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Preface

In the May 1977 issue of Elektor there appeared the first of a series of articles
devoted to the Formant a sophisticated music synthesiser whose performance
was on a par with that of many commercial models but which was designed
for home construction and could be built for a fraction of their cost. It quickly
became apparent that there was tremendous interest in the project. Many
readers have since completed construction of the Formant, and their
experiences have been entirely positive. The basic modular design concept,
which allows the constructor to build as many (or as few~ modules as his
budget permits, has proven extremely successful, and despite their
complexity, an almost 100% reproducibility in the performance of the circuits
has been achieved.

In view of the continued popularity of the project, we have decided to gather
together and reproduce the original articles describing the design and
construction of the Formant. At the same time, we have taken this
opportunity to explore the musical capabilities of the Formant in somewhat
greater detail than was originally permitted. A synthesiser can be a difficult
instrument for the beginner to master. For this reason Part 2 of the book
consists of an introduction to the techniques of actually playing the Formant.
The characteristics of each module are discussed, and basic control settings
for the simulation of specific instruments are described.

A novel feature of the book is that it is accompanied by a demonstration
cassette, which allows the FQrmant enthusiast to hear for himself what the
results of certain control settings should sound like and which provides some
idea of the enormous musical scope of the instrument.

The availability of printed circuit boards and front panels for each of the
modules makesthe Formant atrue home construction project and ensures that
the enthusiast will have a finished instrument whose appearance he can be
proud of.
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Decoder

Semiconductor types

Very often, a large number of

equivalent semiconductors exist

with different type numbers. For

this reason, ‘abbreviated’ type

numbers are used in Elektor

wherever possible:

® ‘741’ stand for uA741,
LM741, MCB41, MIC741,
RM741, SN72741, etc.

® ‘'TUP’ or ‘'TUN' {Transistor,
Universal, PNP or NPN respect-
ively) stand for any low fre-
quency silicon transistor that
meets the following specifi- -
cations:

UCEO, max 20V

1C, max 100 mA
hfe, min 100
Ptot, max 100 mW
T, min 100 MHz

Some ‘TUN's are: BC107, BC108
and 8C109 families; 2N3856A,
2N3859, 2N3860, 2N3904,
2N3947, 2N4124. Some ‘TUP's
are: BC177 and BC178 families;
BC179 family with the possible
exeption of BC159 and BC179;
2N2412, 2N3251, 2N3906,
2N4126, 2N4291.

@ ‘DUS’ or ‘DUG’ 1Diode Univer-
sal, Silicon or Germanium
respectively) stands for any
diode that meets the following
specifications:

DUS DUG
UR, max 25V 20V
IF, max 100mA  [35mA
IR, max 1uA 100 uA
Ptot, max 250mW  [250mW
CD, max S5pF 10pF

Some ‘DUS’s are: BA127, BA217,

BA218, BA221, BA222, BA317,
BA318, BAX13, BAY61, 1IN914,
1N4148.

Some ‘DUG's are: OAB5, OA91,
OA95, AA116.

®°'BC1078', ‘8C2378’, ‘BC6478"
all refer to the same ‘family’ of
almost identical better-quality
silicon transistors. In general,
any other member of the same
family can be used instead.

BC107 (-8, -9) families:
BC107 (-8, -9), BC147 (-8, -9),
B8C207 (-8, -9), BC237 (-8, -9),
BC317 (-8, -9), BC347 (-8, 9),
BC547 (-8, 9}, 8C171 (-2, -3),
BC182 (-3, 4), BC382 (-3, 4),
BC437 (-8, -9), BC414

BC177 (-8, -9) families:

BC177 (-8, -9}, BC157 (-8, -9),
BC204 (-5, -6}, BC307 (-8, 9),
8C320 (-1, -2}, BC350 {-1, -2),
BCH67 (-8, -9}, BC251 (-2, -3),
B8C212 (-3, 4),B8C512 {-3, 4),
BC261 (-2, -3), BC416.

Resistor and capacitor values
When giving component values,
decimal points and large numbers
of zeros are avoided wherever
possible. The decimal point is
usually replaced by one of the
following abbreviati?ns:

p (pico-} = 107!
n {(nano-) = 10°°
u#  {micro-)= 10
m {(milii-) = 107
:ﬂ :kilo-) = 10:
megs-) = 10
G (giga) = 10°
A fow axamples:

Resistance value 2k7: 2700 0.
Rasistance value 470: 470 Q.
Capacitance valus 4p7: 4.7 pF, or
0.000 0000000047 F . ..
Capecitancs value 10n: this is the
international way of writing
10,000 pF or .01 uF,since 1 nis
10°? farads or 1000 pF.

Resistors are % Watt 5% carbon
types, unless otherwise specified.

The DC working voltage of
capacitors (other than electro-
lytics) is normally assumed to be
at least 60 V. As a rule of thumb,
a safe value is usually approxi-
mately twice the DC supply
voltage.

Test voltages

The DC test voltages shown are
measured with 8 20 kf2/V instru-
ment, unless otherwise specified.

U,notV

The international letter symbol
‘U’ for voltage is often used
instead of the ambiguous ‘V'.
‘V'is normally reserved for ‘volts'.
For instance: Up =10 V,

not Vp = 10 V.

Maips voltages

No mains {(power line) voltages
are listed in Elektor circuits. It is
assumed that our readers know
what voltage is standard in their
part of the world!

Readers in countries that use

60 Hz should note that Elektor
circuits are designed for 50 Hz
operation. This will not normally
be a problem; however, in cases
where the mains frequency is used
for synchronisation some modifi-
cation may be required.

Elektor Printed Circuit Board Service

A complete seft of ﬁrin't:ed circuit board;l at;d Front panels Printed Circuit Boards
front nels for the Formant are available
divect from Elektor Publishers Ltd. The Module EPS No. Module EPS No.
boards are pre-etched and ready-drilled. For interface 9721-F Keyboard lnterface 97211
optimum legibility even under extreme vCo 9723-F Interface Receiver 9721-2
lighting conditions the pre-drilled metal front VCF (12dB) 9724-F Power Supply 9721-3
panels are sprayed matt black with the legends VCF (24 dB) 9953-F Keyboard Divider 97214
and scales printed in white. RFM 9961-F {one octave)
ADSR 9725-F VCO 9723-1
DUAL VCA 9726-F 12 DB VCF 97241
LFOs 9727-F 24 dB VCF 9953-1
NOISE 9728-F RFM 9951
COM 9729-F ADSR 97251
DUAL VCA 9726-1
LFO 97271
For price information see the latest edition of NOISE 9728-1
Elektor, or apply direct to the publishers. COM 9729-1
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formant

chapter 1

introduction

Formant — the Elektor music
synthesiser — is an instrument of
advanced specification that bears
comparison with many
commercially available
synthesisers, but at a fraction of
the cost.

As synthesisers are something of a
mystery to many people this first
chapter provides an introduction
to the basic principles of
synthesisers in general.

Figure 1. A comprehensive commercial music
synthesiser, the Modell ‘Sample System 4°.

the elektor
music synthesiser

A synthesiser may be defined as an
electronic musical instrument whose
tonal characteristics can be varied at will
by the musician. This immediately
makes the synthesiser different from
conventional musical  instruments,
whose tonal characters are fixed by
their physical construction. It also
makes the synthesiser different from an
electronic organ, since the latter has a
fixed set of voices, generally imitative of
conventional organ voices, whereas the
synthesiser has no fixed tonal charac-
teristics. The synthesiser may be used to
imitate conventional instruments, but
on the other hand it may also produce
sounds that cannot be produced by any
conventional acoustic instrument, and
which can be generated only by
electronic means.

The synthesiser then, is an extremely
versatile instrument, and it is a great
pity that it is often used to provide
monotonous background accompani-
ment to beat music, or as a ‘band in a
box’ to produce television advertising
jingles. Fortunately the capabilities of
synthesisers have been fully exploited
by musicians such as W. Carlos,
K. Emerson, P. Moraz et al.

Principles of the Voltage
Controlled Synthesiser.

The concept of the voltage-controlled
synthesiser and related circuits was

originated by Robert A. Moog. Any
sound can be characterised by just three

time dependent parameters, namely
pitch, tone colour and volume, or to put
it in electronic terms, fundamental
frequency, harmonic content and
amplitude. If these three parameters can
be precisely controlled for the duration
of a particular sound then that sound
can accurately be synthesised. In
practice this is obviously limited to
fairly simple ‘musical’ and related
sounds.

A synthesiser thus requires three basic
circuit blocks: oscillators to generate
sounds of the required pitch, filters to
produce the required harmonic content,
and amplifiers to obtain the required
amplitude. Since the three parameters
may vary during the existence of a
particular sound there must be some
means of rapidly controlling the charac-
teristics of these circuit blocks, which is
where the concept of voltage control
comes in, The pitch of a voltage-
controlled oscillator (VCO) may be
varied by changing the control voltage
applied to it. The cutoff-frequency of a
voltagecontrolled filter (VCF) may
similarly be varied, as may the gain of a
voltage-controlled amplifier (VCA).

Exponential Voltage Control

The fundamental design parameter of a
synthesiser is the control voltage versus
frequency characteristic of VCO’s and
VCF’s. In many applications a linear
characteristic is required, i.e. n volts per
Hz. However, musicians are concerned

SAMPLE SYSTEM 4

9720-1
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not with linear frequency relationships
but with musical intervals, the basic one
of these being the octave. For each
octave increase in pitch the frequency
of a note doubles. This means that if the
absolute frequency in Hertz is plotted
against the relative frequency in octaves
an exponential curve results, as shown
in figure 2. It therefore seems more
logical from a musical point of view to
have a linear control voltage versus
octaves characteristic. Figure 3 shows a
control characteristic of 1 octave/volt
(which is the standard generally adopted).
This exponential control has several
other advantages which will be discussed
later.

An exponential (octave linear) control
characteristic may be achieved by
preceding a frequency linear VCO or
current-controlled oscillator by an
exponential generator whose output
voltage or current doubles for each one
volt increase in input voltage (figure 4).
The exponential generator can be
preceded by a summing amplifier into
which is fed the main control voltage
along with other voltages such as a D.C.
offset voltage to transpose up and down
the scale, andfor A.C. modulating
voltages to produce vibrato effects.

Keyboard Voltage Control

In order to play the synthesiser there
must be some method of feeding
varying control voltagss into the
instrument. Since most (Western)
musical instruments are tuned and
played in the tempered tonic scale it
seems logical that a synthesiser should
conform to this scale, and the most
obvious choice of ‘input terminal’ is a
normal organ keyboard with electrical
contacts.

The keyboard circuit (figure 5) consists
of a potential divider chain comprising

equal value resistors, fed from a current
source. Since there are twelve semitone
intervals (and hence twelve key contacts)
to an octave, each resistor has a
potential difference of 1/12 volt across
it. Depressing a particular key connects
the voltage on that key contact out to
the common bus rail, and thence to the
voltage-controlled circuits.

Transposition

Like an electronic organ, a synthesiser
keyboard has only a limited compass
(three octaves in the case of Formant).
In an organ a wider compass is obtained
simply by selecting voices with a lower
register. In a synthesiser the compass is
extended by adding a D.C. offset
voltage to the VCO input (or to the
keyboard output) to transpose the range
of the keyboard. This is shown in
figure 6. An offset of +1 volt transposes
the range up one octave, while an offset
of —1 volt transposes it down one
octave.

Advantages of exponential control
Figure 7 illustrates the principal
advantage of exponential control, which
is chording. This shows three VCO’s
each with three summing inputs. The
first input of each VCO is commoned
and connected to the keyboard. The
second input of each VCO is connected
to an independently variable D.C. offset
voltage, while the third inputs are all
commoned to another variable D.C.
offset voltage. Suppose that the
independent offsets are adjusted so that
the adjacent VCO frequencies are one
octave apart, e.g. 1 kHz, 2 kHz and
4 kHz. If the keyboard input increases
by one volt then the frequencies will
increase to 2 kHz, 4 kHz and 8 kHz
respectively, which are still one octave

apart. This would not be the case with a
linear VCO. As an example, suppose the
first frequency increases by 1 kHz to
2 kHz; the second will also increase by
1 kHz (to 3 kHz), and the third will
increase to 5 kHz. This 2-3-5 kHz group
no longer shows an octave relationship.
Of course, with exponential control one
is not confined simply to octave chords.
By adjusting the independent offset
controls the VCO’s may be set up in any
musical interval relationship. Addition-
ally any number of VCO’s may be
employed. The commoned third inputs
of the VCQO’s permit a common offset
voltage to be fed to each VCO to
transpose the whole chord up or down
the scale. A further possibility is to add
an offset voltage to the keyboard
output to transpose the pitch of the
entire synthesiser. This may seem a little
confusing at first, but is not so in
practice. To summarise:

1. VCO’s may be arranged in chording
groups. The pitch of each VCO may be
varied relative to other VCO’s within a
group to obtain the required chord, by
adjusting the independent tuning
controls.

2. The pitch of a chording group may be
varied by adjusting the chord trans-
position control.

3. The pitch of the entire synthesiser
may be transposed by an overall trans-
position control that adds a variable
offset voltage to the keyboard output.

Voltage Controlled Filters

Voltage controlled filters employed in
synthesisers are commonly of the
lowpass type. A block diagram of their
operation is given in figure 8. A D.C.
voltage sets the cutoff frequency
relative to the pitch of the VCO’s, while
a control voltage derived from the
keyboard shifts this cutoff point up or
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Summing amplifier
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Linear VCO,
VCF or VCA
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Figure 2. Showing the exponential relation-
ship between relative frequency in octaves
and absolute frequency in Hertz.

Figure 3. In common with other synthesisers,
Formant has an exponential or octave-linear
control characteristic of 1 octave/volt, i.e. if
the control voltage is increassd by 1 volt the
frequency doubles.

Figure 4. Principla of a voltage-controllied
synthesiser module according to Moog. This
forms the basis of the voltage-controlied
modules in Formant.

Figure 5. Showing how the control volitage
is derived from the keyboard using a resistive
potential divider.

Figure 6. By adding a DC offset voltage to
the summing input of the VCO along with the
keyboard voltage, the frequency range can be
transposed. For example, an offset of +1V
makes the note one octave higher than that
actually played on the keyboard. An offset
of —1 V would :nake it one octave lower.

down according to which note is played,
so that all notes played, whether high or
low, have the same harmonic content.
Natural sounds are characterised by
dynamic changes of tone colour. A note
may start by having a ‘bright’ character
with a large proportion of the higher
harmonics, but these then decay rapidly
leaving only the fundamental and lower
harmonics. Provision must therefore be
made to vary the cutoff point during
the note. e.g. the cutoff point might
initially start off at a fairly high

. frequency, which would decrease with

time to cause the decay of the higher
harmonics. This is achieved by means of
an envelope shaper which generates a
varying voltage having the required
characteristics. The envelope shaper is
controlled by a gate pulse which is
derived from a second set of contacts on
the keyboard. The voltage versus cutoff
frequency characteristic of the VCF’s is
again made exponential by preceding
the control input of the VCF with an
exponential generator.

Voltage controlled amplifiers

The VCA’s are simply amplifiers whose
gain may be varied by a control voltage.
Their function is to control the duration
of a sound, and also its dynamic
amplitude characteristics, i.e. its attack,
sustain and decay. The VCA is again
controlled by an envelope shaper whose
output voltage has a form corresponding
to the amplitude envelope of the
required sound. The VCA of course has
no control voltage input from the
keyboard, since the amplitude of all
notes must remain the same and does
not depend upon the frequency of the
note being played.

The envelope shaper which controls the
VCA is itself controlled by a gate pulse

from
keyboard
output

transposition
control

derived from the second contact set on
the keyboard, and this determines the
duration of the note played.

In the case of both the VCF’s and VCA’s
the output voltage characteristic of the
controlling envelope shaper (i.e. the
manner in which the envelope voltage
varies with time) can be adjusted by the
musician. This is extremely important
since the dynamic characteristics of a
sound largely determine the character of
the sound. Returning to conventional
musical instruments as an example, if
the attack transient at the beginning of
a note is removed and only the steady
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Figure 7. To play a chord, the offsst of
several VCO's may be adjusted to give the
required musical intervals. They can then be
controlled simultaneously by the keyboard,
and may also be transposed together by a
common D.C. voltage. This is known as
‘chord transposition’.

Figure 8. The voltage-controlled filter (VCF)
is controlled in exactly the same manner as
the VCO. The keyboard controls its cutoff
frequency, which can also be ‘transposed’ by
a D.C. offset voltage. The third input allows
dynamic changes of cutoff frequency during
the playing of a note by means of an envelope
shaper.

Figure 9. Layout of a basic synthesiser.
Several additional blocks are shown such as
fow-frequency oscillators and noise generator-
to modulate the voltage-controlled modules,
and a noise generator to produce effects such
as wind, rain etc.

note is played then it becomes
extremely difficult to distinguish
between many orchestral instruments.
Indeed, it becomes difficult even to
determine whether sounds so treated
belong to string, brass or woodwind
families.

Synthesiser Block Diagram and
Additional Circuits

Figure 9 shows the block diagram of a
basic synthesiser, which contains all the
circuits previously described plus a few
extras.

At the bottom of the diagram is the
keyboard and its interface circuits.
These consist basically of the control
voltage potential divider, the gate pulse
generator and the envelope shapers. In
addition there are low-frequency
oscillators that provide a signal for
periodic modulation of the voltage
controlled circuits (e.g. for effects such
as vibrato) plus a noise voltage generator
to provide random modulation.

The block containing the VCO’s needs
little explanation, except for the
addition of a noise generator. Since this
generates a stochastic signal of no fixed
pitch its frequency is not controlled by
the keyboard, but the noise signal can
be processed by passing through the
VCF’s and VCA’s to produce effects
such as wind, water, rain, thunder,
steam trains, applause etc., as well as
totally unnatural sounds.

The VCO and noise signals are passed
through the VCF and then through the
VCA, both of which are controlled by
the envelope shapers.

Tonal Character of Synthesisers

The foregoing description of the basics
of synthesisers can hardly give any
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impression of the range of tonal possi-
bilities available with a synthesiser. To
begin with, it should not be imagined
that the sound produced by a
synthesiser is like that produced by an

chapter 2

keyboard and
keyboard interface

Having discussed the basic
principles of synthesisers, we can
now proceed to a description of
the Formant itself, starting with
the keyboard and associated
electronics.

electronic organ. A synthesiser has
much more in common with conven-
tional musical instruments. Whereas the
sound of an electronic organ has a fairly
static character, a synthesiser is much

Before going any further it must be
stressed that ‘Formant’ is not a suit-
able project for the beginner. The com-
plexity of the synthesiser demands a
high degree of competence in soldering
p.c. boards and interwiring if an unac-
ceptably large number of faults are not
to arise. Some knowledge of operational
amplifier basics is also almost essential.
Nor should the project be undertaken
by anyone who does not have access to
an oscilloscope, a good multimeter, and
preferably a digital voltmeter.

Top grade components are also a must.
Where specified, 1% metal film or metal
oxide resistors must be used. All other
resistors should be good quality 5% car-
bon film types, while capacitors (except
where the capacitance demands an elec-
trolytic) should be low loss, low leakage
types such as polycarbonate, polyester
or polystyrene. Ceramic capacitors
should not be used. Semiconductors too
should be first-grade devices from a
reputable source, not ‘unmarked, un-
tested’ manufacturer’s rejects. The
temptation to save money by buying
dubious components should be avoided,

more lively and dynamic. The reasons
for this are twofold. Firstly, a synthesiser
permits precise control of the dynamic
characteristics of the sounds produced,
whereas an electronic organ (unless it is
an expensive one) has only fixed attack
and decay characteristics that must
suffice for every voice. Secondly,
whereas most electronic organs are fixed
phase, the synthesiser, with its phase-
independent VCO’s, can much better
produce more ‘natural’ sounds, which
have varying phase patterns.
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as unsatisfactory performance will
almost certainly be the result.

The synthesiser comprises two separate
units, the module unit containing
VCO’s, filters, power supplies etc, and
the manual unit containing the key-
board. These two units are interconnec-
ted by cables with plug and socket
terminations and can be separated for
transportation or storage.

The keyboard is a 37-note C to C key-
board fitted with Kimber-Allen two-
pole normally open contact blocks. The
keyboard used in the prototype was an
SKA type. This keyboard is rec-
ommended for the project and the
descriptions given will relate to it,
though other types may also be suitable.
The keyboard consists of an aluminium
chassis with dimensions similar to those
given in figure 1, to which the keys and
return springs are assembled. The key
contacts are depressed by a plastic
actuator on the underside of each key,
which protrudes through a hole in the
chassis (see figure 1¢). Contact blocks
are supplied separate from the key-
board, and the first task is to assemble
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Figures 1a, 1b and 1c. Mechanical details of

190

1a the SKA keyboard. (A) Keys. (B) Contact
actuator. (C) Chassis.
Figures 2a and 2b. Showing the mounting of
520 25 the key contact blocks, (A) Key. (B) Actuator.
29 [22 ! 22 (C) Chassis. (D) Contact block. (E) Divider
board. (F) Spacer.
Figure 3. Circuit of the keyboard divider
chain and current source.
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the contacts to the underside of the
chassis as shown in figures 2a and 2b.
The contact blocks must be spaced
away from the chassis so that the
actuator (A) just touches the movable
contact with the key in the rest pos-
ition. A strip of 3 mm thick perspex or
other plastic makes a suitable spacer (F).
The simplest method of fixing the con-
tact blocks in position is to glue them to
the plastic spacer using quick setting
epoxy adhesive, taking care not to get
any adhesive into the ‘works’ of the
contact block. For those preferring a
more easily serviceable assembly the slot
in the underside of the contact will
accept a rectangular section metal strip

which will clamp the contacts to the
chassis using nuts and bolts.

Keyboard interface

The principle of the synthesiser key-
board, which was briefly explained in
chapter 1, is shown in figure 3., The
function of one contact-set on the key-
board is to provide a control voltage to
the voltage-controlled modules of the
synthesiser. - Each key can be used to
switch a voltage from a particular point
in a potential divider comprising equal
value close tolerance resistors fed from
a constant current source. The con-
trol characteristic of the Formant is
1 octave/volt so each resistor in the

2a 138 2b
|
. |
™
+|
[Te]
~N
ol
— | -5///(é(<////////(////Illlllllllllag
|| Yo
T
+ 8,5
8 9721 - 2b
" *see taxt 9721-2a
chain must drop 1/12 V giving a step
3 of 1/12 V per semitone.

In figure 3 the constant current source
is built around IC2, a 741 op amp. From
the —15 V stabilised supply a constant
current flows through P6 and R23.
Since only a negligible bias current can
flow into the inverting input of the 741,
this same current must also flow out of
the opamp output and through the
potential divider chain back to the
inverting input. Since R24 holds the
non-inverting input at ground potential,
the voltage at the junction of R22 and
R23 is also zero — a ‘virtual earth’ point.
P6 can be adjusted to give a current of
833 A or a voltage drop of 1/12V
across each 100  resistor, i.e. 83.3 mV.
In practice the voltage will not be
exactly 83.3 mV but will be somewhat
higher to compensate for voltage losses
in other parts of the circuit.

It may seem rather strange to use a
stabilized reference voltage to produce
a constant current which in turn is used
to produce a constant voltage. Why not
simply feed the potential divider from a
constant voltage in the first place? The
answer is quite simple. Since the syn-
thesiser is a monophonic instrument
only one note can be played at once. If
the divider chain were fed from a volt-
age source and several keys were
depressed simultaneously, either by
accident or intentionally, then part of
the divider chain would be shorted out,
increasing the voltage drops across the
remaining (unshorted) resistors and
giving a discordant note. Feeding from a
constant current source means that,
even if part of the chain is shorted out
the voltage drops across the remaining
resistors will stay correct and the note
sounded will actually be the lowest note
of those played.

Sample and hold circuit
It is not possible directly to use the
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output voltage of the keyboard to con-
trol the synthesiser, since immediately
a key is released that voltage disappears
abruptly, and so would any tone that
was controlled by it, making effects
such as sustain impossible. For this
reason the output voltage of the key-
board is stored in a sample and hold
circuit. This consists basically of a
switch and a capacitor connected to the
input of an op amp in voltage follower
configuration. When the switch is closed
the capacitor charges rapidly to the
same level as the input voltage. The op
amp output also assumes this level. If
the switch is now opened, then assuming
the op amp has a high input resistance,
the capacitor can discharge only ex-
tremely slowly, so the op amp maintains
its output voltage for a long time.

There are a number of difficulties
inherent in this simple approach.
Firstly, since the switch in figure 4
corresponds to a key contact of the key-
board, the leakage resistance of the
switch when open is the leakage resist-
ance of 37 key contacts connected in
parallel, which can be quite low,
especially in a humid environment. This
could be overcome by increasing the
value of the capacitor so that it dis-
charges more slowly, but it would then
take much longer to charge from the
keyboard divider chain, which would
result in unwanted ‘glissando’ effects.
The solution is to use a double sample-
and-hold circuit, as shown in figure 5.
The pre S and H circuit stores the out-
put of the keyboard on a small capaci-
tor C1, the output being buffered by
a source follower FET T1. Before the
voltage on Cl can decay due to the
key contact leakage the voltage at the
source of T1 is transferred to a larger
capacitor C2 by an electronic switch
T2. The ‘off” resistance of this switch is
much higher than that of the keyboard,
and T3 has a high input resistance, so
C2 can hold its charge for quite a long
time. T2 is switched by a gating pulse
controlled by the second contact set of
the keyboard. The cathode of DI is
normally at —14 V and T2 is thus cut
off. When a key is depressed the gate
pulse takes the cathode of DI up to
+14 V and T2 turns on.

Portamento control

When playing up and down a scale the
control voltage from the source of T3
would normally consist of a series of
discrete steps, as shown in figure 6a.
This would give rise to equally discrete
changes of pitch, the minimum change
in pitch being one semitone interval of
the tempered scale, as with any other
keyboard instrument. However, many
instruments are characterised by the
ability to make continuous (smooth)
changes of pitch, one example being the
trombone with its slide. This style of
playing is known as ‘portamento’.

The circuit of a portamento stage is
given in figure 7. It consists simply of a
source follower FET, preceded by an

RC network that integrates the stepwise
output of T3 to give a much smoother
change as shown in figure 6b. Pl con-
trols the ‘smoothness’ of the change.
Note that, due to the FET tolerances,
the source resistors R2, R4 and R6 must
be selected on test, and this will be
described in chapter 3.

Overall tuning, frequency
modulation and offset balance

FETs connected as source followers
differ in two essential respects from
ideal voltage followers. Firstly, between
gate and source there is always the gate-
source voltage of the FET, which means
that the source is always at a higher
voltage than the gate. This appears as an
undesirable positive offset voltage at the
source of the FET, and since, in this cir-
cuit, three FETs are connected in cas-
cade these offset voltages are additive.
Secondly, the gain of a source follower
is slightly less than unity, which means
that a 1 V change on the gate does not
produce a 1 V change at the source.

The offset voltage is compensated for
in the circuit of figure 8. This comprises
two IC op amps. IC3 is connected as an
inverting summing amplifier, while 1C4
is connected as a unity gain inverter to
restore the correct sense of the control
voltage. A negative voltage controlled
by P4 may be summed with the control
voltage input (KBV”) to cancel out the
positive offset voltage.

The gain losses in the sample and hold
and portamento stages are compensated
by increasing the current through the
keyboard divider chain by means of P6

Figure 4. Showing the principle of o sample-
and-hold circuit.

Figure 5. The dual sample-and-hoid circuit
used in the Formant.

Figure 6. Showing the output waveforms of
the kayboard interface when playing a scale
(a) normally and (b) portemento.

Figure 7. Circuit of the portamento stage. P1
controls the ‘smoothness’ of the portamento.

Figure 8. Circuit of the offset compensation,
octwve tuning and frequency modulation
stage.

in figure 3 until a control characteristic Cy 9721.4
of 1 octave/volt is obtained at the out- XL
put of I1C4.
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The circuit of figure 8 performs two
additional functions. By adding a vari-
able DC voltage to the control voltage
the entire tuning range of the syn-
thesiser may be shifted. P2 provides an
adjustment of about 5 octaves, while P5
provides a fine adjustment of about
+ one semitone, so that the synthesiser
can easily be tuned to match other
instruments.

A further input is provided for fre-
quency modulation, for example to
provide vibrato. The modulation level
can be adjusted by means of P3, and
with P3 fully clockwise the ‘sensitivity’
of this input is about 1 octave per
500 mV.

Gate circuit

Because of the action of the sample and
hold circuit, once a key has been
depressed the control voltage remains at
the KOV output until another key is
depressed. This would cause a note,
once pressed, to sound indefinitely were
it not for the envelope circuits that
control the attack, sustain and decay of
the notes.

Gate pulses to control the sample-and-
hold circuit and to control the envelope
shapers are derived from the second set
of keyboard contacts. As shown in fig-
ure 9, these are all connected in parallel
and fed with 4.7 V DC from IC1. When
a key contact closes, the output of ICS
immediately goes to +4.7 V. C6 charges
via P7 until its voltage exceeds the volt-
age on the inverting input of IC6 (IC6
functions as a comparator) when the
output of IC6 will swing positive. When
the key is released the output of ICS
will become zero and C6 will discharge
rapidly through D2 so that the output
of IC6 will swing negative.

The RC network P7/C6é provides an
adjustable delay that compensates for
a difference in closing time between the
two sets of contacts. For example,
should the gating contact close before
the control voltage contact then the
synthesiser would first sound a note
determined by the residual voltage on
C1 in figure 5. Then when the control
voltage contact closed the correct note
would sound. The delay network
ensures that the gate pulse is delayed
until after the new control voltage has
been applied to C1. However, since C6
discharges rapidly through D2 the gate
pulse ends immediately the key is
released. C5 and R25 at the input to
IC5 help to suppress noise due to con-
tact bounce.

Construction

Figure 10 shows the complete circuit of
the keyboard interface, while the
printed circuit board and component
layout are given in figure 11. The p.c.
board for the divider chain is given in
the following chapter.
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Figurs 9. Circuit of the gate pulse generator,
Q which is activated by the second contact set
of the keyboard.

Figure 10, Complate circuit of the keyboard
interface circuit.
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| Figars 11. Printed circuit bosrd snd com-
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chapter 3

keyboard construction
and power supply

In this chapter the p.c. board
layout for the keyboard resistance
divider is given, along with
constructional details of the
keyboard case and the test
procedure for the keyboard
interface assembly. The description
of the voltage-controlled module
unit is then commenced, starting
with the power supply and details
of the module case.

Wiring to the keyboard contacts is
largely eliminated by mounting the
keyboard divider chain on p.c. boards
directly behind the keyboard contacts,
so that the ‘tails’ of the contacts can be
soldered direct to the p.c. board. The
wiring diagram of the keyboard divider
boards is given in figure 1.

The p.c. board and component layout
are given in figure 2. Each p.c. board
covers one octave of the keyboard, so
three p.c. boards are required. They are
linked by butting together the ends and
wiring across from one board to the
next, terminal A to terminal A’, B to B’
and so on.

At the left-hand end of the keyboard
points A to E are joined to the corre-
sponding points on the interface
p.c. board by short wire links. Since
each keyboard divider p.c.b. has connec-
tions for only twelve sets of key
contacts the extreme right-hand set of
contacts (note 37) must be wired to
the end of the p.c.b. as shown in
figure 3. Note also the wire link
between points B and D',

In order that the p.c. boards may be
mounted directly behind the Kkey

contacts by glueing, the resistors and
connections to the p.c.b.’s are on the
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Figure 1. Circuit diagram of one keyboard
divider p.c.b.

Figure 2. Printed circuit board and component
layout for the keyboard (EPS 9721-4).

Table 1.
resistors.

Selection table for FET source

copper side of the p.c.b.’s. This can
clearly be seen in photo 1. All the
resistors are, of course, 100 £2 1% metal
oxide types.

Selection of FET source resistors

As mentioned in the last article, the
source resistors for FETs T1, T3 and T4
must be selected before the keyboard
interface p.c.b. can be completed and
tested. This is accomplished using the
test circuit of figure 4a. With the gate
grounded the gate-source voltage Ug is
measured and a corresponding source
resistor for each transistor is selected
from table 1.

0.2 22

0.25 18
03...04 15
04...05 12
06...08 10
09...11 8.2
1.2...16 6.8

At the same time the gate leakage of
each transistor should be checked to
ensure that it is within acceptable limits.
This is done by removing the grounding
link across CG (330 p). This capacitor
will now charge through the gate
leakage of the FET, and the source
voltage will rise. The rate of change of
voltage should be slower than one volt
per second. Any FET which cannot
meet this criterion should be rejected.
This test should also be applied to T2,
and when the tests are complete each
FET, together with its selected source
resistor, can be soldered into the cir-
cuit. Due to the possibility of leakage
around the sample and hold area of the
circuit (T1 to T3) great care should be
taken to ensure that the back of the
board is scrupulously clean, with no
blobs of soldering flux or greasy
thumbprints. After testing, the back of
the board may be sprayed with insu-

Parts list to figure 2

Resistors:

R1...R12=100 Q1%
Miscellaneous:

S1... 5812 = KA keyboard contacts

Note that one board is required for each
octave. For a three-octave synthesiser,
for instance, three boards and 36
resistors are required. For further
details see text, figures 1 and 3 and
photos 1 and 2

N AR TR
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lating varnish.

Although the BF244 or BF245 is speci-
fied for T1 to T4, since practically all
specimens of this device will function in
the circuit, it is possible to use the
cheaper and more popular 2N3819 for
T2. 1t should be noted that the board is
laid out for the pinning of the BF245.
The pinning of the BF244 and most
2N3819’s is different, as shown in
figure 4b.

Interface receiver

In the early design stages the KOV and
GATE outputs from the interface board
were fed direct into the voltage con-
trolled modules. However, it was soon
discovered that the input currents taken
by these modules caused significant
voltage drops along the connecting cable
between keyboard and module unit,
especially if this was long. In particular,
earth return currents along the common
earth wire shared by the KOV and
GATE outputs caused modulation of
the keyboard voltage by the gate pulse.
This problem was overcome by provid-
ing high impedance buffer stages at the
receiving end of the connecting cable.
The circuit for this ‘interface receiver’ is
shown in figure 5. It consists simply of
a 741 connected as a voltage follower
for the KOV input, and a similar voltage
follower with an input delay circuit for
the GATE input. The output of this
circuit also drives an LED to indicate
when a gate pulse is present.

A printed circuit board and component
layout for the interface receiver are
given in figure 6. The two outputs are
taken from single screw terminal blocks
cut from a ‘chocolate block’ type
of mains connector. This is so that
connections to extra voltage controlled
modules can be added if and when the
system is extended.

Testing of the keyboard interface
assembly

Once the keyboard interface (see
chapter 2, figures 10 and 11) and inter-
face receiver boards are complete they
can be tested, provided a = 15 V supply
is available, otherwise the testing must
wait until the synthesiser power supply
has been built, The final adjustment is
not carried out until the keyboard
assembly is mounted in its case, but
these preliminary tests will show up any
faults in the circuits and save a lot of
frustration at a later stage. The test
procedure is as follows:

1. Current consumption

Connect positive and negative supplies
to the keyboard interface (chapter 2,
figure 10) and measure the current
flow in both the positive and negative
supply leads. This should be between
18 and 25 mA.

2. Keyboard current source
a) Connect a multimeter between
points B (positive) and D (negative) and

adjustable between 0.8 and 1 mA by
means of P6.

b) Check the virtual earth point, pin 2
of 1C2. The voltage between this point
and the OV rail should be less than
5mV, with a 1k resistor connected
between points B and D.

