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made commercial unit, and it will only have the modules you
specifically need. Moreover, you can position and mark the controls
in whatever manner suits you. You can also expand your synthesizer
as your needs demand (or your budget allows). The only limit on the
number of modules is how many you can build and afford.

In addition, you'll end up with a unique instrument, unlike any
other in the world, and you can take pride in knowing it is your own
handiwork.

This book includes dozens of circuits that can be mixed and
matched to create hundreds of different synthesizer systems. Many
tips on their use are also presented.

Some knowledge of basic electronics and the ability to work
from schematic diagrams is assumed, but no previous experience or
knowledge of electronic music and synthesizers is required.
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A single voltage may be used as a signal voltage and a control
voltage simultaneously. There i1s no fundamental difference be-
tween signal voltages and control voltages (although signal voltages
must be ac signals within the audible range of frequencies). The
distinction is only in how they are used at a specific point.

This may sound a bit confusing, but it will become clearer as
you grow more familiar with synthesis techniques. This seemingly
arbitrary distinction is extremely helpful in discussing sound syn-
thesis.

Synthesizers are made up of a number of circuits, or modules,
that may be interconnected in various ways. On some synthesizers,
the interconnections are permanent or may be changed by switches.
Other synthesizers allow the user to make any connection he de-
sires with external patch cords.

In this book, you will learn how to build and use many syn-
thesizer modules. The modules you select will determine the
capabilities of your finished instrument.

Some synthesis modules are rather exotic and are used in-
frequently. Others are more or less standard in virtually every
synthesized sound. Most electronic voices are generated by an
oscillator (see Chapter 3) and modified by filters (Chapter 5) and
amplifiers (Chapter 6).

It i1s also possible for a synthesizer to use external signal
source such as a human voice (converted into an electrical signal by
a microphone) or an electric guitar (using a pick-up). Any sound
signal that can be fed through an amplifier can be used in an
electronic music synthesizer (although the signal may have to be
preamplified or attenuated to make sure it is at the proper level for
the circuits involved).

POPULARITY

Electronic music synthesizers were once esoteric playthings
of the avant-garde. Today, their popularity is immense and still
growing. Many movie soundtracks and commercial jingles are pro-
duced on synthesizers, and these versatile instruments are becom-
ing as common as the electric guitar in pop music bands.

There are many reasons for this growth in popularity. For one
thing, in recent years the cost has come down and they have become
easier to play. Early synthesizers were only practical in studio
work, and were monophonic—that is, they could play only a single
note at a time. Today many synthesizers are available for live



performance situations, and polyphony (the capability for playing
chords) is becoming more and more common.

When the classic Switched-On  Bach album by Walter Carlos
(Columbia MS 7194) appeared in the late sixties, the synthesizer
was an exotic novelty that few people had even heard of, much less
seen. Today it is far more familiar and is accepted as a valid musical
instrument by most people. Popularity begats greater popularity.

The synthesizer is a wonderfully versatile musical instrument.
It can sound like dozens, hundreds, or even thousands of
instruments—some recognizable, and others entirely new. A band
using a synthesizer can play a wider variety of music. It would be
impractical to hire a brass section for just one or two songs in a
concert. Let the synthesizer play the brass parts. Many other
sounds are only possible through sound synthesis.

In addition to this, the electronic music synthesizer opens up a
whole new area of potential creativity for the musician. Besides just
creating the notes, harmonies, and rhythms, the musician can
create uniquely expressive voices for almost any desired effect.

COMMERCIALLY AVAILABLE MODELS

Many companies are manufacturing ready-made synthesizers
today, and sales are booming. Moog is the most widely recognized
name in this field, but there are dozens of others. A number of
commercially available synthesizers are discussed in detail in Elec-
tronic Music Synthesizers (Tab Book No. 1167) and The Beginner's
Book of Electronic Music (Tab Book No. 1438).

A few typical commercial models are shown in Figs. 1-1
through 1-3. Prices range from a few hundred dollars to several
thousand dollars.

WHY DESIGN YOUR OWN?

Building your own synthesis equipment has many advantages,
not the least of which is cost. A homebrew unit will tend to be
considerably less expensive than a comparable commercial model.
The ready-made unit might look a bit snazzier, depending on your
skills, but the actual electronics can be just as good.

By building your own customized synthesizer, you are not
limited to what somebody else considers a good compliment of
modules. You can include as many modules (including duplicated
modules) as you like, without having to pay for modules that are of
little or no interest to you.









Of course, some people don't want to get involved in the
circuitry. They'd prefer tojust buy their instruments. After all, how
many guitarists build their own guitars? For these people, a com-
mercially available system is certainly the way to go.

However, an electronics hobbyist has a big advantage when it
comes to electronic music synthesizers.

A RECOMMENDATION

It is recommended that you read through this entire book
before starting to build anything. Determine what modules you
want to build, and how they will be inter-connected and packaged
(especially see Chapter 10), before you start hooking up circuits,
otherwise, you might find much of your effort wasted, and your
modules may not fit together properly.

Don't rush. Make sure you know what you're doing at every
point. An electronic music synthesizer is a complicated project, and
expensive and time-consuming errors will catch you if you're care-
less. If you work slowly and carefully, preplanning your system, and
thinking out each step ahead of time, you should have no real
problems.

It's a good idea to temporarily hook up each circuit on a
breadboard (see Fig. 1-4) before soldering anything. This will allow
you to make sure the circuit does what you want it to do (it'sjust not
possible to describe sounds on paper). An experimenter's bread-
board will also allow you to make circuit modifications and try out
various component values without much trouble.

Now, let's get down to the proverbial brass tacks and get to
work on our customized electronic music synthesizers!






your system's modules. Fortunately, you can make some reason-
able estimates.

REQUIREMENTS

First off, different modules will probably require different
voltages. As arule ofthumb, we can assume a low positive voltage
(5 volts is typical), and a higher positive/negative voltage (+12
volts i1s a good choice). If intermediate voltages are required, they
can be tapped off with a simple voltage-divider resistor network.

A synthesizer power supply should be capable of passing a lot
of current. Each individual module probably won't consume very
much power, but the cumulative effect can add up very quickly. Ten
modules consuming 100 mA each works out to a full ampere.

A one amp power supply is just about the minimum for a small
music synthesizer system. Remember, some modules may con-
sume much more than the 100 mA mentioned in the previous
example. A more practical value would be from 2 to 3 amps. A large
system might require as much as 4 or 5 amps.

You don't have to go overboard with a 10 amp power supply,
but try to allow for your maximum planned system. It's better to err
on the side oftoo much power than too little. A rough rule of thumb
would be one amp of power supply current for every 6 to 8 active
circuit modules. Ifyou intend to have more than two dozen modules
in your finished system, you probably should consider multiple
power supplies, perhaps with a common ganged switch.

Be sure to include a fuse in your power supply circuit. Far too
many experimenters try to save a few cents by omitting fuses.
Don't! Mistakes and accidents happen to the best of us. Without a
fuse, many modules (including some expensive components) could
be damaged, or even ruined. Moreover, there is always the risk of
fire and/or injury. A fuse is cheap and simple insurance. Admit-
tedly, sometimes a fuse won't blow in time, but in most cases it will.

Use only fast blow type fuses—not the slow blow type. If you
find you are repeatedly blowing out fuses, do not substitute a
higher value or a slow blow type—find out what is making the fuse
blow and repair the problem.

Keep a good supply of spare fuses on hand. You could acciden-
tally cause a momentary short somewhere in the system, or a high
voltage transient on the ac power lines might pop a fuse. Having a
stock of the right fuse on hand will prevent the temptation to
substitute (even temporarily) a different value or (worse yet!) to
bridge the fuse holder with a piece of wire.
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Since fuse holders are often sold in pairs at electronics stores
such as Radio Shack, you can mount the extra holder in some
convenient, out of the way place on your synthesizer, and store a
spare fuse there.

Always down-grade your power supply's current handling
capability when selecting the fuse size. Leave yourself a margin of
error. For example, if your power supply has a nominal rating of 3
amps, it should be fused at 2.5 to 2.75 amps. Don't beg for
trouble—not all components meet their nominal ratings exactly.
Assume they're a little low.

There are many different types of power supply circuits, and
several of these will be discussed in the pages to follow. Some
modules discussed in this book are quite uncritical, and can be
powered with the rippling dc from a simple rectifier type power
supply. Other circuits are more critical (you will be told when this is
the case) and will require voltage regulation. In virtually any circuit
including integrated circuits (ICs), you can assume some degree of
voltage regulation will be required. This is especially true of digital
ICs.

CIRCUITS

Now let's examine some common types of power supply cir-
cuits and try to determine what will be suitable for a synthesizer
system.

Let me repeat that you should read through this entire book
first to determine what modules you intend to build before you build
anything—especially the power supply. The wrong power supply
could prove to be a real white elephant.

Half-Wave Rectifier

Probably the simplest ac to dc power supply is the simple half
wave rectifier circuit. This device is illustrated in the schematic
diagram of Fig. 2-1.

This simple circuit works because of the basic action of a diode.
A diode will allow current to pass through it in only one direction. A
signal of the opposite polarity (reverse biased) will be blocked.

Since an ac voltage cycles back and forth through positive and
negative instantaneous values, only half of the waveform signal can
pass through the diode—hence the name, hafwave rectifier.

Figure 2-2 illustrates how the signal looks at the input and the
output of a typical half-wave rectifier circuit. Notice that this is not a
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A SYNTHESIZER POWER SUPPLY

Figure 2-17 shows a schematic for a complete power supply
that is appropriate for most of the circuits in this book. The parts list
is given in Table 2-1.

This circuit uses three voltage regulator ICs for outputs at +5
volts, + 12 volts, and -12 volts. Resistor voltage dividers are used
to provide additional outputs at +9 volts, -9 volts, and -5 volts.
Note that these outputs are not regulated. Loading effects of the
circuits they power and resistor tolerances might cause some volt-
age fluctuation from the nominal values. However, because they are
tapped off from a voltage regulator output, there should be little or
no ac ripple superimposed on any of the outputs.

This power supply circuit also features a positive and a nega-
tive variable voltage source. The range for each variable voltage
source is from 0 to 10 volts (at the appropriate polarity, of course).
Standard potentiometers can be used because high degrees of pre-
cision and accuracy will almost never be required.

The main fixed voltage outputs should be connected to termi-
nal strips or buses so the various modules can be permanently
connected to the appropriate voltages. The variable voltage sources
should be fed out through banana jacks on the front panel, so
whatever temporary connections are needed may be easily and
quickly made or changed with patch cords. (Ifyou are building a hard
wired system, see Chapter 10.)

The potentiometers controlling the variable voltage sources
and the power switch should also be mounted on the main control

Table 2-1. Parts List for Fig. 2-17.

