I L y 5 (O l
R ol \ e - B | New oo
1 2 3 4 5 B 7 =
0SC 2 ENVELOPE
o _H\\ S
f_/*‘-\ o 7 | fr_/‘_“ \ / a—18
IO lo i 7 Q.
\\_,./ \“J \\\-_/
] 10 1 12 5 Ty 16
08C 3 : REVERB
et o Ty | P i 1724
Ill.r 6 \‘. !.-' /_h\“-.l _.'/ 8 \__I 6 ( O Il"/— 6\'2 Il_f I
! I‘. ! I'\_ ," I".\ f" I'\ /f’l
Sar_nmdt U Vs ol \q__, \ W o TN
17 18 19 20 21 % 23 24
NCISE INPUT OUT. FILTERS T
oo Wi e I/ﬁ"'\\l e R .--'/f_-\‘-\ 7 R ]
‘59 VI0101I5 15
YT R B By md Be o g i &
25 26 27 28 29 30 |3l 5
HUMBERS ARE DOE&HEET HEFEH%CES. NGT FIN EQARD MUMEBERS a9
"ouTETRinG [E[T| osc. BIEIT!our
AMPE y |MOD | Y | k| FREQ iC|{ L|AMPS
R = , A
1 3.0la 85 &I 23‘\’ 8 5|1 2
osc A (A B ! 1
1 | e 2
0sc MLt ® | 3
- 2 ‘- 4 32
osc L} . : 5
3 AL ® ' B e o 6 I
NOISE ® 7
PP LIE d 8 Q @
Prpfl 24 oo ® 9 35
FILTER | @ ' 10 39
] : - i ;
TRAPEZ e | L . 11 a5
ENV SIG f : 12
RING MOD 13
REVERB ® 14
8TICK A 15 O :
; 16 "
A B'CIDE F|G|H | JIK LM|N OP = = = e
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VII—Glossary

AC Alternating Current. Current whose direction is continuzlly
changing, normally at a definite fraqueney (g.v.).

Amplitude The maximum instantaneous value of a current {g.v.)
or valtage (g.v.) during a half eycle of altermating current.
High amplitede peaks can occcur in a generally low level signal.

Attenuate Mzke smaller. The opposite of amplify. An attenuator
is usually a network of resistars {g.v.).

Audio e.g. a-frequency, a-output. Within the audible range.
Elactrical signais which would be audible if converted inta
sound, Compare video — the picture signals in TV,

Bandwidth The width of a stated range or band of frequencies,
described by its tower and upper limits (e.g. a B of 100Hz-
BOOHz, or of three oetaves upwards from 100Hz). May refer
to a band which is being rejacted from an otherwise flat
respanse (g.v.], ar an accepted band {as in the VCS3 Filter].

Beat ln its audio sense a phenomenon caused by two freauencies
so close that the difference tone is observe ' as a throb or
puise —e.g. 250Hz and 252Mz2 would praduce a beat of 2Hz
or one every half second.

Capaci-tance {-tor, -tivae] {C}. The amount of elactrostatic storage
available in an insulator idislectric] separating Twa closely
adjacent conducting surfaces. Measured in Farads [usuatly
microFarads). A Capacitor is 2 device possessing Capacitance,
and is Capacitive (general rule for properties and devicesh. A
frequency sensitive component with many uses. The electrical
equivalent of compliance.

Current {1}, Electrical flow, expressed in Amperes or milliAmperes.
& current cannot flow without a patential gradient, or voltage,
13 impel it. The amount of flow depends on this voltage and
an the resistance offered to it (see Resistance).

dB Decibels, or tenths of Bels. A legarithmic ratio unit, used ta
exprass gain or lass of power ar voltage, 2ither in a single
device or a complete equipment. Double the power = a gain
of 3d8.

DC Direct Current, ar current which always flows in the same
direction.

Differentiation Degradation of waveform (q.v.) when the time
constant lq.v.] of & capacitive [g.w.) civeuit is much shorter
than the cycle time of the waveform. Causes e.g. sharpening
ar spiking of a square waveform.

Earth see Ground.

Equaiisation {3ometimeas Compensation]. Non-linear circuit to corract
the response {c.v.] when a device or signal is also non-linear. A
disc, for example, has a progressive bass cut in its recarding
characteristic, and this must be corrected by a bass-boosting
equaliser an playback. There are certain agreed international
tape egualising standards. See Linear.

Frequency The number of times every second that an alternating
current or sound repeats itself. The higher the frequency the
higher the pitch. Expressed in Hertz {Hz) or Kilohertz (KHz),

Gain see dB.

Ground (in UK often Earth). The neutral return rail of most
glactranic circuits, used as a referance and regarded as 0 voits.
Tha metzl parts of the VCS3, the serezens of cables ete., are all
connected tg Ground, which may or may not be actually
connected to the sarth via the house wiring system.

Harmoanic (Sometimes Partial or Overtonel. The natural seriss
resuiting from any object vibrating at a definite main fraguency
{the Fundamentat]. The harmanics ocour at 2, 3, 4 etc, times
the fundamantal fraquency. Their preserce or absance and
their relative amplitudes determine the timbre of 3 note, and
certain waveforms have known harmonic contents, a useful
fact for the composer.

Hz sz Frequency

Impedance (Z]. The total apparent resistance {g.v.] of a circuit at
a given frequency. In fact the vector sum of the resistances and
reactances (o) in the circuit. Expressed in ohms.

induc-tance |-tor, -tive) (L}. The magnetic effect of a current. Acts
oppeositely from capacitance {g.v.), and when capacitive
and inductive reactance (g.v.} are equal the result is resonance,
resonant LC circuits being used in the design of some
oscillators and filters. Deviges like tape heads depend on
inductance for their operation. Expressed in Henrys, The
electrical equivalent of mass.