15V

9722_ 4,
15V
—] e
Lo
6— s |
BF245 BF244,
9722_4ap 2N3819

o9
KOV

VO——0
cn
6800
Et:n
6800
15\/@_I—G)

1C7,IC8 = uA741C, MC1741CP1 (Mini Dip}
D3 = 1N4148

D4 =LED

D5 =0A91, OAS5, AA119

9722.5

monitor the current. This should be
adjustable between 0.8 and 1 mA by
means of P6.

b) Check the virtual earth point, pin 2
of IC2. The voltage between this point
and the OV rail should be less than
S5mV, with a 1k resistor connected
between points B and D.

3. Gate circuit

Connect point E on the interface board
to point ‘A via a switch and measure the
voltage at point G with respect to 0 V.
It should be —12 to —15V with the
switch open and +12 to +15 V with the
switch closed.

4. Sample and hold

a) Retain the switch from the previous
test. Connect point C to an SPDT
switch so that this point can be
switched between point A and ground.
With point C grounded, the gate switch
closed and P1 set to minimum resistance
the source voltage of T4 must be less

Figure 3. Showing the wiring to the 37th key
contact block.

Figure 4. Test circuit for FET’s and pinouts
of BF244, BF245 and 2N3819.

Figure 5. Circuit of the interface recsiver.

Figure 6. Printed circuit board and com-
ponent layout for the interface receiver
(EPS 9721-2).

Figure 7. Mounting plate for the interface
board. :

than 4 V and should not change when
the gate switch is opened.

b) Leave the gate switch open and
ground point C using the SPDT switch.
The source voltage of T4 must not
change. Close the gate switch and the
source voltage should now rise by
between 3.6 and 4.6 V. Open the gate
switch and this new voltage should be
maintained.
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Parts List to figure 6

Resistors:

R29=100k
R30,R31 =1k

Presets:

P8=100k
P9=1k

Capacitors:
C10=220n
C11,C12=680n

Semiconductors:

1C7.1C8 = uA741C MC1741 CP1
{mini DIP)

D3 = 1N4148

D4 = LED e.g. TIL209

DS = 0A91,0A95,AA119

¢) Set Pl to maximum resistance,
changeover switch to ground point C
and close the gate switch. The source
voltage of T4 should now drop to its
original value over two to three seconds.

5. Summing amplifier

a) Offset adjustment. Maintain the same
switch positions as in test 4c. Using S1,
switch P2 out of circuit and turn sliders
of P3 and PS5 to ground. Use P4 to set
the KOV output to zero volts.

b) Coarse tuning. Switch P2 into circuit
using S1 and turn P2 fully clockwise
and then anticlockwise, when the KOV
output should be +5V and -5V
respectively.

¢) Fine tuning. Switch P2 out of circuit

and turn P35 fully clockwise, when the
KOV output should be about 150 mV.
d) FM. Turn PS5 fully anticlockwise.
Link point FM to point A on the board.
Using P3 it should be possible to vary
the KOV output between zero volts and
about 10 V.

6. Interface recsiver

Interconnect the interface and interface
receiver boards (connections GATE,
KOV, +15V, —-15V and ground).
Repeat tests 3 and 5b, but monitor the
KOV and GATE outputs of the inter-
face receiver. With the gate switch
closed the indicator LED should glow.
Finally, with the gate switch closed, use
P9 to set the gate output voltage of the
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interface receiver to +5 V.

Keyboard unit assembly

Once the interface board has been
tested, it and the keyboard can be
joined to make an integrated keyboard
unit. A

This is accomplished by first making
an aluminium mounting plate for the
interface board, as shown in figure 7.
The ‘tongue’ of this plate fits along the
underside of the keyboard chassis (at
the left-hand end) and is secured by
three 4 mm nuts, bolts and lockwashers.
A solder tag beneath one of the nuts
provides an earthing point for the
keyboard. Note that the larger diameter
hole in the tongue is not used yet; it
will be required for mounting the
keyboard in its case.

The next step is to mount the keyboard
divider boards. As illustrated in photo 1,
these boards should be interlinked in
such 'a way that the ends of the boards
actually touch at the junction, as other-
wise the spacing of the contacts on the
board with respect to the switch contact
blocks will not be accurate. As
described in chapter 2 (and illustrated in
figure 2b), the contact blocks should be
glued or bolted to a 3 mm thick plastic
spacer (F). The keyboard divider boards
can now also be mounted on this spacer,
using either epoxy adhesive or double-
sided self-adhesive tape (‘Servotape’,
‘Tesatape’ or similar). Note that the
front of the divider boards should touch
the contact blocks, as otherwise the
wires from the blocks may be too short.
The interface board can now be
mounted on top of its mounting plate
using 4 mm nuts, bolts and spacers, and
connections between the keyboard
p.c.b.’s and the interface board are
made by short wire links which pass
through the rectangular slot in the
mounting plate. The earthing point for
the keyboard chassis is connected to
point ‘F’ on the interface board. The
complete assembly can be seen in
photos 2 and 3.
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Notes: 1) All dimensions in mm

2) Normal dimensions valid for

3-octave Keyboard

3) Dimensions shown in brackets
valid for 4-octave Keyboard
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Figure 8. a: Dimensions of the keyboard case.
b: Exploded view of the keyboard case.

Figure 9. Interface board control panel.

Photo 1. Showing the wiring of the key
contacts to the keyboard divider p.c.b.
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Figure 10. Showing the wiring between the
keyboard unit, interface receiver and power
supply.

Figure 11. Circuit of the Formant power
supply.

Photo 2. Detail of the wiring between the
keyboard divider and the interface board.

Although the keyboard unit is now a
single assembly it still requires a case to
house it, and the dimensions of a suit-
able case are given in figure 8a. The
materials should be chosen to suit the
type of use (or abuse) to which the
synthesiser will be subjected, and the
choice is left to the individual construc-
tor. However, the dimensions given in
figure 8a are based on some assumptions,

and if other materials are used the
dimensions may have to be adjusted
accordingly. The assumptions are that
the baseboard is made of 10 mm ply-
wood; that the top panel is also made of
fairly thick plywood (10...15 mm) so
as to leave room for the potentiometers
above the interface board; that the side
panels are made of plywood no thicker
than 15 mm.

Particular note should be taken of the
two wooden spacers glued to the
bottom. These are required for mount-
ing the finished keyboard assembly in
the case.

Figure 8b is an ‘exploded view’ of the
complete assembly, illustrating several
of the points mentioned above. For
screening purposes the inside of the
case should be completely lined with
thin aluminium or copper sheet or foil,
which must be connected to ground.

A front panel layout for the interface
controlsisgiven in figure 9. This mounts
directly over the interface board and
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is secured to the keyboard case by
four chromium-plated woodscrews.

Potentiometers Pl, P2, P3 and PS5
(portamento, FM, coarse and fine
tuning) are mounted on the front panel,
together with S1 and the FM input
socket, which is a 4.5 mm jack. Con-
nections between the front panel and
the interface board should be made
sufficiently long to enable the front
panel to be removed without difficulty.
If desired one edge of the front panel
may be hinged for easy access to the
interface board. The output and supply
connections to the interface board are
made by means of 5-pin DIN connec-
tors, and a hole for the DIN socket
should be cut in the side of the key-
board case adjacent to the interface
board. The DIN-connectors should be
high quality locking types, as the cheap

Photo 3. Showing the mounting of the inter-
face board.

Photo 4. The completed power supply board.

plastic variety will quickly fail after
repeated connecting and disconnecting
Connections from the interface board
to the DIN socket are shown in
figure 10.

Power Supply

For final adjustment of the keyboard
unit it is necessary to use the syn-
thesiser’s own power supply to ensure
accurate setting of the voltsfoctave
characteristic of the keyboard. For this
reason the power supply circuit is now
described.

Three output voltages are required for
the synthesiser: +15V, —15V and
+5 V. These must all be stable and easily
adjustable, and for this reason all three
supplies are based on the tried and
trusted 723 precision voltage regulator
IC. The circuit of the power supply
unit is given in figure 11.

It will be noted that all three circuits
are positive regulator circuits with an
external power transistor to increase the
output current. The —15V supply is
obtained simply by linking the positive
output of this circuit to ground. This
does have the slight disadvantage that
separate transformer windings and rec-
tifiers are required for each 15 Vsupply,
but it does mean that both the positive
and negative supplies are of identical
design.

Each supply is equipped with foldback
current limiting, and can comfortably
supply over 800 mA, which should be
adequate for any possible extension of
the synthesiser. When limiting occurs
(at about 1.2 A) the output voltage will
fall and the current will fold back to
about 500 mA with a short-circuited
output. Current limiting of any of the
outputs is indicated by the extinction of
the LED indicator connected across
that output.

A printed circuit board and component
layout for the power supply unit are
given in figure 12, and it should be
noted that the output connections to
T3 are different from those of T1 and
T2, being arranged B-E-C instead of
C-B-E. Good quality components should
be used in the construction of the

Figure 12. Printed circuit board and com-
ponent layout for the power supply (EPS
9721-3).
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Parts List to figure 12

Resistors:

R1,R2 = 3k9
R3,R4,R5,R6,R19,R20 = 227/0.5 W
R7,R8=1k

R9,R10=22k

R11,AR12,R13,R14 = 6k8
(2% metal oxide)

R15,R16 = 680 2

R17 = 2k7 (2% metal oxide}
R1B = 8k2 (2% metal oxide}
R21 = 2k2

R22 = 2k7

R23=15k

R24=1500

Presets:
P1,P2,P3 = 2k5 miniature (7 mm)
cermat

Capacitors:

C1,02= 2200 /35 V
C3,C4,€9,C11,C12=100n
C56,C13=1n

C7,C8 = 10 /25 V tantalum
C10 = 2200 /18 V
C14=10u/16V

Semiconductors:
D1,02,03 = 1N4002

D4,D5,D6 = LED (e.g. TIL 209)

T1,72,73 = 2N3055

1C1,IC2,1C3 = 723 (DIL)

B1,B2 = 40 V 2.2 A bridge rectifier
B40/C2200

B3 =20 V 2.2 A bridge rectifier
B820/C2200

Miscellaneous:
F1,F2,F3 = 2 Aslow blow fuse

Transformer(s) with 18 V, 18 Vand 10V

secondaries at 1 A
3 Heatsinks approx 100 mm x 560 mm
with 30 mm fins
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power supply and the power transistors
should be mounted on generous heat-
sinks, for example finned heatsinks of
100 mm x 50 mm with 30 mm high fins.
The AC supplies to the stabilisers may
be provided by a single transformer with
multiple  secondary  windings  (if
available) or by a number of smaller
transformers. In either case the trans-
former(s) should be generously rated,
the one amp secondary current specified
being the minimum acceptable.

Power supply connections to the voltage-
controlled modules will be taken from
the power supply by separate wires to
each module. For this reason each
power supply rail is equipped with a
substantial connection ‘busbar’. These
are made from copper strip or pieces of
copper laminate board, and are soldered
to terminal pins pushed through the
p.c. board. This arrangement can
clearly be seen in photo 4.

Once the power supply unit has been
built the output voltages can be set to
their correct values. The ~15 V supply
should be adjusted to within 1% of its
nominal value using a DVM, since the
accuracy of this supply voltage has a
direct bearing on the volts/octave
characteristic of the keyboard. The
+15V and +5 V supplies need only be
set to within 3% of their nominal
values.

Keyboard calibration

Once the synthesiser’s own power
supply has been tested and adjusted the
offset compensation and volts per octave *

Figure 13. A suggested layout for a ‘basic’
synthasiser.

Figure 14. The dimensions of the Formant
modules are compatible with the Eurocard
rack system.

characteristic of the keyboard can be
adjusted. The keyboard interface, inter-
face receiver and power supply are
connected as shown in figure 10.

Otfset compensation

The overall tuning is switched off (Sl
‘off’, i.e. position b). Depress the lowest
key of the keyboard and hold it down
while adjusting P4 so that the KOV
output of the interface receiver is zero.

Volts/octave characteristic
This should be adjusted to an accuracy

14a
71
| 1
! ! 1
| |
i !
| |
l
| N
| -
' |
| o
| |
| |
j |
e - ———— @t
w0 M
i BY22 W
Panel h  mm
smali 3V =1325
large 68U =2659

160

all dimensions in mm.

Board himm
small | 100
large | 200

9722 '4b




FORMANT — 029

Figure 15. A case containing one 6U and one
3U rack will accommodate six large and six
small Formant modules. It can be useful to
add a 2U or 3U bottom panel {using a larger
case!), behind which amplifiers etc. can be
mounted,

of at least 1% using a DVM. The overall
tuning remains switched off. The KOV
output is measured and P6 is adjusted
so that alternately depressing keys one
octave apart causes the KOV output
to change by exactly one volt. The
Formant keyboard is now compatible
with any synthesiser that uses a stan-
dard 1 V/octave keyboard.

Finally, the offset compensation should
again be checked and readjusted if
necessary.

Gate delay

Accurate adjustment of the gate delay
is not possible until the voltage con-
trolled modules have been constructed,
but an approximate adjustment will
suffice until that time. P7 on the inter-
face board should be set to about one
quarter of its maximum resistance, and
P8 on the receiver board should be set
to minimum.

Modular construction

A modular method of construction was
chosen because it allowed the greatest
flexibility in the final design. Each
voltage-controlled circuit is constructed
on its own p.c. board which plugs into
a socket in the module housing that
supplies power, control voltage and gate
pulses. Interconnections between
modules are made by means of patch
cords.

The advantage of this system is that
the synthesiser can be made as simple or
as complex as is required. Provided
sufficient space is left in the module
housing for additional modules, it is
possible to build a playable instrument
with just a small number of modules,
and to extend it as and when desired.
This also means that every instrument
can be tailored to the individual con-
structor’s taste and is not fixed within

3uU
6U
2.3U
6x 71.1-426.6 9722.1%
483

rigid limits set by the designer. How-
ever, for those who require a little more
guidance as to the right ‘mix’ of modules
that should be adopted, a suggestion for
a ‘middle-of-the-road’ instrument is
given in figure 13. This utilises three
VCOs, one 12 dB VCF, one 24 dB VCF,
one RFM, one DUAL VCA, two ADSR
envelope shapers, one LFO module, one
NOISE module and one COM. Some
readers may regard the extra (24 dB)
VCF and RFM as slight luxuries, and
indeed for the beginner or someone
with a slightly limited budget, these
modules could be initially omitted.
However they do considerably enhance
the tone-shaping capabilities of the
Formant, and for this reason can

‘justifiably be included in the ‘basic’

Formant system.

The module printed circuit boards and
front panels are compatible with the
Eurocard rack system. Two module
heights are employed in Formant. A
double-height (6U) module is used for
the voltage-controlled modules (VCO’s,
VCA'’s and VCF’s) while a single-height
(3U) module is used for the ancillary
circuits (envelope, shapers, noise gener-
ator etc.).

The basic dimensions of the modules
are given in figure 14. The Eurocard
rack system operates on a card spacing
of 5.08 mm (0.2") or multiples thereof.
Each Formant module occupies a panel
width of approx. 71 mm, so the 426.7
of panel width available will accommo-
date six modules. A 6U rack and a 3U
rack stacked together will thus accom-

modate six large and six small modules,

as shown in figure 15, This corresponds
exactly to the no. of modules in the
‘basic’ Formant system.

Of course some readers, especially those
with previous experience of synthesisers,

may already have a firm idea of the’

type of instrument they wish to build,
and may like to construct a purpose-

built case of wood or some other
material. This is quite permissible, as
the module housing does not require
screening.

chapter 4

voltage controlled
oscillator

The voltage controlled oscillators
(VCO:s) are the heart of any
synthesiser. The quality of the
VCOs ultimately determines the
performance of the synthesiser.
For this reason the next two
chapters are devoted to their
design and construction.

The two principal requirements of a
synthesiser VCO are stability and good
tracking. Stability means that if the
control voltage applied to the VCO
remains constant, then the frequency of
the VCO should also remain constant
and not drift. Tracking means that the
VCO must follow - the prescribed
logarithmic 1 octave/V characteristic as
closely as possible. In particular, where
several VCOs are used they should all
have similar characteristics.
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1 These parameters are particularly

important in a chording instrument such
as the Formant, where a number of
VCOs are used simultaneously. In a
synthesiser using only one VCO slight
drift or deviation from the 1 octave/V
characteristic might not be noticed,
since the ear is not particularly good at
judging absolute frequency, unless a
person has ‘perfect pitch’. In any
chording instrument however, even
slight mistuning is immediately apparent
due to the formation of beat notes.

For example, if two or more VCOs are
tuned to the same pitch any slight
mistuning is audible as beat notes having
a frequency equal to the difference
between the two VCO frequencies.
Slight mistuning between VCOs is
97231 frequently employed deliberately. If the
©=®+® degree of mistuning is slight the beat
frequencies are low and beat notes are
not audible, but a pleasing chorus or

Octave/V

/

linear current-
controlled
oscillator

curve
shaper

summing
amplifier

2>hs A
9

exponential 9723.2
converter

3 Figure 1. When two notes of almost the same

frequency are played together, beat notes are
formed which produce a pleasing ‘chorus’
5V effect.

Figure 2. Block diagram of the VCO, which
comprises an input summing amplifier,
R19 exponential voltage-current converter, linear
- current controlled oscillator and curve shaper
circuits.

Figure 3. The linear CCO is the heart of the
11 VCO module. C2 charges linearly to the lower
threshold of IC1 before being discharged by
0 T1, thus producing a sawtooth output
2 [T P2 waveform. The output of the exponential
13 converter, which determines the charging
current and hence the CCO frequency, is
represented by the current source symbol.

Figure 4. Detail of the sawtooth waveform
and the output of IC4 at the reset point
where T1 is turned on.

O>»

r Figure 5. The exponential relationship be-

tween base-emitter voltage and collector
current of a bipolar transistor is exploited in
the exponential generator.

e 9723 3 @
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phasing effect is obtained, especially if
several VCOs are used. This imparts a
much more lively character to the sound
which contrasts with the sterile sound
of fixed phase instruments such as
electronic organs based on a -“divider
system (see figure 1).

However, if the VCO frequencies drift
apart due to poor stability the beat
notes quickly become obtrusive and
unpleasant, and ultimately a discord is
audible. A similar effect can be noted
when the tracking of the VCOs is poor.
If a chord is set up at a particular pitch
then the musical intervals in the chord
should be maintained when the chord is
transposed to a different pitch. However,
if the tracking of the VCOs is poor this
will not be the case and a discord will
result.

A good test of the VCOs in a synthesiser
is thus to tune them together so that no
beat notes are audible and check that
the tuning is maintained over a period
of time and with changes in such par-
ameters as supply voltage, temperature
etc. The tuning between the VCOs
should also be maintained when the
pitch is transposed.

Any VCO which cannot meet these
criteria is useless for a synthesiser, and
the design of a suitable synthesiser VCO
is necessarily quite complex.

Block diagram

The VCO circuit used in the Formant
follows the form proposed first by
Robert Moog (figure 2). The VCO
input stage consists of a summing
amplifier into which a number of
control voltages may be fed. A poten-
tiometer on its output sets the
octaves/volt characteristic of the VCO.
The resulting control voltage is fed to an
exponential voltage-current converter,
the output current of which doubles for
every 1V rise in input voltage. The
output of this converter controls a
linear current-controlled oscillator,
which produces a sawtooth waveform.
Finally, a curve shaper connected to
the sawtooth output delivers four
further waveforms: spaced sawtooth,
squarewave, triangle and sinewave.

Oscillator section

The CCO is the heart of the VCO circuit,
as explained above.

The CCO section is shown in figure 3.
The output of the exponential voltage-
current converter that feeds this section
is represented by the current source
symbol at the bottom left of the
diagram. This current is of course varied
by the control voltage applied to the
exponential converter.

FETs T2 and T3 are connected as
source followers; their high input
resistance ensures that no significant
current is robbed from the current

| source, even at low currents, as this

would spoil the sawtooth linearity and
could affect the current-frequency
linearity of the CCO. IC1 is a Schmitt
trigger that senses when the sawtooth
voltage has reached a predetermined
level.
The circuit functions as follows: assume
that initialy C2 is discharged. The
voltage at the gate of T2 will then be
nearly +5 V, and since T2 operates as
source-follower the voltage at the input
of IC1 will be above the positive trigger
threshold of this Schmitt trigger, so its
output is low and T1 is turned off. As
C2 charges from the current source the
gate voltage of T2 will fall as the voltage
across the capacitor increases. Since C2
is being charged from a constant current
source, the voltage across it will increase
linearly with time, in accordance with
the equation

Ue. = Lt

C, G,

When the voltage at the input of IC1 has
fallen below its negative switching
threshold the output of IC1 will go high,
which will turn on T1 and discharge C2
until the input voltage of IC1 has risen
above its positive threshold, when Tl
will turn off and the whole cycle will
repeat. A detail of the IC1 output and
input waveforms during the discharge of
C2 is shown in figure 4.
FET T3 is simply an output buffer stage.
As mentioned earlier, the use of two
buffer stages in cascade ensures that any
load on the output cannot affect the

linearity or frequency stability of the
CCO.

The setting of P9 affects the high-
frequency linearity of the CCO and is
used to set the VCO tracking at high
frequencies.

Since N-channel FETs are used for the
source-follower buffers, the source
voltage is always slightly positive with
respect to the gate voltage, so that even
when the gate of T2 is at zero volts
there is always a slight positive voltage
on the source. If the source of T2 were
connected direct to the input of IC1 it
would be possible that the source
voltage of T2 (minimum, depending on
FET tolerances, typically 1 V) might
never fall below the negative threshold
of IC1 (typically 0.85V). For this
reason T2 is connected to the input of
IC1 via a potential divider comprising
R18 and P10, the latter being adjusted
to ensure that the oscillator starts
reliably.

The exponential converter

The exponential voltage-current
converter doubles the output current
fed to the CCO, and hence the CCO
frequency, for every 1V increase in
control voltage.

In common with most such circuits, the
exponential converter makes use of the
(exponential) collector current versus
base-emitter voltage characteristic of a
bipolar transistor. Every transistor
exhibits this exponential relationship,
but not all transistors are suitable for
use in exponentiator circuits. The
reason is that collector leakage current
can cause a deviation from the charac-
teristic at low collector currents, and
transistor base resistance can cause a
deviation at high collector currents.
Special transistors for such applications
are available, but even these have their
limitations due to temperature depen-
dence of the collector current. At
around room temperature, collector
current doubles for a Vpe increase of
around 17 mV. However, a tempera-
ture increase of around 10°C will also
double the collector current, so it is
apparent that, unless some form of
temperature compensation is employed,
even small temperature changes will
cause noticeable variations in the pitch
of the VCO.

There are two methods of reducing the
influence of changes in (ambient)
temperature, both of which are used in
the Formant VCO. The first of these is
to use a matched pair of transistors in
the exponential converter, one of which
is used for temperature compensation.
The second method is to keep the chip
temperature of the transistors constant.
By employing both methods absolute
accuracy and stability of the exponen-
tial converter are achieved. Temperature
stabilisation of the chip may sound like
a complicated business, but fortunately
a purpose-built IC is available, the
UAT26. It consists of two matched NPN
transistors and also contains a tempera-
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ture control circuit that maintains a
constant chip temperature.

The circuit of the exponential converter
is given in figure 6. IC4 is not strictly
part of the converter but is part of the
summing amplifier section. At the
operating temperature of the 726 a Vpe
increase of between 19 and 23 mV is

required for each doubling of collector
current, so the 1 V/octave output of the
keyboard must be attenuated.

IC4 is connected as an inverting amplifier
with a gain of —0.0237. Since the KOV
input is always positive the output of
IC4 will always be negative, and will
give an output of —23.7 mV per volt

7

Figure 6. Circuit of the exponential voitage-
current converter, which is both temperature
stabilised and compensated. IC4 and T1 are
respectively parts of the input adder circuit
and the CCO.

Figure 7. Complete circuit of the input adder.
This will sum input control voltages from the
keyboard or ECV socket, DC offset voltages
for chording, and AC input signals for fre-
quency modulation of the VCO.

Figures 8 and 9. The musical quality of a
waveform depends on the harmonic content.
The harmonic structure of two welli-known
waveforms is shown: sawtooth (figure 8) and
squarewave (figure 9). In order to obtain the
widest range of sounds from the Formant
VCO, curve shaper circuits are provided that
prod four forms in addition to the
basic sawtooth.

Figure 10. Block diagram of the curve shaper.
An output adder allows the various waveforms
to be fed to the output either individually or
in combination.

input. P7 allows the input voltage-to the
exponential converter to be varied
between —18.7 and —23.7 mV per volt
input, in order to compensate for
tolerances in IC3.

The exponential converter proper
comprises IC2 and IC3. The non-
inverting input of IC2 is grounded
through R14, so the inverting input
should also be at (virtual) earth poten-
tial. For this to be the case, a constant
current of 15 gA must flow through
R11, i.e. the collector current of T,

. must be constant at 15 uA. The voltage-

to-current conversion can now be
explained as follows.

If the input voltage KOV is increased by
1 V then the base voltage of Ty will fall
by around 20 mV (depending on the
setting of P7). Since the collector
current of T, cannot decrease the
output voltage of IC2 must fall in order
to reduce the emitter voltage of T, by
20 mV, maintaining the same base-
emitter voltage and thus the same
collector current. As the base of Tp is
grounded this means that the base-
emitter voltage of T, will fall by 20mV,
and the collector current of Tp will
double. The collector of Ty is connected
to P9 in the CCO circuit, as shown in
the top right hand corner of figure 6.

Summing amplifier

The summing amplifier, part of which
was shown in figure 6, is given in its
complete form in figure 7. Point KOV
is permanently connected to the
1 V/octave output of the keyboard
interface receiver, but the input of the
summing amplifier can be switched
between this point and an external
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control voltage socket (ECV). Poten-
tiometers P1 and P2 give coarse and fine
adjustment of a DC offset voltage to
transpose the VCO pitch for setting up
chords etc. Preset P8 is also provided as
an offset control that compensates for
the input offset voltage of IC4, and sets
the lowest frequency of the VCO
(around 15 Hz).

A frequency modulation (FM) input is
provided, which can be fed with external
(AC) signals to give vibrato effects etc.
The modulation depth can be adjusted
by P3, the maximum sensitivity being
about 2 octaves/V with P3 turned fully
clockwise.

As previously mentioned, the summing
amplifier actually has a gain much less
than one, so that the output voltage of
IC4 is reduced to —23.7 mV per volt
input.

Curve shapers

Having ensured that the ‘business end’
of the VCO design is satisfactory, the
design of the curve shaper section
— which influences the musical charac-
teristics of the VCO - may now be
considered. The main processing of the
synthesiser waveforms is done by means
of voltage-controlled filters (VCFs)
which remove certain frequencies from
a harmonically rich waveform.

The spectra of two well-known har-
monically rich waveforms are shown in
figures 8 and 9 — the sawtooth, which
contains all the odd and even harmonics
of the fundamental, and the squarewave,
which contains only the odd harmonics.
However, this approach does have its
limitations if only one waveform is
provided at the VCO output. Using as
an example the two waveforms just
mentioned; no amount of filtering will
generate the even harmonics necessary
to turn a squarewave into a sawtooth,
and it would be very difficult to filter
out all the even harmonics from a
sawtooth to make a squarewave. It is
thus obviously useful to have several
different waveforms available at the
VCO output.

A block diagram of the curve shaper is
shown in figure 10. The sawtooth output
of the VCO is fed to curve shaper
circuits, which produce respectively
spaced sawtooth, triangle, sine and
square waveforms. The pulse width of
the squarewave may be modulated by
an external control signal, as will be
explained in the description of this part
of the circuit.

The five waveforms may be selected by
means of switches to be fed, either
singly or in combination, into a summing
amplifier.

Musical properties of the
waveforms

Each of the waveforms available at the
VCO output has its own musical
character, which is useful for particular
applications. An unfiltered squarewave
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is not particularly useful, since the odd
harmonics cause the sound to be
extremely harsh. However, filtered
squarewaves are useful for the imitation
of flute tones, and certain woodwinds
such as clarinet.

The sawtooth waveform, which is rich
in all harmonics is suitable for the
imitation of brass, woodwind and many
string instruments, and has an extremely
bright and lively character.

The amplitudes of the sawtooth
harmonics fall off at 6 dB per octave,
i.e. the amplitude of the nth harmonic
is 1/n times the amplitude of the

fundamental. Where this fall is too
abrupt the spaced sawtooth waveform
can be used. This has an even brighter
character than the sawtooth and is
extremely useful for imitating very
brilliant instruments such as the violin
family and some of the higher pitched
brass instruments such as cornet and
trumpet.

The triangle and sine waveforms are
musically very similar., The triangle is
completely lacking in even harmonics,
and the odd harmonics are of low
amplitude. The sound of the triangle is
flutelike, very smooth and mellow.

Figure 11. Circuit of the spaced sawtooth
converter. This clips the sawtooth waveform,
passing only the peaks.

Figure 12. The triangle converter operates by
feeding the positive and negative half-wave
rectified sawtooth to the inputs of a differen-
tial amplifier. The resultant difference output
is a triangle waveform.

Figure 13. The sine converter operates simply
by ‘rounding off’ the peaks and troughs of the
triangle to give an approximation to a
sinewave.

Figure 14. The PWM squarewave generator is
simply a voitage comparator whose output
switches at a certain point on the sawtooth
waveform. The trigger level can be varied,
either by P5 or by an external input, thus
puise width modulsting the squarewave as
shown in figure 14b.

Figure 15. The output adder, which can be
used to combine the various output waveforms
as desired.

A pure sine waveform is, of course,
completely lacking in any harmonic
content and sounds even smoother and
more bland than the triangle — so far as
to be completely without character.

A low harmonic distortion of the sine
waveform is not particularly important
for musical applications, provided the
harmonic content is sufficiently low
that the sinewave sound contrasts with
that of the triangle. The sinewave is
thus derived from the triangle by an
extremely simple diode shaper circuit.

13
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Spaced sawtooth converter

Figure 11a shows the circuit of the
spaced sawtooth converter section. The
sawtooth output of the VCO is fed into
IC5 via R22. IC5 functions as an
inverting half-wave rectifier, with a
variable offset provided by P11. Depen-
ding on the setting of P11, the negative
voltage at its slider causes a positive
offset at the output of IC5 of between
zero and about +14 V,

While the output of ICS is positive D7 is
reverse biased and the op-amp amplifies
and inverts the positive going input
sawtooth with a gain of about 5.5.
However, this applies only so long as the
output of IC5 remains positive. As the
sawtooth voltage increases, a point on
the waveform will be reached where the
output of ICS falls below zero. D7 will
become forward biased and will clamp
the output of ICS to about —0.6 V.

The point on the sawtooth waveform at
which clamping occurs depends on the
setting of P11. With P11 adjusted to
give an offset of zero the sawtooth will
be clipped at a very low level. On the
other hand, with P11 set to give a large
offset voltage the sawtooth amplitude
may never be high enough to cause the
output of IC5 to swing negative, and the
sawtooth will appear at the output of
ICS unclipped.

IC7 amplifies and inverts the output
from ICS with a gain of about —4, and
P11 is adjusted so that the amplitude is
the same as that of the sawtooth
waveform, nominally 1.5 V p-p.

Triangle converter

Half-wave rectification is again employed
in the triangle converter, figure 12. The
input sawtooth (1) is positive and
negative half-wave rectified by D3 and
D4, and the positive and negative half
cycles are fed to the bases of T4 and TS5
respectively (2) and (3). Since T4 and
T5 form a differential amplifier the
collector waveform of TS is (2) - (3),
which is a triangular waveform (4). IC8
is connected as a voltage follower to
buffer the output.

It may seem a little strange to use a
discrete amplifier in this circuit when
extensive use is made of IC op-amps

14a

9723 14a

»

9723 14b

elsewhere. The reason is that they have
a limited slew rate, and this can result in
a notch at the apex of the triangular
waveform where the crossover from
positive half-cycle to negative half-cycle
occurs. This introduces harmonics that
detract from the mellow sound of the
triangular waveform. The discrete
amplifier has a larger slew rate and is
largely free from this defect. C13 also
helps to filter out the spike, but it does
cause a slight falloff of the triangle
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amplitude at high frequencies. The value
of 1 n for Cl13 is by no means manda-
tory, and other values may be substituted
to suit personal taste.

Sine converter

As mentioned previously, the sine
converter does not produce an extremely
pure sinewave, but the circuit (figure 13)
is simple and the output waveform is
musically adequate. The triangle output
from IC8 is fed to the non-inverting
input of IC11 via P13 and R38. The
positive and negative excursions of the
triangle at the op-amp input are limited
logarithmically by a matched pair of
diodes D5 and D6, and the resulting
approximation to asinewave is amplified
by IC11.

P13, R38 and R39 form an attenuator.
The setting of P13 determines the
triangle amplitude that would appear
across R39 were D5 and D6 omitted,
and hence the point on the triangle
waveform at which limiting occurs. For
example, with P13 set to maximum the
voltage appearing across R39 will be
very small, and D5 and D6 may conduct
only on the peaks and troughs of the
triangle, so the output will be too
‘peaky’. On the other hand, with P13
set to minimum the signal will be
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clipped very early in the waveform.
Somewhere between these extremes is a
setting of P13 that will give the best
approximation to a sinewave. This
setting can be found either by ear, or
visually using an oscilloscope, or using a
distortion meter to adjust for minimum
distortion.

Pulse width modulator

This section of the curve shaper gener-
ates a squarewave whose duty-cycle can
be preset to any desired value from O to
100%, or which can be modulated by an
external signal. T6, T7 and T8
(figure 14) form a high speed voltage
comparator whose output will go high
when the sawtooth input voltage exceeds
the base voltage of T7, and which will
go low on the trailing edge of the
sawtooth.

The base voltage of T7 is set by the
output voltage of summing amplifier
1C6, which can be fed both with a DC
voltage via P5 and with a signal from the
PWM input. As the output voltage of
IC6 becomes more positive the
comparator will trigger later and later
along the sawtooth ramp, so the output
pulse will be narrower. This is illustrated
in figure 14b, which shows the response
to a low-frequency triangular PWM
input signal. .

P14 and P15 set the range of PS5, so that
this control can be used to preset the
duty-cycle over the range 0 to 100%.
The amplitude of the PWM input, and
hence the modulation -depth, is
controlled by P4. IC9, which is connec-
ted as a voltage follower, lights LED D8
whenever the comparator output is high.
This indicates that the VCO is func-
tioning, and the LED brightness also
gives an indication of the duty-cycle of
the squarewave output.

Output adder

The output adder circuit (figure 15)
requires little explanation. When any
switch is in the ‘b’ position then that
input is open-circuit and the corre-
sponding input resistor of the op-amp,
IC10, is grounded. When a switch is in
the ‘a’ position then the corresponding
waveform is fed to the summing
amplifier. Two or more waveforms may
be summed by closing several switches
simultaneously, which greatly extends
the range of output waveforms available.
The adder stage has two outputs:
external output signal (EOS), which is
routed to the socket on the VCO front
panel, and internal output signal (10S),
which is internally wired to the voltage-
controlled filter (VCF).

As a suggestion for those experimenters
who wish further to increase the flexi-
bility of the VCO system, switches S2
to S6 may be replaced by potentiometers
to form a mixer circuit in which the
amplitude of each input waveform fed
to the summing amplifier is infinitely
variable.

Conclusion

The discussion of the VCO module has
now reached the stage where the
description of all the circuit sections is
complete, and the musical value of the
various output waveforms has been
given some consideration. The following
chapter will deal with the constructional
aspects of the VCO, including selection
of components, assembly of the module
p.c. board, testing and adjustment.
When this stage is reached the
synthesiser will at last start to become a
playable instrument insofar as the VCO
will produce an output signal of the
correct pitch when a key is depressed,
although the full musical potential
cannot be realised until the rest of the
synthesiser is complete.
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chapter 5

construction of
the VCO

Having dealt with the theoretical
circuits used in the VCO, this
chapter goes on to discuss the
selection of components and
describes the practical
construction, testing and
adjustment of the VCO module.