R1 680 Q resistor
R2, R7 2.2 kQ resistor
R3-R6 1 kQ resistor
R8 2.5 kQ potentiometer
c1, C2 1000 pF 35 V electrolytic capacitor
C3-C6, C9, C10 0.3 pF capacitor
c7, C8 220 uF 25 V electrolytic capacitor
D1-D4 1N4001 (or similar)
IC1 7805 5 V regulator IC
1c2 7812 12 V regulator IC
IC3 7912 -12 V regulator IC
T1 power transformer
primary —120 V
secondary —centertapped
—at least 25 V
—at least 3A
F1 3 A fuse and holder (do not substitute a higher value!)
S1 SPST switch
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panel, of course. The power indicator lamp Il is optional, but handy.
It reminds you to turn off your synthesizer when not in use and
assures you that it is getting power when it is turned on. Ifit is used,
the lamp should obviously be mounted near the power switch. Ifyou
prefer, an LED may be substituted for the lamp. It should be
powered by the regulated +5 volt line.
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Two common sine wave oscillator circuits are the Colpitts
oscillator and the Hartley oscillator. These two circuits are really
quite simple. They consist primarily of a simple amplifier (to keep
the oscillations from dying out) and a parallel resonant LC circuit.

Colpitts Oscillator. A Colpitts oscillator taps off the oscilla-
tion signal by using a split capacitance. The schematic of a typical
Colpitts oscillator is shown in Fig. 3-12. In determining the reso-
nant frequency, the three capacitors are treated as a single
capacitor. The formula for determining the capacitance of two
capacitors in series (Cl and C2) is as follows.

= +
C C1 C2

S
This can then be added to the third capacitor (C3) which is in
parallel.

C,=C +C3

C3 is a variable capacitor to allow convenient manual adjust-
ment of the resonant (oscillation) frequency.

Hartley Oscillator. The Hartley oscillator is very similar to
the Colpitts oscillator. The primary difference in the Hartley oscil-
lator is that the signal is tapped off from a split inductance, rather
than from a split capacitance as in the Colpitts circuit. A schematic
diagram for a typical Hartley oscillator circuit 1s shown in Fig. 3-13.

While LC oscillator circuits are relatively simple to design and
work with, they do have a number of significant short-comings.
First off, coils and capacitors are often rather bulky physically,
especially when relatively large values are required. Also their
values are rarely precise. Their true value may deviate from the
nominal value by as much as 25 percent (or even more with some
components). This, of course, makes it difficult to obtain a precise,
specific frequency. Moreover, standard components often fluctuate
somewhat in value with variations in temperature. This can cause
the oscillator's output frequency to drift somewhat as the circuit
warms up.

Crystal Oscillator. When greater precision 1s required,
crystal oscillators are often used. In electronics terminology, a
crystal (often abbreviated as XTAL) is made up of a thin slab of
crystalline quartz sandwiched between two metallic plates. A
crystal can be used in place of a resonant LC circuit.
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Table 3-1. Parts List forthe Op Amp Sine Wave Oscillator in Fig. 3-16

R1 33 kQ resistor

R2, R3 15 kQ resistor

R4 10 kQ potentiometer

RS 3.9 kQ resistor

Cc1, C3 0.1 uF capacitor

c2 0.2 uF capacitor

IC1 741 or similar op amp IC

combination. The nominal frequency, or perceived pitch is called
the fundamental frequency. Additional frequencies higher than the
fundamental frequency are called overfones. Some complex
waveforms also contain a few frequencies that are lower than the
fundamental frequency. Not surprisingly, these are called under-

Table 3-2. Parts List for the Op Amp Sine
Wave Oscillator in Fig. 3-16. The Output Frequency is 1000 Hz.

R1 3.3 kQ resistor

R2, R3 1.5 kQ resistor

R4 1 kQ potentiometer

RS 390 Q resistor

Cc1, C3 0.1 uF capacitor

c2 0.2 uF capacitor

IC1 741 or similar op amp IC

tones. In most waveforms, the fundamental frequency is the lowest
and strongest element.

In the standard waveshapes (shown in Fig. 3-1 through 3-4), all
of the overtones are exact multiples of the fundamental frequency.
This type of overtone is called a harmonk. Each harmonic is iden-
tified by its relationship to the fundamental frequency. For exam-

Table 3-3. Parts List for the Op Amp Sine
Wave Oscillator in Fig. 3-16. The Output Frequency is 2000 Hz.

R1 1.5 kQ resistor

R2, R3 820 Q resistor

R4 500 Q potentiometer

RS 180 Q resistor

Cc1,C3 0.1 uF capacitor

c2 0.2 uF capacitor

IC1 741 or similar op amp IC
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Table 3-4. Parts List for the Op Amp Sine
Wave Oscillator in Fig. 3-16. The Output Frequency is 5000 Hz.

R1 6.2 kil resistor

R2, R3 3.3 KQ resistor

R4 1.5 kQ potentiometer

R5 820 Q resistor

C1.C3 0.05 capacitor

Cc2 0.1 /xF capacitor

IC1 741 or similar op amp IC

pie, ifthe fundamental frequency is 100 Hz, the second harmonic is
200 Hz, the third harmonic is 300 Hz, the 4th harmonic is 400 Hz,
the fifth harmonic is 500 Hz, and so forth. Additional examples are
summarized in Table 3-5.

Each waveshape contains a specific set of harmonics in a
definite amplitude relationship to each other and the fundamental
frequency.

In an ideal rectangle wave, the voltage switches instantly
between a high and a low level, with no intermediate levels. Of
course practical circuits never quite meet the ideal (although some
can come quite close). In a practical rectangle wave oscillator
circuit, a finite amount of time is required for the output to switch
between levels. This is called the slew rate. Figure 3-17 is an
exaggerated illustration of this effect.

Table 3-5. Harmonics for Various Fundamentals.

Fundamental 250 Hz 370 Hz 1020 Hz
Second 500 Hz 740 Hz 2040 Hz
Third 750 Hz 1110 Hz 3060 Hz
Fourth 1000 Hz 1480 Hz 4080 Hz
Fifth 1250 Hz 1850 Hz 5100 Hz
Sixth 1500 Hz 2220 Hz 6120 Hz
Seventh 1750 Hz 2590 Hz 7140Hz
Eighth 2000 Hz 2960 Hz 8160 Hz
Ninth 2250 Hz 3330 Hz 9180 Hz
Tenth 2500 Hz 3700 Hz 10200 Hz
Eleventh 2750 Hz 4070 Hz 11220 Hz
Twelfth 3000 Hz 4440 Hz 12240 Hz
Thirteenth 3250 Hz 4810 Hz 13260 Hz
Fourteenth 3500 Hz 5180 Hz 14280 Hz
Fifteenth 3750 Hz 5550 Hz 15300 Hz
Sixteenth 4000 Hz 5920 Hz 16320 Hz
Seventeenth 4250 Hz 6290 Hz 17340 Hz
Eighteenth 4500 Hz 6660 Hz 18360 Hz
Nineteenth 4750 Hz 7030 Hz 19380 Hz
Twentieth 5000 Hz 7400 Hz beyond audible
range
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Table 3-19. Parts List for the Multi-Waveform Generator in Fig. 3-45.

R1 25 kQ potentiometer

R2 2.2 kQ resistor

R3 1.5 kQ resistor

R4, R6 10 kQ resistor

R5 50 kQ potentiometer

R7, R8 100 kQ resistor

R9 5 kQ potentiometer

C1 0.01 uF capacitor

Cc2 0.1 yF capacitor

c3 1 uF capacitor

C4,C5 47 uF electrolytic capacitor

C6 0.47 uF capacitor

Ql UJT (2N2646, or Radio Shack RS2029, or similar)
Q2, Q3 PNP transistor (2N4124, GE-20, RCA SK3020, or similar)
S1,82 3 pole, single throw switch

One disadvantage with this circuit is that the outputs are not
simultaneously available. Only one waveform may be used at a
time. The output signal's waveshape is selected with the three
position switch (S2).

Switch Sl is a range switch to allow this circuit to cover a wide
range of output frequencies. Depending on the accuracy of your
component values, this device should have a range of about 200 Hz
to 20 kHz (20,000 Hz). The potentiometer (R2) is used to fine tune
the output frequency within a range.

The parts list for the multi-waveform generator is given in
Table 3-19.

THE VOLTAGE-CONTROLLED OSCILLATOR

So far, all of the oscillator circuits we have looked at either
operate at a fixed output frequency, or are manually variable —that
is, the output frequency may be altered within a specific range by
turning the shaft of a potentiometer, or a variable capacitor. While
such circuits certainly have their uses, composing electronic music
with only this type of device is extremely tedious at best.

A number of composers have experimented with electronic
music synthesis for many years. These people were dedicated
technicians and artists, often involved in the avant-garde. They
were willing to spend weeks, or even months putting together a
taped piece that might run for a minute or two.

Voltage Control

Electronic music did not become popular until the sixties. Bob
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More about keyboards and basic controllers (voltage control
sources) will be presented in Chapter 7.

Ac Control Voltage. A vco may also be controlled by an ac
signal, such as from another oscillator.

If the controlling oscillator has a very low frequency (below
about 2 Hz or 3 Hz), it is possible to actually hear the controlling
waveform. For instance, if the controlling oscillator generates a
square wave, the output ofthe vco will alternate between a low and
a high pitch. The distance between the two output frequencies is
dependent on the amplitude (strength) of the controlling signal. To
take a second example, let's assume the controlling signal is an
ascending sawtooth wave. The output frequency will start out at a
low pitch then build slowly and smoothly up to a maximum high
frequency, then quickly drop back down to the original low fre-
quency and start over again. Refer back to Fig. 3-3 and Fig. 3-4 to
see how these effects sonically resemble the controlling
waveshape.

If the controlling waveform is increased to a frequency of about
5 Hz to 10 Hz, a vibrato effect will be obtained. Vibrato is a rapid
fluctuation of pitch and it adds warmth and life to a sound. A pure
tone often sounds dull, flat, and lifeless. Adding a little bit of vibrato
can make electronic music seem less mechanical.

However, vibrato effects can become very tiresome, espe-
cially if a deep vibrato (wide pitch fluctuations) is used. For most
pleasing results, the controlling oscillator should put out a very low
amplitude signal (or the signal may be attenuated) so that the vco's
output frequency will only vary very slightly.

When the controlling waveform is increased in frequency to the
audible range (above about 20 Hz) some very striking effects start to
appear. This is called frequency modulation (or FM), and it will be
discussed in Chapter 4.

Circuits

A number of voltage-controlled oscillator circuits are
explained in the following pages.

Two Transistor vco. Figure 3-50 shows the schematic for a
simple two transistor vco circuit. The parts list is given in Table
3-20. Notice that this circuit requires an +18 volt power supply, so
the main power supply circuit that was presented in Chapter 2 is not
appropriate here.

This circuit offers two simultaneous outputs. Output 2 is a
standard ascending sawtooth wave. Output 1 generates a less com-

62
























creasing frequencies by fixed amounts—we are interested in ratios.
For example, an octave represents a doubling of frequency. Again,
let's assume a | volt control voltage signal generates a 500 Hz
output. Increasing the control voltage to 2 volts will multiply the
original output by 2 to give us 1 kHz, as with the linear system. But
raising the control voltage to 3 volts in an exponential system
should produce an output that is 2 octaves higher than the original 1
volt frequency—that is, 2000 Hz (2 kHz).