Level Sometimes synonymous with amplitude {g.a.], but by no
means always. In practical audio terms, higher level means
louder, Sometimes used, howaver, to mean same as ffat, e.g.
a flat response or level response {g.v.) meaning the same at all
freguencies.

Line {mostly UK in this sense}. In an audio system, the main
signal autputl(s) from the mixing system, distributed to
armplifiers, tape recorders ete, as required. It is norrmally at
a standard agreed level and at 600 ohms impedance (g},

Linear Mot curved, having a straight line characteristic, but not
necessarily level. A straight sided ramp waveform shows a
Hnear increment of voltage. An ideal fiat response (q.v.) is
linear, but most are non-linear.

Meodulatian One signal modified at the frequency of another, and
vice varsa, normally in one parameter {g.v.), such as frequency
or amplitude, but sometimes mare than ane. The term is
sometimes used to describe controlled panning from one
speaker to another {spatial mod!, and phase {g.v.] modulation
can also cccur. A perfect ring modulator is a pure multiplier,
the result being the instantanacus product of the two input
voltages. When the egquation is worked out for twe sinusoidal
o} inputs, only two fregueneies remain, the sum and the
difference of the inputs.

Ohms see Impedance, Reactance, Rasistance

Oscillator & circuit which can only ring or resonate at one
fraquency, with a regenerative amplifier 1o keep the oscillations
continuously going. In a voltage controlled oscillator, the
effective rescnant frequency of the circuit is altered by
applying a voltage to it.

Parameter Any characteristic of a device whose alteration will
affect the perfarmance of that device. The most relevant
parameters of e.g. an oscillator are the frequency, the
waveform {g..) and the tevel, but a complete list would
include everything else about it, such as circuit details, power
supply, physical layout, which must ali be known to describe
the oscillator exactly.

p-p [(Peak-to-peak). Tha voltage found by measuring a waveform
[g.v.} vertically from the highest positive peak to the lowest
negative peak. Twice the peak voltage, and more than twice the
r.m.s. iga) voltage,

Phase The tima relationship of two alternating currents. Two
waveforms that start their cycle simultaneously are in phase
{but will onby remain so if the frequencies are the same).
Exactly opposed waveforms are 180 degrees out of phase, and
alt lags ar leads of one wave aver the other are similarly
measured as an angular difference.

Potentiometer Originally what it says — & device for measuring
potential ar voltage. Now normally any three-terminal variable
resistor — i.a. the two ends of the resistive track plus the
wiper which slides along 1t

Reactance (X} The effective resistive effect of a capacitor (g.v.)
or inductor (q.v.). Mot in fact the same as resistance, because
frequency dependent end phase shifting, but measured in ahms
as if it were resistancs, See lmpedance,

Resis-tance i-tor, -tivel (R). The electrical equivalent of friction.
Expressed in ohms ar Kilohms, but unlike capacitance and
inductance not frequency dependent. The refationship betwesn
resistance, voltage,ig.wv.} and current (..} ina circuit is
governed by Ohm's Law, which states that | [Current) = ¥
{Woltage! /R (Resistancel. This simple formula {in its three
farrms! can be used to make many deductions from a
specification, and Impedance (2] may be substitutad for R in
the expression where applicable. Units are Amps, Yolits and
Chmis, 30 allowance must be mads for e.g. milliAmps ar Kilohms.



Response The output level of a device compared with its input at
all frequencies. |f the output/input ratic remains constant the
respanse is flat or level. A part of the spectrurn may be
specified, as high freguency response.

r.ms. Root Mean Sguare. A method of rating an AC voltage to
indicate its power capabilities at a given current. 230 VAC r.m.s.
will do the same ameaunt of work as 230 VDC, although its
actuat voltage is almost never 230V (four times per cycle
instantaneously}. Arrived at by squaring samples of the
instantaneous vattage and taking the square root of this. For
gxample, mains at 230 VAC r.m.s. has a peak volitage of 325,
or 1.414 x the r.m.s. value. Peak 1o peak voltage is twice this
amount, or 650.

Sine !Sinewave, Sinusoidal, Sinus). The shape of a waveform
containing one frequency anly, or simple harmonic motion in
the case of mechanical movemnent. The graphical representa-
tion of the sine of an angle through 280 degrees. The output
of an ideal alternator, an ideal ascillator or an ideal tuning
fark. Any waveform, however complex, can in theory be
reduced ta a collection of sinewaves of different frequencies,
amptitudes and phase.
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Time Constant YWhen a capacitance [q.v.} is charged through a
resistance {g.v.}, the product of their vatues (CR) gives the
time taken for the capacitor to reach 63.2% of its final charge.
Important information in many circuits. See Differentiation.

Tolerance The design limits of a device or circuit. A resistor with
10% tolerance may be as much as 109% higher or lawer than
its nominal value. The closer the tolgrance specified for a
component ar system, the more costly it usually is.

Valtage (V). Electrical pressure. Before current can flow in a
circuit a potential difference must exist, and the current
flows in an attempt to egualise this difference. For the
relationship between voltage, current and resistance, see
Resistance.

Waveform The shape of an alternating current, usually described
as it looks when graphically represented or displayed on an
oscilloscope. Thus ramp, square, sinusoidal wavefarm. Any
waveform can be analysed to yield its harmonic {g.v.) content.
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