Care must be taken in the choice of
components for, and in the construction
of, the VCO, if reliable performance is
to be obtained. The same general com-
ments apply that were made earlier with
regard to component quality. In
addition, the following points should be
noted:
1. Capacitor C2 should be a low leakage
type — preferably MKM or equival-
- ent.
2. Transistor T1 to T3 should be tested,

as will be explained later.
3. Diodes D3 and D4 should be a

matched pair.
It is important that the reset transistor
T1 in the CCO section should be selec-
ted for low leakage current, as excessive
leakage current means current lost from
C2 and non-linearity of the CCO at low
frequencies.
The test setup for T1 isshown in figure 1.
The PNP transistor T8 can be used as
the second tranmsistor in the circuit, or
any similar transistor can be used. The
meter can be a multimeter set to the
1 mA range. The base of T8 is initially
left open-circuit to check that it is not
leaky. The meter should read zero. The
base of T8 is then connected to the 0 V
rail via a 100 k resistor to check that it
has adequate current gain. The meter
should read at least 1 mA (i.e. full-scale).
The base of T8 is then connected to the
collector of T1. Any leakage current
through T1 will be amplified by the
current gain of T8 to give a deflection
on the meter. Only if the meter reads
zero is the leakage current of T1 suf-
ficiently low.
Finally, the current gain of T1 can be
checked by connecting its base to +5V
through a 2k2 resistor, when the meter
should again show full-scale deflection.

FETs T2 and T3 can be tested using the
circuit given in chapter 3 for testing the
FETs in the keyboard interface. Unlike
the keyboard interface circuit, FETs
which show a Ug in the test circuit of
less than 0.5 V are not suitable for the
VCO. However, FETs that have been
rejected for the keyboard interface
because their Ug value was too high, can
be used in the VCO if the value of Ug
lies between 1.6 V and 2 V. For FETs
with Ug values between 0.5 and 1.5V
the source resistors R17 and R20 should
be selected from table 1 in part 3. For
FETs having a Ug value between 1.6 V
and 2 V, R17 and R20 should be 4k7.
Diodes D3 and D4 should be purchased
as a matched pair or, if several diodes of
the correct type are to hand, a reason-
ably matched pair may be selected by
measuring the forward voltage drop
versus forward current characteristics of
the diodes and selecting the pair that are
most similar.

Construction

Once these critical components have
been selected, construction of the VCO
may commence. On the printed circuit
board the VCO is split into two func-
tional sections: the exponential
converter and CCO, the complete circuit
of which is given in figure 2a, and the
curve shaper section, the complete
circuit of which is given in figure 2b.
These two circuits are the combination
of all the partial circuits discussed in the
previous chapter.

Printed circuit board and component
layouts for the VCO are given in
figure 4. The oscillator section occupies
the top third of the board, whilst the
remainder of .the board contains the
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Figure 1. Simple test circuit for selecting
transistor T1 of the VCO.

Figures 2a and 2b. These two circuits consti-
tute the complete VCO, and combine into
two functional groups the partial circuits
discussed the previous chapter.

curve shaper circuits. To avoid interac-
tion between the two sections of the
circuit they each have separate supply
and ground connections. The only link
between them is at the source of T3,
which is the CCO output (point A in
figures 2a and 2b). Assembly of the
board poses no particular problems, the
only point to note being that at this
stage C13, R26, R27, R42, R43, R54,
and the link joining pin 4 of IC3 to the
gate of T2, are omitted for test purposes.

Test and adjustment

The first test is to check that the CCO
is functioning, and for this purpose a
1 M resistor is connected between the
gate of T2 and —15 V to act as a current
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source for the CCO. The CCO output
can be monitored with an oscilloscope
at point A.

Should the oscillator fail to start then
P10 can be adjusted until it does. It will
probably be found that the oscillator
stops as the slider of P10 approaches its
two extreme positions, and P10 should
be set midway between the positions at
which oscillation ceases. At this stage,

the frequency of the oscillator should

be around 1 kHz, and the waveform will
not be a perfect sawtooth, but will
exhibit an exponential curvature due to
the 1 M resistor being used in place of a
constant current source.

Once the CCO has been checked, the
1 M resistor can be removed and the
CCO connected to the exponential

converter by soldering in the link
between pin4 of IC3 and the gate of
T2.

With the sliders of P2, P3 and P8 turned
to zero volts and the KOV input
grounded, it should now be possible to
vary the VCO frequency by adjusting P1.
If the exponential converter is operating
correctly, the waveform at point A
should be a perfect sawtooth. It may be
found that at low frequencies the VCO
will not oscillate reliably, in which case
the adjustment of P10 will require
further attention.

Once the VCO functions reliably over
the entire audible range, P1 should be
turned completely anticlockwise and
the offset potentiometer P8 adjusted
until the lower frequency limit (with no

control voltage other than from P8) is
around 15 Hz. This adjustment does not
need to be extremely accurate. If
desired, the frequency range of the
VCOs can be extended beyond the
existing 10 kHz, There are two possi-
bilities: either R12 can be reduced to
47 k, or else C2 can be reduced to 2n7
(or even 2n2).

Curve shaper section

Adjustment of the curve shaper begins
with the spaced sawtooth converter
section. P11 adjusts the clamp level of
this circuit and hence the ‘spikeness’ of
the waveform, which affects the tonal
quality. The adjustment is a matter of
taste, but as a guideline the peak-to-

2b
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D5 ...D7 = 1N414B, 1N914
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peak amplitude of the waveform,
viewed at point S3a, should be about
3v.

Next, the triangle converter (T4, T5)
can be adjusted. The symmetry of the
triangle waveform is determined by the
matching of diodes D3 and D4. P12 can
compensate for slight mismatches in
these diodes, but if the degree of
mismatch is large the only answer is a
better matched pair of diodes. The
output waveform should be monitored
at point SS5a with P12 in its mid-
position, and P12 should then be turned
one way or the other to obtain a sym-
metrical triangular waveform. If notches
are apparent at the peaks of the triangle
waveform (especially noticeable at high
frequencies) then capacitor C13 should
be added. The value of 1 n is given asa
guideline, but C13 should preferably
be chosen experimentally to give the
best compromise between elimination
of the notches and attenuation of the
signal at high frequencies.

Once the triangle waveform is satisfac-
tory the sine converter may be adjusted.
Ideally, diodes DS and D6 should also
be a matched pair in order to ensure
symmetry of the sine - waveform.
However, a random pair of 1N4148s or
IN914s will usually prove to be a
sufficiently close match in practice.
The purity of the sinewave is adjusted
visually by monitoring the waveform at
point S6a and varying the resistance of
P13 for best results. The sine converter
output can be compared with the sine
output of a signal generator, if available,
or with a sine curve plotted on graph
paper. The purists may like to adjust for
minimum distortion using a distortion
meter, though the simpler adjustment
procedure is adequate from a musical
point of view.

The final section of the circuit to be
adjusted is the pulse-width modulated
squarewave generator. The aim of this
adjustment is to set trimmers P14 and
P15 so that the adjustment range of
PS5 varies the duty-cycle from 1% to
99%. The setting-up procedure is as
follows:

1) Adjust P14 until its wiper voltage is
—5.5 V, and adjust P15 to maximum
resistance.

2) Connect the voltmeter to the output
of IC6 and monitor the PWM signal
at point S2a with an oscilloscope.

3) Adjust P5 to give first maximum
(approx. 99%) and then minimum
pulse width (approx. 1%) of the
PWM signal, and note the output
voltage of IC6 for these two con-
ditions thus: — Vpax = voltage for
minimum pulse width, Vinin = voltage
for maximum pulse width.

Figure 3. Suggested front panel layout for the
VvCO.

COARSE
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Parts list for figures 2
and 4.

Resistors:

a. 1% metal oxide

R1 =150k

R6 = 2k37!
R8=750Q
R9,R10=100 k
R11=1M

R13 =200 k

R18 = 1k78!

! These are ‘optimum’
values. However, 2k4 and

1k8 resistors can be-used— —

for RG and R18 respect-
ively, provided they are 1%
metal oxide types!|

b. 6% carbon film
R2,R44,R56,R57 = 100 k
R3,R36,R47,R48,
R49,R52 = 10 k

R4 =100 Q

RS5,R24 =47 k

R7,R50 = 1k5

R12,R58 =68 k
R14=1M

R15=330 Q

R1§,R30 = 4k7
R17,R20= 12 k (nominal) _

R19,R31,R35,
R38,R40,R51 =1 k
R21 =33 k
R22,R39,R55 =22k
R23F 120 k

R25F 12k

R26 £ 120 k {(nominat)
R27 F 180 k {(nominal)
R28,R29 = 5k6
R32,R34=47Q

R33 + 6k8

R37 # 330 k

R41,R46 = 3k9
R42,R43 = 150 k (nominal)
BRAG =470 Q

R53 =180 Q
RS54 = 220 k (nominal)
R59 =15k

Presets:

a. Cermet

P7 = 200 Q {or 220 Q or
250 Q) multiturn
preset.

Note pinout, end pins

spaced 5.1 mm and 7.6 mm

from centre pin, which is

offset by 2.5 mm.

P8,P11 =100 k

P9 = 2k2

P10 = 4k7
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b. Carbon
P12=10k
P13,P14,P15= 100 k

Potentiometers:

a. Cermet
P1 =100k lin

b. Carbon

P2,P4 = 100 k lin
P3 =50 k log.
P5=10 k lin.

P6 = 4k7 (5 k) log.

Capacitors:
Cl=1n

ofrs3lo ofrsilo
.'-'.

\']
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ofsa=}o
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%9 ofFmsle =6y

. C1Q 0

elolale
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C2 = 3n3 (MKM)
C3,C4,C5,C6,C7,
C8,C12=680n
C9=47ul6V
C10/C11 =100 2/25 V
C13 =1 n (see text)

Semiconductors:
T1=BC109C
T2,T3=BF 245A, B
T4...T7=BC107C
T8=BC177C

D3,D4 = 0OA91, OA95,
AA118,AA119, or IN34A

D1,D2,D5,
D6,D7 = 1N4148, or
1N914
D8 = LED, TIL209 or
similar

IC1=7413

1C2,1C4,1C5,1C6,1C7,I1C8,

1C9,1C10,1C11 = uA741C
or MC 1741 CP1
(MINI DIP)

1C3 = kA 726C (Fairchild,
TO package)

Miscellaneous:

31 pin (DIN 41617}
connector

S1...86=SPDT
miniature toggle switch.

4 x 3.5 mm jack sockets

Figure 4. Printed circuit board and com-
ponent layout for the Formant VCO
(EPS 9723-1).
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4) Turn the wiper of P14 to zero volts -

and the wiper of P5 to maximum
voltage. Now use P15 to adjust the
output voltage of IC6 so that it is
equal to the difference between the
two previously noted values Vipax
and Vpip ie.

Vo,IC6 = Vmin - Vmax-

The output voltage of IC6 will be
negative since it is connected as an
inverting amplifier.

5) Adjust P14 to give maximum pulse-
width (99% duty-cycle) of the output
signal. When the wiper of PS5 is now
turned to zero volts the pulse width
should be minimum (1% duty-cycle).
This completes the adjustment of the
PWM stage.

Oscillograms of all the waveforms are

shown in photos 1 to 7.

Output adder

Once the various sections of the curve
shaper have been adjusted the input
resistors of the output adder may be
selected (R26, R27, R42, R43 and
R54). A 250 k potentiometer is connec-
ted in place of each resistor in turn, and
the peak-to-peak amplitude of the
relevant waveform is adjusted to about
2.5 V at output EOS. The resistance of
the pot is then measured and it is
replaced by a fixed resistor of the
nearest preferred value from the E24
range.

. Front panel

A front panel layout for the VCO is
given in figure 3. The three inputs, FM,
ECV and PWM are at the top of the
panel, with the switch (S1) to select
between ECV and KOV mounted below.

Potentiometer P3, which controls the

FM modulation depth, is mounted
below the FM input socket, while P4
and PS, which control the pulse width
modulation depth and duty-cycle re-
spectively, are mounted below the PWM
input socket. The coarse and fine tuning
controls (Pl and P2) are also grouped
together, on the left of the panel, while
the output level control (P6) is grouped
with the waveform selection switches
(S2 to S6) and the output socket.

Module construction

It is essential that the VCO module
should be screened to avoid any inter-
ference pickup. To provide this
screening, and to make the module
mechanically rigid, the p.c. board is
mounted on a carrier made from 16 or
18 SWG aluminium. The dimensions of
the carrier are those of a large Eurocard
(165 mm x 210 mm) so that the module
will fit a Euro-standard card frame. A
right-angle bend at the front edge of the
carrier allows it to be secured to the
front panel by means of the poten-
tiometer mounting bushes. The p.c.
board is mounted on the carrier using
M3 screws and spacers. Photo 8 shows
the completed module.

ECV = External Control Voltage,
i.e. front-panel input to
VCO.

= Keyboard Output Voltage,
i.e. permanently wired
input to VCO from inter-
face receiver.

FM = Frequency Modulation
input

= Pulse Width Modulation
input

= External Output Signal
from VCO (front panel
output)

= Internat Output Signal
from VCO, will be perma-
nently wired to one VCF
input.

KOV

PWM

EOS

VCO/I0s

Photos 1 to 7. These oscillograms give an
indication of the waveforms that should be
available at the curve shaper outputs:

1. Sawtooth 2. Spaced sawtooth 3. Triangle
4. Sinewave 5. Squarewave, minimum duty-
cycle 6. Squarewave, 50% duty-<cycle
7. Squarewave, maximum duty-cycle.

Photo 8. The completed VCO module.
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Octaves/Volt adjustment

The most critical adjustment made to
the entire synthesiser is the setting up
of the octaves/volt characteristic of the
VCOs, as this adjustment determines the
accuracy of the synthesiser tuning.
There are two methods of adjusting the
VCO. The simpler method requires the
use of a frequency counter and digital
voltmeter, while the second method
requires an audio signal generator with a
calibrated frequency scale.

Before commencing the adjustment
procedure power should be applied to
the VCO for several minutes to allow
the temperature (especially of IC3) to
stabilise.

To adjust the VCO using frequency
counter and DVM, all inputs and
controls of the VCO input adder are set
to zero volts and P9 is set in its centre
position, The connection between the
wiper of P1 and R1 must be unsoldered,
and the free end of Rl connected to
ground, whilst the wiper of Pl is con-
nected to the KOV input with S1 in
position ‘a’. The frequency counter is

connected to the VCO output and the
DVM to the wiper of P1, With P] turned
fully anticlockwise the frequency coun-
ter will read around 15 Hz, which was
set previously by means of P8.P1 is now
turned slowly clockwise until the DVM
reads 1V, when the VCO frequency
should be twice what it was with P1 set
to zero, e.g. if the zero frequency was
exactly 15 Hz the frequency should
now be exactly 30 Hz. Of course,
initially this will not be the case, and
some adjustment of P7 will be required.
P1 is then turned until its wiper voltage
is exactly 2 V, when the VCO frequency
should be four times the zero voltage
frequency, e.g. 60 Hz. This procedure is
repeated at 1 V steps over the entire
range of Pl,checking that the correct
frequency is obtained at each step. Thus
if O0V=15Hz, then 1V =230Hz,
2V=60Hz, 3V=120Hz etc. P7 is
adjusted to obtain the best accuracy
possible over the widest frequency range.
At high frequencies (greater than 3 kHz)
P9 can be used to correct any deviations
from the 1 octave/volt characteristic.

To adjust the VCO using the beat note

method, the outputs of an audio
oscillator and the VCO must be fed into
the left- and right-channels of a stereo
amplifier, or via an audio mixer into a
mono amplifier, so that the beat notes
can be heard via the loudspeakers. The
VCO is connected to the KOV output
of the previously calibrated keyboard.
The audio oscillator is set to a frequency
between 400 and 500 Hz, and the main
tuning of the keyboard is switched off.
The top note of the keyboard is then
depressed, and the VCO tuning controls
P1 and P2 are adjusted until the audio
oscillator and VCO are in tune with
zero beat.

Next, the key an octave lower is de-
pressed, when a dissonance or very rapid
beat note will be heard. P7 is then
adjusted until zero beat is obtained
between the audio oscillator and the
VCO note one octave lower.

The top key is again depressed, when it
will be found that, due to the adjust-
ment of P7, a beat note is again heard.
Using the VCO tuning controls, readjust
for zero beat, then depress the key an
octave lower, which will now be slightly
out of tune due to adjusting the VCO
tuning controls. P7 must therefore be
readjusted to obtain a zero beat.

This procedure is repeated several times
until the oscillator is perfectly in tune
with both the top note and the note an
octave lower. The tuning is then
checked two octaves and three octaves
below top C, and if necessary P7 is
readjusted to obtain the best tuning
over the entire keyboard range.

The higher ranges of the VCO must now
be adjusted using P9. For this purpose
the audio oscillator is tuned to around
2 kHz, the bottom note of the keyboard
is depressed, and the coarse and fine
tuning controls of the VCO are adjusted
for zero beat. The key an octave higher
is then depressed, and P9 is adjusted for
zero beat using the same technique as
for the previous adjustment procedure
using P7. The tuning is then checked
two octaves and three octaves above
bottom C.

This completes the adjustment of the
VCO.
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chapter 6

12 dB VCF

This chapter introduces the first
of the tone-shaping modules
which process the ‘raw’ output of
the VCOs to provide a wide
variety of different tone colours
and amplitude dynamics. The
module presented here isa 12 dB
per octave voltage-controlled filter
(VCF) which is used to tailor the
frequency spectrum of the VCO
signal,

Before looking at the VCF circuit in
detail, it is worth examining the ways
in which the VCF is used. Four filter
functions are available. A lowpass filter
with a rolloff of —12 dB per octave
above the turnover point, a highpass
filter with a rolloff of —12dB per
octave below the turnover point, a band-
pass filter with variable Q and minimum
slope of —60 dB per octave on either
side of the centre frequency, and a
notch filter, The turnover point — or
centre frequency in the case of the band
filters — is the same for all four filter
functions, and can be varied by the
application of a control voltage.

Lowpass filter

The simplest use of the VCF is what
might be called static tailoring of a VCO
output using the KOV output of the
keyboard to control the VCF. Suppose
(to give a simple example), it is required
to filter out a large proportion of the
harmonics of the squarewave signal
to produce a flutelike tone. The lowpass
function of the VCF would be used and
the turnover point would be set so that
when a particular key was depressed the
desired tone colour was obtained. If
a higher note is depressed then the VCO
pitch will increase. However, since the
KQV output is also applied to the VCF
the turnover point of the VCF will
increase with the VCO frequency, so
that it always remains in the same
octave relationship to the VCO fre-
quency. The same harmonic structure
of the output waveform is thus main-
tained, — i.e. the VCF is being used as a
tracking filter.

If the VCF is used simply as a tracking
filter then the harmonic content of the
output remains fixed for the duration
of each note. However, dynamic vari-
ation of harmonic content during a
note is also possible by controlling the
VCF from the envelope shaper.

For example, to provide a good imi-
tation of a trombone sound the note
should initially start off with only a
weak harmonic content. As the loudness
of the note builds up the harmonic

content also increases, i.e. the note
becomes ‘brighter’. Similarly, at the end
of the note it is the harmonics which die
away first.

This is achieved by using the VCF in the
lowpass mode as a tracking filter with
ADSR control, ie. with inputs from
KOV and from the envelope shaper.
When a key is depressed the turnover
point is initially determined by the
KOV input, and is set so that the
harmonics are filtered out. As the
envelope shaper output voltage rises
(attack) the turnover frequency of the
VCF is increased to pass more of the
harmonic content. At the end of the
note (decay) the envelope shaper output
falls and the turnover frequency of the
VCF is reduced to filter out the har-
monics once more.

These two simple examples relate to
the imitative capability of the syn-
thesiser, since most people will have a
‘feel’ for the sound of conventional
musical instruments. However, it must
once again be stressed that the syn-
thesiser is not limited merely to an
imitative role. It can also - produce
sounds that are unigue to jtself, that
do not occur naturally and are totally
‘electronic’.

Highpass filter

So far only the use of the lowpass filter
has been discussed. The highpass filter
has the opposite effect to the lowpass
filter, i.e. it'can be used to attenuate the
fundamentals of notes while retaining
the harmonics. This is obviously useful
for sounds which have only a weakly
developed fundamental or a bright tonal
character, such as harpsichord and
spinet type sounds, and certain string
and brass instruments. When controlled
by the envelope shaper the highpass
filter can also give an ‘ethereal’ charac-
ter to a sound.

Bandpass filter

In addition to the fundamental and
harmonic series produced when a
particular note of the instrument is
sounded, brass and many woodwind
instruments exhibit a number of fixed
bandpass resonances, which are deter-

‘mined by the particular mechanical

construction of the instrument. Use of
the VCF as a bandpass filter with fixed
centre frequency (KOV input switched
off), together with a second VCF as
lowpass tracking filter, allows these
instruments to be more accurately
imitated,

Pedal controlled Wa-Wa

Using the VCF in the bandpass mode
with a fairly high Q-factor, A Wa-Wa
effect can be obtained by controlling
the VCF with a 0 to 5V DC supply
from a pedal-controlled potentiometer
(such Wa-Wa pedals are available
commercially or are easily home-made).

Notch filter
By sweeping the centre frequency of the

notch filter up and down the spectrum,
either manually using a potentiometer
or automatically using a low-frequency
oscillator, phaser-type sounds can be
produced. If this is done using a white
noise input instead of a VCO then
interesting ‘jet-aircraft’ noises can be
obtained.

Design of the VCF

As farback as 1965, R.A. Moog designed
24 dB/octave lowpass and highpass
filters, and no satisfactory alternative to
these was found for several years,
although they were periodically ‘re-
invented’ by others. It was not until
the introduction of a specific type of
integrated circuit, the operational trans-
conductance amplifier (OTA), that a
viable alternative became possible.

The Formant VCF is developed from
the two-integrator loop shown in
figure 1. Although a complete math-
ematical analysis of this circuit is
beyond the scope of this book (those
interested are referred to the bibli-
ography), the basic concept is fairly
simple to grasp.

The two-integrator loop can be con-
sidered as an analogue computer for the
solution of a second-order differential
equation. If the input resistor R1 and
potentiometer PQ are removed, it can
be seen that the circuit bears a remark-
able resemblance to a quadrature
oscillator. In fact, if the loop gain of
the circuit is sufficient then it will
function as an oscillator — at the fre-
quency for which the differential
equation solution holds.

PQ provides damping so that the circuit
does not oscillate, but merely acts as a
filter. Highpass, bandpass, and lowpass
filter functions are available simul-
taneously at outputs (1), (2) and (3)
respectively. At the turnover or centrg
frequency of the filters there is 90

phase shift between the integrator
inputs and outputs. Thus betweerol
point (1) and point (3) there is 180

phase shift in all. By combining outputs
(1) and (3) using a voltage follower A4 a
notch function can be obtained. Since
the two inputs are 180° out of phase at
the centre frequency there is a null at
the junction of the voltage follower’s
two input resistors at this frequency.

Of course the centref/turnover of this
filter is not voltage-controlled, but is
fixed by the integrator constants R and
C, so to achieve voltage control one of
these elements must itself be voltage-
controlled. Voltage control of capaci-
tance is impractical in this application.
Voltage controlled resistors are possible
in the form of LED/LDR combinations
or FETs, but unfortunately both these
methods suffer from disadvantages such
as unpredictable performance due to
wide tolerances, small control range,
poor linearity, and breakthrough of the
control signal.

An alternative solution can be found by
re-thinking the basic integrator design.
The classic op-amp integrator consists
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Figure 1. The two-integrator loop used in the
Formant VCF provides 12dB/octave highpass,
bandpass and with the addition of A4, a
notch filter.

Figure 2. Instead of normal op-amps, OTAs
are used in the Formant VCF. The output
current change is gm times the input voltage
change, but gy can be varied by feeding in a
control current |lABC-

Figure 3. The OTA integrator used in the
Formant VCF. The integrator time constant is
controlied by the current |ABc. A high im-
pedance buffer ensures that all the output
current of the OTA flows into the integrator
capacitor.

R2

a

- 1ABC

t=gm -+ uj

9726 2

of a differential-input voltage amplifier
with the non-inverting input grounded.
An input resistor connected to the
inverting input (which is a virtual earth
point) converts the input voltage into
a proportional current. Since this
current cannot flow into the inverting
input it must flow into the feedback
capacitor, and a voltage appears across
the capacitor (and hence at the op-amp
output).

It is fairly obvious that the op-amp
is functioning simply as a voltage-to-
current converter, and an equivalent
circuit for an integrator would be an
amplifier with a voltage-controlled cur-
rent output, with a capacitor connected,
not in a feedback loop, but between
the output and ground. Varying the
voltage-current transconductance of the
amplifier wouid then effectively vary
the ‘resistance’ constant of the inte-
grator.

A suitable device exists ready-made in
the shape of the operational trans-
condunctance amplifier or OTA. This is

Hardwired inputs:

Kov
ENV
vC01,2,3

Keyboard Output Voltage (from interface receiver).
Envelope shaper control voltage (from ADSR unit).
From VCOs 1, 2and 3.

Front-panel inputs:

ECV
™
ES

Outputs:
VCF/I10S
EOS

External Control Voltage.
Tone colour {‘Timbre') Modulation input.
External Signal, e.g. noise, input.

Internal Output Signal from VCF, (will be hardwired to a VCA).
Extarnal Output Signal from VCF (front panel output).

Front-panel controls:

OCTAVES
ENV

™

ES

Q

ouT
ECV/KOV
HP

BP

LP

N

P1, coarse frequency adjustment.

P2, sets envelope shaper control voltage.
P3, sets tone colour modulation level. -
P4, sets external signal level.

P5, Q-factor adjustment.

P8, sets VCF/10S output level {not EOS!).
§1, selects external or internal control voltage input.
S2, selects high-pass output.

§3, selects bandpass output.

84, selects low-pass output.

S2 + 54, selects notch (band-stop) output.
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an amplifier that produces an output
current which is proprotional to the
input voltage, i.e. i = gm * uj, where i is
the output current, uj is the input volt-
age and gm is the transconductance.
The feature of the OTA which makes it
ideal for the VCF is that the trans-
conductance gy is determined by a
control current IABC, thus gm =
k - IABC, where k is a constant. This is
illustrated in figure 2.

For the CA3080 OTA used in the
Formant VCF the constant k is
192 V'lat an ambient temperature
of 25° C, and so gm = 19.2 x IABC mS
(milliSiemens = milliamps/volt). This IC
is particularly suitable because of the
outstanding linearity of its transconduc-
tance characteristic over three decades
of control current, and because of its
relatively small tolerance in the value
of ‘k’ (2:1 for the 3080 and 1.6:1 for
the 3080A). However good linearity is
achieved only for small input signals,
and the input voltage must be attenuated
to about * 10 mV when used in the

VCF.

Figure 3 shows the circuit of the
integrator used in the Formant VCF.
The input voltage is attenuated by the
potential divider connected to the
inverting input, and across the output
is connected the 180 p integrating
capacitor.

To maintain correct operation of the
integrator the total output current of
the OTA must flow into the integrator
capacitor, which means that a buffer
stage with a very high input impedance
is required on the OTA output to avoid
‘current-robbing’. A FET connected as a
source-follower is used for this purpose.
The control current IABC is fed in
through a 27 k resistor. The integrator
time constant is inversely proprotional
to the control current, so the VCF
centre/turnover frequency is directly
proportional to the control current.

Complete circuit of the VCF
Figure 4 shows the complete circuit of

the VCF. The actual filter circuit has a
linear frequency characteristic and is
current controlled. It must therefore be
preceded by an exponential converter
that converts the input control voltage
into an exponentially related control
current, so that the VCF tracks with
the same 1 octave/V characteristic as
the VCOs.

The exponential converter occupies the
upper portion of the circuit, and is
essentially similar to that of the VCOs.
However, the control characteristic of
the VCF does not need to be so accu-
rate as that of the VCO, since a small
error will only introduce minor, un-
noticeable errors in amplitude response,
whereas the same error in the VCO
characteristic would cause unacceptable
tuning errors.

For this reason the VCF exponential
converter is provided only with a passive
input adder (cf. figure 2a of the last
chapter), and temperature stabilisation
of the exponentiator is dispensed
with, thus saving the cost of a not in-
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Figure 4. Complete circuit of the Formant
VCF, which consists of a voltage-current
exponential converter and a linear current-
controlled filter.

Figure 5a. Two well-matched PNP transistors
may be used in place of IC1 for greater econ-
omy. The pin numbers shown correspond to
the pinout of IC1.

Figure 5b. The CA 3080 is available in two
packages. If the TO- package is used the leads
must be bent to fit the DIP layout on the
p.c.b.

expensive A 726 IC. However, tempera-
ture compensation is retained in the
form of a matched transistor pair. The
circuit differs here from the VCO since
the exponentiator must source current
into the OTAs rather than sinking it
as in the VCO, so PNP transistors are
used,

Since temperature stabilisation is not
used, a number of options are open for
the choice of the matched transistor
pair. Those who have access to.a good
transistor tester or curve tracer can
select a matched pair of any small signal
medium gain (B’ spec) transistors such
as the BC 179B, BC 159B, BC 557B étc.
These are then glued together with
epoxy adhesive for good thermal tracking
as shown in figure 5a, taking care that
there is no electrical contact between
the cases if metal-can types are used.
(Note that the pin numbers given in
figure Sa correspond to the IC pinning
in figure 4).

The preferred solution is to use a
CA 3084 transistor array, which is what

was used in the prototype, but if this is
difficult to obtain then almost any dual
PNP transistor, such as the Analog
Devices AD 820... AD 822, Motorola
2N3808...2N3811 or SGS-ATES
BFX 11, BFX 36, will do.

Note that the value shown for R6 (1k8)
is correct when using the CA 3084. If a
dual transistor is used, it is advisable to
reduce the value of R6 to 1kS5.

The current-controlled filter consists of
IC3, IC4 and ICS. It will be noted that
the integrators IC4 and ICS. are non-
inverting. This does not affect the oper-
ation of the circuit, since non-inversion
has the same effect as the double inver-
sion that takes place in figure 1. How-
ever, it does ensure that the three out-
puts of the filter are in the same sense,
whereas in figure 1 the bandpass output
is inverted with respect to the other two
outputs.

IC6 functions as an output buffer, and
also as a summing amplifier for the high-
pass outputs to provide the notch func-
tion. By setting S2, S3 or S4 in position
‘a’, highpass, lowpass or bandpass func-
tions respectively may be selected. By
setting both S2 and S4 in position ‘a’
the notch function is obtained. Since
IC3 is connected as an inverting amplifier
and IC6 also inverts, this double inver-
sion means that the output signal is
non-inverted with respect to the input
signals. The overall gain of the VCF (in
the passband) is x 1 (0dB).

Inputs, controls and outputs

The exponential converter section is
equipped with a coarse octave tuning
control P1 (note the absence of a fine
control as compared with the VCO) and
two presets P7 and P8 to adjust the
offset and octave/V characteristic.

KOV and ECV control inputs are pro-
vided, as for the VCO. The input for
envelope shaper control (ENV) is ad-
justable by means of P2. The tone colour
modulation input controlled by P3/(TM)
is analogous to the FM input of the
VCO, i.e. it allows the centrefturnover
frequency of the VCF to be modulated.
There are four signal inputs, three inter-
nally-wired VCO inputs and one external

signal (ES) input, whose amplitude can
be controlled by P4. The Q-factor of the
filter is controlled by P5.

Switches S2 to S4 select the desired
filter type, as hasalready been described.
Two outputs are provided, an uncon-
trolled output EOS which is brought
out to a front-panel socket, and an
internal output 108, which is controlled
by P6.

Construction

A printed circuit board and component
layout for the VCF are given in figure 6.
The same considerations of component
quality apply to the VCF that apply to
all parts of the synthesiser. As mentioned
earlier, two basic versions of the CA 3080
are available. The CA 3080A has better
specifications as regards tolerance, and
extended temperature range, but the
basic CA 3080 is quite adequate (as-
suming that the synthesiser is not to be
used in Antarctic blizzards).

The CA 3080 is available in two pack-
ages, TO- can and mini-DIP, both of
which are shown in figure 5b. The p.c.
board is laid out for the mini-DIP ver-
sion, but the TO- version can easily be
accomodated by splaying out the leads
to conform with the mini-DIP pinning
(in fact some TO- package 3080s are
supplied with this already done). _

The FETs T1 and T2 must be tested as
detailed in chapter 3 and their source
resistors R23 and R27 selected in
accordance with Table 1 of that chapter.
A front panel layout for the VCF is
given in figure 7, and a wiring diagram
for the front-panel mounted components
is shown in figure 8.

Testing and adjustment

During assembly, it is convenient to use
IC sockets so that the current-controlled
fiter section of the circuit can be tested
independently of the exponential con-
verter. To test the CCF, IC1 is removed
and a 100k log potentiometer is connec-
ted ‘back-to-front’ between ground and
~-15V (i.e. so that the end of the track
approached by clockwise rotation of the
wiper is connected to ground).

A multimeter set to the 100 1A range is



Parts List

Resistors:

R1, R2, R28, R29,

R30, R34 = 100 k

R3 = 100 k (1% metal oxide)
R4 =33 k

R5=47k

R6 = 1k8 (see text)

R7, R9 =330 k

R8 = 2k2

R10, R33 =27k

R11, R12, R13, R14,

R15, R16, R20, R24 =39 k
R17 = 8k2

R18=22k

R19=1k

R21, R22, R25, R26 = 100 O
R23, R27 = 12 k {nominal value,
see text)

R31 =33k
R32=470 Q

Potentiometers:
P1,P5=100 k lin

P2, P3 =47 k (50 k) lin
P4 = 47 k (50 k) log
P6 = 4k7 (5 k) log

Presets:
P7 =100 k
P8 =470 Q (500 Q)

ofr1 Jo Gollo

&

Capacitors:

C1,C3,C4,C5,C10=680 n
C2=1n

C6,C7=33p
C8,C9=180p

Semiconductors:

IC1 = CA 3084 (DIL) see text.

1C2, IC3, IC6 = uA 741 C (Mini DIP),
MC1741 CP1 (Mini DIP).

1C4, 1C5 = CA 3080 (A)

T1, T2 = BF 2454, b.

Miscellaneous:

31-way plug (DIN 41617)
S1 — S4 = miniature SPDT toggle switch
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Figure 6. Printed circuit board and component
layout for the VCF. (EPS 9724-1).

connected between the wiper of the
potentiometer and the junction of R10
and R33, an input signal is provided to
the VCF from a sinewave generator or
from the VCO, and the Bandpass output
is monitored on an oscilloscope. The
test then proceeds as follows:

1. Set the Q-factor of the filter to maxi-
mum (wiper of PS5 turned towards R19).
2. By means of the 100k log potentio-
meter set the control current to 50 uA
on the meter.

3. Slowly increase the generator fre-
quency from about 300 Hz to 1500 Hz;
somewhere in this range the VCF out-
put should peak as its resonant frequency
is reached (i.e. there will be a sharp in-
crease in output at a particular frequency
with a fall-off on each side). Note the
frequency at which resonance occurs,
4. Increase the control current to
100 #A and check that resonance now
occurs at twice the previously noted
frequency.

Note. Tests 2 to 4 are intended to check
the linearity of the filter frequency v.
control current characteristic. The
tolerance in the absolute value of filter
frequency for a given control current is
due to OTA tolerances and is unimport-
ant provided linearity is maintained i.e.
the filter frequency doubles for each
doubling of control current.

5. Set the generator to about 50 Hz and
check that it is possible to obtain
resonance at this frequency by varying
the control current with the 100k
potentiometer. Repeat this test at
15 kHz.

The exponential converter can now be
tested after inserting IC1 and removing
IC4 and IC5. A multimeter set to the
100 uA range is connected from the
bottom end of R10 to -15V and the
wiper voltage of P1 is monitored with a
voltmeter.