It is very difficult to use linear voltage control musically,
although some commercial synthesizers do manage.

The problem with the 566 vco IC is that, while it is a dedicated
voltage-controlled oscillator, it was not specifically designed for
electronic music applications.

A few manufacturers do market dedicated ICs that are specifi-
cally designed for electronic music applications.

CEM 3340 vco IC Curtis Electro Music Specialties man-
ufactures a vco IC called the CEM 3340. This device can cover a
50,000:1 frequency range under exponential control. The tracking
is extremely accurate, so the vco can easily be kept in tune. It can
also be phase synced with another oscillator for special effects.

The CEM 3340 vco can generate square, pulse, sawtooth, and
triangle waves. The signals may be used simultaneously.

While electronic music systems are usually built around expo-
nential control, as discussed above, this chip can use both exponen-
tial and linear voltage control at the same time (separate inputs are
provided).

A basic vco circuit built around the CEM 3340 is shown in Fig.
3-58. Notice that a dual polarity power supply is called for. The
circuit is intended to operate on 15 volts, but the specifications
have more than enough leeway to make the +12 volt outputs of the
power supply from Chapter 2 perfectly adaquate.

SSM2030 vco IC Another company, Solid State Music, also
manufactures several dedicated vco ICs for electronic music appli-
cations. Figure 3-59 shows the pin-out diagram of their SSM 2030
veo.

This device can generate simultaneously available pulse,
sawtooth, and triangle wave outputs over a 1,000,000:1 range. The
duty cycle of the pulse (or rectangle) wave may also be voltage con-
trolled. The SSM 2030 vco may be synchronized with an external
oscillator for special effects.

A dual power supply from 9 volts to £18 volts is needed to
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system would be something to be avoided at all costs, and certainly
not deliberately generated. That is true, but we are using the word
"noise" here in a somewhat different way than you're probably used
to.

Ordinarily, noise is considered to be any unwanted sound or
signal. In this case, however, we are using noise to mean a signal
that is comprised of a large number of random frequencies., As you
will soon see, such a haphazard signal is really quite useful in sound
synthesis.

Noise Color. Noise, in this context, comes in two primary
types, or colors. They are white noise and pink noise.

White noise is analogous to white light. It is a composite of all
frequencies in nominally equal amounts. Any specific frequency is
no more or less likely to be present at any randomly selected instant
than any other frequency. If you tune a FM receiver between
channels, the hissing sound you will hear is essentially white noise.
In technical terms, white noise contains equal energy per fre-
quency.

Pink noise, on the other hand, contains equal energy per
octave. That is, at any randomly selected instant there is equal
probability of a frequency within a specific octave. Since octaves are
a doubling of frequency, higher octaves contain more discrete fre-
quencies. Starting at 100 Hz, the first octave consists of all frequen-
cies between 100 and 200 Hz (a 100 Hz range). The second octave
covers 200 Hz to 400 Hz (a 200 Hz range). The third octave contains
all frequencies from 400 Hz to 800 Hz (a 400 Hz range). In white
noise, there is emphasis on the higher octaves. For this reason the
FM between station hiss sounds like it has a high pitch.

In pink noise, the low octaves are boosted (and/or the high
octaves are attentuated) to even up the probability of each octave at
any randomly determined instant. Pink noise may be obtained by
passing white noise through a low-pass filter (see Chapter 5).

Both white noise and pink noise can be very helpful in sound
synthesis. These signals can be used to create percussive effects,
indefinitely pitched sounds, and noise that might be heard from
traditional instruments (i.e., the player's breath while playing a
wind instrument, or a bow scraping across the strings). Noise is
also useful in synthesizing sound effects like gunshots, explosions,
drums, thunder, crashing surf, or gentle rainfall. Moreover, if
tightly filtered, a noise generator can be used as a random voltage
source.

Circuits. Noise generators are generally very simple circuits,
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The output signals from these circuits can also be freely mod-
ified by other synthesis modules, just like a regular oscillator's
signal.

Honk. Figure 3-63 shows the schematic for a circuit that can
generate a honk like a car horn, along with a variety of other novel
sounds. Three potentiometers allow you to select a number of
different sounds without changing any of the component values. The
parts list for this circuit is given in Table 3-25.

The switch (S1) should be a NO (normally open) pushbutton
type. Everytime the switch is temporarily closed, a honk will be
generated.

The pitch of the effect can be changed by adjusting poten-
tiometer RS5. The other two potentiometers (R15 and R17) control
the shape or the envelcpe of the output signal. The attack (set by
R15) is the time required for the signal to build up from its minimum
level (0) toits maximum level. Conversely, the decay (set by R17) is
the time it takes for the signal to die back down to zero. Altering

Table 3-25. Parts List for the Honk Effect Circuit in Fig. 3-63.

R1 820 Q resistor

R2, R3 15 kQ resistor

R4 100 kQ resistor

RS 100 kQ potentiometer

R6, R19, R22 120 kQ resistor

R7 39 kQ resistor

R8 56 kQ resistor

R9 560 Q resistor

R10, R20 10 kQ resistor

R11 47 kQ resistor

R12 470 kQ resistor

R13 1 MQ resistor

R14, R21 12 kQ resistor

R15, R17 2.5 kQ potentiometer

R16 1 kQ resistor

R18 100 Q resistor

R23 2.2 kQ resistor

C1,C2,C3 0.033 uF capacitor

C4 0.001 uF capacitor

C5 0.1 uF capacitor

C6, C9 2.2 uF 35 V electrolytic capacitor

Cc7 500 uF 35 V electrolytic capacitor

csg, C11 30 uF 35 V electrolytic capacitor

c10 5000 pF capacitor

St SPST NO push button switch

Q1, Q2 NPN transistor (2N2318, 2N2926, Motorola HEP-726,
RCA SK3018, or Radio Shack RS 2031)

03, Q4 NPN transistor (GE-20, Motorola HEP-50, or Radio

Shack RS 2016)
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Table 3-38. Parts List for the Frequency-to-Voltage Converter in Fig. 3-80.

R1,R2 10 kQ resistor

R3 100 kQ potentiometer

R4 470 kQ resistor

D1 51 V zener diode

IC1 9400 V-F/F-V converter IC

As you can tell by the length of this chapter, there are many
ways to initiate a signal in an electronic music synthesizer. In a
sense, we have barely scratched the surface of the possibilities,
although there are certainly enough circuits in this chapter to get
you started.

In the following chapters, we will examine ways that these
signals may be electronically manipulated to create new sounds.
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Blending Signal Sources

While many effects can be achieved by manipulating the signal from
a single oscillator (or sound effects circuit, or external input),
electronic musicians generally seek more complex textures. Two
or more signals may be combined in any of a variety of ways to
produce thousands of new effects.

In some cases, the signals will be heard as separate voices as
with traditional instruments. For example, in a duet for piano and
violin, we can tell that two instruments are playing. In electronic
music, however, the boundaries between voices are sometimes
blurred. Often two or more simultaneous signals are perceived as a
single complex voice.

We can also use one signal to modify a second signal, producing
a third signal unlike either of the original sources.

In this chapter, we will explore some of the myriad ways
electronic music signals can be combined and blended.

ADDITIVE SYNTHESIS

When two or more simple signals are simultaneously sounded,
they may appear to be a single complex signal from a single source.
This effect is called additive synthesis. Most early electronic music
relied entirely on the techniques of additive synthesis. Each voice
was painstakingly built up by combining sine waves on tape.

Theoretically, any complex signal could be synthesized by
adding sine waves of the correct frequencies and relative am-
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plitudes. For example, mixing together the proper level sine waves
at 300 Hz, 600 Hz, 900 Hz, 1200 Hz, 1500 Hz, 1800 Hz, 2100 Hz,
and so forth, will produce a 300 Hz sawtooth wave.

In practice, however, building up complex signals from pure
sine waves is rarely done in modern electronic music. This is
because of the tedium and complexities involved in the process and
the practical problems of keeping dozens of sine wave oscillators in
perfect tune with each other. It is far easier to generate common
signals like sawtooth waves and rectangle waves directly (see
Chapter 3).

Additive synthesis is most useful in creating signals that can't
be easily generated by a single oscillator. In addition, the electronic
musician is by no means limited to sine waves when working with
additive synthesis. Any combination of waveforms may be used.

Let's assume we want to create a signal with a harmonic
content like that shown in Table 4-1. We could start out with a
sawtooth wave (which contains all of the harmonics) and filter out
the ones we don't want (second, tenth, fourteenth, etc.). This
technique is called subtractive synthesis and will be discussed in
Chapter 5.

In some cases, subtractive synthesis will be easier than addi-
tive synthesis, but in this example, we would need five very tight

Table 4-1. Additive Synthesis. The First Example's Desired Harmonic Content.

Fundamental 100 Hz 330 Hz
Third 300 Hz 990 Hz
Fourth 400 Hz 1320 Hz
Fifth 500 Hz 1650 Hz
Sixth 600 Hz 1980 Hz
Seventh 700 Hz 2310 Hz
Eighth 800 Hz 2640 Hz
Ninth 900 Hz 2970 Hz
Eleventh 1100 Hz 3630 Hz
Twelfth 1200 Hz 3960 Hz
Thirteenth 1300 Hz 4290 Hz
Fifteenth 1500 Hz 4950 Hz
Sixteenth 1600 Hz 5280 Hz
Seventeenth 1700 Hz 5610 Hz
Nineteenth 1900 Hz 6270 Hz
Twentieth 2000 Hz 6600 Hz
Twenty-first 2100 Hz 6930 Hz
Twenty-third 2300 Hz 7590 Hz
Twenty-fourth 2400 Hz 7920 Hz
Twenty-fifth 2500 Hz 8250 Hz
All higher harmonics are too weak to be audible.
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band reject filters (see Chapter 5). It would be far more convenient
to create this signal by additive synthesis. It can be done with three
oscillators—a square wave oscillator tuned to the desired funda-
mental, a sawtooth oscillator tuned to the output signal's fourth
harmonic, and a sine wave at the resulting sixth harmonic. This
solution is summarized in Table 4-2. The waveforms are shown in
Fig. 4-1 and Fig. 4-2.

Additive synthesis also comes in handy when we want to create
signals with nonharmonic overtones. For instance, consider the
signal defined in Table 4-3. This oddball waveform could be made up
by combining three square waves with fundamental frequencies of
150 Hz, 325 Hz, and 500 Hz. The component waveforms are
analyzed in Table 4-4.

Ifyou need all of the harmonics, but don't have a sawtooth wave
oscillator handy, you could combine two square wave oscillators.
One should have a fundamental frequency that is twice (one octave
above) that of the other. This is demonstrated in Table 4-5.

Table 4-2. Additive Synthesis. The First Example's Solution.