The test and adjustment now proceed as
follows:

1. Set P8 to its mid-position, and turn
P1 fully anticlockwise so that its wiper
voltage is zero. Adjust P7 until the
mircroammeter reading is 50 uA.

2. Turn P1 clockwise until its wiper
voltage is 1V, then adjust P8 until the
microammeter reads 100 uA.

3. Repeat the procedure for 2V, 3V,
4V etc. on the wiper of Pl, checking
that the exponentiator output current
doubles for every 1V increase.

Offset adjustment

Now that the two sections of the VCF
have been checked, IC4 and ICS can be
re-ingerted so that the entire VCF can
be checked as a functional unit, as
follows:

1. A squarewave with 50% duty-cycle at
a frequency of about 500 Hz is fed to
one of the filter inputs. P1 is turned fully
clockwise and P7 is turned anticlockwise.
2. The lowpass output of the VCF is

OCTAVES

Figure 7. Front peasi leyout for the VCF.
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Figure 8. Wiring diagram for the panel
mounted components. }

monitored on an| oscilloscope, and at
this stage should fappear at the output
without degradatl n.

3. If the wiper of P7 is now turned
slowly clockwise the leading edge of the
squarewave will start to be rounded off
as the turnover point of the filter is
reduced. To carry|out the offset adjust-
ment with P7 its wiper is turned as far
clockwise as is passible without signifi-
cantly degrading the square waveform
(just a slight rounding of the top corner
is acceptable, but|this adjustment does
not have to be particularly precise).

Octaves/Volit adjustment

The octave/V characteristic of the VCF
can be adjusted by seeing how well it
tracks against a |previously calibrated
VCO. To do this, the KOV input is
connected to the| VCO and the VCF,
and the sine output of the VCO is
connected to the| VCF input. The ad-
justment procedure is as follows:

1. Switch off the main tuning of the
keyboard, depress top C of the.keyboard
and use the octaves control of the VCO
to set its frequency to about 500 Hz.

2. Set the Q control, PS, of the VCF to
maximum, monitor the bandpass outptit

of the VCF and adjust P1 until the VCF 14

output peaks. As the filter is
loaded at high Q-facw!»‘s < L B
necessary to reduce the VCO output
voltage.

3. Depress the key two octaves lower
and adjust P8 until the V
again peaks.

4. Depress top C again and if necessary

readjust P1 so that the output peaks.

5. Repeat 3 and 4 until ho further read-
justment is necessary for the output to
peak when changing from one note to
the other.

6. The offset adjustment| may have been
disturbed, so check this and if necessary
readjust P7 as described in the offset
adjustment procedure.

7. Repeat 3 onwards until no further
improvement can be obtained.
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chapter 7
24 dB VCF

Because of the greater range of
tonal possibilities they offer,
VCFs with an extremely steep
slope seem to have a particular
appeal for most synthesiser
enthusiasts. The design presented
here is for a VCF offering a choice
of lowpass or highpass functions
and a filter slope of 6, 12, 18 or
24 dB per octave.

New possibilities

It should be stated at the outset that the
24 dB VCF is not intended to replace
the 12dB design. On the contrary,
the two filters are complementary to
one another and can be used in combi-
nation to provide greatly increased
possibilities for tailoring the harmonic
structure of the sounds produced by
Formant.

For example, the 12dB VCF can be
used in the bandpass mode together
with the steep filtering of the 24 dB
VCF to produce selective tone color-
ation. The two filters can be controlled
by the same envelope shaper or by
different envelope shapers, and may be
connected in cascade or in parallel.
The latter arrangement offers several
interesting possibilities. For example,
hard, metallic sounds can be produced
by applying a short, steep envelope volt-
age to the 12dB VCF and a longer,
shallower contour to the 24 dB VCF.

If the filter inputs are connected in
parallel then interesting effects may be
.obtained by connecting one VCF out-
put to one input of a stereo amplifier
and the other VCF output to the other
input. This gives rise to a very distinc-.
tive dynamic amplitude characteristic
and stereo imaging, particularly if the
two VCFs are controlled by different
envelope shapers.

The audible differences between the
12dB VCF and the 24 dB VCF are
quite prominent. The 12dB VCF
produces sounds that are distinctly
‘electronic’, which can have a slightly
fatiguing effect on the listener during
extended playing sessions. The sounds
produced by the 24 dB VCF, on the
other hand, are much more ‘natural’,
and can be listened to for extended
periods without fatigue. This effect is
probably due to the more severe filtering
of higher harmonics which the 24 dB
VCF provides when used in the lowpass
mode, since these harmonics tend to
make the sound of the 12dB VCF
much more shrill than that of the 24 dB
VCF.

The effect of the steeper filter slope of
the 24 dB VCF is illustrated in figure 1,
which shows the different outputs from
the 12 dB VCF (dotted line) and 24 dB
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Figure 1. This illustrates the difference be-
tween the outputs of a 12 dB/octave VCF and 1
a 24 dB/octave VCF having the same turnover
frequency, when fed with a sawtooth input.
The 24 dB VCF removes practically all the
harmonics giving a sinewave output, whereas
the original waveshepe is still distinguishable
at the output of the 12 dB VCF.

12 dB-Filter

24 dB-Filter
Figure 2. Tha basic filter section of the 24 dB
VCEF is the same as that of the 12dB VCF, i.e.
an OTA integrator followed by a FET op-amp
buffer.

Figure 3. The highpass function is obtained .t
by connecting the 6 dB lowpass section in the

feedback loop of an operational amplifier. 99831

Figure 4. To obtain a 24 dB/octave filter, four
6 dB/octave sections are cascaded. E

VCF (continuous line) when fed with a
sawtooth waveform, It is apparent that,
due to the almost complete removal of
the harmonics of the sawtooth, the out-
put of the 24 dB VCF is practically a
sinewave, whereas the original waveform
is still apparent at the output of the
12 dB VCF since the harmonics are only
partially removed.

It is clear from the foregoing that a
24 dB VCF greatly extends the musical
possibilities of a synthesiser and is
virtually a must for the serious user.

Design of the 24 dB VCF

The design of the basic filter section
shown in figure 2 is very similar to that
of the 12 dB VCF, which was described
in detail in the previous chapter. How-

ever, advantage has been taken of recent

developments in FET op-amp techno-

logy to simplify the design slightly, As q
has been explained; the basic filter
section is an integrator or 6 dB/octave

lowpass section consisting of an OTA F T T a
driving a capacitor. The voltage/current LP| LP: LP ! LP |
transconductance (gm) of the OTA can DO._ FL1 FL2 . s '™ EL4

be varied by an external control current o o —0 —©

and hence, via an exponential volt- HP HP HP HP
age/current converter, from an external 12dB 18 dB

control voltage. This control current -~

alters the time constant of the integrator 6dB o YY)

and hence the turnover frequency of the 99535

filter section.

The output current of the OTA must all r

flow into the capacitor, otherwise the O

integrator characteristic will be less than 8

ideal. This means that the output of the
OTA must be buffered by an amplifier
with a high input impedance. In the
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Figure 5. Positive feedback around the satire

5 (d8] filter allows the response to be boosted sbout
A the turnover frequency. The degree of boost
can be varied by a “Q’ control.
Q
Figure 6. Block diagram of the 24 dB/octave
filter, showing how the Q control is incorpor-
ated.
? Figure 7. Complets circuit of the 24 dB VCF.
o >t The exponential voltage/current converter is
} identical to that used in the 12 dB VCF.
-
A\ 24dB/ octave
90536
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12 dB VCF this was achieved by using a | respectively. is given in figure 7, The exponential

discrete FET source follower and a 741
op-amp. Fortunately, relatively inex-
pensive quad FET op-amps such as the
Texas TLO84 are available. The use of
one of these ICs simplifies the design
and obviates the need to select FETs,
which becomes something of a chore
when one considers that the 24 dB VCF
uses four integrator stages.

Highpass function

The highpass mode of the filter is
achieved by connecting the 6 dB/octave
lowpass section in the negative feedback
loop of an operational amplifier, Al, as
shown in figure 3. A highpass filter re-
sponse is then available at the output of
Al whilst a lowpass response is simul-
taneously available at the output of A3.
Of course, this arrangement gives only a
6 dB/octave slope per section, and in
order to obtain a 24 dB/octave filter
four filter sections, built according to
the circuit of figure 3, must be cascaded
as shown in figure 4, Switching at the
output of each section allows selection
of highpass or lowpass mode, whilst a
4-position switch allows 1, 2, 3, or
4 filter sections to be switched in to
give 6-, 12-, 18-, or 24 dB/octave slopes

It is apparent that this arrangement is
different from the two-integrator loop
or state-variable filter which formed the
basis of the 12 dB/octave filter. In the
12 dB/octave filter, lowpass, highpass,
bandpass and notch modes were avail-
able simultaneously at various points in
the circuit, though in fact only one
function at a time could be selected at
the output.

An interesting effect, shown in figure 5,
can be obtained with the 24 dB VCF if
a feedback loop is connected from the
output of the cascaded filters to the
non-inverting input of the first stage as
illustrated in figure 6. Due to the phase
shift around the turnover frequency this
causes positive feedback, which boosts
the gain of the filter around the
turnover frequency as shown in figure 5.
The degree of boost is adjustable by
means of a ‘Q’ control. The choice of
Ry is important as too much feedback
would cause the circuit to oscillate, so
the value of Ry is a compromise
between stability and a reasonable
degree of boost.

Complete circuit
The complete circuit of the 24 dB VCF

converter, constructed around Tl, T2
and IC1, is identical to that used in the
12 dB VCF and gives the same 1 octave
per volt characteristic to the turnover,
frequency of the filter. The control volt-
age inputs are also the same as for the
12 dB VCF, and are listed in table 1.
Since the 24 dB VCF must have the
option of being connected in parallel or
in cascade with the 12 dB VCF, the
input switching arrangements are a
little complicated. A9 and A10 form a
non-inverting summing amplifier for the
three VCO inputs, whilst the output of
the 12 dB VCF is fed in via the IS con-
nection. With S4 in position 2 the out-
put of A10 is disconnected, so the VCO
inputs are inhibited. The output of the
12 dB VCF is fed to the input of the
24 dB VCF via S4 and RS1, so that the
two VCFs are in cascade.

With S4 in position 1 the output of A10
is connected to the inputs of the 24 dB
VCF, whilst the output of the 12 dB
VCF is routed through Al1. The output
of All and the output of the 24 dB
VCF are added together in the output
summing amplifier A12, i.e. the two
VCFs are connected in parallel.

The four 6 dB/octave filter sections
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comprise Al to A8 and IC3 to IC7. The
four poles of switch S2 select between
highpass and lowpass modes, while S3
selects the filter output and hence the
slope. The reason that S3 is a two-pole
switch may not be immediately appar-
ent, but is easily explained. Ignoring the
phase shift introduced by the action of
the filter, i.e. considering only signals in
the filter passband, each filter section
inverts the signal fed to it, since Al, A3,
AS and A7 are connected as inverting
amplifiers. This means that the outputs
of alternate filter sections are either in
phase or inverted with respect to the
input signal. To ensure that the filter
output is in the same phase relationship
to the input signal whatever filter slope
is selected, S3b is arranged to switch
Al12 between the inverting and non-
inverting modes to cancel the inversions
produced by the filter sections.

Like the 12 dB VCF, the 24 dB VCF
has two outputs, a hardwire output con-
nection I0S and an uncommitted out-
put, EOS, which is connected to a front
panel socket.

Construction

As far as the choice of components for
the 24 dB VCF goes, the same general
comments apply that were made about
the 12dB VCF and the Formant
synthesiser in general. All components
should be of the highest quality; re-
sistors should be 5% carbon film types
except where metal oxide or metal film
types are specified; capacitors should
preferably be polyester, polystyrene or
polycarbonate, and must be these types
where specified. Semiconductors should
be from a reputable manufacturer.

As with the 12 dB VCF the dual transis-
tor may be any of the types specified in

Figure 8. Pinouts for the dual transistors and
CA3080.

Figure 9. Printed circuit board and component
layout for the 24 dB VCF. (EPS 9953-1).

Table 1. Summary of the control functions
and input/output connections of the 24 dB
VCF.

Table 1

a) hardwired inputs (not on the front panel)

KOV = Keyboard Qutput Voltage
{from interface receiver)

ENV = Envelope shaper Control

Voltage (from ADSR unit)
ve€O0 1,2,3 = Signals from vVCOs 1,2, 3

IS = Internal signal from the 12 dB
VCF

b} external inputs {sockets on front panel)

ECV = External Control Voltage (for
exponential generator of the
VCF)

™ = Tone Colour Modulation
input

ES = External Signal (frome.g.
noise module)

¢} outputs

108 = Internal Output Signal (from
VCF to VCA)

EQS = External Output Signal
{socket on front panel)

d) controls

™ = P3; sets tone colour
modulation level

ES = P5; sets external signal level

ENV = P2; sets envelope shaper

control voltage
OCTAVES = P1; coarse frequency

adjustment
Q = P4, sets level of peak boost
around turnover frequency
ouT = P6; sets 10S output level

e) switches
ECV/KOV = S1;selects external or internal
control voltage input

Parts list to figures 8 and 10

Resistors:

R1 = 100 k metal oxide
R2,R4 =100 k

R3=47k

RS = 33k

R6 = 1k8

R7,R9 = 330 k

R8 = 2k2
R10,R37,R39,R41,R43 =12k
R11...R16,R19...R22,
R25...R28,R31...R34,R45,
R46,R47,R50,R51,R52,R565,
R56 = 39 k
R17,R18,R23,R24,R29,R30,
R35,R36= 100
R38,R40,R42,R44 = 27 k
R48 = 470 Q

R49 = 100 k (see text)
R53,R54 = 10 k

R57 =82k

Potentiometer:

P1,P4 = 100 k linear

P2,P3 =47 k {50 k) linear
P5 = 47 k (50 k) logarithmic
P6 = 4k7 (5 k) logarithmic
P7 = 100 k preset

P8 = 470 Q (500 2) preset

Capacitors:

C1,C8,C9=680n

C2=1n

C3 = 680 p (polystyrene, not

ceramic)

C4,C5,C6,C7=150p
{polystyrene, not ceramic)

C10...C18=100n

Semiconductors:

1IC1 = 741
1C2,IC5=TL084,TL0O74
IC8 =TL084, TLO74, LM 324
IC3...1C6=CA 3080,
CA3080A (MINIDIP or TO;
see text)
T1,T2=ADS820...822,
2N3808 ...3811,BFX 11,
BFX 36 (see text) or
2 xBC 5578

Miscellaneous:

31-pin DIN 41617 connector or
terminal pins

S1=SPDT

S2 = 4-pole doubie throw

S3 = 2-pole 4-way; index angle

approx. 30°

S4 = DPDT

4 minature sockets, 3.5 mm dia.

7 13...15 mm collet knobs

with pointer (to match existing

synthesiser modules).
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the parts list, of may be home-made by | si?_\Eé the four sections of the filter will
gluing together two normal transistors, | thén have almost the same turnover fre-

though in this case thermal racking will
not be quite so good. The CA3080
should preferably be in a MINIDIP pack-
age to fit the hole spacings-on the p.c.
board, though the metal can type can be
made to fit by splaying the leads. The
pinouts for the dual transistors and the
CA3080 are given in figure 8.

Although not absolutely necessary, it is
a good idea to select OTA’s with ap-
proximately the same transconductance,

quency. The CA3080 i3 available in two
versions, the standard version, in which
‘the ratio between the maximum and
minimum g is 2:1, and the CA3080A,
in which the spread in g, is only 1.6:1.
A test circuit and test procedure for
selecting ICs with similar g, are given at
the end of the chapter and it is certainly
worthwhile buying a few extra OTAs
and selecting the four with the most
similar gm. The ‘reject’ devices are per-

fectly acceptable for use in the 12 dB
VCF or VCA, and need not be wasted.

The other ICs in the circuit should all
be TLO74 or TL084 quad BIFET op-
amps, although for IC8 it is permissible
to use an LM324. Thanks to the use
of quad op-amps it is possible to accomo-
date the 24dB VCF on a standard
Eurocard-size (160 mm x 100 mm) p.c.
board, although the control connections
are not all on the front edge of the
board. The printed circuit pattern and
component layout for this board are

P30<lrs O ¥
s1 y«
@ *S“ﬂ

Oo

oo 0
000 OQGOO

Q
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given in figure 9, while a front panel
layout is given in figure 10.

Test and adjustment

To enable the exponential converter and
the filter section to be tested separately
they are joined by a wire link which
runs across the board from T2 to a
point adjacent to R15. This link should
be omitted until the VCF has been
tested.
To test the filter section it is necessary
to provide a temporary control current.
This is done by connecting a 100 k log
potentiometer between —15V and
ground, with its wiper linked to the
junction of R39 and R4 via a multimeter
set to the 100 uA DC range. The test
then proceeds as follows:

1. Turn the wiper of P4 fully towards
ground, select 24 dB slope with S3
and adjust the control current to
100 uA.

2. Feed a sinewave signal into the ES
socket and adjust either the sinewave
amplitude or PS for 2.5 V peak-to-
peak measured on an oscilioscope at
the wiper of PS5,

3. Monitor the filter output on the
‘scope and check the operation of
the filter by varying the sinewave
frequency and checking that the
signal is attenuated above the- turn-
over frequency in the lowpass mode
and below the turnover frequency in
the highpass mode.

4. The function of S3 should now be
checked, Set S3 to the 6 dB position
and S2 to the LP position. Increase
the frequency of the input signal
until the output of the filter is 6 dB
down on (i.e. 50% of) what it was in
the passband where the response was
level. Now switch to 12 dB, 18 dB
and 24 dB and check that the re-
sponse is respectively 12, 18 and
24 dB down, i.e. is reduced to 25%,
12.5% and 6.25% of its original value,
The exact results of this test will
depend upon: the matching of the
OTAs.-

5. Set the Q control, P4, to its maxi-
mum value, when the circuit should
show no sign of oscillation, If the
circuit does oscillate it will be necess-
ary to increase the value R49. If it
does not oscillate then the Q range
can be increased by decreasing R49,
taking care that instability does not
occur,

6. Finally, the linearity of the turnover
frequency v. control current charac-
teristic should be checked. Adjust
the input frequency until the re-
sponse is a convenient number of dB
down (say 6 dB). Double the control
current then double the input fre-
quency and the response should still
be 6 dB down.

7. To check the exponential converter
connect a 27 k resistor in series with
a multimeter set to the 100 MA range
between the collector of T2 and the
—15V rail. Then follow the test

OCTAVES

6

dB/0Oct.

TN

24
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Figure 10. Front panel layout for the VCF.
(EPS 9953-2).

Figure 11. Showing the wiring between the
p.c. board and the front-panel mounted com-
ponents.

Figure 12, The 24 dB VCF is connected into
the Formant system hstween the 12 dB VCF
and the VCA.
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procedure given in the previous chap-
ter. The offset and octaves per volt
adjustments can also be carried out
using the procedure given there.
During the offset adjustment P4
should be set to minimum and S3
should be set to the 24 dB position.
During the octaves/volt adjustment
of P8 the Q control, P4, should be set
to maximum, as with the 12dB VCF.

Using the 24 dB VCF

As can be seen from figure 12, the
24 dB VCF is connected between the
12dB VCF and the VCA, so that the
10S output of the 12dB VCF goes to
the IC input of the 24 dB VCF instead
of to the VCA, whilst the VCA receives
its input from the IOS output of the
24 dB VCF, The 24 dB VCF also has
inputs from the three VCOs.

In addition to the signal connections the
24 dB VCF must also be provided with
supply to the VCF module in accordance
with the standard practice for Formant.
Provision of control voltage inputs from
the ADSR envelope shapers will be
discussed later.

For satisfactory operation of the 24 dB
VCF the correct setting of the input
level is important, even more than in the
case of the 12dB VCF. On the one
hand, the input level should not be so
large that distortion occurs, but on the
other hand it should not be so small
that the signal-to-noise ratio is degraded.
The 24 dB VCF is designed so that the
optimum input level is obtained using
three VCOs set to maximum output,
with one waveform selected per VCO. If
more than three VCOs are in use or
more than one output waveform is
selected from each VCO then the VCO
output levels must be reduced. On the
other hand, if only one VCO is used
then the signal level may be too low. In

this case it is best to patch the EOS
socket of the VCO to the ES input of
the VCF, since this input has approxi-
mately three times the sensitivity of the
hardwired VCO inputs.

The 24 dB VCF is capable of the same
basic functions as the 12dB VCF;
driven by the KOV control voltage it
will operate as a tracking filter, whilst
the ENV and TM inputs allow dynamic
modulation of the harmonic content of
the VCF output. Due to the greater
slope of the 24 dB VCF the setting of
the ENV level control is more critical
than with the 12 dB VCF, but if cor-
rectly adjusted then subtle nuances in
the tonal character of the output signal
are possible,

The question arises as to which ADSR
envelope shaper should be used to
control the 24 dB VCF, since only two
are built into the basic Formant system,
and control the VCA and 12 dB VCF
respectively. Because of the modular
construction of Formant it is, of course,
perfectly feasible to build a third
envelope shaper, which is the most
versatile arrangement. The alternatives
are to patch ome of the other ADSR
outputs to the TM input of the 24 dB
VCF, or to hardwire the ENV input of
the 24 dB VCF to the output of the
envelope shaper that controls the 12 dB
VCF, This latter arrangement is prob-
ably preferable, as it allows the ADSR
signal to be fed to one or both VCFs by
suitable adjustment of their ENV
controls and also allows the possibility
of patching the output of the other
envelope shaper into the TM input of
either VCF,

Figure 13. Test circuit for the selection of.

OTAs.

13

©
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100n
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100n
15v
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OTA selection procedure

Although not absolutely essential, it is
well worth selecting OTAs with closely
matched transconductance character-
istics to ensure that the four filter
sections track accurately.

A test circuit for the OTAs is given in
figure 13. This should be fed with a
sinewave signal of about 2 V peak-to-
peak (or 0.7 V measured on an AC
voltmeter) from a signal generator or
from one of the VCOs. The output
should be monitored on a ‘scope or AC
voltmeter, With a control current of
100 4A, measured on the multimeter
in series with RS, the output voltage
should be between 0.7V and 13V
peak-to-peak. Without changing the
input level or control current the OTAs
to be tested should be plugged into the
circuit one at a time and the output
level for each OTA noted. The four
OTAs whose output levels are most
similar should be used in the VCF.

The circuit can also be used to check
the linearity of the transconductance v.
control current characteristic of the
OTAs, e.g. doubling the control current
should double the output of the test
circuit and halving the control current
should halve the output.

chapter 8

resonance
filter module

In addition to an almost limitless
variety of non-natural, wholly
‘electronic’ sounds, the Formant
music synthesiser can, of course,
be used to imitate the voicing of
conventional {mechanical) musical
instruments. The filter module
described in this article is designed
to allow more realistic simulation
of natural musical instruments by
providing the fixed bandpass
resonances which are an important
determining factor in the timbre
of mechanical tone generators.

Although music synthesisers are capable
of producing the most ‘wierd and
wonderful’ electronic effects, it is a fact
that they are frequently employed to
imitate the sound of traditional acoustic
instruments. Many commercially avail-
able synthesisers, for example, are pro-
vided with preset facilities for various
common instrumental voices, whilst
special units such as ‘string-synthesisers’,
which are designed solely to reproduce
the sound of a string section, are becom-
ing increasingly popular.
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As has already been explained, basic
factors influencing the characteristics of
a muscial note are pitch, dynamic
amplitude, and dynamic harmonic
content, As the reader will be aware,
pitch and dynamic amplitude charac-
teristics are controlled by the VCO
(Voltage Controlled Oscillator) and
"VCA + ADSR (Voltage Controlled
Amplifier and Attack - Decay - Sustain -
Release) modules in the Formant syn-
thesiser, whilst the VCF (Voltage Con-
trolled Filter) is used to vary the har-
monic content of the signal.

However, in the case of mechanical tone
generators, for example brass and wood-
wind instruments, an additional con-
sideration is the existence of resonant
areas in the instrument which possess
free vibration periods of their own.
These resonances, which are known as
formants (whence the name for the
Elektor music synthesiser!) are deter-
mined by the shape and mechanical
construction of the particular instru-
ment (the wooden back and belly of
a violin, the pipes of an organ etc.).
Unlike the variable pitch of, say, a
violin string, they tend to reinforce the
same harmonics, whatever the pitch of
the note being played. The nature of the
formants in an instrument is in fact one
of the factors which govern its quality.
It should thus be apparent that, in order

to realistically simulate the tonal charac-
teristics of traditional instruments, one
must be able to tailor the static har-
monic content of the note accordingly.
What is required is a number of resonant
filters with independently variable
centre frequency, gain and Q-factor.
These features are present already in the
state variable VCF of the Formant;
however, that is only one filter, and
more to the point, in this particular
application there is no need for the
filters to be voltage-controlled, since the
filter parameters will be preset to suit
whatever musical instrument is being
imitated. This explains the reason for
the separate manually-controlled reson-
ance filter module described in this
article.

Figure 1. The fundamental frequency range
of a number of traditional musical instru-
monts, with reference to that of a grand
piano. (From: ‘Elektronik Taschenbuch,
Band 1', Ferd, Diimmlers Verlag, Bonn; with
kind permission from the publishers.)

The uses of resonance filters

The effect of resonance filters can best
be heard on ‘bright’ sharp VCO wave-
forms which have a high proportion of
fairly intense upper harmonics. The
effect on vocal sounds can be illustrated
by taking a suitable signal with a fre-
quency of around 200 Hz, setting the
Q of the filter to a mid-value, and
varying the centre frequency from mini-
mum to maximum. At first ‘dark’
sounding tones, largely devoid of higher
harmonics will be obtained; as the
centre frequency is increased however,
one by one the various vowel sounds
can be distinguished until, at high
centre frequencies, reedy flute-like
sounds are produced. The higher the Q
of the filter, the more pronounced the
above effects — and vice versa.

All bandpass resonances of musical
importance lie between roughly 100 and
2000 Hz. Table 1 lists the main fixed
resonances of a number of common
musical instruments and also indicates
which VCO waveform is best suited to
imitate the instrument in question. This
table is, of course, merely intended as a
rough guide, in the final instance the
decision should rest with one’s own ears.
Unless otherwise indicated, the Q-con-
trol should be set to the mid-position.
As a further aid, figure 1 shows the

fundamental frequency ranges of vari-
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* with increased Q

** if possible, use several resonant filters (or a comb filter)

R
2 I(nsn H 3
Asa
(IC2,R3...R16,C2,C3P1 ...P3) R
20 log (1 + R_o) (1:Ptab)
Lo S A (11:P4ab)
Ro R (11+:P78b)
ES EOS
{IC3,R18 ... A31,C4,C5P4. .. PB) . ap2l
_< 1:P2,
D ON Ro Q (n:ps)
1 g4 (111:P8)
3! [w57] OB
(cn BYPASSl2
108
1S (IC4,R33... R46,CE,CT,PT ... Pa) -i-
i 9951 -2 ° —»
FS | o —>
- {1:P3ab}
{11:PGab) 9851-3
(111:P9ab)
. . Figure 2. Block diagram of the resonant filter
“Table. instrument main resonance at VCO signal module. As can be seen, it possesses three
flute approx. 800 Hz fairly asym. squarewave - y - o .
clarinet 1...2kHz* sym. squarewave independently variable filter sections,
oboe 1300.. 1700 Hz* heavily asym. squarewave
{pulse) Figure 3. The frequency response of one of
bassoon approx. 440 Hz* heavily asym. squarewave the three filter sections contained in the
{pulse) . - ) -
trumpet approx. 1500 Hz ‘spaced’ sawtooth resonant fll.ter module. The figure |I!unrates
bugle approx. 1000 Hz* sawtooth how the filter parameters can be indepen-
trombone approx. 600 Hz ‘spaced’ sawtooth dently varied by means of the control poten-
French horn  approx. 400 Hz* sawtooth tiometers.
tuba approx. 250 Hz sawtooth
violin approx. 4000 Hz** ‘spaced’ sawtooth,
cello approx. 200 Hz** sawtooth or heavily asym. Figure 4. Detailed circuit diagram of the filter
double bass  approx. 100 Hz** squarewave {pulse) module.
NB:

Figure 5. Track pattern and component lay-
out of the filter module p.c.b. (EPS 9951-1).

ON

—‘5 81
BYPASS

* see text

IC1 = LF 356 MINIDIP
AY...AG=1CZ=TLOT74, TLOBA
A5... AB=IC3=TLO74,TLOBS

A9...A12=1C4=TL0O74, TLOB4
1€ = LF 357 MINIDIP
C10..C18=100n

P1a P1b P2 P4a P4h,
P6,P7aP7b,PRP1O =

47 k (50 k) log.
P3s,P3b P6a PBb,POa,PED =

10k log.
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Parts list to figure 4 and 5.

Resistors:
R1,R2,R48,R49,R51,R52 =100k
R3,R8,R12,R15,R18,R23,
R27,R30,R38,R42,R45 = 10 k
R4,R6,R17,R19,R21,
R32,R34,R36,R47 = 22 k
R5,R9,R10,R20,R24,
R25,R35,R39,R40 =15k
R7,R22,R37 = 1 k (see text)
R11,R14,R26,R29,
R41,R44 = 220 §2 (see text)
R13,R16,R28,R31,R43,R46= 12k
R50 =470 2

Potentiometers:

P1,P4,P7 = 47 k {50 k) logarithmic,
stereo, dia 4 mm

P2,P5,P8,P10 = 47 k (50 k) logarithmic;
dia 4 mm

P3,P6,P9 = 10 k logarithmic,
stereo; dia 4 mm

Capacitors (all Siemens MKM, MKH or
other polycarbonate/polyester type)
C1=680n

C€2,£3,£4,C5,C6,C7 = 6n8 (see text)
C8Co9=1u

C10...C19=100n

Semiconductors:

IC1 = LF 356 {National Semiconductors),
Mini DIP

1C2,1C3,1C4=TL 084, TL074
{Texas Instruments)

IC5 = LF 357 (National Semiconductors)
Mini DIP

Miscellaneous:

31-way DIN 41617 edge connector or
terminal pins

S1 = miniature SPDT

2 miniature sockets 3.5 mm dia.

10 x 10 mm collet knobs (with pointer)

1 front panel

ous traditional instruments, with refer-
ence to a piano keyboard.

Circuit

The basic requirements of the filter cir-
cuit are, independently variable centre
frequency, Q and gain. Since the func-
tion of the filter is essentially to en-
hance a particular band of frequencies
(corresponding to the formants of the
instrument in question), the circuit is of
the boost-only type, i.e. provides selec-
tive gain. Without the need to provide a
selective cut (below the 0 dB line) the
circuit design is considerably simplified.
A total of three resonant filters forms
an acceptable compromise between the
number of settings required for reason-
¢bly realistic imitation and the con-
straints of space and economy. Of
couyse, it is quite possible to double the
range of control facilities by cdnnecting
a second filter module in cascade with
the first.

Block diagram
The block diagram of the resonant filter
module is shown in figure 2. The figures
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in brackets indicate which components
in the final circuit are associated with
the different sections of the circuit.
Signals can be fed in via the panel-
mounted socket (ES) or via the hard-
wired input (IS). A portion of the signal
is fed direct to the output summing
amplifier via R (RS1 in the complete
circuit) and the input signal is also fed
to three bandpass filters whose gain,
centre-frequency and Q can all be
varied. The outputs of these filters are
also summed in IC5 via resistors Rg.
The output of the filter module will
thus consist of a portion of the original
input signal plus signals boosted around
the centre frequencies of the three filter
stages. Two outputs are provided from
the filter module, an internal hardwired
output (I0S) and an output to a front
panel socket (EOS). A bypass switch is
provided, which allows the three filter
sections to be switched out, in which
case only the original signal appears at
the output, and the gain is frequency
independent, being unity.

The amount of boost that can be pro-
vided by a filter section relative to the
gain obtained in the ‘bypass’ condition
is determined by the gain of the filter
sections and the ratio R/Rq. If it is
assumed that the filter gain can be
varied between zero and one then the
maximum amount of boost (in dB) is
20 log (1 + %-)-

The frequen%y response of a filter
section is shown in figure 3. The figures
in parentheses indicate which controls
in the complete circuit vary the differ-

ent parameters of the filter. ‘
The complete circuit of the " filter

module is shown in figure 4. IC1 sums
and inverts the two input signals, whilst
the three filter sections are of the state-
variable type. The resonant gain of the
filters is set by means of P1, P4 and P7
respectively. One gang of the pots is
connected at the input, the other at the
output of the filter. This has the effect
of improving the dynamic range, since it
means reduced noise and less chance of
overloading. Finally, there is the
inverting summing amplifier round ICS,
which also cancels the phase shift intro-
duced by IC1.

With the values for R and Rg given in
the circuit diagram, the maximum gain
of the filter is approx. +15dB. The
quality factor, Q, can be varied by P2
(P5, P8) between roughly 0.8 and 5.
The centre frequency can be varied
between approx. 50 and 2300 Hz,
which is more than sufficient for normal
use. The frequency range can, however,
be modified by altering the value of a
number of components; the necessary
changes are detailed in the appendix.

Maximum Q is obtained for the mini-
mum resistance of the Q-potentiometer.
The maximum Q can therefore be
increased by reducing the value of R7
(R22, R37); in this way a Q of between
20 and 30 can easily be obtained. A
high Q is useful when processing wave-
forms such as squarewaves, which have
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Figure 6. Because of the large number of con-

trols, the front-panel for the resonant filter.

module is clearly different from the other
Formant front-panels (EPS 9951-2).

Figure 7. Wiring diagram for the components
mounted on the front-panel.

very steep edges. These tend to set the
filters ‘ringing’ at their resonant fre-
quencies, and produce percussive ef-
fects. For R7 (R22, R37) = 4701,
a Q of 11.3 is obtained; R7 = 330 Q
gives a Q of 15.8, and R7=220Q a Q
of 23.4, The higher the Q, the more
pronounced the percussive effect.

Construction

The printed circuit board for the
resonant filter module is shown in fig-
ure 5.

As far as the selection of components is
concerned, the usual criteria apply.
The only difference is that in view of
the large number of front-panel con-
trols (10 potentiometers) it is strongly
recommended that miniature com-
ponents (miniature pots with 4 mm
diameter spindles) be used. In this way
the controls can be arranged in func-
tional groups of three to a row.

The front panel for the filter module is
shown in figure 6, and the details of the
wiring for the front-panel controls are
illustrated in figure 7. In contrast to the
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other Formant modules, the resonant
filter module requires no calibration or
adjustment procedure. The operation of
the circuit can be checked by feeding in
a white noise input from the noise
module. Varying the three filter par-
ameters should produce clearly audible
changes in the resulting sound. It will
also be apparent that rapid variation of
the Q- and f, controls produces effects
similar to phasing, thus the filter mod-
ule can be used to provide manual
phasing.

The scale on each of the fy poten-
tiometers on the front panel is calibrated
with five nominal frequencies. The three
middle settings in particular should be
viewed as rough guidelines, since the
resistance curve of logarithmic poten-
tiometers can exhibit fairly wide toler-
ances.

The filter module should be placed
between the COM-module and the
power amp. However, if one wishes to
use the headphone output on the COM-
module, the resonant filter module can
be connected directly before the latter.

Appendix
With the component values given in the
circuit diagram, the centre frequency of
the filters can be varied between roughly
50 and 2300 Hz. To calculate the cor-
rect values for higher frequencies than
this, the procedure is as follows:
Firstly, the desired maximum frequency
of fo can be used to calculate the value
of C2=C3=C4=C5=C6=C7=C
from the following equation:
16

fo max
where C is in nanofarads and fg in kHz.
Secondly the value of resistor R (see
figure 2) can be determined on the basis
of the desired minimum centre fre-
quency fo min:

16
C + fo min
where C is in nanofarads, R is in k{2,
and f, in kHz
The value of Rg = R11 = R14 = R26 =
R29 = R41 = R44 can be calculated
from:

R=

_ 1o
Ro=r—3
where R and Ry are in kf2. These
equations can be used to check the
values of figure 4.

chapter 9

ADSR

The ADSR (Attack-Decay-Sustain-
Release) shaper is used to control
the VCF and VCA modules and
thereby determine the dynamic
harmonic structure and dynamic
amplitude characteristic of the
VCO signals.

It is often not realised, even by mu-
sicians, how much the character of an
instrument is determined by the dy-
namic  amplitude and harmonic
behaviour, rather than by the steady-
state harmonic content of the instru-
ment. If the attack and decay periods
of a note are artificially modified, then
the whole character of the sound is
altered. An interesting and amusing
experiment is to record the sounds of
several musical instruments, but to
remove the attack and decay periods by
bringing up the recording level after the
note starts and fading it down before
the note ends. Then ask some musical
friends to identify the instruments.
They will no doubt be amazed how
characterless. the sound of an instrument
becomes when robbed of its particular
amplitude envelope.

On the other hand, starting with a single
basic waveform such as the triangle out-
put of the Formant VCO, a whole range
of instrument sounds can be produced
simply by varying the amplitude envel-

ope, ranging from ‘soft’ sounds such as

flute and some organ voices, to ‘hard’,
percussive sounds such as piano and
xylophone.

Envelope control of the harmonic
content using the VCF allows even
greater variation in the character of the
sound. ‘

Types of envelope curves

The envelope shaper of the synthesiser
must be able to simulate the envelope
contour of conventional musical instru-
ments when the synthesiser is used in an
imitative capacity, and also to produce
envelopes that are purely synthetic in
character (i.e. not found in sounds
produced by normal acoustic methods).
Fortunately, there are relatively few
types of envelope contour that are
musically important, and these are all
fairly easy to generate electronically.

1. Attack/decay contour

The simplest type of envelope curve is
that consisting only of attack and decay
periods. The envelope contour rises to a
peak when the note is played, and
begins to decay immediately the peak is

passed (see figure 1). By varying the
attack and decay times a wide variety
of sounds can be produced.

For example, if a rapid attack and slow
decay is applied to the VCA control,
then a percussive sound like a piano
results. Applied to the VCF in the low-
pass mode, the same envelope contour
can produce very bright, metallic
sounds, depending on the input wave-
form.

If the attack period is made long and
the decay period short, then applying
this to the VCA will produce com-
pletely synthetic ‘fantasy’ sounds simi-
lar to those obtained by playing a
recording backwards. Applying this type
of envelope contour to the VCF can
produce sounds similar to those of a
brass instrument played staccato.
However, the main use of this type of
envelope curve is for the production of
percussive sounds such as xylophone,
marimba, glockenspiel, bells and gongs,
cymbals, and struck or plucked strings
such as guitar, banjo, harp, other string
instruments played pizzicato, harpsi-
chord, and of course, piano,

2. Attack-sustain-release contour

The attack/decay characteristic pre-
viously described is typical of instru-
ments where the sound is initiated by a
short pulse of energy (e.g. by striking or
plucking a string), after which the sound
dies away since there is no further
excitation to sustain it. The envelope
contour shown in figure 2 is typical of
instruments in which a note is sounded
and sustained, such as a pipe organ,
woodwind instruments, and bowed
string instruments. In a pipe organ the
note builds up fairly rapidly after a key
is depressed as standing wave modes are
established in the pipe, and the note is
sustained by virtue of the fact that air
is continuously blown into the pipe.
When the supply of air stops on
releasing the key the note terminates
more or less rapidly.

The same basic contour applies to

woodwind instruments and to string
instruments played with a bow, since
the note is here again sustained by
blowing or bowing. However, with such
instruments much greater expression
can be obtained by modulation of the
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steady-state level, since this is deter-
mined by the player, and not by a
mechanical blower as is the case with a
pipe organ.

With a synthesiser, a degree of ex-
pression can be obtained by modulating
the VCA using the low-frequency
oscillators or noise source.

3. Attack-decay-reiease contour

A variation on the attack-decay contour
is shown in figure 3. Here the slow

Figure 1. The sttack-decay envelope contour
is the simplest contour found in music.

Figure 2. The attack-sustain-releass contour is
used to simulate instruments where the note
can be sustained at a constant level, such as
organ, woodwind, and bowed string instru-
ments,

Figure 3. Instrumants such as the piano can
be simulated using the attack-decay-release
contour. As long 83 the key remains de-
pressed the decay path is followsd, but once
the key is released the note is ended more
abruptly, following the releass contour.

decay is allowed to continue for only a
certain time, and the note is then
terminated by a more rapid release. The
most common example of this type of
contour is provided by our old friend,
the piano. When a note is sounded and
the key remains depressed, then the
damper is held off the string and the
note decays over a period of a few
seconds. If, however, the key is released
after playing a note, the felt damper
contacts the string and the note termin-
ates after about 500 ms,

4, Attack-decay-sustain-release contour
Most of the examples given so far relate
to envelope control of the VCA, since
the amplitude contour of a sound is
somewhat easier to visualise than its
dynamic tone colour behaviour. How-
ever, the most complex envelope
contour, shown in figure 4, is a good
illustration of envelope control of the
VCF.

Many brass instruments, such as the
trumpet, are characterised by a rapid
build-up of harmonics during the attack
period of the note, which gives the
instrument a very strident sound. Once
the note is established, however, the
harmonics die away somewhat, and the
tone is much more mellow during the
steady state period. Finally, during the
release period at the end of the note,
the note dies away fairly rapidly.

This type of characteristic can be
obtained by using the VCF in the low-
pass mode and controlling it with an
envelope contour similar to that shown
in figure 4. As the control voltage rises
during the attack period, so the turn-
over frequency of the VCF increases,
passing more harmonics. During the
decay period the VCF turnover fre-
quency falls until the steady-state value
is reached, and finally, during the
release period the VCF turnover fre-
quency drops very rapidly.

Envelope shaper requirements

It is apparent from figure 5 that the
envelope contours shown in figures 1 to
3 are merely special cases of the more
general attack-decay-sustain-release con-
tour illustrated in figure 4. Any of the
four contours can be generated by an
envelope shaper having the following
four functions:

® variable attack time (A)
® variable decay time (D)
® variable sustain level (S)
® variable release time (R)

These four parameters can be preset
manually using the ADSR controls of
the envelope shaper. The envelope
shaper is controlled by the gate pulse
output of the keyboard. When a key is
depressed the gate output goes high and
this initiates the attack-decay sequence.
The output of the envelope shaper then
remains at the sustain level until the key
is released, when the release period
begins.
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Block diagram

The required exponential attack, decay
and release characteristics are easily
obtained by charging and discharging a
capacitor through resistors, and the
sustain level by clamping the capacitor
voltage to a preset D.C. level during the
sustain period. The basic principle of
the envelope shaper is illustrated in
figure 6. The gate pulse is fed to a volt-
age follower Al, and when the gate
pulse is high C charges exponentially
through P2 and D2 (and T3).

At the end of the Attack period,
‘switch’ T3 is opened and T6 is closed.
Capacitor C now discharges through D4
and P3 (Decay), until the Sustain level is
reached. This level is maintained until
the gate pulse finishes, either when the
key is released or when a preset time has
elapsed.

When the gate pulse finishes, the output
of Al goes to zero volts, and C dis-
charges through D1 and P1 (Release).
The capacitor cannot discharge fully,

Uiv) T

+5 V4

+05V

Attack

Decay ‘Sustain

Release

9727 5

ADSR adjustment ranges:
Attack period (A)
Decay period (D)
Sustain level (S)
Release period (R)

10ms...20s
10ms...20s
05V ...5V
10ms...20s

DO P

~| Ysustain

® .

i ®
P2 b2

since D1 ceases to conduct once the
voltage on C has fallen to about 0.5V,
but this-is not important as it merely
constitutes a D.C. offset which can be
compensated for. The attack, decay
and release times may be adjusted by
means of P2, P3 and P1.

Complete circuit

The complete circuit, which is shown in
figure 7, is, of course, more complicated.
The envelope shaper has two modes of
operation, ADSR and AD, which are
selected by means of S1. With S1 in
position ‘b’ (ADSR) the circuit operates
as follows:

When a key is depressed the gate pulse
output goes to +5 V. IC1 has a gain
slightly greater than unity, so about
+6 V appears at its output. .

The leading edge of the gate pulse also
triggers moaostable T1/T2, which pro-
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IC1

* tantalum

T1...T6=BC108C,BC109C

D1...D5,D7 = 1N4148

D6 = LED

IC1...1C5 = uAT41C,MC1741CP1 (Mini DIP)

duces a short pulse to set flip-flop T4/
TS5 (TS turned on and T4 turned off).
The collector voltage of T4 thus rises,
turning on T3 and allowing C2 to charge
from the output of IC1 through T3, P2,
R17 and D2. This is the attack period.

The voltage on C2 is fed to voltage-
follower buffer IC4, which is connected
to the outputs EOS and ENV and also
to the non-inverting input of IC3. This
IC functions as a comparator, with its
inverting input held at about 4.7 V by
R24 and R25. When the voltage on C2,
and hence at the output of IC4, exceeds
this value, the output of IC3 swings
positive, resetting flip-flop T4/T5,
turning off T3 and terminating the
attack period. T6 is turned on, initiating
the decay period when C2 discharges
through D4, R21, P3 and T6 into the
output of IC2 until the sustain level,
set at the output of voltage follower IC2
by P4, is reached.

The output of the envelope shaper then
remains at the sustain level until the key
is released, when the output of 1C1 goes
to zero volts and C2 discharges through
D1, R13 and P1 (release period).

Diode D7 protects C2 in the event of
the output of IC1 going negative for any
reason, when the voltage across C2 is
clamped to a maximum of —0.7 V.

A LED indicator constructed around
IC5 allows visual monitoring of the
envelope contour, The brightness of the
LED follows the envelope voltage. )
Two outputs are provided from the
envelope shaper; an external output to
a front panel socket (EOS), and an
internally wired output (ENV).

The full ADSR envelope contour is, of
course, produced only if the key is
depressed for a period longer than the
attack plus decay time, and if the sus-
tain level is greater than 0%, If the key
is released before the sustain level is
reached then the release period is
initiated prematurely, and either AR or
ADR curves may be produced. If the

Figure 4. The attack-decay-sustain-relesss
contour is the most complex envelope shape
provided by the Formant envelope shaper.
When applied to the VCF it is useful for imi-
tating brass instruments, where the harmonic

content of the note rises initially to e large

value, then reduces to a lower level during
the steady-state part of tha note.

Figure 5. By verying the sustain level the
envelope contour can be changed from en
AD contour at 0% sustain, through various
ADSR contours to an ASR contour at 100%
sustain. T is the time for which the key
remains depressed.

Figure 6. This simplified diagram illustrates
the besic principle of the envelope shaper.
C charges through D2 and P2 during the
attack period. It then discharges through
D4 and P3 to the (adjustable) sustain level;
finally, it discharges through D1 and P1
during the release period. P1, P2 and P3 can
be used to vary the release, attack and decay
times.

Figure 7. Comiplete circuit of the Formant
envelope shaper.

sustain level is 0% then only AD or
ADR curves may be produced,
depending on when the key is released.
If the sustain level is 100% then, of
course, only AR or ASR curves may be
produced, depending on when the key
is released, since the decay period is
inhibited.

Triggered AD mode

It is sometimes useful to be able to pro-
duce AD envelope contours that are
unaffected be releasing the key, that is
to say, once the key is depressed, a
fixed attack-decay sequence is initiated,
which is completed whether the key is
released or not. This triggered AD con-
tour is obtained by setting S1 to pos-
ition ‘a® and selecting 0% sustain level.
The input of IC1 is now connected to
the junction of R1 and R2, so its output
is permanently at about +6 V, irrespect-
ive of the gate input.

When a key is depressed, the gate signal
triggers the monostable, setting the
flip-flop and turning on.T3. At the end
of the attack period, comparator 1C3
resets the flip-flop, turning on T6 and
initiating the decay period. C2 will now
discharge through D4, R21, P3 and T6
to the 0% level (sustain is set at 0%).
Even if the key is released before this
sequence is complete, the release
period is inhibited since the output of
IC1 is permanently at +6V, so C2
cannot discharge through D1, R13 and
Pl.

Construction

There are no special requirements with
regard to resistor tolerances in the
envelope shaper circuit, and ordinary,
good-quality 5% carbon film com-
ponents are quite adequate; C2 should
be a tantalum electrolytic capacitor
for low leakage, and C1 the usual
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Parts list for figures 7 and 8

Resistors:

R1,R9,R23 =10k
R2,R25 = 4k7

R3,R7 = 5k6 -,
R4,R6,R8,R16,R18 = 100 k
R5,R10,R11,R22=33 k
R12,R26,R27 =470 Q
R13,R21=1k
R14,R20= 27 k
R15,R19 = 6k8

R17 =220 Q

Potentiometers:
P1,P2,P3 =1 M log.
P4 =10k lin.

P5 = 25 k preset

Semiconductors:
T1...T6=BC108C,BC109Cor
equivalent
D1...D5,D7 = 1N4148, 1N914
D6 = LED (TIL 209 or similar)
IC1...1C5=uA 741C, MC 1741
CP1 (MINI DIP)

Capacitors:

C1=10n

C2 =10 /16 V tantalum
C3,C4=10pu/16V

Miscetlaneous:

31-way Euro connector
(DIN41617)

1 x 3.5 mm jack socket

4 x 13... 15 mm collet knobs
with pointer
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polyester or polycarbonate type. It is a
good idea to test T3 and T6 for leakage,
using the method detailed in chapter 5.
A printed circuit board and component
layout for the envelope shaper are
given in figure 8, and a front panel
layout is shown in figure 9. Connections
to the front panel are fairly simple, the
only front panel-mounted components
being the four potentiometers for attack
time, decay time, release time and
sustain level, switch S1, the external
output socket and the envelope indi-
cator LED,

Testing and adjustment

To test the envelope shaper a gate pulse
must be available from the ‘GATE’ out-
put of the interface receiver board. The
EOS output of the envelope shaper is
monitored on an oscilloscope with the
Y sensitivity set to about 1 V/div and
the timebase set to about 10 ms/div.

For the first test, the sustain level is set
to zero, S1 is set to the ‘AD’ position
and the attack and decay poten-
tiometers are set to ‘fast’. The release
potentiometer has no effect during this
test. If a key is depressed at short
intervals then a short AD envelope curve
will be seen, which rises and falls
between about 0.5 V and 5 V. The out-

Figure 8. Printed ocireult board sand eom-

ponent layout for the eonvelepe shaper
(EPS 9726-1).

Figure 8. Front panel layout for the envelope
shaper module.

put of IC3 can also be monitored, to
check that it swings briefly between
—15V and +15 V when the peak of the
attack curve is reached.

The only adjustment required to the
envelope shaper is to set the 100%
sustain level, using P5, to correspond
with the voltage on C2 at the end of the
attack period. If it is too low, then there
will always be a decay, even at 100%
sustain level; if it is too high then
the calibration of P4 will be inaccurate,
since 100% sustain will be reached
before maximum rotation of the poten-
tiometer.

To make the adjustment, the sustain
level is set to 100% and medium
attack and decay times are selected.
Preset PS5 is then adjusted until there is
just no decay after the attack period
(i.e. the attack period blends into the
sustain level with no dip). The adjust-
ment can be checked by tuming P4
slightly to the left, when a slight dip
after the peak of the attack period
should be noted. As P4 is tumed further
anticlockwise then the decay down to
the sustain level will become greater
and greater, until finally, at 0% sustain
level, pure AD curves will be produced.

The envelope shaper is now ready for
use.
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chapter 10

voltage controlled
amplifier (VCA)

This chapter continues the K
discussion of the tone-forming
circuits with a description of the
Dual VCA module, which can be
used in conjunction with the
envelope shaper for dynamic
control of signal amplitude, and
also for periodic amplitude
modulation of the signal waveform

The voltage controlled amplifier module
is called ‘Dual VCA’ because it
contains two cascaded, but indepen-
dently controlled, amplifiers. The gain
of the first amplifier is voltage controlled
via an exponential converter, and is used
shaping. The second has a
linear gain-control input and is used for
periodic modlulation of signal amplitude
(tremolo). The VCA is provided with a
modulation #ndicator, which allows the
best compromise to be obtained
between : j "
overload mar,

Connection pf the VCA in the
synthesiser

Figure 1 illustrates how the VCA fits
into the synthesiser system. The VCA
takes its input from the output of the
VCF, which in turn takes its input signal
from the VCOs.

The VCF and VCA can both be
controlled by the ADSR envelope
shapers, so allowing dynamic variation
of tone colour and amplitude during the
playing of a note. However, the VCF
has a KOV input from the keyboard to
allow it to function as a tracking filter,
but the VCA lacks this, since there is no
pitch related control of signal amplitude.

Using the VCA and the VCF

It may be interesting at this point to
spend a little time comparing and
contrasting the effects produced by
the VCA and VCF, and discussing how
they are used to complement one
another in the synthesiser system. As
an example, consider the case where the
VCA and VCF are both controlled by
the same waveform from the envelope
shaper, consisting of a rapid attack and
a relatively slow exponential decay, as
shown in figure 2a, and are fed with a
440 Hz sawtooth waveform.

If the VCF is used alone in the lowpass
mode and the cutoff frequency of the

filter is initally set very low, the input
signal will be completely suppressed.
- owewi, Gurmg Y1 @ivadr phase of the
envelope control waveforn the cutoff
frequency of -the filter will rise very
rapidly, and the amolitude and
harmonic content of the note will both
increase as first the fundamental, then
the harmonics, are passed During the
slow decay phase the note will die away
slowly as the cutoff frequency falls,
starting with the higher hamonics, then
the lower harmonics, anc¢ finally the
fundamental. The variatior in turnover
frequency of the filter is illustrated in
figure 2b.

The tone thus produced s not unlike
that of a clavichord, or of a piano which
has had drawing pins stick into the
hammers to produce a jaigly, honky-
tonk effect.

If the same signal and contrel waveforms
are fed to the VCA, the signal amplitude
will rise rapidly as the giin increases
during the attack phase, and will fall
away slowly during the decay phase.
However, the harmonic coatent of il
signal will remain unaltered The sound
thus produced is similar to that of
percussion instruments sich as the
piano and xylophone.

By varying the attack and decay times
of the envelope shapers a wide variety
of tone colour and amplitude dynamics
can be produced using the VCF and

signal-to-miisvsodigieliutetil,

VCA in conjunction.
s

VCA design considerations
The dual VCA contains twe amplifiers
whose gains are independently voltage-

controllable, and the design >f the VCA
poses certain problems, the principal
one being that of obtaining adequate
dynamic range, as is illustrated in
figures 3a to 3d.

Figure 3a shows a control contour from’

the envelope shaper. At the peak of the
control contour the VCA must have a
finite maximum gain, which, for the
purposes of the discussion, it will be
assumed is unity, or 0dB. At the
beginning and end of the note the signal
must be inaudible, which means that the
gain of the amplifier should ideally be
infinitesimally small at these moments
in time. In practice, if the gain is around
—70 dB then this will be adequate.

What happens if the dynamic range is
inadequate is shown in figure 3b.
Suppose the gain of the amplifier can be
varied by a range of only 40 dB or so,
and is set to 0 dB on the peak of the
control contour. At the start and end of
the note the signal will only be 40 dB
down, and if the note is being played
fortissimo then this residual signal will
still be quite audible.

Another fault of badly-designed VCAs is
illustrated in figure 3c. In this example,
the VCA cuts off completely below a
certain level of control voltage, and so
misses part of the attack and decay
period of the note. This might be said to
be the opposite fault to that of

figure 3b, though it is not directly
related to dynamic range, but rather to
extreme non-linearity of the control
characteristic.

Returning to the example of the VCA
with only 40 dB dynamic range, if the
gain is adjusted so that the signal is
inaudible at the beginning and end of
the note (i.€. some 70 dB down), it will
only be able to increase by 40 dB when
the control voltage is applied, instead of
the 70 dB required to reach the 0dB
level. The result is an amplitude plateau,
as shown in figure 3d.

As mentioned briefly earlier, control of
the envelope shaping section of the
VCA is carried out exponentially. This
is to compensate for the logarithmic
loudness response of the human ear. On
the other hand control of the periodic
amplitude modulation section (tremolo)
is linear, since this gives the ‘softest’ and
‘sweetest’ sound to the tremolo effect.

Principle of the Formant VCA

The VCA in Formant uses the CA3080
OTA as the controllable amplifier, as in
the VCF, The principle of the Formant
VCA is illustrated in figure 4, The input
voltage Uj is converted to a proportional
output current Ig =gm « Uj. However,
since we are interested in voltage ampli-
fication this output current must be
converted into an output voltage, and
this is done simply by feeding the
current through a load resistor Rp
to produce an output voltage
Uo =gm * Ui * RL.

The transconductance of the amplifier,
g€m, may of course be varied by a
control cufrent 1ABC, as explained in
chapter 6, and the gain of the VCA may
thus be controlled — although at this
stage of course it is a CCA!

The output of the OTA may not drive
any external load in addition to Ry, as
this would lower the load impedance
and alter the gain, so the output of the

OTA is connected to a voltage
follower/buffer with a high input
impedance.

Both sections of the VCA operate on
the same principle. However, only the
output of the second OTA is buffered,
since it is this output that is connected
to any external loads. As the output of
the first OT A has no external connection
it is simply connected to the input of
the second OTA.

The OTA has one disadvantage that
cannot be ignored. As mentioned in the
previous chapter, its linearity is good
only for small input signals (typically
1+ 10 mV) which is why a large degree of
input signal attenuation is required. This
means that the signal-to-noise ratio is
not exceptionally good, and for this
reason it is best to use the VCA with the
largest possible input signal consistent
with low distortion. A modulation
indicator is provided, which allows the
best compromise to be obtained between
excessive noise, at low input levels, and
distortion at high input levels.
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Figure 1. Block diagram illustrating how the
VCA fits into the Formantsynthesiser system.

Figure 2. Envelope control of the VCF and
VCA. The attack-dacay contour of figure 2a,
when applied to the VCF, varies the turnover
frequency of the filter, which provides
dynamic alteration in the tone colour of the
sound {figure 2b). When applied to the VCA,
the envelope contour alters the gain of the
VCA, and thus the amplitude of the sound
(figure 2c).

Circuit of the VCA

The complete circuit of the VCA is
given in figure S. The exponential
converter built around IC1 and IC3 will
immediately be recognised, since it is
very similar to that used in the VCF.
The input configuration, however, is
much simpler, there being but one
external input, ENV, from the envelope
shaper. If required this can be switched
out by setting Sl in position ‘a’, in
which case a fixed gain results.

The gain/control voltage characteristic
of the VCF is roughly 12 dB/volt, but as
the use of the word ‘roughly’ suggests,
the accuracy of this characteristic is
relatively unimportant, unlike the
octave/volt characteristics of the VCO
and VCF. The ear is much less critical of
amplitude errors than it is of frequency
errors. The dB/volt characteristic of the
VCA may be adjusted by P2, whilst P1
is an offset trimmer. The output current
of the exponential converter controls
the gain of the first OTA, IC6.

The linear voltage-current converter is
constructed around IC2, which is
connected as an inverting, summing
amplifier. An input signal may be fed to
P4 via the AM input socket, and a DC
input voltage is available from P3
(‘Gain’). Both these input voltages cause
proportional currents to flow through
R12 and R13, and since these currents
cannot flow into the inverting input of
the op-amp they flow round the
feedback loop through T1, and into the
control input of IC7.

The audio signal to the VCA comes
either from the permanently wired
internal signal input (IS) or from the
external signal socket (ES) on the front
panel of the VCA module. The
amplitude of the external input signal is
controlled by P5, whereas the amplitude
of the internal signal is controlled at the
10S output of the VCF, by P6 of the
VCF module.

IC4 functions as a summing amplifier
with a gain of —1, and the signal level at
the output of IC4 is monitored by the
modulation indicator  constructed
around IC5. This is a non-inverting
amplifier feeding a bridge rectifier D1 to
D4, the output of which drives the
modulation indicator LED D5. Once the
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peak signal level at the output of IC5
exceeds the combined knee voltages of
D1 plus D5 plus D4 (or D3 plus DS plus
D2) then the LED will start to glow and
will glow brighter as the signal level
increases. P6 is used to adjust the gain
of IC5 so that D5 starts to glow at the
signal level where overmodulation
begins to occur.

The output signal from IC4 is attenuated
by R19 and R20 down to a level which
the OTA, IC6, can handle. The output
of the exponentially controlied OTA,
IC6, is fed via a second attenuator
R25/R26, to the input of the linearly-
controlled OTA, IC7. The output of
IC7 is buffered by voltage-follower IC8
and two outputs from the VCA are
provided, an internally wired output,
10S, and an output to a front panel
socket, EOS. Potentiometers P7 and
P8 are provided for trimming the offset
voltages of IC6 and IC7.

Construction

The comments with regard to com-
ponent quality that have been made in
previous chapters apply equally to the
construction of the VCA, and will not
be repeated. A printed circuit board and
component layout for the VCA are

Figures 3a to 3d. Some typical fauits of badly-
designed or badly-adjusted VCAs are illus-
trated here. None of the amplitude envelopes
in figures3b to 3d follows the control
contour of figure 3a.

In figure 3b thera is feedthrough of the signal
after the control contour finishes; in figure 3c
the signal is still cut off for some time after
the control contour starts, and cuts off again
before it finishes; in figure 3d the VCA has
insufficent headroom and limits causing a
‘plateau’ on top of the envelope curve.

Figure 4. The principle of the Formant VCA
is illustratad here. The OTA produces an
output current proportional to the product of
the input voltage and the control current
laBc: This causes a voltage drop across the
load resistor R, and the output is buffered
by an op-amp voltage follower. The input
attenuator is necessary to avoid overloeding
the OTA.

Figure 5. Complete circuit of the Formant
Dual VCA. This contains two, cascaded,
voltage-controlled amplifiers with independent
control inputs; exponential control for envel-
ope shaping and linear control for amplitude
modulation (tremolo).
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given in figure 6, and a front panel
layout is given in figure 7.

Testing and adjustment

For optimum performance the VCA
must be matched to a particular
enveiope shaper, and thereafter the
VCA and envelope shaper should be
used as a pair. This is not necessary in
the case of the VCF, which may be used
with any envelope shaper.

To test and adjust the VCA, the
completed keyboard and interface
receiver must be available, together with
VCOs, VCF and the envelope shaper to
which the VCA is to be matched. The
108 output of the VCO is connected to
one of the VCO inputs of the VCF, and
the 10S output of the VCF is connected
to the IS input of the VCA. The GATE
output of the interface receiver is
connected to the GATE input of the
envelope shaper and output ENV of the
envelope shaper is connected to input
ENYV of the VCA.

For the initial test, the sawtooth output
of the VCO is selected and the output
level is set to maximum. The VCF is set
to the lowpass mode, but the turnover
frequency is set to maximum by turning
the octaves control fully clockwise. The

Q control is set to minimum, the KOV
input is switched off and the output
level is set to maximum.

® At the IOS output of the VCF, the
sawtooth signal from the VCO should
now be available in phase with, and at
the same amplitude as, the VCO
output (about 2.5 V p-p).

® At the output of IC4 of the VCA, the
signal should be available at the same
level, but inverted.

oWith Sl. of the VCA in position ‘a’
(ENV input switched off) and P7 and
P8 in mid-position, the sawtooth signal
should be available at the output of
IC6 in phase with the VCO output,
and the amplitude should be adjustable
by Pl.

@At the output of IC7 the signal should
again be in phase, and both Pl and P3
should vary the amplitude.

®Finally, the signal should be available
at outputs IOS and EOS.

This concludes the basic functional

check of the VCA, and the adjustment

procedure can now be carried out.

Modulation indicator

Using the same input signal, P6 is
adjusted until the modulation indicator
D5 just begins to glow. Increase the
signal amplitude by switching in the

second and third VCOs, when the LED
should glow brighter.

After this test, the second and third
VCOs should be switched off again.

Offset adjustment

Turn the output level of the VCF to
zero and short the IS input of the VCA
to ground. Set S1 of the envelope
shaper to ‘AD’ and the A, D, S and R
controls to minimum (shortest attack
and decay, and 0% sustain). Turn PS5 of
the VCA fully anticlockwise, set S1 of
the VCA to position ‘b’ (ENV) and
observe the DC output voltage of IC6
on an oscilloscope.

When a key is depressed, a step output
voltage will be observed at the output of
IC6. This is the offset voltage of the IC,
which is amplified as the gain of ICé6
increases under the influence of the
envelope control voltage; if it is not
nulled out then it will break through to
the output as ‘cracks’ or ‘plops’. P7 is
adjusted until the step voltage is as small
as possible on the most sensitive range
of the oscilloscope.

The offset nulling procedure must then
be repeated for IC7. Sl is switched to
the ‘off’ position, P3 is turned fully
anti-clockwise and the external output
of the envelope shaper is connected to

& see text

15V +

D1 // 02

03 D4

1IC1 = CA3084

9726 5

IC2 ... IC5,1C8 = uA741C, MC1741CP1 (MIN!I DIP)
IC6 ... IC7 = CA3080(A) (MINI DIP) -
D1..D4=0A91, AA119, AAT1B
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Parts list for figures 5 and 6

Resistors:

R1 = 6k8

R2 = 3k3

R3,R15,R16,R18 = 100 k

R4 = 4k7

R5 =47k

R6,R8,R24,R27 = 330 k

R7,R11,R14 = 2k2

R9,R10 = 27 k

R12,R13,R19,R256 = 12 k

R17 =33k

R20,R23,R26,R28 = 100 O

R21 = 3k9

R22,R30 =470 2

R29 = 15 k {(nominal value,
see text)

Potentiometers:
P1,P2,P7,P8 = 100 k preset
P3 =1k lin,

P4 = 10 k lin.

P5 =100k log.

P6 = 4k7 (5 k) preset

Capacitors:
C1C6=1n
C2,C3,C4C5=680n

Semiconductors:

IC1 = CA 3084 (DIL package)
1C2,1C3,iC4,IC5, IC8 = uA 741C,
MC 1741 CP1 (Mini DIP)

1C6,1C7 = CA 3080 (A)

T1=BC177B, BC 178C, BC 179C,
BC 5578, BC 558C, BC 559C

D1...D4 =DUG (0A91,

AA118, AA119)
D5 = LED (TIL 209 or similar)
D6 = 1N4148

Miscellaneous:

31.way Euro connector
(DIN 41617)
S$1 = SPST miniature toggle.
switch
3 off, 3.5 mm jack socket
3 off, 13-15 mm collet knobs with

pointer

Figure 6 Printed circuit board and com-
ponent layout for the VCA (EPS 9726-1).

Figure 7 Front panel layout of the VCA. S1
is located between the AM and ES input
sockets. Immediately below these sockets are
the respactive input level controls: P4 sets the
AM modulation depth and P5 is the external
input level control Balow these again are the
modulation indicator (DS5), the manual gain
control (P3) and the output socket (EOS).

the AM input of tHe VCA. The 10S
output of the VCA is monitored on the
oscilloscope and the offset nulling
procedure is repeated, this time using
P8.

Adjustment of exponential gain control

The exponential converter must be
adjusted so that the required gain
control range of IC6 is obtained from
the +0.5V to +5V range of the
envelope shaper.

S1 of the envelope shaper is set to the
‘AD’ position and fairly short attack
and decay times are selected. The short
circuit across the VCA input is removed,
the VCF level control is turned to
maximum and a signal is fed in from
one of the VCOs, P2 on the VCA board
is initially set to its mid-position.

The output of IC6 is now monitored
with an oscilloscope and a key is repeat-
edly depressed, when AD envelope
curves should be seen. Pl is then
adjusted for minimum feed through
when the key is not depressed, less than
one or two millivolts will be acceptable.
The Y sensitivity of the oscilloscope is
now adjusted so that the entire envelope
curve can be seen when a key is
depressed. P2 should then be adjusted
until a good attack/decay curve without
limiting (seen as a flat top or plateau as

shown in figure 3d) is just obtained.
Since P1 and P2 interact to some extent,
it may be necessary to repeat the
adjustment procedure several times to
obtain the best results.

Adjustment of overall gain

The overall gain of the VCA should be
0 dB (unity) at maximum modulation
of IC6 and IC7. To achijeve this it may
be necessary to alter the value of R29,
which is nominally 15 k. Set the gain
control P3 to maximum, and the
envelope shaper to the ‘ADSR’ mode
with 100% sustain. A key is now
depressed and held down, and the
output level of the VCA (at IOS or EOS)
is compared with the input level at IS.
These levels should be the same; if the
output level is too low, then R29 must
be increased in value, and if the output
level is too high then R29 must be
reduced. A 3 dB difference (x 0.707 or
x 1.414) between the input and output
levels is acceptable.

This completes the adjustment of the
VCA.

Use of the VCA

The input signal level to the internal
input of the VCA is controlled by the
output potentiometer of the VCF. In

INPUT
VOLUME
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normal use this control should be
adjusted so that the LED just begins to
glow, which occurs at a nominal level of
2,5V p-p with one VCO input signal,
less if more than one VCO is connected.
If the LED glows brightly, then the
VCA is being overmodulated and
distortion may occur. This is not to say
that this should never be allowed to
happen, since the deliberate introduc-
tion of distortion can be used to
produce ‘fuzz’ effects. If the LED does
not glow, then this indicates under-
modulation and the possibility of a poor
signal-to-noise ratio.

Tremolo

To produce tremolo effects a low-
frequency oscillator signal (LFQO) can
be fed into the AM input socket. The
Formant LFOs, described later in the
series, have an output voltage swing of
* 2.5V, and if the GAIN potentiometer
P3 is set in its mid-position this will give
a modulation depth of 100%. Reducing
the LFO input signal by means of the
AM potentiometer P4 allows the
modulation depth to be varied down to
0%.

Expression Poedal

An expression pedal may also be con-
nected to the AM input. This can be a
pedal fitted with a logarithmic potentio-

chapter 11

LFOs and noise
module

The low frequency oscillators and
noise generator are invaluable
components in a synthesiser
system. The LFOs allow amplitude
and frequency modulation of the
VCO outputs to pravide tremolo,
vibrato and other effects. The
noise sources can be used for
random modulation of the VCO
signals, and in addition can be
used as signal sources themselves.

meter and battery, wh i
varied from zero to sbout +5 V with the
pedal fully depressed.

Tuning ‘
The ENV/OFF switch Sl is particubrly
useful when tuning | . thesiser, '

since it allows signals to pau <sntinu-
ously through the WCA, unaffected
the envelope shaper when in the
position.

Outputs
The external outpwt ef the VCA hasan
impedance of abowt 500 £2, and this

output may be fed to other equipment -

such as tape decks and external
amplifiers, or to  high impedance
headphones for monitoring.

The internal output signal (108S) is taken
to the Formant amplifier module, which
will be described later, This is fitted
with tone and volume controls and a
small power amplifier for monitoring
purposes. 1t will drive low impedance
headphones and lowdspeakers, and can
also be used to drive spring line rever-
beration units ot other external equlp-
ment.

» Tha LFO.m

Mention has sjresdy besn made of the
fst. that conventional imstruments

exhibit more “life’ snd varistion in tonal

hamcier than electronpic iastruments
due t@ the way in which they are played.
For example, stéimg imstruments and
woodwind insimammmts can exhibit
marked tremolo“.r vibrato due to
variations in the Wssag or blowing. The

keyboard of a wmsthesiser provides a-

relatively inflexiMies smd expressionless
means of playing $het does not allow
these nuances to be istroduced into the
sound, and in order to make the sound
more ‘lively’ amplitude and frequency
modulation must be introduced using
the LFOs and noise source.