Square Wave

Fundamental 100 Hz 330 Hz

Third 300 Hz 990 Hz

Fifth 500 Hz 1650 Hz

Seventh 700 Hz 2310 Hz

Ninth 900 Hz 2970 Hz

Eleventh 1100 Hz 3630 Hz

Thirteenth 1300 Hz 4290 Hz

Fifteenth 1500 Hz 4950 Hz

Seventeenth 1700 Hz 5610 Hz

Nineteenth 1900 Hz 6270 Hz

Twenty-first 2100 Hz 6930 Hz

Twenty-third 2300 Hz 7590 .Hz

Twenty-fifth 2500 Hz 8250 Hz

Sawtooth Wave Complex Wave
Harmonic

Fundamental 400 Hz 1320 Hz 4th

Second 800 Hz 2640 Hz 8th

Third 1200 Hz 3960 Hz 12th

Fourth 1600 Hz 5280 Hz 16th

Fifth 2000 Hz 6600 Hz 20th

Sixth 2400 Hz 7920 Hz 24th

Use a low-pass filter to remove all higher harmonics.
Sine Wave
Fundamental 600 Hz 1980 Hz 6th
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Fig. 4-1. Additive synthesis input waveforms.
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Fig. 4-2. Additive synthesis output waveforms.
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150 Hz Fundamental
325 Hz—

450 HzThird
500 Hz—
750 Hz Fifth
975 Hz—
1050 Hz Seventh
1350 HzNinth
1500 HzTenth
1625 Hz—
1650 HzEleventh Table 4-3. Additive Synthesis. The
1950 Hz Thirteenth Second Example's Desired Overtone Series.
2250 Hz Fifteenth
2275 Hz
2500 Hz
2925 Hz
3500 Hz
3575 Hz
4225 Hz
4500 Hz Thirtieth
4875 Hz—
5500 Hz—
6500 Hz—
7500 Hz Fiftieth

To achieve good results with additive synthesis, you need
good oscillators with a minimum of frequency drift. All of the
oscillators must track each other (stay in tune) with as much preci-
sion as possible. Capabilities for synchronizing the oscillators are
also helpful. Some of the voltage-controlled oscillators in Chapter 3
have synchronization inputs. However, you may get some very
peculiar effects if you synchronize two or more oscillators whose

Table 4-4. Additive Synthesis. The Second Example's Solution.

) Square Square Square
Harmonics Wave 1 Wave 2 Wave 3
Fundamental 150 Hz 325 Hz 500 Hz
Third 450 Hz 975 Hz 1500 Hz
Fifth 750 Hz 1625 Hz 2500 Hz
Seventh 1050 Hz 2275 Hz 3500 Hz
Ninth 1350 Hz 2925 Hz 4500 Hz
Eleventh 1650 Hz 3575 Hz 5500 Hz
Thirteenth 1950 Hz 4225 Hz 6500 Hz
Fifteenth 2250 Hz 4875 Hz 7500 Hz

All higher harmonics are too weak to be of significance.
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Table 4-5. Additive Synthesis. The Third
Example Gets All of the Hammonics From Two Square Waves.

Square Square Result
Wave 1 Wave 2
200 Hz Fundamental
400 Hz Second
600 Hz Third
800 Hz Fourth
1000 Hz Fifth
1200 Hz Sixth
1400 Hz Seventh
1600 Hz Eighth
1800 Hz Ninth
2000 Hz Tenth
2200 Hz Eleventh
2400 Hz Twelfth
2600 Hz Thirteenth
2800 Hz Fourteenth
3000 Hz Fifteenth
3200 Hz Sixteenth

outputs are not harmonically related. This may or may not be
desirable. The effect is illustrated in Fig. 4-3.

Another potential problem to keep in mind when working with
additive synthesis is that in some cases a very complex signal
(especially if it has many strong nonharmonic overtones) may lose
its definite sense of pitch. This may be useful as accompaniment,
but it should be obvious, that you can't play a melody without a firm
pitch.

Additive synthesis can be very exciting as you discover
strange new waveshapes. It can get tedious unless you're tolerant of
sloppy results, however.

Most modern commercial electronic music synthesizers em-
phasize subtractive synthesis (see Chapter 5) over additive syn-
thesis, but the smart and creative electronic musician will take
advantage of both techniques.

BLENDING METHODS

When working with additive synthesis, and many other elec-
tronic music synthesis techniques, it is often necessary to combine
several output signals into a single input line. Conversely, it is also
often necessary to feed a single output signal into several separate
inputs. In either case, what is required i1s a method for combining
multiple lines into a single line.
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Fig. 4-3. Synchronizing nonharmonic frequencies.

Patch Panels

The easiest, most direct way of doing this is to use a patch
panel. Many modular synthesizers include patch panels. Nor-
malized synthesizers (see Chapter 10) use hard-wired switches.

A patch panel is simply a series of jacks wired together in
parallel, as shown in Fig. 4-4. Any and all lines plugged into the
jacks will be shorted together, and will behave electrically like a
single line. There is no difference between inputs and outputs.

This is not the best possible solution in all cases. Often inter-
connected inputs, or interconnected outputs may interact with each
other, causing the related circuits to behave in undesirable ways.
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Also, splitting a single output signal into many input lines may lead
to excessive noise, as the signal level is a constant and will be
divided between each of the lines. Both of these problems can be
dealt with by using active mixers, as discussed in the next section of
this chapter.

A degree of isolation can be achieved in a patch panel by
hooking up capacitors between the jacks, as shown in Fig. 4-5. This
will block any dc component of the signals, allowing only the ac
waveforms to pass. Of course, this means such a patch panel could
not be used for dc control voltages.

Many modular synthesizers use different size plugs for control
voltages and ac signals. This is a good idea, because it is easier to
keep track of what you're doing. However, as mentioned in an
earlier chapter, there is no reason why an ac signal can't be used as a
control voltage too. It is a good idea to include a patch panel that
connects both types ofjack, for easy conversion.

Patch panels aren't perfect, and they're certainly not an elegant
approach to electronic music synthesis, but they can come in ex-
tremely handy and are quite inexpensive to include in a synthesis
system. All you need is a front panel, the appropriate jacks, a few
capacitors (ifneeded), and a couple of inches of wire. It is undoubt-
ably worthwhile to include a couple ofindependent patch panels into
any modular electronic music synthesizer.

Fig. 4-4. Patch panel.
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Fig. 4-5. Patch panel with isolating capacitors.

Mixers

It was mentioned earlier that circuits connected together with
a patch panel may suffer from interaction or signal degradation.
Moreover, a patch panel offers no facilities for controlling the
relative amplitudes of the various signals. For these tasks you need
a circuit called a mixer.

A super-simple passive mixer circuit i1s shown in Fig. 4-6. This
circuit consists simply of three variable resistors or potentiomet-
ers. Rl can attenuate the level of signal 1 while R2 attenuates the
level of signal 2. R3 serves as a master attenuation control, and
affects the total output (both signal 1 and signal 2) equally.

This circuit can be used in a few noncritical applications, but it
leaves a lot to be desired. For one thing, it can only attenuate (or
reduce the level of) the signal. No provision is made for boosting or
amplifying weak signals. A potentially more serious problem with

InputAgp—— > \[/4—_0 Output

AN\~

Input B

Fig. 4-6. Simple passive mixer.
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this simplistic approach, is that the circuits connected to the inputs
of the mixer are free to interact with each other.

Most, if not all, sound synthesis systems contain at least one
(and preferably several) active mixers. An active mixer circuit is
built around semiconductor devices with amplification abilities. In a
properly designed mixer circuit, signal interaction should not be a
problem. Signals should not be able to get from one input to another.

In an active mixer, signals may be attenuated, or boosted, as
necessary. Moreover, input and output impedances can be matched
for best signal transfer and lowest distortion. With a simple passive
resistance circuit, like the one shown in Fig. 4-6, the impedance
will vary with each adjustment of any of the potentiometers.

A simple active mixer circuit is shown in Fig. 4-7. The parts
list is given in Table 4-6.

+18V

Cc1

Input A o

Output

Q

InputB o

™

R6

Fig. 4-7. Transistor mixer.
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Table 4-6. Parts List for Fig. 4-7.

R1, R6 2.2 MQ resistor

R2, R7 560 Q resistor

R3, R8 6.8 kQ resistor

R4, R9 500 kQ potentiometer

R5, R10 100 kQ resistor

C1,C4 0.05 uF capacitor

C2, C5 25 uF electrolytic capacitor

C3, C6 0.1 pF capacitor

Q1,Q2 FET (Radio Shack RS2028 or similar)

Op amp ICs are excellent building blocks for high quality
mixers. A simple circuit is illustrated in Fig. 4-8. The parts list is
given in Table 4-7.

While a garden variety op amp chip like the 741 may be used in
this type of application, it is preferable to use a high quality,
low-noise type IC, especially if low level signals are being fed
through the circuit. Cheap op amps like the 741 tend to generate
some random noise which could prove objectionable.

An improved, deluxe op amp mixer circuit is shown in Fig. 4-9.
By using an independent op amp envelope follower (unity gain
amplifier) for each input, nearly perfect isolation between inputs
can be achieved. Once again, it is worth the extra expense to use
high quality low noise op amp [Cs. The parts list for this circuit is
given in Table 4-8.

An intriguing, and often useful variation on the basic op amp
mixer is illustrated in Fig. 4-10. An ordinary op amp mixer is called
an adder, because each of the inputs are added to the output. The
circuit of Fig. 4-10, on the other hand, is called a subtractor. The
signal fed through input 2 is subtracted from the signal being passed

R1
Input A 0————}% R2

R3
Input B o_%% R4 R9
— - N—

RS L o Output
Input C R6

R7
Input D o____>% R8

Fig. 4-8. Op amp mixer.
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Table 4-7. Parts List for Fig. 4-8.

R1, R3, R5, R7 100 kQ potentiometer
R2, R4, R6, R8 1 kQ resistor
R9 10 kQ resistor
IC1 low noise op amp IC

through input 1, and the difference between the two signals appears
at the output ofthe circuit. Figure 4-11 illustrates the effect. A parts
list for the subtracter circuit of Fig. 4-10 is given in Table 4-9.

Just as it is often necessary in electronic sound synthesis to
combine several output signals into a single input (by using a
mixer), it is also often necessary to split up a one signal to feed
several different inputs. A simple patch panel (as discussed earlier)
can usually do the trick, but in some instances, signal interaction
and/or impedance mismatches can cause problems. The various
inputs may also have to be fed with different level signals.

The answer to this problem is to use a sort ofreverse mixer, or
active signal splitter. Such a circuit is shown in Fig. 4-12. The parts
list is given in Table 4-10.

There really isn't too much to say about mixers. They are
really nothing more than straightforward multiple input amplifier
circuits, and are not, in themselves, exciting. But they are abso-
lutely essential for any kind of serious electronic music synthesis,
beyond the level of hokey bleeps and bloops that quickly wear out
their welcome. Be sure to include two or three good mixers in your
synthesis system. It's more than worth the cost.