The noise source slsp provides the basic
material to produ¢s & whole spectrum
of sounds that do meot have a defined
pitch. White noise can be used to
produce sounds such as wind, rain and
surf. ‘Coloured’ neise, which is white
noise with the low frequency com-
ponents boosted, is used for sounds
having a strong bams content, such as
the tumbling of thuader.

| In" addition to modmlating the VCO

signals, noise can also be added to these
signals to simulate wind noise in organ
pipes and woodwind instruments.

basically low-
enerators that

sawtooth

waveforms. The third LFO produces
a triangular waveform and two
sawtooth waveforms in antiphase with
each other, i.e. one with a positive-
going ramp and the other with a
negative-going ramp.

The circuit of LFOIl is shown in
figure 1a; LFO?2 is identical. The basic
oscillator circuit consists of two
op-amps ICl and A3 connected
respectively as an integrator and a
Schmitt trigger. When the output of A3
is positive a potential of about +2.5 V

.(depending on the position of the wiper

of P3)is applied to R9. The full positive
output voltage of A3 is applied to Pl, so
a current (dependent on the wiper
position of P1) flows into the integrator
through R1. The output of IC] ramps
negative until it reaches about —2.5 V,
when the voltage on the non-inverting
input of A3 will fall below the voltage
on the inverting input (zero volts) and
the output of A3 will swing negative.
The voltage applied to R9 is now
—2.5V, and the full negative output
voltage of A3 is applied to P1. Current
will flow out of the integrator through
R1, and the integrator output will ramp
positive until it reaches about +2.5 V,
when the voltage on the non-inverting
input of A3 will rise above zero and the
output of A3 will swing positive. The
whole cycle then repeats.

The output from IC1 is thus a triangular
waveform with a peak-to-peak voltage
of about 5 V, while at the wiper of P3 a
squarewave of the same amplitude and
frequency is available. P3 presets the
trigger threshold of A3 and hence the
signal amplitude. Pl is used to adjust
the frequency of the LFO by varying
the voltage applied to the integrator
input, which alters the integrator input
current and hence the rate at which the
integrator ramps positive or negative.
The triangular wave output is taken
direct from IC1 via R13, whilst the
squarewave output is buffered by
voltage follower A4. The sawtooth
waveform is derived from the triangle
by A2. When the output of A3 is
positive and the triangle output is on its
negative-going slope, T1 is turned on,
grounding the'non-inverting input of A2.
A2 thus functions - as a unity-gain
inverting amplifier, producing a positive-
going ramp. When the output of A3 is
negative and the output of ICl is
positive going, T1 is turned off and A2
functions as a unity-gain non-inverting
amplifier (voltage follower), again pro-
ducing a positive-going ramp. The
positive- and negative-going ramps of
the triangular waveform are thus
converted into a series of positive-
going ramps. Since every half-cycle of
the triangle is converted into a full cycle
of the sawtooth, the frequency of the
sawtooth is twice that of the triangle
and square waveforms, as illustrated in
figure 2.

To indicate that the LFO is functioning
a LED indicator, constructed around
Al, is connected to the triangle output.
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Figure 1a. Circuit of LFO 1, which is identical
to LFO 2 and produces triangle, sawtooth
and square waveforms,

Figure 1b. LFO3 also produces three
wavaforms, but instead of a squarewsave
output a negative-going sawtooth is provided.

The third LFO circuit, shown in
figure 1b, is similar to the first circuit,
with two exceptions. Firstly, no
squarewave output is provided; sec-
ondly, a sawtooth with negative-going
slope is provided by A8, which inverts
the positive-going sawtooth from A6.

Construction of the LFO module

Figure 3 shows the printed circuit board
and component layout of the LFO
module, which of course contains three
LFOs. The components for LFO2 are
identical to those for LFO1, being
distinguished on the board and in the
components list by an apostrophe ().

The board layout is fairly cramped, and
care should be taken when soldering
components to avoid solder bridges. A
front panel layout is given in figure 4.

Adjustment of the LFOs

Each LFO requires four adjustments:

® P3, P3" and P7 set the signal
amplitude.

® P2, P2’ and PS5 null the offset of the
integrators.

® R16, R16’ and R17 must be selected
to set the lowest frequency of the
LFO.

® P4, P4’ and P6 adjust the LED indi-
cators.

The adjustment procedure, which is

identical for all three LFOs, will be

described for LFO1.

Amplitude adjustment

1. Monitor the triangle output on an
oscilloscope; set P2 to its mid-
position and Pl for maximum fre-
quency.

2. Adjust P3 to give a peak-to-peak
outputof 5 V.

3. Check the amplitude and waveform
of the other outputs.

Offset adjustment

1. Disconnect R1 from the wiper of P1
and ground it.

2. Monitor the output voltage of IC1
with a multimeter. It will probably
exhibit a tendency to drift positive
or negative, and the voltage will
settle at +15V or —15 V. Reset the

1a

IC1 = uA741CMC1741CP1
{Mini Dip)
Al...A4=I1C2=IM324
T1 = BC108C,BC548C or equiv.
D1=1N4148
D2 = LED R

ATk

R9

f8

100k

100k +

* see text

1b

100k

R30

- A3z, ® see text

R34

IC3 = uA741C,MC1741CP1 (Mini Dip)
AS...AB=1C4 = |M324

T2 = BC108C,BC548C or equiv.

D3 = 1N4148

D4 = LED

9728 1b
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-2.85V

+2.5Vv

-2.5V

output voltage to zero by discharging
Cl through a 1 k resistor. Adjust P2
until the voltage remains stable at
zero volts for a period of several
seconds (without the discharge re-
sistor in circuit). Repeat this adjust-
ment, progressively switching the
multimeter to more sensitive ranges
until the drift is only a few hundred
millivolts in several seconds.

Careful adjustment of the offset is vital,
as it determines the minimum fre-
quency at which the LFO will operate

reliably and the symmetry. of the
waveforms at low frequencies.

Selection of R16

The value of R16 determines the
minimum integrator input voltage that
can be set by Pl, and hence the
minimum frequency of the LFO. The
value of R16 must not be chosen too
high or the minimum LFO frequency
will be too great. On the other hand it
should not be chosen too low, or the
integrator input current at the minimum

Figure 2. Showing the phase relationship of
the triangle, square and sawtooth waveforms.
Since the sawtooth is derived by inverting
alternate half-cycles of the triangle waveform,
its frequency is twice that of the other
waveforms.

Figure 3. Printed circuit board and
component layout for the LFO module
(EPS 9727-1).

setting of P1 will be comparable with
the input currents of IC1. This will
result in unreliable operation of the
oscillator at low frequencies.

R16 should be chosen so that the
minimum frequency of the LFO is
about one cycle every three minutes,
but the value of R16 should not be less
than 10 . If it is not possible to
obtain this low frequency then the
input currents of IC1 may be too high,
or Cl1 may be leaky.

The maximum LFO frequency is about
20 Hz.
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Parts list for LFO module

Resistors:
R1,R1',R2,R2’,R19,R20 = 68 k
R3,R3',R4,R4°',R6,R6’',R8,RE’,
R9,R9',R21,R22,R24,R30,

A31 =100 k

R5,R6',R23 =47 k
R7,R7',R12,R12',R13,R13',R28,
R29,R34 =1k

R10,R10',R32 = 3k9

R11,R11°,R15,R15',R33,
R35=470 2

R14,R14',R18 = 22 k
R16,R16°,R17 = 47 Q (see text)
R26 = 4k7

Potentiometers:

P1,P1',P8 =100 k log

P2,P2' P4,P4' P5,P6 = 10 k preset
P3,P3’,P7 = 1 k preset

Semiconductors:
IC1,IC1’,IC3 = uA 741C,

MC 1741CP1 (Mini DIP)
1C2,1C2',IC4 = LM 324 (DIP)
T1,T1°,T2 = BC108C, BC 548C or

equivalent
D1,D1',D3 = TN4148, 1N914
D2,D02°,D04 = LED (e.g. TI1L209)

Capacitors:

C1,C1',C2=1 u (polyester or
polycarbonate)

C3,C4 =100 /25 V

Miscellaneous:

31-way connector (DIN 41617)
9 x 3.6 mm jack
3x13...156 mm knobs
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Figure 4. Front panel layout of the LFO

White Noise (W.N.)

Coloured Noise (C.N.)

T

a4 module.
Figure 5. Circuit of the noise module.
Figure 6. Printed circuit board and com-
ponent layout for the noise module
(EPS 9728-1).
FastT f siLow

Random Voltage (R.V.)

IC1...1C4 = pA741CMC1741CP1

T1=TUN*
D1=1N4148
D2=LED

{Mini Dip)

* see text

9728 1

I 15V
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Parts list for noise module

Resistors:
R1,R9,R10,R13 = 47 k
R2 = 100 k (see text)
R3,R7,R8 = 470 k

R4 =10k

R5 = 2M2 (see text)
R6,R11,R18,R19=470 0
R12 = 4k7
R14,R15,R16,R17 =1 k
R20 =22k

Capacitors:
C1=22u/25V
C2=1u/16V
C3=47u/35V
C4=680n
C5 = 1 u (polyester or
polycarbonate)
C6=330n
C7 =100 u/35V
C8,C9=220n
C10,C11=10u/25V

Semiconductors:

IC1,IC2,IC3,I1C4, = uA 741C,
MC 1741CP1 (Mini DIP)

T1 = TUN (selected)

D1 = 1N4148, 1N914

D2 = LED (e.g. TIL 209)

Potgntiometers:

P1 =100 k lin. ganged
potentiometer

P2 = 100 k preset

Miscellaneous:
1 x transistor socket
1 x 31-way connector {DIN

’ '41617)
3 x 3.5 mm jack sockets
1x13...15 mm knob
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Adjustment of the LED indicator

P4 should be adjusted so that the
brightness of the LED follows the
amplitude of the triangle output, i.e. the
LED should be at minimum brightness
when the triangle voltage is at its most
negative, and at maximum brightness
when the triangle is at its most positive.

P4 should adjusted so that the LED.

brightness does not reach maximum
before the peak of the triangle, but on
the other hand it should not extinguish
completely before the trough of the
triangle.

The noise module

The complete circuit of - the noise
module is shown in figure 5. The noise
is produced by the base-emitter junction
of an NPN transistor T1, which is
reverse-biased. The noise is amplified to
a level of about 2.5 V peak-to-peak.
This white noise output is fed out via
C4 and R6,

The white noise is also fed into a filter
constructed around IC2, which has two
frequency dependent elements in the
feedback path. These two elements
interact as follows. On its own, the
feedback network comprising RI10,
R12, R13 and C7 would- produce a
6 dB/octave rise in the gain of IC2, from
0 dB at zero Hz via 3 dB at 9 Hz to
approximately 20dB at 90 Hz. The
feedback network R9, R11, C6, on its
own would produce a 6 dB/octave fall
in gain from O Hz to 1 kHz, above
which the gain would remain constant
at 0 dB.

The combined effect of these feedback
networks is that below 90 Hz the
6 dB/octave rise and 6 dB/octave fall
cancel out, giving a gain of 20 dB.
Above 90 Hz the gain falls at 6 dB/oc-
tave to 0 dB at 1 kHz, above which it
remains constant. The result is that the
bass end of the noise spectrum is
boosted, and ‘coloured’ noise is avail-
able at the output of IC2. The coloured
noise output is taken from the junction
of R14 and R15.

The coloured noise output is also fed to
a second filter built around IC3. This is
a 12 dB/octave lowpass filter with
variable turnover frequency, which
passes only the very low frequency
components to produce an extremely
low frequency ‘random voltage’. The
fluctuation rate of this random voltage
is adjusted by means of P1, which varies
the turnover frequency of the filter.
Fluctuations of the random voltage are
displayed on a LED indicator, which is
identical to those used in the LFOs,

Construction and adjustment of
the noise module

A printed circuit board and component
layout for the noise module are given in
figure 6, and the front panel layout is
given in figure 7.

As not all transistors are suitable noise
generators, a socket should be fitted in

NOISE

< <&

WHITE COLOURED RANDOM¢

NOISE

FAST § SLOwW

voLtace |

Figure 7. Fromt pewsl layowt of the nsise
module.

the T! position on the board so that
different transistors may be tried.
Measuring with a multimeter on a
suitable AC voltage range at the white

L-noise output,—a-.voltage of 0.5V to

0.8 V should be present. Alternatively,
if an oscilloscope is used to monitor the
output, a noise signal of about 2V to
2.8 V peak-to-peak should be obtained.
It may be necessary to try several
transistors before a suitable one is found.
Varying the value of R2 between 33 k
and 150 k may also help.

If the transistor produces too high a
noise level this can be reduced by
making RS smaller, thus reducing the
gain of IC1.

The amplitude of the coloured noise
output should also lie in the same range
as the amplitude of the white noise
output. If it is too small then R7 should
be reduced and if it is too large R7
should be increased.

The random voltage output should vary
between about +2.5 V and —2.5 V with
Pl in the ‘fast’ position.

The final adjustment to the noise
module is to set P2 so that the LED
brightness indicates the amplitude of
the random voltage output in a linear
manner. This adjustment is carried out
in exactly the same way as the ad-

justment of the LFO indicators. ’
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chapter 12
om

With a description of the COM
(Control and Output Module), and
an overall wiring diagram for the
‘basic’ Formant system, this
chapter brings Part 1 of the book,
which has dealt with the design
and constructional aspects of the
various Formant modules, to a
close.

The COM contains a tone control ampli-
fier with bass, middle, treble and vol-
ume controls, and an output buffer
capable of driving high impedance
(> 600 £2) headphones for monitoring
or practice purposes. The COM front
panel also contains the indicator LEDs
for the three power supply voltages and
the gate signal. These indicators should
not be regarded merely as a gimmick
but as an important aid to monitoring
the state of the Formant system. A fault
in any of the supply voltages is immedi-
ately indicated by one of the LEDs, as is
the absence of a gate pulse.

COM circuit

The complete circuit of the COM is
given in figure la.

1b
41368

wrTp, A e
ourura[ 3 12| ourruro
ovrurs[4 Elvw
wors[5] 1] e
g [ e

w7 <]:CE|.-.,"

9729 v
Figure 1a. Circuit diagram of the COM,

which consists of a tone control/headphone
amplifier and indicator LEDs for gate pulse
and the three power supply voltages.

Figure 1b. Pinout of the 4136 IC.

The input signal is fed to a volume con-
trol Pla and thence to an ‘anti-plop’ fil-
ter built around Al. This is a 12 dB/
octave highpass filter with a break fre-
quency of around 20 Hz. It suppresses
low-frequency transients and rolls off
the bass response of the system to re-
duce ‘listener fatigue’ which can be
caused by the low bass notes of elec-
tronic music, especially with full bass
boost. By rolling off the bass response
the filter also helps protect the bass
drivers of the loudspeakers against ex-
cessive, very low-frequency signals. In-
deed, if the synthesiser is to be used
with small ‘bookshelf’ speakers it may
be advisable to raise the turnover point
of the filter to 40 Hz by changing the
value of R1 and R2 to 39 k.

The treble and bass controls, built
around A2, are a conventional Baxandall
network. To avoid the middle control
interacting with the bass and treble con-
trols it is constructed separately around
A3. The output of A3 then feeds into a
second volume control P1b. The use of
a ganged volume control on a single
signal channel may seem a little unusual,
but it does have several advantages. A
volume control at the input to the COM
prevents any possibility of overloading
Al, whatever the signal level. On the
other hand, the provision of a volume
control later in the circuit allows a
better signal-to-noise ratio to be main-
tained at low settings of the volume
control, since noise (principally from
Al) is attenuated along with the signal
as the control is turned down. The fact
that this control produces a ‘double

1a

CBourz

Al..A4=4136(DIL)

—O-4-+-

yi
GATE-LED :’ !
o

t

I

]

]

|

A

5V LED H
]

—15V LED

15V

I

9729 1

1BV Toomn O—




084 — FORMANT

3.

>

O GATE LED
©0-15Vv LED

O+15V LED

o.ou-n

oL
[+

Parts list for figures 1 and 2.

Resistors:
R1,R2=82k
R3,R8,R18 =470 O
R4,R6 = 1k5
R5,R7,R11,R13 =6k8
R9,R14 = 3k9
R10,R12 = 100 k
R15,R17 =220 k
R16 =22k
R19 = 4k7

0

0¢Q
(]

2
8

3 o=k

>
b1]
N
L d

2
§

Potentiometers:

P1a,P1b = 4k7 log ganged pot.

P2,P3,P4 = 100 k lin.
P5 = 220... 270 k preset.

Capacitors:
C1,2,C9=100n
C3,C4=10n

C5,C6 =39 n
C7=15n

C8 = 3n3
C10,C11,C12=680n

o

Semiconductors:

IC1 = 4136 (DIL package) EXAR,
Fairchild, Raytheon or
Texas.

Miscellaneous:

31-way connector to DIN 41617

3.5 mm jack socket

6.3 mm jack socket

4 collst knobs, 13...15 mm
diameter, with pointer.
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Figure 2. Printed circuit board and compo-
nent layout of the COM (EPS 9729-1).

Figure 3. Front panel layout for the COM
(EPS 9729--2).

Figure 4. Wiring diagram for the front panel
mounted components.
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logarithmic’ characteristic does not
cause any inconvenience in operation.

No power amplifier is built into the
COM as the heat generated in the out-
put stage could cause temperature drift
problems in other circuits in the system.
However, the COM is provided with an
internal output to a separate power
amplifier, IOS. The output of the ampli-
fier may then be brought back through
the COM via the PA input connection

~on the COM board edge connector to a

socket on the COM front panel (OUT 2).
The COM output is itself also brought
out to a socket on the front panel
(OUT 1) into which high impedance
headphones may be plugged. Note that
a 6.3 mm jack socket is used for OUT 2.
The four indicator LEDs also receive
their power via the COM edge connector
from the appropriate circuits, and are
also mounted on the COM front panel.

Construction and testing of the
COM

A printed circuit board and component
layout for the COM are given in figure 2,
a front panel design is given in figure 3
and wiring to front panel mounted com-
ponents is shown in figure 4. Screened
leads should be used for the connections
to bass, middle and treble poten-
tiometers B, M, and T.
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Figure 5. Inter-module wiring for the basic
Formant system. Supply voitage connections
have been omitted for ressons of clarity. The
LFO and noise modules have been omitted as
the only hardwired connections they have are
supply connections.

Figure 6. The 'gaté-LED' output of the
interface recsiver can be simplified by mount-
ing R30 in the ‘D4’ position.
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Some readers may not wish to bring the
output of a power amplifier back
through the COM to output 2, since this
may not be convenient especially if the
synthesiser is to be used with, say, an
existing hi-fi setup. In this case two op-
tions are open. Output sockets 1 and 2
can simply be connected in parallel or
alternatively output socket 2 can be

wired direct to input IS to provide an

output signal unaffected by the tone
and volume controls.

It is not intended to provide a design for
an output power amplifier since several
good designs have already been pub-
lished in Elektor. However, a few hints
on the mounting of such an amplifier
will not go amiss. As mentioned earlier,
the power amplifier should not be
mounted in a plug-in module since it
may then cause thermal problems. It
should preferably be mounted at the
back of the module cabinet with the
output transistors mounted on heatsinks
whose fins are external to the module
housing. The Formant power supply is
not intended to supply current for a
power amplifier, so a separate power
supply will be required. The mains
transformer should be mounted as far
away as possible from the Formant
modules to reduce hum pickup (the
same applies to the Formant mains
transformer).

The COM can be tested by feeding in a
signal from one of the VCOs and moni-
toring it on an oscilloscope to check
that the waveform is undistorted. The
gain of the COM output stage, A4, can
be varied between about 1.8 and 11 by
means of P5. This preset should be ad-
justed so that full drive of the head-
phones or power amplifier is obtained
with the volume control turned fully
up (clockwise).

Complete wiring diagram

The interwiring between modules for
the basic Formant system is given in fig-
ure 5, but readers wishing to build a
more extensive system can expand this
as required.

For clarity the supply wiring is not
shown, but the wiring method already
mentioned must be adhered to, i.e. each
module should have separate supply
leads from its socket back to the ‘star’
connection points (busbars) on the
power supply module. The temptation
to simplify the wiring by simply linking
between the supply pins of the modules
should be avoided as this will cause in-
teraction between modules.

The ‘Noise’ and ‘LFOs’ modules are not
shown in figure 5, since the supply wir-

ing is the only connection to these
modules.

Again for clarity, the full pinout of each
module edge connector is not shown,
but the connections are shown in the
correct sequence working down from
the top edge of each module.

One small modification is required to
the interface receiver printed circuit
board (chapter 3) in order that the gate
LED can be wired with only a single
link. R30 on the interface receiver
board is mounted in the space provided
for D4 as shown in figure 6. A single
wire is then connected from the lower
pad to which R30 was originally con-
nected to the appropriate pin of the
COM socket. Without this modification
two leads would have to be brought out
to D4.

Patchcords

Due to the hardwired interconnections
between modules, Formant is perfectly
playable without any of the front panel
patching sockets being used. However,
for effects such as vibrato and tremolo,
patchcords are used to connect the out-
puts of the LFO module to the VCOs or
VCA. These can easily be ‘home-made’
— see chapter 1 of Part 2,




088 — FORMANT

to play the formant

playing the

formant

basic control settings
and musical tips on how

Because of its inherent versatility and
scope, a synthesiser is not an easy
instrument to master. Even relatively
experienced musicians require a certain
amount of time to sufficiently familiarise
themselves with a synthesiser before
being able to exploit its potentialities to
the full. For the beginner, the impressive
array of different controls on the front
panel can be extremely confusing, and
his first attempts to synthesise a particu-
lar sound can all too often lead to
disappointment and frustration. For this
reason the following chapters are
intended to provide some basic tips on
how to set about playing the Formant.
In addition to proving useful to Formant
users, much of the advice is relevant to
music synthesisers in general. In particu-
lar, the description of the resonance
filter settings, which are of prime
importance for the realistic simulation
of conventional musical instruments,
can in principle be applied to improve
the sound of any electronic music
instrument.

The review of basic control settings is
divided into two parts: the first deals
with the individual modules; how they
are adjusted for satisfactory operation
and how they can be used to best
advantage.

The novice Formant user is thus spared
the grief of coming to grips with the
instrument on the basis solely of trial
and error. The second part deals with
combinations of basic settings used to
synthesise the sounds of particular
instruments. Thus, for example, the
settings required to imitate the sound of
a flute, trumpet, tuba, of string
instruments, a piano, etc. are all

described in detail and illustrated with
the aid of diagrams. As already
mentioned, particular attention is paid
to the role of the resonance filter module
in simulating the fixed bandpass reson-
ances or formants of individual
instruments, thereby improving the
realism of the resultant sound.

With the aid of the following advice, the
Formant user should be able to master
the basic ‘palette’ of tone colours offered
by the synthesiser. However it is only
natural that the descriptions contained
in this chapter bear the ‘stamp’ of the
author; thus the reader should not feel
constrained to limit his experiments
with the Formant to those described
here. They should rather be regarded as
an initial stimulus to the reader, who is
expected to go on to discover for himself
the full musical potential of the Formant.

A final tip: one of the most fruitful
activities the amateur synthesiser user
can do is to listen to the results obtained
by some of the acknowledged masters in
this field, e.g. Walter Carlos, Isao Tomita,
P. Moraz, etc. This way he will obtain
some idea of the amazing capabilities of
a sophisticated music synthesiser.
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extending the
formant

1

Before proceeding to a discussion of the
basic control settings for each of the
Formant modules, it is worth devoting a
little attention to the equipment needed
to reproduce the output of the syn-
thesiser and the ancillary circuits which
can be employed to further extend the
Formant and enhance its tonal possi-
bilities.

Loudspeakers

Readers building a synthesiser for home
use will probably wish to play the
instrument through an existing hi-fi
set-up, at least to begin with. If this is
the case, care should be taken not to
overload the loudspeakers by keeping
the volume reasonably low. Hi-fi
speakers are designed to handle a much
more broadly distributed power
spectrum than that produced by a
synthesiser, and it is quite easy to
damage the tweeters with a sustained
high frequency note. For serious use, a
purpose-designed loudspeaker should be
considered. Because of their high
efficiency, horn systems are to be
favoured, since they can then be used in
conjunction with a relatively low power
amplifier. A 35-40 W amplifier when
used with horn speakers is more than
ample for domestic purposes. A dealer
specialising in electronic music systems
should be able to offer advice on a
suitable choice of loudspeaker.

Additional units

Although the Formant system so far
described is a highly versatile instrument
giving a performance comparable to
commercial designs at a greatly reduced
cost, it is nonetheless relatively unsoph-

isticated compared to the larger
commercial instruments. Fortunately,
however, because of its modular

conception, it is a simple matter to
extend the system by adding extra
VCOs, VCFs, VCAs, ADSRs, to obtain
a more varied sound.

However, certain effects require the
addition of completely new modules
and ancillary units. One possibility
which can be implemented immediately
is the addition of the Elektor equaliser
(January 1978) to allow presettable
tailoring of the synthesiser spectrum.
The equaliser p.c. board is of Eurocard
format, compatible with the other
Formant modules.

Phasing circuits are frequently used in
synthesisers, and are particularly useful
for realistic simulation of (orchestral)
string tones. Another effects unit which
is often used is a ring modulator. This
circuit produces the sum and difference
of two input frequencies at its output.
The frequencies are often harmonically
unrelated and strange, extremely
‘unmusical’ effects can be obtained.

This type of circuit is extremely useful
for synthesising bell, gong, and
cymbal-like sounds. A circuit for a ring
modulator, suitable for use in conjunc-
tion with the Formant, was published in
the March 1979 issue of Elektor.

In its basic form the range of expression
available from the synthesiser is slightly
limited by the fact that it is played by a
keyboard. However there are various
ways in which this can be remedied. The
addition of a ‘pitchbender’ joystick,
which feeds a manually controllable DC
voltage to the VCOs, allows modulation
of the pitch of a note by hand in much
the same way that a guitarist ‘pulls’ the
strings of his guitar.

An interesting possibility is the elimin-
ation of the keyboard by playing the
synthesiser via another instrument. This
is accomplished by the use of a pitch to
voltage converter, which produces an
output voltage proportional to the pitch
of the control instrument. This in turn
controls the frequency of the synthesiser
VCOs. An envelope follower produces
an output voltage which follows the
control instrument’s amplitude, and this
is used to control the gain of the VCAs.
The result is a synthesiser which has the
dynamics of the original instrument.
Other useful additions to the synthesiser
are sequencers, sample-and-hold circuits,
and in particular, reverberation echo
units. Sequencers are used to store

. (either by analogue means or digitally) a

sequence of VCO/VCEF control voltages.
These are then ‘played back’ into the
synthesiser to automatically generate a
note sequence which can, for example,
be used to provide the backing for a
manually played melody.

A sample-and-hold circuit is frequently
employed to take sequential samples of

the instantaneous voltage of a sawtooth

waveform. This sequence of voltage
samples is then used to control the
synthesiser to generate pseudo-random
sequences of notes.

Reverberation units can be used to great
advantage to enhance the ‘dry’ some-
what artificial character of electronically
synthesised sounds by allowing the
notes to die away gradually, as opposed
to being cut off abruptly when a
different key is pressed. Long reverber-
ation times or echo can transform the
monophonic output of a VCO into a
rich ‘chorus’ effect.

An especially useful and inexpensive
item of equipment is a foot pedal,
which can be used to control the tone-
shaping modules of the Formant, the
VCF and VCA. With the aid of the
pedal, which should provide a variable
DC voltage between 0 and 5 V, a variety
of modulation effects can be obtained.
For example, the duty-cycle of the VCO
squarewave output can be modulated by
pedal so as to obtain a type of phasing
effect.

It is also important to have a sufficient
quantity of different coloured patch-
cords of various lengths, These can
easily be made using flexible single-core

cable fitted with a 3.5 mm jack plug at
each end. The cable is soldered to the
centre contact (ball) of the plug, no
earth connection being necessary as the
earth return is made through the internal
module wiring. In the interests of long
life the patchcord wire should not be
too thin, and some sort of strain relief
should be used where the wire enters
the plugs. To keep the front panel tidy,
a good idea is to make the patchcords in
different lengths, each designed for an
interconnection between specific
modules. Different colours of wire may
also be used to simplify checking of
complicated patch connections,
Multiway patchcords, which are termin-
ated at one end in several plugs, may
also prove useful, allowing, e.g. the
PWM inputs of several VCOs to be
controlled by a single LFO output.

A high impedance pair of headphones
will also prove extremely helpful, since
they allow the output of individual
modules to be monitored without
having to reproduce them via the
loudspeakers.

If an oscilloscope is available, then it is
possible to follow the progress of a
waveform from module to module, or
to check the amplitude of a signal, etc.
Such  information is particularly
interesting, since it permits one to
actually see the envelope of signals,
modulation effects, the existence of
resonances, etc. All that is needed (in
addition to the scope) to gain access to
all the module outputs is a high
impedance probe terminated in a jack
plug.

Finally, having obtained “a particular
sound which one likes, how can the
corresponding control settings be
preserved for future reference? — a point
which many Formant users have found
to be a problem. One solution is the
sketch of all the various Formant
modules included at ‘the end of this
book. This can be photocopied and used
for making a note of the control settings

for each module.

control settings
of individual
formant modules
VCOs | |

Main characteristics of the VCOs

The Formant VCOs are electronic tone
generators whose pitch can be varied
over the range of audible frequencies.
Assuming that they have been correctly
set up during construction (V/octave
characteristic and high frequency
tracking), the VCOs should be accurately
tuned and capable of tracking one
another over a large number of octaves.
Although the temperature drift of the
VCOs should be so small as to be negli-
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Figure 1. Tuning the VCOs.

gible‘, the Formant should nonetheless
be protected against sudden or excessive
variations in temperature. Suitably
positioned ventilation holes in the case
of the instrument should help to reduce
temperature fluctuations (and drift) to a
minimum.

The approximate pitch of each VCO can
be rapidly adjusted (over an extremely
wide range) by means of the COARSE
tuning control, whilst exact tuning is
obtained with the aid of the FINE
control.

With a choice of five different waveforms
from each VCO (sinewave, sawtooth,
spaced sawtooth, triangle, and pulse-
width modulated squarewave) the range
of basic tone colours for subsequent
synthesis is extremely varied. The wave-
forms can be rapidly selected by means
of toggle switches, and fed in any
combination to the VCO output.

The output level control (OUT)
determines the relative proportions of
each VCO output fed to the VCFs. The
capabilities of the VCOs are further
enhanced by provision of an external
control voltage input (ECV), a frequency
modulation input (FM) for vibrato etc.,
and an input for pulse width modulation
of the squarewave by external control
voltages. The depth of pulse width
modulation can also be varied by hand.

Tuning the VCOs

This section describes the tuning
procedure for the VCOs which should
be followed exactly. VCOs which are
not exactly in tune sound ‘rough’ and
dissonant, and are musically of little use,
If in spite of carefully carrying out the
procedure described here, the VCOs
should continue to sound unsatisfactory,
then the V/octave and high frequency
tracking pots in each of the VCOs
should be readjusted.

A ‘bright’ waveform, such as e.g. the
sawtooth, which is rich in all harmonics,
is best suited for tuning the VCOs, since
beat notes are then particularly
prominent. Before commencing the
tuning procedure the other Formant
modules must be set so that the output
signals of the VCOs are fed in unchanged
form to the power amplifier (figure 1).

First of all the output level controls are
set to maximum (1) and the desired
waveform, e.g. sawtooth, is selected (2).
The VCO input is then switched to
KOV — the keyboard output voltage (3).
To ensure that the VCF(s) have no effect
upon the VCO signals, the ENV and Q
controls of the filter(s) are set to 0 (4)
and (5), whilst the lowpass mode is
selected (6) and the turnover frequency
of the filter(s) is set to maximum (7).
If the RFM is present it should be
switched to ‘bypass’. The output level
control of the filter(s) is likewise set to
maximum (8). The output of the VCOs
is now passed unaltered by the VCF(s).
To ensure that the VCA likewise has no
effect on the VCO signals, the toggle
switch should be set to OFF (9) and the
GAIN control set to maximum (10).
The tonal character and volume of the
VCO signal is set by means of the bass,
midrange, treble and volume controls of
the COM module (11). Finally, it is best
to eliminate the effect of the COARSE
offset control on the INTERFACE
module by switching the latter out of
circuit (12).

Before starting the tuning procedure
proper, it is important to note that one
should always start with the key on the
extreme right (i.e. the ‘highest’ key) of
the keyboard (13). In this way it is
possible to ensure satisfactory tracking
of the VCOs. Whilst the top key is
pressed, the pitch of the VCOs is adjusted
using the COARSE and FINE controls
(14). If two or more VCOs are to be
tuned to the same pitch, the FINE
control should be adjusted until no
further beat notes can be distinguished
or else until the frequency of the beat
notes is as low as possible. Of course it
is also possible to deliberately mistune
the VCOs very slightly so as to obtain
phasing and chorus effects. The resultant
sound is then less sterile or artificial.
Many users experience difficulties when
attempting to tune three or more VCOs
to obtain complex chords. This can be
done as follows: First of all the lowest
note in the chord is set up on one of the
VCOs (the others are switched out). In
the case of a simple major chord such as
‘C’-‘E’-‘G’, this would be ‘C’. Once the
‘C’ key has been tuned, the key
corresponding to ‘E’ should be pressed,
and the pitch of the first VCO noted.
The second VCO is then tuned by
switching out the first VCO, pressing
key ‘C’, and adjusting the COARSE
control until the pitch of the signal is
the same as that obtained from key ‘E’
with the first VCO. The third VCO is
tuned for ‘G’ in exactly the same way.

The second VCO is switched out and
the pitch of the key corresponding to
‘G’ on the first VCO is noted. Upon
switching to VCO 3 key ‘C’ is tuned by
memory to ‘G’ of the first VCO.

This method is initially somewhat time
consuming, and may need to be repeated
several times, until the VCOs are tuned
sufficiently accurately. Finally, the
VCOs can be ‘fine-tuned’ to obtain the

desired degree of phasing or chorus
effect.

A useful aid for tuning chords is an
electronic tone generator based on a
crystal-controlled oscillator. Pro-
grammable dividers are used to provide
a series of reference frequencies. The
circuit of a suitable tuner was published
in Elektor 15/16 (July/August 1976 —
see also Elektor 17, p 9-57). The refer-
ence signals can be mixed with the VCO
signals via the external input of the VCF
or VCA, whereupon the VCO is zero
beat tuned.

Of course the user is not constrained to
tune the Formant in the -equally
tempered tonic scale, but is free to
choose whichever scale he wishes.

A few additional remarks on chords:

As already mentioned, tuning several
VCOs to roughly the same pitch
produces a phasing effect which lends
the resultant sound a harmonious,
‘shimmering’ quality. If the higher
frequencies are filtered out using the
VCF in the lowpass mode, a deep
‘rolling’ bass sound is obtained, similar
to that of a church organ orgrand piano.
Passing the high frequencies and playing
on the higher notes produces violin-like,
or ‘metallic’ sounds. Tuning the VCOs
at intervals of an octave causes the
individual notes to merge together into
an extremely rich overall sound, which,
due to the large number of different
frequencies it contains, has a great deal
of ‘body’. Interesting effects can be
obtained by tuning VCOs several octaves
apart and using different proportions of
VCO signals and different waveforms
for each VCO. This extends the range of
basic tone colours available for sub-
sequent synthesis. In certain instances
simple major chords can sound extremely
impressive, such as e.g. simulating
fanfares of brass instruments, On the
other hand, major chords can tend to
sound rather monotonous and ‘sickly-
sweet’, since the monophonic keyboard
does not permit their resolution through
chord changes. This is a problem with
all chords which have a fixed, well-
defined character. Because of the lack
of chord changes they can rapidly
become monotonous. One solution is to
use a second, independent voice in the
form of e.g. a MINI-FORMANT.