R1
Input A 5__Aan

_H% R2
Output

———)%FN RS ©
———AMN——————4
_ ;% R6

R3
Input B 0—AAA—4

Fig. 4-9. Deluxe op amp mixer.
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Table 4-8. Parts List for Fig 4-9.

R1, R3, RS 10 kQ resistor
R2, R4, R6 100 kQ potentiometer
IC1, IC2, IC3 low noise op amp IC

Impedance Matching

The problem of impedance matching was mentioned briefly in
the section on mixers, but the subject is important enough to
warrant a somewhat more detailed discussion here.

Impedance is essentially ac resistance. Every signal source
output has a characteristic impedance. Similarly, every input will
also have a specific impedance. Ifthe output and input impedances
match exactly, most of the signal power will get through from the

R1
Input A O AAV \
R2
IC1 o Output
R3
Input B o- VAN -

R4
M

Fig. 4-10. Op amp subtractor.

output of circuit 1 to the input of circuit 2, with very little of the
original energy being wasted as heat.

However, ifthe impedances are not matched (i.e., one circuit
has a larger impedance than the other), more ofthe power supplied
by the source will be wasted, with less being available to the second
circuit. This can introduce considerable noise and/or distortion to a
signal when the impedance mismatch is severe (the impedances
differ greatly).

Fortunately, impedance matching is not critical on a precision
level. For instance, you could probably feed a 500 ohm impedance
output into a 600 ohm impedance input without even being able to

Table 4-9. Parts List for Fig. 4-10.

R1, R3, R4 4.7 kQ resistor
R2 1 kQ resistor
IC1 low noise op amp IC
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Fig. 4-11. Effect of the subtractor circuit in Fig. 4-10 on a waveforms.
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Fig. 4-12. Active signal splitter.
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Table 4-10. Parts List for Fig. 4-12.

R1 1 MQ potentiometer

R2 1 kQ resistor

R3 10 kQ resistor

R4, R6, R8, R10 100 kQ potentiometer

R5, R7, R9, R11 4.7 KQ resistor

C1,C2,C3,C4,C5 0.1 pF capacitor

Q1.Q2,Q3,Q4, Q5 FET (2N5457, Radio Shack RS-2028, or similar)

notice any signal degradation. If, however, you try to feed a 10,000
ohm impedance input with a 500 ohm impedance output, you are
likely to run into some problems.

The impedances of the circuits in this book should coincide
fairly closely unless otherwise noted in the text. These circuits
were selected to work together as well as possible.

The sound effects circuits built around the SN76477/88 sound
effects generator IC (discussed in Chapter 3) are designed to feed an
8 ohm speaker directly. If you are modifying the signal with other
synthesis circuits, the output impedance may be a little low. Ifthis
causes problems and unsatisfactory signal quality, you can either
use an impedance matching transformer, or a voltage follower
(unity gain amplifier) circuit, such as the one shown in Fig. 4-13.

PANNING AND CROSS FADING

Electronic music becomes even more exciting when it is in
stereo or quad (or other multiple speaker arrangement). Various
sounds can be located at different apparent points in the room, and
can even seem to move about.

Panning is the term used to describe the effect of making a
sound source appear to move between speakers. Let's assume a
stereo (two speaker) set-up. A sound starts out coming entirely
from the left speaker, with no signal being fed to the right speaker at
all. Of course, the sound will seem to come from the location of the
left speaker, as shown in Fig. 4-14.

Input o +

IC1 0 Output

Fig. 4-13. Voltage follower for impedance matching.
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[ — / Apparent Sound Source

N1

Listener

Fig. 4-14. Panning example A.

Now, let's reduce the signal being fed to the left speaker
slightly, and feed the subtracted signal to the right speaker. The left
speaker is still producing most ofthe sound, but some is also coming
from the right speaker. In this case, the sound will have an apparent
source somewhere between the two speakers but to the left of the
center point, since the left speaker is being fed a stronger signal
than the right. This is illustrated in Fig. 4-15.

Figure 4-16 shows how the apparent location of the sound is
affected when both speakers are fed equal level signals. Not sur-

Apparent Sound Source

\

Listener

Fig. 4-15. Panning example B.
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Apparent Sound Source

N\

Listener

Fig. 4-16. Panning exampte C

prisingly, the sound appears to come from a point exactly centered
between the two speakers.

If all ofthe signal is fed to the right speaker, and none to the left
speaker, the sound will appear to come from the right speaker, as
indicated in Fig. 4-17.

Apparent Sound Source

NN
N

|

Listener

Fig. 4-17. Panning example D.
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By controlling the proportion of the signal fed to each speaker,
the sound can be illusionarily placed at any desired point between
the speakers.

In the four speaker quadraphonic system of Fig. 4-18, the
signal can be placed at many additional points throughout the lis-
tening area.

In electronic music, moving apparent sound sources can add
greatly to the dramatic effect. Many synthesizers have output mix-
ers with panpots, or potentiometers that control the relative
strength of the signals to be fed to each of the loud speakers. The
electronic musician can easily change these control settings and
move the apparent sound source while he is performing.

Panning can also be automatically controlled. Figure 4-19
shows a patch for automatic panning. The circle marked Ifo is a low
frequency oscillator. As the name obviously suggests, this is an
oscillator with a very low frequency—usually below the audible
range (about 20 Hz). Low frequency oscillators will be described in
Chapter 8.

The triangle labeled vca represents a voltage-controlled
amplifier. This is an amplifier whose gain is set by a control voltage.
Voltage controlled amplifiers will be dealt with in Chapter 6.

The inverter (discussed in Chapter 9) is simply a circuit for
reversing the polarity of a signal. Ifa +1.25 volt signal is fed to the

Left Front Right Front

Listener

Left Rear Right Rear

Fig. 4-18. Quadraphonic sound system.
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Fig. 4-19. Patch diagram for automatic panning.

input of an inverter, a -1.25 volt signal will appear at the output.
Figure 4-20 illustrates the way an inverter can affect an ac wave-
form.

In the patch shown in Fig. 4-19, let's assume the lto is
generating a very low frequency signal, say about 1 Hz. The ap-
parent sound source will move through the sound field (the space
between the speakers) in a pattern determined by the Ifo waveform.
For example, ifthe Ifo is generating a square wave signal, the sound
will ping-pong back and forth between the speakers. For halfofeach
cycle, the signal will come entirely from the right speaker, and for
the other half of the cycle, the sound will emerge from the left
speaker. The sound will appear to jump back and forth between the
speakers bypassing the intermediate points.

If the low frequency oscillator is producing an ascending saw-
tooth wave, the sound will start at the left speaker, move slowly
through the sound field until it i1s coming entirely from the right
speaker, and then it will jump back to the left speaker and start all
over again. If you are having trouble visualizing how this works,
refer back to the signals shown in Fig. 4-20. Consider the signal
labelled Input (the non-inverted signal) as a graph of the volume
control setting for the left speaker. The Output (inverted signal)
represents the volume control setting for the right speaker. The left
speaker starts out at full volume, and the right speaker starts at its
minimum. The right signal is gradually turned up, while the left
signal 1s being turned down, until the right speaker is up full and the
left speaker is at its minimum setting. Then the controls are in-
stantly set back to their original setting (left—maximum, right-
minimum) and the pattern is repeated.
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Ifa sine wave or triangle wave is used in the patch of Fig. 4-19,
the sound will appear to swim smoothly back and forth between the
speakers.

Some very interesting things can happen if an audio frequency
(about 20 Hz) signal is used to control the vcas in this patch. In most
cases, the apparent sound source will be the midpoint between the
speakers, since it will be moving too fast for the ear to follow. Often
a very large apparent sound source will be the result.

In addition, a number of spurious tones not contained in the
original signal will be heard. These are called sidebands. Sidebands
usually give a very complex, somewhat harsh quality to a modulated
sound.

This effect is not widely used, and it could wear thin if
employed too frequently. However, it can be quite dramatic if
tastefully used.

The effect is called location modulation, or LM. Its sound is
somewhat similar to that of amplitude modulation (AM), which is
not surprising, since LM is actually an exotic variation of AM.
Amplitude modulation will be examined in some detail in Chapter 6.

In the following section, we are going to look at another
common form of modulation used in electronic music.

A
SV
N

Fig. 4-20. Effect of an inverter on a sawtooth wave.
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FREQUENCY MODULATION

If a voltage-controlled oscillator is driven by a periodic ac
signal (such as from a second oscillator) in the audible range, the
two signals will interact to form a complex new signal. This effect is
called frequency modulation, or FM, for short. It is one of the most
popular effects in the electronic musician's standard repertoire.

Frequency modulation's most striking effect is the creation of
phantom frequencies not present in either of the original signals.
These phantom frequencies are called sidebands, and they will
probably not be in any harmonic relationship.

The main signal from the vco is called the carrier, while the
controlling signal is referred to as the program. The instantaneous
frequency of the carrier will vary in proportion to the instantaneous
voltage of the program signal. This is illustrated in Fig. 4-21.

Each sideband is created by adding or subtracting the program
frequency (or a multiple thereof) to the carrier frequency. The
number of sidebands is determined by the amplitude ofthe program
signal. This number is called the modulation index, and it can be
calculated by dividing the maximum deviation that the program
signal will cause in the carrier frequency (from its nominal, unmod-
ulated value) by the program frequency.

For simplicity, we will work with pure sine waves in the
examples. Other waveforms may be used in practice, but the results
can get extremely complex because each harmonic in each signal
will interact and create its own set of sidebandsjust as if it was a sine
wave by itself.

Carrier

/\ -

~_

| 1A 1 i
U L]

Fig. 4-21. FM waveforms.
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Let's assume the carrier signal has a frequency of 1500 Hz, and
will be modulated by a 100 Hz program signal. The program signal's
amplitude is wide enough to cause the output signal to fluctuate
between 1000 Hz and 2000 Hz. This is a maximum frequency
deviation of 500 Hz in either direction.

We can calculate the modulation index with the following
equation:

Maximum Frequency Deviation

Modulation Index =
Program Frequency

) 500
or Modulation Index = =5
100

This means there will be five sidebands above the nominal
carrier frequency and five below it. Each sideband will be removed
from the nominal carrier frequency by a factor of the program
frequency (1000 Hz).

We can find the upper sidebands simply by adding 100 Hz five
times;

1500 Hz nominal carrier frequency
1600 Hz first upper sideband

1700 Hz second upper sideband
1800 Hz third upper sideband
1900 Hz fourth upper sideband
2000 Hz fifth upper sideband

Similarly, the lower sidebands can be found by subtracting the
program frequency five times.

1500 Hz nominal carrier frequency
1400 Hz first lower sideband

1300 Hz second lower sideband
1200 Hz third lower sideband
1100 Hz fourth lower sideband
1000 Hz fifth lower sideband

As a second example, let's say we have a 2000 Hz carrier, and a
55 Hz program which causes a peak deviation of 440 Hz (the output
signal varies between 1560 Hz and 2440 Hz). First, we calculate the
modulation index.
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440

Modulation Index = —— = §

55

This gives us a total of 16 sidebands—8& above the nominal
carrier frequency, and 8 below. The resulting signal would consist
of the following frequencies:

1560
1615
1670
1725
1780
1835
1890
1945
2000
2055
2110
2165
2220
2275
2330
2385
2440

Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz

nominal carrier frequency

Program

Carrier

vCco > FM Output

)

Keyboard

Fig. 4-22. Patch diagram for simple FM.
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Chapter 5
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Control Volage

Trgger

Keyboaro

Filters

So far we have been concentrating on signal sources, but that is only
part of electronic sound synthesis. A practical synthesizer system
should also include a number of modules that can manipulate or
change the signal in some way.

The most common and versatile of the signal manipulation
circuit types is thefilter. A filter is a frequency selective device. It
will allow some frequencies to pass through to the output, while
blocking (or greatly attenuating) other frequencies. When a com-
plex (harmonic rich) signal is fed into the filter, the structure of the
signal will be altered at the output. For example, if a 1500 Hz
triangle wave is fed through a filter which blocks all signals above
2000 Hz, the output will be a 1500 Hz sine wave, since all of the
harmonics of the original signal (which start at 4500 Hz) will be
removed, leaving only the fundamental.

SUBTRACTIVE SYNTHESIS

In Chapter 4, we discussed additive synthesis in which two or
more simple signals are combined to create new, complex signals.
Subtractive synthesis is essentially the opposite of additive synthe-
sis.

In subtractive synthesis, we start out with a complex signal and
remove the frequencies that we don't want to create a new, simpler
signal. Filters are used to remove frequencies.

118



Let's say we start out with a 500 Hz square wave. The har-
monic content of the signal would be as follows:

500 Hz fundamental

1500 Hz third harmonic
2500 Hz fifth harmonic

3500 Hz seventh harmonic
4500 Hz ninth harmonic
5500 Hz eleventh harmonic
6500 Hz thirteenth harmonic
7500 Hz fifteenth harmonic

Tf we filter out all frequencies between 2000 Hz and 5000 Hz,
we will be left with this overtone series:

500 Hz
1500 Hz
5500 Hz
6500 Hz
7500 Hz

This signal will sound quite different than the original square
wave. In this example, the tone will have a rather hollow quality.

For a second example, let's again start with the same 500 Hz
square wave signal. In this case we will filter out all frequencies
below 2000 Hz. Now the signal will consist of the following frequen-
cies:

2500 Hz
3500 Hz
4500 Hz
5500 Hz
6500 Hz
7500 Hz

The resulting signal will appear to have a fundamental fre-
quency of 2500 Hz. Notice that the overtones bear no harmonic
relationship to this new fundamental.

Of course there is absolutely no reason why additive and
subtractive synthesis techniques can't be combined. To illustrate
this, let's add a 600 Hz rectangle wave (1:3 duty cycle) to our 500 Hz
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square wave. The rectangle wave has the following harmonic con-

tent:

600
1200
2400
3000
4200
4800
6000
6600
7800
8400

Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz

fundamental

second harmonic
fourth harmonic
fifth harmonic
seventh harmonic
eighth harmonic
tenth harmonic
eleventh harmonic
thirteenth harmonic
fourteenth harmonic

The combined additive synthesis signal will now include the
following frequencies:

If we filter out everything below

500 Hz
600 Hz

1200
1500
2400
2500
3000
3500
4200
4500
4800
5500
6000
6500
6600
7500
7800
8400

Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz
Hz

1000 Hz and everything

between 2700 Hz and 5300 Hz, we will be left with the following

frequencies:

120

1200
1500
2400

Hz
Hz
Hz



2500 Hz
5500 Hz
6000 Hz
6500 Hz
6600 Hz
7500 Hz
7800 Hz
8400 Hz

Clearly this complex and unusual signal would be difficult to
achieve with just additive synthesis or only subtractive synthesis.

While electronic musicians make use of both synthesis tech-
niques, most modern commercial synthesis equipment tends to
emphasize subtractive synthesis over additive synthesis. There are
a number of reasons for this, not the least of which is that the
equipment required for subtractive synthesis tends to be somewhat
less complicated than the equipment needed for extensive additive
synthesis.

It is often difficult to get a number of vcos to track (hold the
same frequency relationship) each other, especially over a wide
range. This can make complex additive synthesis involving more
than two or three oscillators tricky and tedious work. Sine wave
oscillators seem to be particularly troublesome in this respect.

However, practical voltage-controlled filters can do an accept-
able job oftracking most voltage-controlled oscillators, so subtrac-
tive synthesis is generally less of a pain in the neck.

FILTER TYPES

Filters are classified in a number of ways. One important
distinction is between active and passive filters. An active filter
requires a power supply, and includes some kind of amplifying
device to boost the amplitude of the passed frequencies. Active
filters may be built around a transistor, an integrated circuit, or a
tube. Op amps are especially popular in modern active filter cir-
cuits.

A passive filter circuit, on the other hand, is parasitic. All of its
operating power is taken from the signal itself. No power supply is
provided. A passive filterreduces the amplitude of the entire signal,
although the blocked frequencies are attenuated more than the
passed frequencies, of course.

Semiconductors and other active components are not used in
passive filter circuits. Only resistors, capacitors, and coils are
used.
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Another common way of classifying filter circuits is by their
slope. An ideal filter that is intended to block everything above 1000
Hz, and pass everything below that frequency, should completely
block a 1001 Hz signal, and completely pass a 999 Hz signal. The
frequency response of such an ideal filter is illustrated in Fig. 5-1.

Such an ideal circuit is impossible to achieve. In a practical
filter circuit, there will be a range of frequencies that are partially
blocked. A more realistic frequency response chart for a filter is
shown in Fig. 5-2.

Obviously, the steeper the slope, the better the filter. A filter's
cutoff slope is measured in dB per octave. Let's say our 1000 Hz
filter is a passive type circuit that would give at a slope of 3 dB per
octave. In other words, 2000 Hz would be attenuated by 3 dB, 4000
Hz would be reduced by 6 dB, 8000 Hz would be attenuated by 9 dB,
and so forth.

Some active filters can have slopes as steep as 24 dB per
octave. In some cases, steeper slopes may be achieved by using
multiple filters. This is called cascading.

The most important way of classifying filters is to define what
frequencies it passes. The four basic types are low-pass filters,
high-pass filters, band-pass filters, and band-reject (or notch) fil-
ters.

Completely passed Completely blocked
! |
T T
999 | 1001
1000 Hz

Fig. 5-1. Frequency response graph of an ideal low-pass filter.
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in O M- O Out

Fig. 5-3. Passive low-pass filter.

R is the resistance in ohms, F is the frequency in hertz, and C is the
capacitance in microfarads.

In designing such a filter the best approach is to arbitrarily
select a value for C and calculate R. Resistors tend to be available in
more intermediate values and readily combine to make up oddball
values much easier than capacitors. Ifnecessary, a trimpot could be
used. However, such precision is rarely practical in this circuit. The
cutoff slope is so gradual (3 dB per octave) that there will be little
audible difference between a filter with a 1000 Hz cutoff and one
with a 1200 Hz cutoff. There is plenty of room for error.

Let's try a few examples. First, let's design a passive low-pass
filter with a nominal cutoff frequency of 1000 Hz. We'll use 0.1 uF as
a handy standard value for the capacitor.

159,000 159,000
R = —— = ————— = 1590 ohms.
FC (1000)(0.1)

A 1.5kQ resistor would certainly be close enough. The exact cutoff
frequency (assuming 0 percent tolerance for the components) would
be 1060 Hz.

There are many different possible combinations ofcomponents
for any given cutoff frequency. For instance, if we started the
previous problem with a 0.022 uF capacitor, we'd end up with a
resistance of 7227 ohms.

159,000 159,000
R = = = 7227
FC (1000)(0.022)

A 6.8 kQ resistor could be used.
Now let's try a second example. We need a low-pass filter with
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a cutoff frequency of 2250 Hz, and we'll again start out with a 0.1 uF
capacitor:

159,000
R = =——————— = 706 ohms
(2250)(0.1)

This result is somewhat ofan oddball value. We could use a 680
ohm resistor, of course, but it's a good idea to aim for something a
little higher. When this kind of thing comes up, you can always try to
recalculate R with a new value of C We'll try 0.001 uF this time:

159,000
R = ———— = 70,666 ohms
(2250)(0.001)

Once again we'd have to round down to 68 kQ, but at least we'll
have a higher resistance.

Passive filter circuits are usually fixed frequency devices, but
you could build a low-pass filter with a manually variable cutoff
frequency simply by adding a potentiometer to the basic circuit, as
shown in Fig. 5-4.

High-Pass Filters. The opposite of a low-pass filter is, not
surprisingly, a high-pass filter. Where a low-pass filter passes low
frequencies and blocks high frequencies, a high-pass filter passes
high frequencies and blocks low frequencies. A frequency response
graph for a high-pass filter is shown in Fig. 5-5. Notice how it is a
mirror image of the graph for a low-pass filter (Fig. 4-2).

The circuit for a passive high-pass filter is also the mirror
image of its low-pass equivalent. The circuit is illustrated in Fig.

O Qut

L
i)

Fig. 5-4. Manually variable passive low-pass filter.
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cutoff frequency of 3000 Hz. For simplicity, we will assume the
filters are ideal and have infinitely steep slopes.
The original signal will consist of the following frequencies:

500 Hz fundamental

1500 Hz third harmonic
2500 Hz fifth harmonic

3500 Hz seventh harmonic
4500 Hz ninth harmonic
5500 Hz eleventh harmonic
6500 Hz thirteenth harmonic
7500 Hz fifteenth harmonic

The output of the low-pass filter will not be too far removed
from the original signal. It will contain the following three frequency
components:

500 Hz fundamental
1500 Hz third harmonic
2500 Hz fifth harmonic

The output of a high-pass filter, on the other hand, will be quite
different. In the case of our example, the output signal would
include the following frequencies:

3500 Hz apparent fundamental
4500 Hz nonharmonic overtone
5500 Hz nonharmonic overtone
6500 Hz nonharmonic overtone
7500 Hz nonharmonic overtone

Obviously, the output ofthe high-pass filter will sound less like
the original signal than will the output of the low-pass filter.

Band-Pass Filters. So far we have been dealing with filters
that remove all frequencies either above or below a specific point.
But what ifwe want to filter out the lowest and the highest frequen-
cies in a complex signal and keep some ofthe middle frequencies. In
this case, a band-pass filter is needed.

A band-pass filter can be created by connecting a low-pass filter
and a high-pass filter in series, as shown in Fig. 5-7. The cutoff
frequency of the low-pass filter should be higher than that of the
high-pass filter. Only those frequencies that are passed by both
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Fig. 5-7. Combining a low-pass and a high-pass filter in series to create a
band-pass filter.

filters will reach the output. The effect of a band-pass filter is
illustrated in the frequency response graph of Fig. 5-8.

A band-pass filter can be defined by giving both the upper and
the lower cutoff frequency points, but the center frequency and the
Q are the parameters most commonly used.