Minor chords, however, are particularly
attractive on the Formant, since (as is
‘the case with a guitar or piano) extremely
complex phasing patterns are developed.
The sound often benefits musically
from using the lowpass filter to slightly
attenuate the higher harmonics of the
signal.

Pulse width modulation (PWM)

With the Formant VCOs the width of
the squarewave output can be varied
both by hand (using the PW control)
and by means of an external modulation
signal. In the latter case the modulation
depth can be set by means of the control
knob situated beneath the PWM input
socket. '
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To hear the effect of PWM, use only one
VCO switched, naturally enough, to the
squarewave output (see figure 2), and
start with the modulation depth control
(2) set to zero. Gradually increase the
pulse ‘width, from zero, by turning the
PW control clockwise (3). The sound of
the squarewave signal will change from a
bright and rather ‘thin’ character to a
point where it is distinctly hollow and
clarinetlike. In this position the
modulation depth is 50%, ie. the
squarewave has a 50% duty cycle. If one
continues to turn the PW control to the
right, the sound again becomes increas-
ingly brighter and thinner. The change
in the squarewave can be seen quite
clearly if one connects the VCO output
to a scope (4), Filtered squarewaves with
a roughly symmetrical mark space ratio
are useful for the simulation of a number
of woodwind instruments and for piano-
like sounds. Triangle waveforms are best
suited as low frequency PWM signals.
The resulting effect is similar to the
phasing obtained -when two or more
VCOs are tuned to the same pitch.
Before looking at the use of the LFO
module for pulse width modulation, it is
worth first mentioning a couple of other
interesting possibilities for ~external
control signals.

If the output of an ADSR envelope

generator is connected to the PWM
input, the result is dynamic pulse width
modulation, which varies during the
course of each note. Depending upon
the character of the envelope contour,
extremely unusual, seemingly distorted
sounds can be obtained, as well as sounds
which gradually decay with a slow and
pleasant phasing effect. The amplitude
of the ADSR modulation signal is set by
means of the modulation depth control
directly underneath the PWM input
socket (2), whilst the dutycycle offset
of the squarewave, i.e. at what mark-
space ratio the pulse width modulation
begins, is set by means of the PW
control (3).

Another possible way of modulating the
pulse width of the squarewave is to use
the control pedal, which depending
upon its position provides an output
voltage of between 0 and 5 V. The latter
is fed, like the ADSR output, to the
PWM input socket. Once again, the
initial mark-space ratio and the
amplitude of the modulation signal are
set by the PW and pulse modulation
depth controls respectively. With the aid
of multiway patchcords the pedal can
be used to modulate several VCOs
simultaneously.

Now to using the PWM input in con-
junction with an LFO (figure 3). In

order to obtain phasing over the entire
range of modulation settings, the VCO
should be set up as follows. The triangle
output of the LFO is connected to the
PWM input of the VCO (1). The
modulation depth control is set to zero
(2), and the initial mark-space ratio of
the squarewave is set to 50% (3). At this
stage the squarewave should sound
hollow and clarinet-like. 1t may be
necessary to adjust the initial pulse
width slightly to obtain the desired
effect. The LFO frequency should be
fairly high, say approximately 1 Hz.

If the modulation depth control (2) is
now turned fully clockwise to its right
hand stop, on positive and negative
peaks of the modulation signal the
mark-space ratio of the squarewave will
be 0 and 100%, i.e. the signal will be
punctuated with regular gaps. To
eliminatelthis effect themodulation depth
should be reduced (2) until there are no
longer any audible glitches in the output
signal. Effective pulse width modulation
can now be obtained for any intensity
of modulation signal, and the user is
free to vary the frequency of the LFO
signal as desired. Best results are obtained
if fairly slow modulation rates are used,
since the frequency of beat notes is then
low — of the same order as those
produced when tuning several VCOs to
approximately the same pitch.

In the case of LFO modulation, it is
recommended using a separate LFO
output for each VCO. By slightly varying
the modulation frequency of each LFO
it is possible to produce extremely
complex phasing patterns when the
squarewave signals are mixed together.
The effect is that of multiple sound
sources, i.e. as if there were more than
three VCOs present. It is by indepen-
dently modulating several VCOs in this
way that one is able to obtain some of
the most impressive orchestral effects
(string ensemble etc.) from the Formant.

Ring modulation using PWM

In the March 1979 issue of Elektor a
circuit for a ring modulator, which
could be used in conjunction with
Formant, was published. However it is
also possible to obtain sounds containing
a large number of intermodulation
products simply by using PWM between
two or more VCOs. The squarewave
output of one VCO is fed to the PWM
input of another (see figure 4). The
OUT control of VCO 2 is turned right
down (2), whilst the two PW controls
on VCO 1 are set as for LFO modulation
signals. The settings for these controls
are not particularly critical in this case.
The OUT control of VCO 1 is turned up
full (3). :

Depending upon the frequency settings
of the two VCOs, typical ring modulator
effects (reminiscent eg. of the noise
from short wave radios) are obtained at
the output of VCO 1. Certain settings
produce the basic timbre of gong and
bell-like sounds, which are characterised
by unrelated harmonic components.
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Figure 2. Manual adjustment of puise width.

Figure 3. Pulse width modulation using an
LFO.

Figure 4. Ring modulator effects using PWM.

VCO Waveforms

A detailed description of the role of
different waveforms in synthesising the
tone colour of particular instruments is
contained in chapter 3. At this stage
suffice it to note that, thanks to the
internal patching between VCOs, it is
possible to switch between the different
waveforms and mix the outputs together
extremely rapidly and in a wide variety
of different proportions. It is worth
while experimenting with as many
different combinations of waveforms as
possible. With a little practice it is not
difficult to familiarise oneself with the
musical character of individual VCO
waveforms. Sawtooth and spaced
sawtooth, which are rich in both odd
and even harmonics, have a ‘bright’
character, which renders them suitable
for the imitation of brass and string
instruments. In the case of the spaced
sawtooth, the upper harmonics are
particularly pronounced, so that they
resemble the higher-pitched brass
instruments such as the cornet. Filtering
out the higher frequencies of a sawtooth
around the middle octaves produces a
more mellow, flute-like sound, whilst
filtering of the fundamental gives a
timbre similar to that of the oboe.

Symmetrical waveforms, such as the
squarewave and triangle, contain only

odd harmonics, and are characterised by
a ‘hollow’ sound. The basic squarewave
resembles a bright, strongly played
clarinet. Varying the pulse-width (duty-
cycle) of the squarewave so that the
waveform is no longer symmetrical has
the effect of introducing the even-
numbered harmonics and producing a
more ‘reedy’ timbre. Rectangular
waveforms are also employed for pianc
sounds,

The triangle, which is also a symmetricai
waveform, has a smooth mellow
character, similar to that of a flute. This
is due to the fact that the higher
harmonics are of a very low amplitude,
much lower than those of the
squarewave. The sinewave, which in
principle has no harmonic content apart
from the fundamental, is even smoother
stil. However the relatively high
harmonic distortion of the sinewave
ensures that it does not sound completely
expressionless and bland,

By judicious mixing of different
combinations of waveforms and selective
(resonance) filtering, it is possible to
produce an enormous variety of different
sounds, each with a unique timbre.

Frequency modulation

Each of the VCO front panels is provided
with an ‘FM’ input socket for frequency
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modulation of the VCO by an external
signal. The control situated directly
beneath the FM socket determines the
modulation depth, ie. the maximum
frequency deviation. As is the case with
PWM, various different modulation
signals can be used, the most obvious
being the LFO outputs.

Vibrato

This is the simplest and most common
form of frequency modulation. The
triangle output of an LFO is fed to the
FM input of the VCO, and the modu-
lation depth is gradually increased until
low level modulation occurs. To obtain
a pleasing vibrato effect, the frequency
of the modulation signal will vary
(between roughly 1 and 10 Hz) de-
pending upon the type of instrument
being simulated. Normally it will be in
the region of 5 Hz.

Musically, vibrato lends the resultant
sound a ‘singing’ character, which is
particularly effective when simulating
stringed instruments. If vibrato is applied
to several VCOs using separate modu-
lation signals, rich choral and orchestral
effects can be obtained. The variety of
vibrato effects can be rendererd even
more expressive by gradually varying
the modulation depth as one is playing.

‘Deep’ FM

If the modulation depth is increased
(still with atriangular modulation signal),
siren-like effects, sweeping up and down
the entire range of audio frequencies,
are obtained. Depending upon the
waveform and frequency of the LFO
signal, as well as the settings of the VCO
controls, an amazing variety of different
sounds and effects — often highly
artificial and electronic in character —
can be produced. It is also worthwhile
experimenting with squarewave modu-
lation signals to several VCOs. It is
sometimes possible to generate rhythmic
tonal structures which can be played
from the keyboard.

Cross modulation

Purely ‘electronic’, ‘shortwave static’
type noises can be obtained by cross-
coupling the outputs and FM inputs of
two VCOs. By experimenting with
different settings of the FM, OUT and
COARSE controls of both VCOs, a
variety of ‘atmospheric’ effects can be
obtained.

ECV/KOV

With the ECV/KOV switch in the KOV
position, the pitch of the VCO signal is
determined by the output voltage of the
keyboard interface receiver, ie. by
whichever key is depressed. If this
switch is set to the ECV position,
however, the keyboard output voltage
ceases to have any effect upon the VCO
signal. The frequency of the VCO will
instead be determined by the voltage
fed to the external control voltage
socket above the ECV/KOV switch. The
type of control voltage which might be

fed to this socket is e.g. the output of a
{

sequencer, or of a second keyboard
(with its own interface).

If the switch is set to ECV, but no
control voltage is fed to the socket, the
VCO can be used as an audio oscillator,
with which the volts per octave charac-
teristic and high frequency tracking of
the other VCOs can be checked. The
adjustment procedure is identical to
that described at the end of Chapter 5
in Part 1.

Interface

The COARSE and FINE tuning controls
on the keyboard interface provide a
variable DC offset voltage which allows
the compass of the synthesiser to be
extended beyond that of the keyboard,
and provides the possibility of chord
transposition. The COARSE control can
be switched in and out by means of the
ON/OFF switch, so that a certain trans-
position can be ‘programmed’ on the
COARSE control and switched in when
desired. With the aid of the COARSE
and FINE controls the synthesiser can
be easily tuned to the register of any
desired musical instrument.

The PORTAMENTO control varies the
difference in pitch between successive
keys, permitting glissando effects, i.e. a
continuous glide from one tone to

another, Subtle variations of glissando
can be obtained by varying the
portamento with the left hand whilst
playing the keyboard with the right
hand. The remarks concerning the use
of FM inputs and controls on the VCOs
also apply to the interface circuit,
bearing in mind that a signal fed to the
FM input of the latter will affect all the
VCOs and the VCF tracking filters, so
that a form of ‘master vibrato’ is
obtained.

VCFs and RFM

Main characteristics of the VCFs

In addition to the resonance filter
module (RFM), the complete Formant
system contains two - separate voltage
controlled filters (12 dB per octave and
24 dB per octave). The combined effect
of the three filters gives the Formant
great versatility, and makes it possible to
obtain a wider and more detailed range
of tone colours than is the case with
most synthesisers of comparable size.
The two VCFs are most commonly
employed as tracking filters controlled
by an envelope shaper (i.e. the ADSR),
so as to provide dynamic variation in
the harmonic content of a note. Due to
the less severe filtering of higher
harmonics, the 12 dB VCF is suited to
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producing bright, ‘transparent’ sounds,
whilst the steeper roll-off of the 24 dB
VCF gives a fuller, more ‘symphonic’
sound which often has a more natural,
less ‘electronic’ harmonic structure,
Both VCFs can also be used as static
filters, simply modifying the tonal
character of a VCO waveform to obtain
the timbre of a particular instrument.
For example either VCF can be used in
the lowpass mode to filter out the upper
harmonics of a squarewave and so
simulate a flute-like tone.

Used in conjunction, precise tailoring of
tonal characteristics is possible. Some
typical effects which can be obtained
using the two VCFs were described in
the introduction to the 24 dB VCF
module (see chapter 7, Part 1).

Since it can operate in the bandpass
mode, the 12 dB VCF can also be used
to complement the resonance filter,
when simulating the formant bands of
particular instruments. Indeed, in the
absence of a resonance filter module,
the 12 dB VCF can provide the reson-
ance filtering necessary for realistic
imitation of the voicing of conventional
musical instruments. The turnover fre-
quency of both filters can be varied over
virtually the entire audio range with the
aid of the OCTAVES control. The lowest
turnover frequency is something below

Figure 5. Cross modulation.

Figure 6. Setting up the VCF for use as a
tracking filter.
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15 Hz, which is sufficient to effectively
block the VCO output when in the
lowpass mode.

Both VCFs are normally patched
internally to an ADSR. The amplitude of
the envelope control voltage, i.e. the
extent to which the cut-off frequency
of the filter is shifted up and down, can
be varied by means of the ENV control.
Both filters also have a Q control, with
the aid of which the selectivity of the
filter can be adjusted. The turnover
frequency of the VCFs can also be
modulated by means of a low frequency
signal fed to the TM (tone colour
modulation) input socket, the modu-
lation depth being set by the TM
control. Finally, the external input
socket (ES) and control allow the centre
frequency/turnover point of the filter to
be varied by a foot pedal, or some other
external control voltage.

In the case of the 12 dB VCF, three
toggle switches are used to select
between the four available filter modes,
12 dB highpass, 12 dB lowpass, 6 dB
bandpass and notch (the latter is
provided by a combination of the
highpass and lowpass functions). Un-
usual filter responses (e.g. elliptical
response curves) can be obtained by
experimenting with various combi-
nations of switch positions and Q
settings. In the case of the 24 dB VCF,
toggle switches are wused to select
between highpass and lowpass modes
and between different filter slopes
(6,12, 18 or 24 dB per octave).

Using the VCFs as tracking filters

As explained, the VCFs can be used as
tracking filters, to provide dynamic
variations in harmonic content during a
particular note. The starting point are
the basic control settings described in
the tuning procedure for the VCOs,
where the VCF initially has no effect
upon the VCO output signal. The
ECV/KOV switch is set to KOV (1), the
filter switched to the lowpass mode (2),
and the TM (3), ES (4) and Q (6)
controls turned fully anticlockwise (see
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figure 6), By slowly turning the
OCTAVES control to the left (5), the
turnover frequency of the filter is
gradually lowered, and the tone colour
of the VCOs should grow increasingly
‘darker’, as more and more of the
higher harmonics in the signal are
filtered out. Eventually, a point will be
reached where the VCO signal is no
longer audible. By pressing the top and
bottom keys on the keyboard (7) one
should check that the filter effectively
blocks the VCO output signal regardless
of the pitch of the note. It may prove
necessary to readjust the OCTAVES
control slightly at this stage. If a satis-
factory result is still not obtained, the
volts/octave characteristic of the filter
needs to be readjusted. When the above
procedure is completed, the VCF will
‘open’ (i.e. its turnover frequency will
increase to pass more of the VCO signal)
and ‘close’ (the turnover frequency falls
to filter out the VCO signal) when a key
is struck and released at a rate deter-
mined by the envelope contour of the
ADSR.

Whilst experimenting with different
keys, the ENV control on the VCF (8)
is now gradually turned up (clockwise).
The changes in harmonic content as the
envelope control voltage is increased
should be audible as different tone
colours.

The timbre or tone colour of each note
should grow brighter as the amplitude
of the envelope voltage is increased and
more of the harmonics are passed. With
the ENV control turned fully clockwise
a ‘brilliant’, strident tone is obtained,
which may sound discordant. In the
case of the 24 dB VCF, the level of the
envelope control voltage is quite critical,
since this filter is capable of very fine
discriminations in harmonic content and
tone colour. With percussive AD
contours (rapid attack, slow decay) it is
particularly important that the ENV
control is not set too high, otherwise
the VCF ‘overshoots’, and the peak of
the AD curve is not reproduced in the
dynamic harmonic content of the note.
The next step is to experiment with
different ADSR envelope contours.
With, for example, a sawtooth VCO
waveform, it is possible to vary the sound
from that of brass to string instruments;
with additional waveforms the typical
tonal character of clarinet, flute and
other woodwind instruments can be
simulated, whilst if the Q of the filter is
increased, Wa-Wa effects and unusual
speech like sounds are produced. For
natural sounding tone colours the
Q control should be turned almost fully
anticlockwise.

When used as a tracking filter the VCF
is almost always best switched to the
lowpass mode. However interesting
effects can be obtained by selecting the
highpass response and ‘inverting’ the
envelope contour, whilst phaser like
effects can be produced by selecting the
notch response in the casé of the
12dB VCF.
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Using a VCF as resonance filter

In the absence of a resonance filter
module, it is possible to use the 12 dB
VCF to tailor the static harmonic
content of a note so as to reproduce the
formants (fixed bandpass resonances) of
mechanical tone generators such as brass,
woodwind and string instruments. As
has already been explained, this allows
the voicing or timbre of these conven-
tional instruments to be simulated with
a much greater degree of realism.

When used as a resonance filter (see
figure 7) the ECV/KOV switch should
be set to ECV (1), and the bandpass
function selected (2). The ENV control
is turned right down to zero (3), whilst
the Q control is set to the mid-position
(4). As was the case when tuning the
VCOs and experimenting with the VCF
as a tracking filter, a ‘bright’ waveform
which is rich in harmonics (e.g. the
sawtooth) should be selected. The OUT
control should be turned up full (5), so
that the resulting sounds can be heard
clearly. The frequency of the VCO signal
should be set at roughly 200 Hz. If the

OCTAVES control of the VCF is now:
turned gradually from left to right, the’

effect of variations in the centre fre-
quency of the bandpass response should
be audible. The results should be
identical to those obtained with the

Figure 7. Setting up the VCF for use as a
resonance filter.

Figure 8, The 12 dB VCF used to provide
pedal controlled Wa-Wa.

resonance filter module (see chapter 8
Part 1). Initially ‘dark’ sounding tones
are produced; then as the centre fre-
quency of the filter is increased, one by
one the various vowel sounds can be
heard (*u’, ‘0’, ‘¢’, ‘i’ and ‘a’ should each
be distinguishable), until at high centre
frequencies, sharp, reedy sounds are
produced. These vowel-like sounds are
obtained over the frequency range of
roughly 100 to 2000Hz, and the
majority of bandpass resonances of
musical importance lie within this
region, A table listing the main fixed
resonances of the most common con-
ventional musical instruments along
with a rough guide to the most appro-
priate type of VCO waveform, was given
in Part 1, in the chapter on the RFM.
The greater the Q of the filter, the more
pronounced are the variations in tone
colour, since the formant bands which
are being enhanced are then even
narrower, The lower the Q, the less
noticeable the effect of resonance
filtering.

How resonance filtering can be employed
to simulate the timbre of specific
instruments is described in greater detail
in chapter 3.

Other filter settings

Modulated bandpass filter

The above settings for the resonance
filter mode are left untouched, whilst a
very low frequency triangle waveform is
fed from one of the LFOs to the TM
input. The TM control is set to roughly
the mid-position. The OCTAVES and
TM controls should together be adjusted
until a suitable modulation depth (i.e.
range of frequencies over which the
centre frequency of the filter is
modulated) is obtained. The intensity of
the resonance filtering is then set by
means of the Q control. The continual
variations in tone colour which result,
produce a sound which is extremely
pleasant, and somewhat reminiscent of
phasing.

Pedal controlled Wa-Wa

With the VCF in the basic resonance
filter mode it can be used to provide
pedal controlled Wa-Wa. The pedal,
which can easily be constructed, should
provide a 0 to 5 V DC supply, which is
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fed via two-core cable and a jack plug to
the TM input of the VCF. A pedal allows
much faster and more flexible control
of the VCF; the ADSR envelope
contours are in general too ‘fixed’ and
slow to set up. (In this respect it is also
worth while experimenting with pedal
control of the VCFs when used as
tracking filters, i.e. the ADSR contour is
replaced by the output of the pedal)
The basic settings of the VCF for pedal
controlled Wa-Wa are shown in figure 8.
The output of the pedal is connected to
the TM input socket (1), but initially
the TM control is turned down to zero
(2). As before, the external control
voltage input (ECV) is selected (3), and
the filter switched to a bandpass
response (4).

Various notes from the desired range of
frequencies are then played on the
keyboard, whilst the OCTAVES control
is adjusted until the resulting tones are
sufficiently ‘dark’ (i.e. the ‘W’ of the
Wa-Wa is obtained). With the pedal fully
depressed, the TM control is then
adjusted to determine how far the
Wa-Wa sound ‘opens’. The procedure
should be repeated for several different
notes, and generally a setting is chosen
at which — with the pedal hard down
and a medium to high Q factor —a
distinct vowel-like sound, similar to ‘a’
(asin ‘man’) is obtained. Different types

of Wa-Wa effect can be produced by
varying the Q factor of the filter whilst
playing a note, and by switching to a
lowpass filter response. By carefully
adjusting the relevant parameters
(OCTAVES, Q and T™M controls, low-
pass or bandpass filter responses) it is
possible to accurately simulate the tonal
characteristics of most of the commer-
cially available types of Wa-Wa circuits.

It is also possible to use the VCF to
provide Wa-Wa for an electric guitar.
The amplified guitar signal (which should
have as rich a harmonic structure as
possible) is fed to the external signai
(ES) input socket, and the ES control
turned up full.

RFM

The resonance filter module contains
three separate resonance filters, whose
parameters (gain, centre frequency and
Q) can all be independently varied.
Since resonance filtering involves certain
predetermined frequency bands being
enhanced, regardless of the pitch of the
note being played, there is no need for
the filters to be voltage controlled. The
RFM thus frees the VCF(s) for use as
a tracking filter, whilst its ability to pick
out more than one resonant frequency
band is extremely useful in such appli-
cations as the simulation of string sounds

(see chapter 3).

The remarks made in the previous
section (on the use of a VCF as
resonance filter) regarding the choice of
centre frequency and Q of the filter are
obviously also applicable in the case of
the RFM itself,

The front panel controls for the RFM
are quite straightforward. The centre
frequency of the filters can be varied
over a nominal range of from 50 to
2300 Hz. Normally the filter parameters
will remain fixed, once a particular
setting has been chosen. However by
rapidly varying the centre frequency
and Q controls, phasing type effects can
be obtained.

The RFM is provided with a bypass
switch which allows the module to be
switched quickly and simply out of
circuit when desired.

VCA

Main characteristics of the VCA

The two independently variable gain
stages of the VCA provide exponential
envelope (ADSR) contours for realistic
simulation of the dynamic amplitude
characteristics of different instruments,
and periodic (linear) amplitude modu-
lation (tremolo) of the signal waveform.
The VCA is internally wired to the
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output of one of the ADSR envelope
shapers. ADSR control is selected by
means of a toggle switch; the ability to
switch out the envelope control voltage
is useful when tuning the synthesiser,
since it allows signals to pass through
the VCA without being affected by the
envelope shaper., The VCA also has a
modulation indicator, which allows the
input signal level to be adjusted for the
optimum compromise between low
distortion and good signal-to-noise ratio.
The linear amplitude modulation can be
continuously varied between 0 and
100% modulation depth, The AM input
also allows the VCA to be controlled via
a pedal.

Tone colour and amplitude
dynamics

Both the VCF and the VCA can be
controlled by an ADSR envelope shaper,
so that dynamic variations in harmonic
content and amplitude can be obtained
during the playing of a note. The
majority of ‘natural’ sounds produced
by mechanical tone generators have
both a characteristic dynamic harmonic
structure and amplitude envelope. How-
ever when taking one’s first steps with
the Formant, it is recommended that
only one of these parameters be simu-
lated. One should experiment in order
to discover which factor had the greatest
influence on the resulting sound, and
depending upon whether it be the tone
colour or amplitude dynamics, use the
VCF (as tracking filter) or VCA accord-
ingly. Several practical suggestions in
this respect are given in chapter 3. If
envelope shaping of signal amplitude
only is required (fixed tone colour), the
VCF is set to pass the VCO signal
unaltered, or it can used for additional
resonance filtering.

The basic control settings of the Dual
VCA are quite straightforward (see
figure 9).

The preceding VCF is switched to
‘allpass’ or to a bandpass response for
resonance filtering (1), whilst the
ENV/OFF switch is used to select the
ADSR control input (2). The gain of the
VCA is set to maximum (3), and the
output level control (4) is adjusted
such that the modulation indicator LED
just starts to glow, or that the brightness
of the LED varies in sympathy with the
beat frequency of the VCOs, The output
of the ADSR to which the VCA is wired
now controls the dynamic amplitude
envelope of the output of the VCA. The
desired attack, decay times etc. are set
up onthe ADSR controls(5). One should
then experiment with different ADSR
time constants and note the difference
in the resulting notes. The tonal differ-
ences caused by a slower attack,
compared to those obtained with
corresponding alterations in the control
envelope fed to the VCF (tracking filter)
are particularly striking, It is well
worthwhile feeding the same ADSR
envelope to the VCA and a VCF, and
then switching between the two to hear
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the changes in tonal character which
result. In this way one can obtain a
better idea of when to use the VCA, and
when to use a VCF to obtain certain
types of sound.

Linear amplitude modulation

Regardless or whether or not the VCA is
used with envelope shaper control, the
linear gain stage of the VCA can be
employed to provide periodic amplitude
modulation of the output waveform
(tremolo). The low frequency modu-
lation signal (e.g. a triangle waveform
provided by one of the LFO modules) is
fed to the AM input socket, and the
GAIN control is set to the mid-position,
thus allowing the maximum modulation
depth of 100% to be obtained if desired.

Figure 9. DUAL VCA under envelope shaper
control.

Figure 10. DUAL VCA used to provide an
‘expression’ or ‘swell’ pedal.

Figure 11. Setting up a simple attack-decay
envelope on the ADSR module.
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The actual modulation depth is
determined by the AM control, and can
be continuously varied down to 0.

Expression and swell pedal

If a pedal is connected to the AM input
socket of the VCA it can be used either
as an ‘expression’ pedal or to provide
‘swell’ effects. In the former case the
pedal simply varies the amplitude (i.e.
the volume) of the output signal as
desired whilst playing. The dynamics of
the notes are still controlled by the
envelope contour fed to the exponential
gain stage of the VCA and/or by a
tracking filter. In the case of a ‘swell’
pedal, the envelope control input is
switched off and the tracking filter set
to pass the VCO signal unaltered. The
pedal alone is then used to control the
amplitude envelope of each note. A
swell pedal is often used to vary the
envelope contour of an electronic guitar
signal. By providing a much slower
attack phase, the guitar can be made to
imitate the sound of a violin.

Figure 10 illustrates the basic front
panel settings for pedal control of the
VCA. Depending upon the type of effect
required, the envelope control input is
switched either on or off (1), and the
output of the pedal connected to the
AM input socket (2). The GAIN control
is turned down to zero (3), whilst the
AM (modulation depth) control on the
other hand is set to maximum (4).

If the output of an ADSR envelope
shaper is connected to the AM input via
a patchcord, a linear amplitude envelope
is obtained. Thus by slightly turning up
the GAIN control, there is the possibility
of providing an initial variable ‘offset’ to
the amplitude envelope.

ADSR envelope shapers

Main characteristics of the ADSR
module

The ADSR modules of the Formant are
internally hardwired to the VCF(s) and
DUAL VCA. They provide a varying
control voltage with exponential attack
and decay characteristics, which can be
used to vary the dynamic amplitude and
harmonic content of a note.

The four parameters of the envelope
contour which can be modified are:
attack time, decay time, sustain level,
and release time. The envelope shaper
has two basic modes of operation,
ADSR and (triggered) AD, and these are
selected by means of a toggle switch on
the front panel. The envelope contour
can be monitored by means of an LED
indicator, the brightness of the LED
varying in accordance with the envelope
voltage. Three main types of envelope
contour can be obtained with the
Formant ADSR module, these are now
described in turn.

Attack-decay contour

The simplest envelope contour is that
consisting only of attack and decay
phases, i.e. when a key is depressed, the
envelope voltage rises to a peak, where-
upon it immediately begins to decay.
For this type of contour the ADSR is
operated in the triggered mode, i.e. once
a note is struck, a. fixed attack-decay
sequence is initiated, regardless of when
the key is released, AD contours are
typically used to imitate percussive
sounds, such as those produced by a
vibraphone, xylophone etc.

The basic settings for an AD envelope
are shown in figure 11. The triggered AD
mode is selected (1) and the sustain
control is set to zero (2), whereupon the
desired attack and decay times are set
up on the corresponding controls (3, 4).
Depending upon whether the envelope
control voltage is applied to the DUAL
VCA or to a VCF (connected as a
tracking filter), a variety of different
tone colours can be produced by
experimenting with different attack and
decay periods. Interesting effects can be
obtained by inverting the normal
envelope of a note to provide very long
attack times and relatively short decay
times. Totally unnatural sounds, similar
to those produced by playing a tape
backwards, are the result. When playing
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with the ADSR module in the triggered
AD mode it is necessary to use a slightly
different keyboard technique to that
employed when the sustain-release
portion of the envelope is determined
by the moment the key is released.

It is important to ensure that the
subsequent key is struck only after the
previous key has been released.

With certain types of instrument which
have a percussive AD contour, releasing
the key during the decay phase will
cause the note to die away much more
rapidly than would be the case were the
key held down. Thus there is a relatively
slow decay period, followed by a much
faster release. To simulate this type of
envelope contour the ADSR/AD switch
is set to the ADSR mode and the sustain
level set to 0% (sustain control turned
fully anticlockwise). A very short attack
time is selected, with a relatively long
decay time; the release time should be
set shorter than the decay time.

Attack-sustain-release contour

With an attack-sustain-release contour,
once the note reaches its peak it is
sustained at a ‘steady-state’ level until
the corresponding key is released. This
type of amplitude contour is produced
by e.g. a pipe organ. To generate an
ASR envelope, the AD/ADSR switch
(1 figure 12) is set to the ADSR pos-
ition, the sustain level is set to 100%,
and the desired attack and release times
are selected as required.

Attack-decay-sustain-release
contour

The most complex voltage envelope
which can be provided by the ADSR
module consists of separate attack,
decay, sustain and release phases. Once
it has reached its peak value, the
envelope voltage decays slightly before
settling at the steady-state or sustain
level, When applied to a VCF, this type
of contour is particularly useful for
simulating the changes in harmonic
content which occur in the course of a
note, A good example is the dynamic
harmonic structure of a trumpet note,
where the harmonic content initially
increases to a maximum, before falling
away slightly as the note is established.
The basic control settings for an ADSR
curve are identical to those for an ASR
curve, with the exception that the
sustain level is reduced to whatever
value is desired, and a suitable decay
time is selected. Note that the full
ADSR contour will only be obtained if
the attack + decay time is longer than
the period for which the key is depressed,
and if a sustain level of greater than 0%
is chosen. If the key is released before
the sustain level is reached, then the
release period is initiated prematurely,
and either AD or ADR curves may be
produced. If the sustain levelis 0%, then,
once again, only AD or ADR contours
may be produced, depending on when
the key is released.
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Figure 12. Setting up an attack-sustain-relesse
envelope on the ADSR module.

LFOs

The LFO module contains three inde-
pendently variable low frequency oscil-
lators, each of which provides a choice
of three output waveforms. The fre-
quency range of each LFO extends from
roughly SmHz (ie. 1 cycle every
3 minutes) to 20 Hz. Many comparably-
sized synthesisers have only one low
frequency oscillator, so that a VCO
often has to ‘double up’ as an extra
LFQO. By having three separate LFOs
each offering a choice of waveforms, a
wide variety of complex (cross-ymodu-
lation effects can be obtained.

LFOs ] and 2 are identical, and provide
squarewave, triangle and sawtooth
(positive-going ramp) waveforms. LFO 3
produces a triangular waveform and two
sawtooth waveforms in antiphase, i.e.
with positive and negative going ramps
respectively. The triangle output in
particular is suitable for ‘musical’
modulation effects (vibrato, tone colour
modulation, tremolo, etc.), whilst all
three waveforms can be used for
‘electronic’ modulation effects, in which
pronounced, ‘non-musical® signal modu-
lation occurs. The output of each LFO
can be monitored by means of an LED
indicator, the brightness of which varies
in sympathy with the (triangle) output.

NOISE module

The noise module has two low frequency
outputs which provide white and pink
noise (white noise with the bass com-
ponents of the noise spectrum boosted)
respectively, and a third extremely low
frequency ‘random voltage’ output, the
fluctuation rate of which can be varied
manually. The noise signals can be
patched into the Formant signal path
via the ES socket of a VCF or the VCA.
The noise sources can be used (with
suitable filtering) to simulate the sound
of cymbals and brushes, as well as
unmusical sounds such as rain, wind,
surf, thunder, etc. The attack transients
of many orchestral instruments have
large amounts of filtered white noise.
The random voltage is useful for adding
controlled ‘doses’ of random modulation
so as to produce slight variations in an
otherwise steady-state note. The fluctu-
ation rate of the random voltage can be
monitored by a front-panel LED similar
to those of the LFOs.

COM module

The COM contains conventional tone
(bass, mid-range and treble) and volume
controls, which can be used to comp-
lement the VCF(s) and tailor the overall
frequency response of the synthesiser to
suit individual requirements (type of
loudspeaker used, room characteristics,
etc.). In addition, the COM module also
monitors the 3 supply voltages of the
Formant and the presence (or absence)
of a gate pulse.

control settings
for the 3
simulation of

different instruments

The control settings discussed in the
previous chapter were largely limited to
a description of how each module in the
Formant system was operated. This
chapter starts where the previous left
off, and by presenting a series of basic
control settings for different instru-
ments, attempts to give the reader an
insight into how the various modules
can be wused together to tailor the
parameters of a note in order to achieve
the desired sound.

By no means are all the significant tone
settings described; rather the chapter
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illustrates the various ways in which the
tonal characteristics of a note can be
modified and controlled. The following
settings are only intended asan example,
and the reader is encouraged to
experiment with variations so as to
appreciate the fine discriminations in
tone colour of which the Formant is
capable.

Considerable stress is laid upon the
improvement of instrument timbre by
means of resonance filtering. The
examples in this respect are valid not
only to the Formant, but can be applied
with success to other synthesisers, and
indeed practically any electronic instru-
ment (electric guitar, string synthesiser,
etc.).

Synthesiser size and musical
performance

It is sometimes said that a synthesiser
with only one VCO is of little use. Such
a small instrument is extremely limited
in its capabilities. However ° this
statement is almost completely unjusti-
fied, particularly when one considers
that a large number of musical instru-
ments are monophonic (including the
majority of synthesisers, be they ever so
large) and have only a single sound
source, take for example a trumpet,
clarinet, saxophone, flute, oboe, etc.

If the Formant is to be used to simulate
the sound of one of the above-mentioned
instruments, then it is recommended
that, as in the case of the original, only
one sound source, i.e. one VCO, is used,
since as a result of the phasing effect
caused by slight mistuning, several VCOs
would normally alter the tone of the
instrument. Thus there are a variety of
applications, for which only a single
VCO is required. If additional phasing
or chorus effects are desired, then these
can easily be provided by pulse width
modulation of the squarewave output.
Using only one VCO also allows the
effect of the toneshaping modules in the.
Formant, i.e. the VCF(s) and the VCA,
to be better appreciated. Thus in a large:
number of the following control settings
for simulating certain common instru-
ments, only one VCO is employed.
Another reason why playing with a
single VCO has its advantages is that
because of the monophonic keyboard,
the interval of any chord will remain the
same. If the VCOs are tuned in a
chording group, playing for extended
periods in this fashion can have rather a
monotonous and  ‘listener-fatiguing’
effect.

It can be seen, therefore, that the
synthesiser enthusiast with a limited
budget can start off quite satisfactorily
with a ‘mini-Formant’, consisting of a
single VCO, one state-variable VCF, one
DUAL-VCA, and a single envelope
shaper.