The center frequency, obviously, is the frequency that is in the
middle of the passed band. It can be found by taking the average of
the upper and lower cutoff frequencies. For example, if the high-
pass filter has a cutoff frequency of 1000 Hz, and the low-pass filter
has a cutoff frequency of 3500 Hz, the center frequency would be
2250 Hz. The passed band would be 2500 Hz wide. The bandwidth is
found simply by subtracting the lower cutoff frequency from the
upper cutoff frequency.

O is a mathematical factor that determines the bandwidth.
Practical filters have Q values ranging from less than one on up into
the hundreds.

Band-pass filters can be made by cascading low-pass and high-
pass filters, as illustrated in Figure 5-7, but it is also possible to
build a single circuit that will produce exactly the same results.

For a passive band-pass filter, you can simply add a coil across

Blocked by
High-pass Filter

Passed by
Both

Blocked by
Low-pass Filter

| ]
T T
High-pass Low-pass
Cutoft Cutoff

Fig. 5-8. Frequency response graph of a band-pass filter.
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In 0——AAA——9¢———0 Out

Fig. 5-9. Passive band-pass filter.

the capacitor of a low-pass filter. This circuit is shown in Fig. 5-9.
The bandwidth of this circuit is determined by the resistance and
capacitance, using the same formula used to determine the cutoff
frequency of a low-pass filter.

159,000

BW =
RC
The center frequency, on the other hand, is set by the resonant
frequency of the coil/capacitor combination. The formula is as
follows:

159
VLC

As an example, let's say we have a passive band-pass filter
consisting of a 2200 kQ resistor, a 0.05 xF capacitor, and a 50 mH
coil. First off, we calculate the bandwidth:

159,000 159,000 159,000
BW =6 = moocos - 10 - (A5 He

The bandwidth is approximately 1500 Hz wide. Next we calculate
the center frequency:

159 159 159 159

VIC V05005 V002

The center frequency is 3180 Hz, and the bandwidth is 1445
Hz. This means that all frequencies within 722.5 Hz of 3180 Hz will
be passed by this filter. In other words, this combination of compo-
nents will filter out all frequencies except those between 2457.5 Hz
and 3902.5 Hz.

F = = 3180 Hz
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Ofcourse, in practical applications, you will know what center
frequency and bandwidth you need and will want to chose compo-
nents that will work out to those parameters.

Let's work a sample problem from this approach. We'll assume
we need a bandpass filter that will leave us with the frequencies
from 1200 Hz to 2700 Hz. This is a bandwidth of 1500 Hz (2700 -
1200). The center frequency is the average of the two extremes, or
1950 Hz in this case.

First we'll work out the low-pass filter section to give us the
desired band-width. We'll try it with a 0.022 uF capacitor:

159,000 159,000 159,000
(BWYC)  (1500)(.022) 33

4818.1818 ohms = 4700 ohms

Now, we can calculate the necessary inductance to give us a
center frequency of 1950 Hz. But first we must rearrange the
formula to solve for L:

2

po o189 o1 159)
VIC ~C\F

So, plugging in the values for our sample problem, we find the

following:

1 (159 )2 = 45.4545 (.0815)2 =
T022 (1950
45.4545 x 0.00665 = 0.3022 H = 300 mH

For a second example, let's design a band-pass filter that will
pass all frequencies from 700 Hz to 3600 Hz. This works out to a
bandwidth of 2900 Hz, and a center frequency of 2150 Hz. We'll use
a 0.1 uF capacitor. Solving for R first we get:

159,000 159,000 159,000
R = >, = = 548.28 ohms

T BWC) | @9000(1) 290

The nearest standard value is 560 ohms.
Next we calculate the value for the coil:
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—_ ———

L==71F7] = T \2150
=.0547 H = 50 mH

1 /159\2 1 ( 159 )2 = 10(.74)* = 10 (.00547)

Band-pass filters are extensively used in electronic music.
Low-pass filters are probably the most common type, but band-pass
filters certainly run a close second. If they have a tight enough Q
they can be used to isolate any harmonic, or group otharmonics. A
band-pass filter can even impart a strong sense of pitch on a complex
signal like white noise.

To better illustrate the functioning of a band-pass filter, let's
look at how the 2150 Hz center frequency/2900 Hz bandwidth
band-pass filter we've just designed would affect a 400 Hz square
wave. For simplicity we will assume the filter is an ideal one with an
infinitely steep cutoff slope, even though a passive filter certainly
doesn't come anywhere close to this ideal.

The original square wave signal would have the following
harmonic content:

400 Hz fundamental

1200 Hz third harmonic
2000 Hz fifth harmonic

2800 Hz seventh harmonic
3600 Hz ninth harmonic
4400 Hz eleventh harmonic
5200 Hz thirteenth harmonic
6000 Hz fifteenth harmonic

The output of the filter would consist of the following fre-
quency components:

1200 Hz new apparent fundamental
2000 Hz nonharmonic overtone
2800 Hz nonharmonic overtone
3600 Hz third harmonic

A band-pass filter could be used in place of a low-pass filter by
adjusting the bandwidth and center frequency so that the lower
cutoff frequency 1s below the audible range (about 20 Hz). Similarly,
a band-pass filter can simulate the action of a high-pass filter if the
uppercutofffrequency is above the audible range (about 20,000 Hz,
or 20 kHz).
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Passed Blocked Passed

Fig. 5-10. Frequency response graph of a band-reject filter.

Band-Reject Filters. Just as the opposite of a low-pass filter
is a high-pass filter, the opposite of a band-pass filter is a band-reject
filter. Band-reject filters are sometimes called notch filters.

A band-reject filter, as the name clearly suggests, blocks a
specific band of frequencies, while passing all those above or below
that band. A typical frequency response chart for a band-reject filter
is shown in Fig. 5-10.

A passive band-reject filter can be made by reversing the
components of a band-pass filter. The circuit is illustrated in Fig.
5-11. The equations are the same as for a band-pass filter.

Actually, band-reject filters are not widely used in electronic
music. They are most commonly employed for noise reduction. A
very tight Q band-reject filter centered around 60 Hz (or 120 Hz) can
be used to reduce ac hum from power supply transformers, or
picked up by interconnecting wires.

In O {( ) ¢ O Out

Fig. 5-11. Passive band-reject filter.
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Impedance Matching In Passive Filters. In an earlier
chapter, we mentioned that best results can be achieved when the
interconnected input and output impedances of various modules
match fairly closely.

In most cases, the impedance through a passive filter won't be
all that important, since this kind of simple circuit is severely
limited in quality anyway. However, you may want to even out the
impedances somewhat. The resistor is the key component here.
For the best impedance match, the value of the resistor should be
equal to the square root of the product of the input (source) and
output (load) impedances.

For instance, let's assume we are feeding the input ofthe filter
with an oscillator which has an output impedance of2000 ohms. The
output of the filter is being fed into an 8 ohm speaker. We could then
calculate the ideal value of the resistor as follows:

R = VR.R = V(2000)(8) = V16000 = 126.49111 ohms

A 120 ohm resistor would be close enough.

If you calculate the resistance in this manner, you will then
have to calculate the capacitance. The formula given earlier can
easily be reworked into the needed form:

159,000
FR

So, if the filter in the previous example is to have a 1000 Hz cutoff,
we can find the capacitance to be equal to:

159,000

= — 2 = 1.325uF
(1000)(120)

A 1 uF or a 1.5 uF capacitor could be used. The problem with this
method is that there is a greater jump between standard capacitor
values than between standard resistor values, so rounding offto the
nearest available value may introduce a greater degree oferror from
the nominal cutoff frequency.

Active Filters

Earlier in this chapter, the disadvantages of passive filters
were discussed. For practical electronic music work, active filter
circuits are generally required.

Most modern active filter circuits are designed around op amp
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R1

C1 O Out
R2

R3

Fig. 5-12. Active, first order, low-pass filter.

ICs. Low cost devices (like the popular 741) may be used in non-
critical applications, but the serious electronic musician will usually
insist on low noise units. Any semiconductor device will generate
some amount ofnoise (in the undesirable sense). 741s can generate
an unacceptable amount of noise especially when high levels of
amplification are used.

Low-Pass Filters. A relatively simple active low-pass filter
circuit is shown in Fig. 5-12. Ofcourse, the component values used
will change, depending on the desired cutoff frequency. The parts
lists for three typical cutoffs are listed in Table 5-1, Table 5-2, and
Table 5-3.

Resistors R2 and R3 set the gain of the circuit. For the values
shown, the passed frequencies will be amplified by a factor of two.

Rl and CI are the frequency determining components in this
circuit. The formula is straightforward:

1

F= 27 RC

This filter circuit has a relatively shallow slope.
A better active low-pass filter circuit is shown in Fig. 5-13.

Table 5-1. Parts List for Fig. 5-12 at a Cutoff Frequency of 500 Hz.

R1 6.8 kQ resistor (see text)

R2 10 kQresistor

R3 4.7 kQ resistor

C1 0.047 uF capacitor (see text)
IC1 low noise op amp IC
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Table 5-2. Parts List for Fig. 5-12 at a Cutoff Frequency of 1000 Hz.

R1 3.3 kQ resistor (see text)

R2 10 kQ resistor

R3 4.7 kQ resistor

C1 0.047 uF capacitor (see text)
IC1 low noise op amp IC

Table 5-3. Parts List for Fig. 5-12 at a Cutoff Frequency of 2000 Hz.

R1 8.2 kQ resistor (see text)
R2 10 kQ resistor

R3 4.7 kQ resistor

C1 0.01 pF capacitor (see text)
tC1 low noise op amp IC

This circuit is called a voltage-controlled-voltage-source, or vcvs
filter. It should not be confused with the voltage-controlled filter
(vef) that is discussed later in this chapter.

In this circuit, the frequency is dependent on four com-
ponents—RI1, R2, Cl, and C2. Generally, RI will be equal to R2,
and C2 should have a value twice that of C2. The cutoff frequency
can be calculated with the following formula:

1
F = r VRl x 301

Parts lists for three typical cutoff frequencies are given in
Table 5-4, Table 5-5, and Table 5-6.

Fig. 5-13. Active, second order, vcvs low-pass filter.
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Table 5-4. Parts List for Fig. 5-13 at a Cutoff Frequency of 500 Hz.

R1, R2 1.5 kQ resistor (see text)

R3 10 kQ resistor

R4 4.7 kQ resistor

C1 0.022 uF capacitor (see text)
Cc2 0.01 pF capacitor (see text)
IC1 low noise op amp IC

Table 5-5. Parts List for Fig. 5-13 at a Cutoff Frequency of 1000 Hz.

R1, R2 470 Q resistor (see text)

R3 10 kQ resistor

R4 4.7 kQ resistor

C1i 0.022 uF capacitor (see text)
Cc2 0.01 pF capacitor (see text)
IC1 low noise op amp IC

Table 5-6. Parts List for Fig. 5-13 at a Cutoff Frequency of 2000 Hz.