On the other hand, for the more experi-
enced synthesiser player who wants to
create finely differentiated and complex
tone colours, there is virtually no limit
to the number of modules which can be

incorporated into the Formant. Walter
Carlos, who is probably one of the most:
well-known synthesiser artists, normally
used 8 VCOs, 3 VCAs, and 8 ADSR
envelope shapers, and he felt that
8 envelope shapers was too few!

More than with any other instrument
perhaps, the synthesiser places great
demands upon the proficiency of the
person playing it. On a vibraphone, for
example, it is very difficult to produce a
sound which is downright discordant or
unpleasant, With a synthesiser, on the
other hand, nothing could be simpler!
Whether the synthesiser contains a small
number or large number of modules, the
performance of the instrument is
determined by the knowledge and skill
of the player.

Simple flute sounds

The tone-shaping process used to
simulate basic flute-like sounds is
illustrated in the block diagram of
figure 13. The flute is a monophonic
instrument with a single sound source;
its timbre is rather ‘hollow’ and dark. A
single VCO is thus used as the tone
generator, and the triangle waveform,
which has a mellow, ‘woodwind-like’
character, is chosen. The notes of a flute
do not exhibit marked variations in
dynamic harmonic content, and a
reasonably accurate imitation can be
obtained by using the ADSR (via the
DUAL VCA) to control their dynamic
amplitude contour only. The VCF(s) is
(are) therefore set to pass the VCO
signals unaltered (‘allpass’).

Figure 13. Block diagram illustrating the tone
shaping process for simple flute sounds.

The dynamics of a flute note are charac-
terised firstly by a soft, non-percussive.
attack; the note is then sustained for as
long as the flute continues to be blown,
and then decays fairly rapidly once the
supply of air isterminated. Thusa simple
attack-sustain-release  envelope with
reasonably (but not excessively) short
attack and release times, should be set
up on the ADSR module. In addition,
flute tones are often characterised by a
varying degree of tremolo. This can be
simulated by feeding a triangle signal
from one of the LFQOs to the AM input
of the DUAL VCA. The intensity of the
tremolo can be set by means of modu-
lation depth control beneath the AM
socket.

As has already been mentioned, a
reverberation unit is an extremely useful
adjunct to the Formant, since it
eliminates the rather ‘dry’ and ‘clinical’
sound to which synthesisers are prone.
By allowing notes to decay much more
gradually, the music becomes ‘livelier’
and considerably more realistic.

It is worthwhile experimenting with
variations on the basic settings shown in
figure 13. For example, if the basic
configuration is preserved, but an
attack-decay envelope contour is selected
(ADSR is switched to triggered AD
mode), then with 0% sustain level, a
short attack time and a relatively long
decay time, increasing the reverberation
intensity will produce sounds similar to
an electric piano or distinctly percussive
sounds akin to those of a vibraphone.

Simple brass sounds

The following example demonstrates
how a tracking filter can be used to
simulate the variations in dynamic
harmonic content which are typical of
brass instruments. Most brass instru-
ments have a bright, hard, ‘shiny’ timbre;
which is due to the comparatively large
proportion of fairly intense higher
harmonics in the note. Thus a suitable
VCO waveform would be either the
sawtooth or spaced sawtooth.

As is the case with the flute, brass
instruments are monophonic, and
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comprise a single sound source. A
distinguishing feature of brass instru-
ments generally is a pronounced build-
up of harmonics during the attack
period of the note. To reproduce these
marked changes in tone colour, the ideal
choice is to use the 24 dB VCF as a
tracking filter controlled by an ADSR
(see figure 14). The VCA is switched to
‘OFF’, i.e, is no longer under envelope
control and passes the VCF output
unaltered. In the absence of a 24 dB
VCEF, it is of course perfectly possible to
employ a 12 dB VCF; however for brass
instruments in particular, the severe
filtering provided by the 24 dB VCF
produces a more realistic sound.

To simulate basic brass-type sounds an
envelope contour with a relatively long
attack constant (assuming one is not
playing too quickly) should be chosen.
With a simple attack-sustain-release
contour the note is sustained until the
supply of air is cut off, whereupon it
decays fairly rapidly (short release time).
The Q of the VCF should be set to zero,
or to only a very small value, whilst,
particularly in the case of the 24 dB
VCF, the ENV control should be
adjusted extremely carefully. The
realism of the sound can again be
considerably enhanced by a certain
amount of reverberation being added.
Using a sawtooth waveform and turning
up the ENV control slightly, it is possible
to imitate a French horn or flugelhorn
with considerable accuracy.

Even more detailed simulation can be
obtained by employing complex attack-
sustain-decay-release contours to repro-
duce the slight drop in harmonic content
once a note is established which is
characteristic of many brass instruments
(see figure 5, chapter 9). ‘Ethereal’
brass-type sounds can be produced by
‘shallow’ timbre modulation using the
triangle output of an LFO, and turning
up the ENV control fairly high. If
adjusted correctly, the instrument will
sound like a mixture of a softly-played
trumpet and a brightly played flute. If
an echo unit is used, the brass sounds of
the Formant are lent a chorus-like,
multi-voice character.

Realistic tone colour through
resonance filtering

Although the above control settings
realistically simulate the dynamic tone
colouration of brass instruments, the
sound still remains slightly unsatisfying
when compared to the ‘real thing’. The
natural sound of a trumpet is brighter
and more intense, the trombone is
‘fuller’, more rounded, whilst the tuba
has a richer bass. The corresponding
synthesiser sounds seem to have less
character, are a slightly ‘pale’ imitation,
The reason for this is that the trumpet,
trombone, French horn, tuba, etc. are
distinguished not only by their different
pitch and dynamic harmonic content,
but also by differencesin their resonance
modes. Due to its particular shape and
size, each instrument possesses different
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bandpass resonances (formants), which
greatly influence its basic timbre.

In the case of the tuba, for example, the
predominant bandpass resonance is
much lower (around 250 Hz) than that
of the trombone or the trumpet, and
this is partially responsible for the rich
bass character, In the case of the French-
and flugelhorn, because of their greater
Q factor, the primary resonances cause a
much more marked colouration of
timbre than is true of the other brass
instruments,

The importance of resonance filtering is
not limited to brass instruments; the
resonant frequency bands or formants
of woodwind instruments such as
bassoon, oboe, clarinet, flute, etc. have
just as much effect on their tone colour.
In the case of string instruments, the
situation becomes more complicated.
For although bandpass resonances play
just as significant a role in determining
timbre, the large number of formants
which string instruments possess make
them difficult to simulate with limited
resources.

The following examples illustrate how
resonance filtering can provide a more
realistic timbre when synthesising brass,
woodwind and string instruments. For
simple resonance filtering, either the
resonance filter module itself, or the
12dB VCF (bandpass mode) can be
used. For simulating several bandpass
resonances, such as when synthesising
string sounds, the resonance filter
module is a ‘must’.

improved brass sounds

The basic control settings described in
the section on ‘Basic brass sounds’ are
retained, the difference is that a reson-

ance filter is introduced into the signal

path (see figure 15). The main fixed
resonances of a number of brass instru-
ments are listed in the table shown
below (see also the table contained in
the chapter on the resonance filter

Figure 14. Block diagram illustrating tone
shaping process for simple brass sounds.

Figure 15. Improved brass sounds.

Figure 16. Tone shaping process for
synthesising clarinet, bassoon, and oboe
sounds.

module). When the table was compiled,
the author experimented with different
centre frequencies of the resonance
filter for a variety of different Q factors,
until the resultant sound was closest in
each case to the original instrument.
The results obtained largely coincided
with the actual resonant frequencies
(SIRKER 1974).

fnstrument Main resonance
trumpet 1500 Hz
flugethorn 1000 Hz +)
trombone 600 Hz
French horn 400 Hz +)
tuba 250 Hz

+) increased Q factor

Initially the centre frequency of the
resonance filter is set to the nominal
value listed in the table. The Q of the
filter is adjusted to roughly its mid-
position. For trumpet and trombone
sounds, spaced sawtooth waveforms are
particularly suitable, whilst ordinary
sawtooth will suffice for tuba, French
horn and flugelhorn. The ENV control
should be turned fairly far up for
trumpet and trombone, and even further
up for the other brass instruments
mentioned above. The Q of the filter
should also be increased for the flugel-
horn and French horn. For the resonance
filtering to achieve the desired effect,
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the synthesiser should be played within

the natural frequency range of the

instrument concerned. In each case care
should be taken to ensure that the pitch
of the notes played are on average
below the centre frequency of the filter.
If this is not the case, the filter will fail
to enhance various upper harmonics of
individual notes, and the desired tone
colouration will be lost.

To assess the effect that resonance
filtering has on the timbre of the sound,
one should play several tunes which
extend over a number of octaves. The
fixed centre frequency of the filter will
cause the tone colour of the sound to
vary for different pitched notes; the
overall tonal character of an instrument
is after all determined by how it sounds
at different pitches. Think for example
of the sonourous timbre of a cello at the
lower end of its scale compared to how
it sounds on the higher notes. If suf-
ficient care is paid to exact adjustment
of the Q factor and centre frequency of
the resonance filter, and to the careful
setting of the ENV control of the
trackihg filter, the resulting sounds
should have a thoroughly convincing
musical quality. The improved brass
sounds are thus a good example of the
type of musically satisfying effect that
can be obtained using only one VCO.

Multi-voice brass sounds

As a conclusion to experimenting with
the synthesis of brass sounds,one should
try employing several VCOs, tuned to
e.g. simple major or minor chords.
Depending upon the control settings,
fanfare-like effects, or background
‘brass section’ sounds can be produced.
By varying the envelope contour of the
signals, either short, rhythmic notes, or
notes which rise and decay extremely
slowly, can be obtained. Multi-voice
brass sounds are ideally suited to
provide background accompaniment to
solo instruments such as a mini-Formant
or electric guitar. The invariant chords
are not perceived as irritating of fa-
tiguing, but rather provide a pleasant
contrast to the foreground melody-line.

Some typical synthesiser effects
with no natural equivalents

If one retains the basic control settings
of figure I5 but varies the envelope
contour controlling the VCF (tracking
filger) to provide very short attack times
and slightly longer decay times,
extremely attractive metallic sounds are
obtained. By varying the centre fre-
quency and Q of the resonance filter, a
spectrum of sound from very dark,
‘bassy’ tone colours through a variety of

timbres including that of metal strings
being struck, to very bright, sharp string
sounds, can be distinguished.

The majority of these sounds have no
natural equivalent, and appear more or
less ‘artificial’ to the ear. The ‘electronic’
sound can be further enhanced by
increasing the Q of the tracking filter. It
is also worthwhile experimenting with
the highpass, lowpass and notch filter
functions of the VCF used as resonance
filter. Starting with the basic configur-
ation shown in figure 15 it is relatively
simple to generate a variety of different
‘fantasy’ sounds, which although they
do not resemble conventional instru-
ments nonetheless can be extremely
pleasurable.

Oboe, bassoon and clarinet

A number of conventional instruments
also have pronounced tone colouration,
e.g. the oboe, bassoon and clarinet. As
was the case with the flute, the variations
of harmonic content during a note are
of secondary importance. As far as their
synthesis is concerned, this means that
the DUAL VCA is used to determine
the dynamics of the individual notes.
The amplitude dynamics are similar to
those of the flute, i.e. a simple attack-
sustain-release curve is all that isrequired




104 — FORMANT

for a reasonable simulation. Each of the
instruments, however, has a highly
individual timbre, which cannot be
accurately imitated without resonance
filtering.

The sound of a symmetrical squarewave
is quite similar to that of a clarinet, but
without the presence of formants, the
‘synthesised’ clarinet is unconvincing at
the lower end of the scale; sounding
‘sterile’ and electronic, with the typical
‘nasal tone’ missing on the lower notes.
The timbre of the oboe and bassoon is
not similar to that of any of the VCO
waveforms, nor can it be derived with
the aid of a tracking filter. In other
words, although it is possible to imitate
basic brass sounds fairly successfully
without resonance filtering, the same is
nor true for the clarinet, whose timbre
can only be accurately synthesised with
the aid of a resonance filter. The effect
of resonances on the timbre of the oboe
and bassoon is even more marked than
is the case with the clarinet.

Realistic clarinet, oboe and bassoon, not
to mention saxophone and flutes, are a
distinguishing feature of the Formant —
due to the emphasis on resonance
filtering as part of the basic design
concept.

The following table lists the main fixed
resonances of the clarinet, oboe and
bassoon (see also the table in chapter 8
Part 1).

Instrument Main resonance
clarinet 1000-2000 Hz
oboe 1300-1700 Hz
bassoon 440 Hz

For the synthesis of bassoon and oboe
sounds, a heavily asymmetrical square-
wave is the most suitable type of VCO
waveform, whilst a symmetrical square-
wave (obtained by careful adjustment of
the PW control on the VCO) is the
obvious choice for the clarinet. For all
three sounds a relatively high Q factor is
needed, especially in the case of the
oboe and bassoon. The tracking filter is
set to ‘allpass’, although by suitable
adjustment of the OCTAVES control
the higher harmonics of each instrument
should be slightly muted. The dynamics
of the individual notes are controlled by
means of the DUAL VCA (see figure 16).
If the resulting sound is frequency-
modulated slightly, a ‘singing’ effect,
which reproduces the typical vibrato of
these instruments, is obtained. Once
again, the use of controlled amounts of
reverberation is recommended. With
careful adjustment of the relevant
parameters, the Formant will imitate
the three above-mentioned instruments
with a remarkable degree of accuracy.
In the case of other reed instruments,
the importance of resonance filtering is
equally crucial. By varying several of the
parameters in figure 16, sounds covering
e.g. the range of soprano to baritone
saxophones can be produced.

String instruments
For brass and woodwind instruments

the role of bandpass resonances in
determining the basic timbre of the
instruments was vital. In the case of
string instruments however, the import-
ance of resonance filtering is less import-
ant. The acoustic response of string
instruments is much less coloured by
the effect of a main fixed resonance.
This is on account of the particular
shape of most string instruments, which
possess not one or two, but a large
number of resonances extending over
the entire audio range. This means that
a single bandpass filter is insufficient; a
resonance filter bank such as the
Formant RFM, containing several inde-
pendently variable bandpass filters is
required. Even then however, the
simulation of individual string instru-
ments remains a problem. The note
from a violin or cello is initiated when
the bow comes into contact with a
string; that corresponds to an envelope
contour with a slow attack constant fed
to the DUAL VCA. As the string begins
to stop oscillating, so the note begins to
decay gradually. However during normal
playing, the string will be maintained in
a.state of oscillation by further move-
ment of the bow. The resulting envelope
of the note is extremely complex, too
complex to be accurately reproduced
using a simple envelope shaper.
However, a reasonable approximation to
a string instrument can be obtained with
a straightforward attack-sustain-release
envelope, leaving aside the ‘steady-state’
dynamics of the note and the (important)
nuances of multi-voiced orchestral string
sounds for the moment. The question
may be asked whether, in view of the
difficulties involved, one should re-
nounce the attempt to synthesise string
instruments. The answer is certainly not!
However one should simply be aware of
the fact that ‘string sounds’ will not
have quite the convincing realism as the
other types of instrument which have
already been discussed. Nonetheless
there are many musical applications
which call for a sound which is similar
to that of a cello or violin, and these the
Formant is perfectly capable of syn-
thesising.

No block diagram is given for the
synthesis of string sounds, since they
can in fact be produced in several
different ways. Suitable types of VCO
waveform {(one should begin with a
single VCO) are sawtooth, spaced
sawtooth or asymmetrical squarewave,.
The tracking filter is set to the ‘allpass’
mode, to pass the VCO signals unaltered,
with the exception of the upper. har-
monics of the signals, which, by adjusting
the OCTAVES control, are slightly
attenuated. In practice a slight amount
of vibrato has proven useful.

Theé following table gives an approximate
guide to the centre frequency of the
resonance filter module.

As has been explained, the tonal signifi-
cance of the primary resonances listed
in the table is less profound than was
the case with brass or woodwind instru-

double bass Main resonance”
violin approx. 400 Hz

cello approx. 200 Hz
double bass approx. 100 Hz
ments. Nonetheless, useful improve-

ments in tonal realism can be obtained
with the aid of the resonance filter
module. The additional use of a phaser
or flanger is also recommended. The
comb-filter like response of the phaser
provides a number of fixed ‘peaks’ or
resonances in the signal, which, if
carefully situated, will considerably
enhance the timbre of the sound.

The DUAL VCA is controlled by a
simple attack-sustain-release envelope,
with a fairly slow attack time and
relatively fast release. A healthy amount
of reverberation is also very important.
To get as close as possible to the natural
sound of string instruments, it will be
necessary to experiment with varying
the parameters of the resonance filter,
the placing of the peaks and notches
provided by the (unmodulated) phaser,
as well as the attack and decay times of
the envelope contour and the amount of
upper harmonic attenuation introduced
by the tracking filter.

Once the optimum settings — particularly
of the resonance filter — for double bass,
cello, violin and viola have been deter-
mined, switching in a second VCO
which is tuned in unison with the first
will produce an ‘orchestral’ effect. This
is due to the creation of beat frequencies
caused by very slight mistuning between
the two VCOs, and lends the sound a
lush, ‘choral’ character. The effect can
be further intensified by switching in a
third VCO, also tuned in unison with
the other two, and by independently
pulse width modulating the squarewave
output signals of one, two or all three
VCOs. Another possibility is to fre-

. quency-modulate  {vibrato) each VCO,

when the latter are tuned in unison or
to chording intervals. By carefully
adjusting the vibrato frequency and the
modulation depth (intensity) it is
possible to obtain a convincing simu-
lation of a note played by a large string
section. Slow modulation of the phaser
response (i.e. gradually sweeping the
peaks in the response up and down the
audio spectrum) can further reinforce
the orchestral timbre of the note.

Finally, it is worthwhile experimenting
with tuning the VCOs in chording groups.
If acceptable orchestral sounds have
been successfully obtained, one should
try synthesising minor chords. These
more complex types of sound are ideally
suited as an orchestral background for
other instruments. :

Improved flute sounds

At the beginning of the chapter the
control settings for synthesising simple
flute sounds were described. However

*|deally reinforced by resonance filter bank
or comb filter
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the attentive listener will have noticed
that there were a number of deficiencies
in the tonal character of the resultant
sound. These can be largely eliminated
by employing a slightly more elaborate
tone-shaping process. The basic timbre
of the simple flute sounds was deter-
mined solely by the character of the
triangle waveform; the resulting sound
being fairly similar to that of the (old)
woodwind flute, but quite foreign to
the ‘silvery’ timbre of a modern
(German) flute. In addition, the charac-
teristic enhancement of certain upper
harmonics as a result of the instrument’s
resonances was also missing. A further
inadequacy was the simulated tremolo,
which in the case of a real flute is more
than simple amplitude modulation. With
a modern flute in particular, the
amplitude modulation is accompanied
by clearly discernible periodic fluctu-
ations in tone colour. As the amplitude
of the note increases during tremolo
modulation, so the timbre of the note
becomes brighter. This effect is especially
noticeable on the lower notes of a
German flute.

The question therefore arises, how does
one go about simulating these charac-
teristics? First of all, if one wishes to
imitate the timbre of a modern (metal)
flute, then a slightly asymmetrical
squarewave is a more appropriate
waveform to start with than the triangle.
The intense upper harmonics of the
squarewave must be severely suppressed
with the aid of the 24 dB VCF. De-

pending upon the type of flute to be
simulated, resonance filtering to create
the corresponding formant bands is also
necessary. As a rough guideline for the
position of the main fixed resonance of
a German flute one can start with a
centre frequency for the bandpass filter
of approximately 800 Hz.

The amplitude dynamics of the individ-
ual notes are tailored to a simple attack-
sustain-release contour with the aid of
the ADSR and DUAL VCA. To provide
a more realistic tremolo effect, dynamic
timbre modulation, if necessary con-
trolled by hand, is used in place of
amplitude modulation. The resulting
sound should be much more ‘lively’ as a
result of this step. In comparison,
amplitude modulation alone sounds
expressionless.

The basic set-up for improved flute
sounds is illustrated in figure 17. A few
points on the nuances of the control
settings: initially the symmetrical square-
wave, which sounds similar to a clarinet
or woodwind flute, is selected. The
OCTAVES control on the 24 dB VCF
(switched to the lowpass mode) is
gradually turned anticlockwise, whilst
playing several notes on the keyboard,
until a comparatively soft, mellow,
flute-like timbre is obtained. Using the
triangle output of an LFO, a slight
amount of timbre modulation is
introduced (TM input and control on
the VCF); the frequency of the LFO
signal should be kept fairly low. With a
medium to high Q factor, the centre

frequency of the resonance filter is then
set to aroughly 800 Hz, thereby ensuring
that the lower notes of the flute in
particular lose their ‘electronic’ charac-
ter. The DUAL VCA is used only to
control the amplitude envelope of each
note; the AM control is turned down to
zero.

Once the basic control settings have
been carried out, there comes an ex-
tremely important adjustment — the PW
control of the VCO is turned very
slightly, only 1...2mm, off-centre
(the direction is irrelevant). This has the
effect of providing a slightly asymmetri-
cal squarewave, and changes the timbre
of the sound from that of a woodwind
flute to the desired ‘silvery’ tone colour
of a metal flute. The setting of the PW
control should be carefully checked by
ear, for it is of critical importance for a
realistic simulation of the flute tones. It
is also important that the OCTAVES
control of the tracking VCF be turned
down far enough to eliminate any
‘buzzy’, ‘electronic’ edge to the sound
caused by the upper harmonics of the
squarewave. On the other hand, it should
not be turned down so far that the
resultant sound becomes sterile and
lifeless. It is recommended adjusting the
TM control by hand whilst playing, so
that at certain points during a note or
tune the tremolo is further enhanced.
Finally, a tip for those bitten by the
experimenting ‘bug’: by reducing the
pitch of the flute and its resonant
frequency to 400 Hz, or even as low as

17 fo ~800 Hz
(see text)
24 dB VCF
Tracking Filter DUAL— Resonance
VvCO T |—p»{ Reverb
treble cut VCA Filter .
N
9916
internal
ADSR
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Figure 17. Control sattings for improved flute
sounds. 18
Figure 18. Control settings for organ sounds.
VCO *see text
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250 Hz, sounds similar to those of a
bass flute can be obtained.

Organ sounds

In contrast to the above example of
string sounds, the simulation of an
organ is extremely simple (see figure 18).
First of all the three VCOs are tuned to
intervals of an octave and the triangle or
sinewave is chosen as the output
waveform for the two lower VCOs. If a
church organ sound is desired, a sym-
metrical squarewave should be used for
the top VCO,; if a similar but less strident
type of sound is required, the triangle
waveform is more suitable. For a
trumpet-like organ register, the sawtooth
or spaced sawtooth should be used for
the top octave. The proportions in
which the individual octaves are mixed
are adjusted using the OUT controls on
each VCO. A simple attack-sustain-
release envelope, which is fed to the
DUAL VCA, determines the dynamics
of the notes. Relatively short attack and
release times are used. At the top end of
the scale, where the fundamental
frequency of the top octave signal is
above 2 kHz, the organ tones have an
agreable ‘silvery’ character, which is
reminiscent of the sound produced by
the smallest pipes of a conventional
organ. For all types of organ sounds it is
recommended that a considerable
amount of reverberation be added.

Piano- and piano-related sounds

The range of keyboard instruments
related to the piano is extremely wide.
It extends from the grand piano, with
its deep, soft bass notes (when played
‘pianissimo’) through honky-tonk type
piano voices, to the bright highly
percussive sounds of the harpsichord,
spinet, etc. One could also include the
wide variety of sounds obtained from
different types of electronic piano in
this group.

With the important restriction of being
monophonic, the Formant is capable of
synthesising the majority of the above-
mentioned instruments. Disregarding
peculiarities of individual keyboards,
most piano-related sounds have in
common the fact that, by depressing a

key, a hammer strikes one or more
strings, causing it (them) to vibrate at a
given frequency. The individual notes
have a fast, percussive attack, then
decay relatively slowly. When the key is
released, dampers, which were raised the
moment the key was struck, fall back
onto the string(s) and terminate the
note comparatively rapidly.

A second characteristic of the majority
of piano type sounds is that the
variations in dynamic amplitude de-
scribed above are generally not ac-
companied by pronounced variations in
harmonic content. A further feature of
piano-like sounds is the presence of
periodic ‘notches’ in their response; for
this reason an asymmetrical squarewave
is the most obvious choice of VCO
output waveform. For certain clavichord
and electronic piano sounds the sawtooth
and spaced sawtooth are also suitable.
In spite of the less marked dynamic
harmonic behaviour of piano-related
sounds the two tracking filters in the
Formant are not left idle, The 24 dB
VCF can usefully be employed to
suppress the intense upper harmonics of
the asymmetrical squarewave when
imitating a pianoforte, removing the
‘fuzzy’ electronic edge to the notes. The
resonance filter is used to reproduce the
main fixed resonance of the piano
(fairly low Q factor). A typical feature
of the voicing of a piano and grand
piano is the somewhat ‘soft’ bass notes,
which sound slightly dry, with no
suggestion of bass ‘drone’. The middle
register on the other hand sounds richer
(generally speaking the hammer strikes
several strings, as opposed to the bass
notes where each hammer strikes only a
single string), whilst the upper notes
again sound relatively soft (assuming
one is not playing ‘forte’). This points
to a bandpass resonance between the
middle and lower end of the piano scale
(depending upon- the type of sound
desired). The importance of a low
Q factor has already been mentioned.
Widely differing resonance filter settings
will be required for other piano-related
instruments such as the spinet, harp-
sichord, and in particular the clavichord.
The same is true for electronic piano
sounds, where personal taste will largely

dictate the parameters of the resonance
filter.

The following description of control
settings applies to the simulation of
pianoforte and grand piano sounds (see
figure 19).

An asymmetrical squarewave (roughly
10 to 20% mark-space ratio) is selected,
whilst a relatively low frequency triangle
waveform is fed as modulation signal to
the PWM input of the VCO. The PWM
control is only turned up very slightly,
so that the phasing effect is just audible.
With the aid of the 24 dB VCF (ENV
control turned right down to zero) the
upper harmonics of the squarewave are
gradually attenuated (treble cut) until
the desired timbre is obtained. First of
all, however, a suitable envelope contour
should be set up on the ADSR module
and fed to the DUAL VCA (see descrip-
tion of attack-decay-release envelope in
previous chapter). Finally the centre
frequency of the resonance filter (low Q)
is adjusted until the higher piano notes
are sufficiently soft and the bass notes
suitably ‘dry’, but without being too
sterile.

For honky-tonk type sounds, two VCOs
are slightly mistuned with respect to
one another. In the case of a mini-
Formant, where only one VCO is
available, the frequency of the PWM
modulation signal must itself be
modulated. The percussive attack charac-
teristics of honky-tonk notes can be
reinforced by using an attack-decay
envelope (very short attack- and decay
times) to control the 24 dB tracking
filter; the ENV control is turned up
slightly, whilst the other settings of the
VCF remain unaltered. The result is a
characteristically ‘jangly’ sound, with
very bright attack characteristics.

Gong, bell and glockenspiel
sounds

All the various sounds described so far
had in common the fact that they
possessed a musically coherent harmonic
structure. The last category of sound to
be discussed in this section (see figure 20)
is that of gongs, bells, and percussive
instruments generally, which have a
musically unrelated harmonic structure.
This type of effect can be useful in a
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Figure 19, Control settings for simple piano- | with many modules. Many of the more | Literature:

like sounds.

Figure 20. Tone shaping process for gong and
bell-like sounds.

variety of applications from stage sound
effects to ‘experimental’ music.

The basic control settings involved are
comparatively simple. Two VCOs are
employed, one providing a pulse width
modulation signal for the other (this
ring modulator like configuration is
described in chapter 2). The 24 dB
tracking filter under ADSR control is
used to tailor the dynamics of the notes.
A percussive attack-decay contour with
a very short attack time and long decay
time should be employed. The two VCOs
are then tuned until the timbre of the
resultant sound is similar to that desired
(i.e. bell or gong-like); note that only
one VCO output control is turned up.
Assuming the dynamic tracking filter
has been switched in, the simplest types
of sounds to set up are those of bells.
Somewhere between the many °‘short-
wave’ radio noises typically produced
by ring modulators can be found a wide
variety of differentiated tone colours
covering the timbre of every possible
type of small and large bell, gongs, clock
chimes, etc. The more resonant, ‘darker’
timbre of large bells, and the lighter
tone colour of small(hand) bells, can be
usefully enhanced with the aid of the
resonance filter.

Further tonal possibilities

The full capabilities of the Formant
have by no means been exhausted —
particularly if one has a large system

complex control settings have been
omitted for reasons of space, whilst
comparatively little has been said on
the subject of synthesising wholly
‘electronic’ sounds, the use of noise for
special effects, or on the techniques of
portamento playing. However this
merely means that the Formant user has
ample scope to experiment on his own
and to enjoy the pleasures of discovering
for himself the full range of tonal
possibilities which the Formant can
realise.

Using the FORMANT with other
instruments

The Formant can not only be played as
a solo instrument, but is well suited to
be used in conjunction with a wide
variety of other instruments, For
enthusiasts of electronic music, there is
the obvious possibility of using several
synthesisers, e.g. a combination of a
‘full-scale’ and mini-Formant (consisting
of only one VCO, VCA, VCF and
ADSR). The large Formant is employed
to provide an orchestral background,
whilst its ‘little brother’ plays the
melody line (generally speaking the two
synthesisers would then be played by
separate people). Another useful ad-
dition to the Formant is a good
electronic piano or sophisticated organ.
As a rule synthesisers gain much from
being used in conjunction with other
instruments. They can be likened to a
large room full of different instruments,
but with only one player available to
use them. One way of circumventing
this problem is to use tape, although
there is the drawback of the relatively
high cost of good quality tape machines.
The flexibility and scope of a synthesiser
are best demonstrated when used in a
band, where its range of tonal possi-
bilities can be exploited to contrast with
the differently structured sounds of the
other instruments. Such interplay with
other types of instrument can also prove
musically highly stimulating for the
Formant user.

In conclusion, all that remains is to wish
the prospective Formant user a fruitful
‘voyage’ of musical discovery and many
happy hours of experimenting!
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FET opamps in the Formant

alektor february 1980 — 2-09

When the Formant circuit was devel-

oped, FET Opamps and especially the

‘high-speed’ versions were practically

non-existent. The only economical

alternative was to use standard Field-
effect transistors in the well-known
source follower circuit (figure 1a).

As those who have heard the Formant

will know, this solution works. How-

ever, there are certain disadvantages.

1. The amplification achieved is not
precisely 1, but slightly less (approxi-
mately 0.9).

2. Because of tolerances in the FETs,
the source resistor has to be selected
carefully.

3. The gate-source bias voltage (UGS)
causes a certain ‘offset’ in the output

At several points in the Formant
music synthesiser circuits
(described in Elektor, May 1977
....April 1978), FET source
followers are used as high-
impedance output buffers. This
type of stage is not always the
best solution and an alternative is
well worth considering: an
operational amplifier with an FET
input stage. This article will
examine the use of these more up-
to-date components and will give a
description of ways to adapt the
VCO's.

voltage, with respect to the-input
voltage. This must be compensated in
one of the following stages.
4, The dynamic range is relatively small.
5. The gate-source bias voltage is tempe-
rature-dependent and therefore the
output voltage tends to drift.
These disadvantages are not so serious
— they don’t limit the Formant's
potential as a musical instrument.
Nevertheless, it is better to avoid them
altogether by replacing the FET source
follower circuit (figure 1a) by a voltage
follower circuit, using an FET opamp
(figure 1b). All source followers in the
Formant (in the Interface, VCO and
VCF circuits) can be eliminated in this
way.

When is it worth it?

One of the FET source follower's
greatest drawbacks is its temperature

1a

15V 50030 1s

Figure 1a. A source follower with an
N-channel-field effect transistor.

This stage serves as a high-impedance buffer in
the Formant Interface, VCO and VCF circuits.

1
b 158
LF 356H
6 __O.
UOI Ui
©

Figure 1b. Voltage follower using an FET
operational amplifier.

This circuit can replace the FET source
followers in the Formant and provides better
temperature stability.

1c

top view

Figure 1c. Pinning of the LF 356H.

drift. The other disadvantages affect the
construction (making it more compli-
cated and time-consuming) rather than
the quality.

In a VCO, in particular, the temperature
drift should be reduced to a minimum,
because when several VCQO's are used
together any mistuning is immediately
audible. As far as the Interface is
concerned, temperature drift may cause
the entire circuit to be out of tune,
which can be heard when it is played
together with other instruments. In
practice, this is rarely a problem and so
there doesn’t seem to be much point in
converting this module to FET opamps.
Only if you‘re dealing with a keyboard
compass of more than 5 octaves (and
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therefore a greater dynamic range), it
may be advisable to use FET opamps
instead of source followers. The low
slew-rate requirements in the Interface
mean that economical FET opamps
{TLO8B4 and TLO074) can replace source
followers T1, T3 and T4. The fourth
opamp can take over the function of
one of the 741s (IC5 or 1C6, for
instance). All these changes will involve
a lot of ‘flying wires’! Once the circuit
has been modified, the offset adjust-
ment (P4) must be repeated,

In the VCF, the FET's have no real
effect on the temperature stability, so
that little would be gained by modifying
it. '

FET opamps in the VCO

VCO’s which are already in use can
easily be converted. However, their
oscillator and curve shaper will have to
be realigned. For this reason, the modi-
fication is only advisable if the fre-
quency stability is still not good enough
— even though it is high compared with
many other synthesisers.

Figure 2a shows the original circuit,
which has two source followers. Of
these, only T2 affects the oscillator's
frequency stability; the simplest con-
version, therefore, will entail replacing
this FET by a voltage follower using an
LF 356H. The rest of the circuit can
remain unchanged, as shown in
figure 2b, However, the oscillator and
the curve shaper must be re-adjusted,
since this modification will alter both
the amplitude and the DC Jevel of the
sawtooth.

Figure 3a gives the modified com-
ponent layout for the circuit shown in
figure 2b. Connections 1 and 5 of the
metal-case version of the LF 3566 (IC12)
are not used and these wires can be cut
short. Connection 6 is soldered to 2.
R17 and T2 are unsoldered from the
VCO board and IC12 is mounted, "as
shown in figure 3a.

if a new VCO module is to be built
from scratch, more extensive changes
may be considered. Figure 2¢ shows the
new circuit: FETs T2 and T3, source
resistors R17 and R20, gate resistor
R16, and trimmer P10 have all been
removed, The voltage follower opamp
(1C12) replaces both source followers.
Resistor R18 is changed to 470 (2. A
metal film resistor is not strictly neces-
sary. If the ‘ultimate’ in temperature
stability isrequired, though, a 470 /2%
metal film resistor should be used.
Figure 3c shows the modified com-
ponent layout for new VCO's. 1C12
substitutes T2/R17; a wire link to the
left of it replaces T3/R16.

The FET opamp in the new oscillator
circuit, as shown in figure 2¢, not only
improves the frequency stability, but
also reduces the component count in
comparison with the original circuit.
Furthermore, the removal of preset P10
makes the adjustment that much easier.

2a

@
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Figure 2a. The oscillator circuit in the VCO contains two FETs used as source followers; only

T2 affects the frequency stability.

2b

1C12 = LF 356H
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Figure 2b. The easiest modification, in order to improve the temperature stability of an existing
VCO, is to replace T2 by an FET opamp (IC12).

2c

1C12 = LF 356H
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Figure 2c. When building a new VCO module, it is worth considering this simplified oscil-
lator circuit. The FET opamp now replaces both source followers, and preset potentiometer

P10 can be omitted.
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Figure 3b. Component layout for the simplified version of the oscillator circuit given in figure 2¢.