R1, R2 1 kQ resistor (see text)

R3 10 kQ resistor

R4 4.7 kQ resistor

C1i 0.0022 uF capacitor (see text)
Cc2 0.001 pF capacitor (see text)
IC1 low noise op amp IC

This filter is called a second order filter because its slope is
twice as steep as the basic filter circuit that was illustrated in Fig.
5-12.

Filters with steeper slopes can be created by cascading
lower-order filter circuits.

High-Pass Filters. As with passive filters, active high-pass
filters can be created by swapping the frequency determining re-
sistors and capacitors of a comparable low-pass filter circuit. The
high-pass equivalent of the low-pass circuit shown in Fig. 5-12, is
illustrated in Fig. 5-14. Figure 5-15 shows a vcvs high-pass filter.
The equations are identical to those given for the low-pass filter in
the previous section.

Band-Pass Filters. Figure 5-16 shows the schematic for an
active band-pass filter. Usually, in working with this circuit, a
designer will start out by defining the desired center frequency, Q,
and the amplifier gain. Next, a capacitor value is selected—
typically in the range of 0.005 x4F to 0.05 gF. Other values may also
be used, but this limited range gives a good starting point. The two
capacitors (Cl and C2) should have equal values.
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Fig. 5-14. Active, first order, high-pass filter.
R1
—AAA-
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R4

Fig. 5-15. Active, second order, vcvs high-pass filter.

1

C1

C2
R2

IC1

0 Out

Fig. 56-16. Active band-pass filter.
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Table 5-7. Parts List for Fig. 5-16 at a Center Frequency of 500 Hz.

R1 120 kQ resistor

R2 330 kQ resistor

R3 3.3 kQ resistor
C1,C2 0.01 uF capacitor
IC1 low noise op amp IC

The resistance values are closely related to each other and the
valuesmentionedabove. Resistor Rl, forexample, maybe calculatedwiththe following fc

Q
27 GCF

Rl =

where G is the amplifier gain, C is the value of Cl, and F is the
center frequency. Q, ofcourse, represents the Q ofthe filter. 2z is
approximately equal to 6.28.

The value of R2 is determined by Rl and the amplifier gain with
the following formula:

R2 = 2RIG

The formulas for calculating the value of resistor R3 is as follows:

Q
27 CF2Q*-G)

Some typical component values for center frequencies of 500
Hz, 1000 Hz, and 2000 Hz are given in Table 5-7 through Table 5-9.
In calculating these values, I assumed a Q of 5 and a gain (G) ofjust
over 1.25. The values were rounded offfor convenience.
For tighter Qs (narrower band-widths) two or more of these
filters could be cascaded, or connected in series, as illustrated in
Fig.5-17. Thecomponentsineachfiltersectionshould haveidenticalvalues. Thatis, Rlsh

Table 5-8. Parts List for Fig. 5-16 at a Center Frequency of 1000 Hz.

R1 62 kQ resistor

R2 180 kQ resistor

R3 15 kQ resistor
Cc1,C2 0.01 uF capacitor
IC1 low noise op amp IC
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Table 5-9. Parts List for Fig. 5-16 at a Center Frequency ot 2000 Hz.

R1 33 kQ resistor

R2 91 kQ resistor

R3 820 Q resistor
C1,C2 0.01 uF capacitor
IC1 low noise op amp IC

Band-Reject Filters. A band-reject or notch filter circuit is
shown in Fig. 5-18. The calculations for this circuit are somewhat
more complex than the othercircuits discussed in this chapter. This
is not particularly unfortunate, since band-reject filters are not very
widely used in electronic music. [ have simplified the formulas as
much as possible here.

Signal In Signal Out

Band-pass Band-pass Band-pass
Filter 1 Filter 2 Fitter 3

Fig. 5-17. Cascading band-pass filters to achieve a tighter Q.

First, the capacitors are calculated. Cl and C2 should be of
equal value. The formula for determining this value is as follows:

Cl = 1
20000007 (F/207)
R1
c1 Cc2

IC1 p—O Out

R3 R2

Te

Fig. 5-18. Active band-rejectfilter.
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Table 5-10. Parts List for Fig. 5-18 at a Center Frequency of 60 Hz.

R1 91 Q resistor

R2 10 KQ resistor

R3 100 Q resistor
C1,C2 0.15 uF capacitor
C3 0.3 uF capacitor

IC1 low noise op amp IC

where C is the capacitance in farads (multiply by 1,000,000 to get
the value in microfarads (#F)), F is the center frequency in hertz,

and & is approximately equal to 3.14.
The value ofcapacitor C3 is very easy to calculate. It is simply

double the value of C1. That is C3 = 2C1.
Next we need to calculate the values of the three resistors.

The formula for Rl is as follows:

1000(F/20)

RL= 20+ (1/2Q)

R2 is found by the following formula:

_ 1000(F/20m)
R2 = (1/2Q)

Finally, we can calculate the value of R3:

1000(F/207r)

R3 = 2Q

For all of these equations the amplifier gain is assumed to be 1,
or unity. Some typical values for this circuit are listed in Table 5-10
through Table 5-12. A Q of 5 is assumed in each case.

FIXED FILTER BANKS
A number of band-pass filters and manually controlled am-

Table 5-11. Parts List for Fig. 5-18 at a Center Frequency of 120 Hz.

R1 180 Q resistor

R2 18 kQ resistor

R3 180 Q resistor

C1, C2 0.082 uF capacitor
C3 0.15 uF capacitor
IC1 low noise op amp IC
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Table 5-12. Parts List for Fig. 5-18 at a Center Frequency of 1000 Hz.

R1 1.5 kQ resistor
R2 150 kQ resistor
R3 1.5 kQ resistor
C1,C2 0.001 uF capacitor
C3 0.0022 uF capacitor
IC1 low noise op amp IC

plifiers can be combined into a fixed filter bank, or equalizer. The
pass bands of the filters should overlap somewhat, as illustrated in
Fig. 5-19.

One possible use for such a filter bank would be to even out (or
equalize) problem frequencies in your sound systems response. If
you are recording, you should not, however, compensate for prob-
lems created by the contours of the room. These concepts will be
dealt with in more detail in Chapter 6.

A typical filter bank will consist of band-pass filters spaced an
octave apart. Some inexpensive systems use fewer bands (each
being wider, of course), and some deluxe systems break up the
audio range into 1/3 octave bands. More bands give you greater
control, but they increase the cost and complexity ofthe system. In
most cases, octave wide bands are an acceptable compromise.

Assuming you want to cover the entire audio range (20 Hz to
20,000 Hz), you will need 10 filters to have each octave individually
controllable. The octaves break down as follows:

Passedby  passed by

Filter 1 Filter 2

s

Passed by
Filter 3

Fig. 5-19. Frequency response graphs of overlapping passbands of a filter bank.
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center frequency band octave number

30 Hz 20-40 1

60 Hz 40-80 2
120 Hz 80-160 3
240 Hz 160-320 4
480 Hz 320-640 5
960 Hz 640-1280 6
1920 Hz 1280-2560 7
3840 Hz 2560-5120 8
7680 Hz 5120-10,240 9

15,360 Hz 10,240-20,480 10

These filters will have fixed center frequencies, so signals
with different fundamentals may have quite different harmonic
content and, therefore, varying sound qualities. For example, let's
assume we have an octave filter bank as described above. Filters
1,3,5,7, and 9 will be set to pass all of the signal in their passbands.
Filters 2,4,6,8, and 10 will be cut off completely. For simplicity we
will assume all of the filters have ideal cutoff characteristics.

The first signal that will pass through the filter bank will be a
100 Hz square wave. A square wave, you should recall, contains all
odd harmonics (third, fifth, seventh, etc.) of the fundamental fre-
quency. With the filtering setup described in the previous para-
graph, the output signal would consist of the following frequencies:

100 Hz fundamental

500 Hz fifth harmonic

1300 Hz thirteenth harmonic
1500 Hz fifteenth harmonic

(We will ignore the harmonics above the fifteenth be-

cause of their relative low levels.

Now let's take a look at what happens if we increase the square
wave's frequency to 200 Hz.

600 Hz third harmonic
1400 Hz seventh harmonic
1800 Hz ninth harmonic
2200 Hz eleventh harmonic

Obviously these two signals will sound quite different. Filter
banks generally aren't suitable for use on melodic lines because of
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the fluctuating tonal quality the fixed filters will produce. For
background and continuous (or drone) tones, however, a good filter
bank can allow the electronic musician a great deal of freedom in
customizing the harmonic content of the signal.

Figure 5-20 shows a simple circuit for use in a filter bank. Of
course you will need one of these circuits for each band to be
controlled. The unmarked components are selected for the desired
center frequency, as discussed earlier in this chapter. The circuitry
around the second op amp is simply an amplifier. The potentiometer
is used to control how much of that filter's passed signal will reach
the output of the filter bank.

THE VOLTAGE-CONTROLLED FILTER

A major problem with fixed filters was touched upon in the
previous section. As the fundamental frequency ofa complex signal
changes, the harmonic content of the output signal may change
drastically because the filter blocks and passes specific predefined
frequencies regardless of their harmonic relationships. This can be
quite a problem. In effect, it prohibits the use of filters on melodic
lines unless you stop and readjust the filter for each note played.
There has to be an easier way!

Fortunately there is. The solution is the voltage-controlled
filter. The concept is similar to that of the voltage-controlled oscil-
lator. A dc voltage is used to adjust the cutoff frequency (and

Amplifier

Out

Level Control

Level Control

R6
c1 I 2R3
c2
R1 _ RS
In — " Lo 0u
R2 + +
Ra R7

Fig. 5-20. Simple circuit for use in a filter bank.
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Keyboard

o Out

Fig. 5§-21. Basic patch for using a vcf.

Low-pass
Filter

Band-pass
Filter

High-pass
Filter

Band-reject
Filter

Fig. 5-22. Symbols for the basic filter types.
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occasionally the Q, or band-width) of the filter. Ac voltages may
also be used for special effects.

By controlling both a voltage-controlled oscillator (vco) and a
voltage-controlled filter (vcf) with the same voltage, they will be
synchronized with each other, and the harmonic content of the
output signal will remain more or less constant, even though the
specific frequencies involved may change drastically. The basic
patch diagram 1is illustrated in Fig. 5-21.

As shown 1n this patch diagram, a triangle is used to represent
a filter in patch diagrams. Usually a simplified frequency response
graph will be drawn within the triangle to indicate the filter type.
This 1s shown in Fig. 5-22. Alternatively, letters may be used to
define the filter type, such as LP for a low-pass filter. This is
demonstrated in Fig. 5-23.

Discrete Circuits

A relatively simple low-pass vcf circuit is illustrated in Fig.
5-24. The parts list is given in Table 5-13; although you may want to

Low-pass
Filter

High-pass
Filter

Band-pass ‘
Filter

Band-reject
Filter

Fig. 56-23. Alternate symbols for the basic filter types.
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Voltage
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R4
o Out

RS

Cc2 /«]: R3

Fig. 5-24. Low pass vcf circuit.

experiment with other component values. The values given will
result in a fairly shallow cutoff slope.

The control voltage applied to this circuit should be negative,
with levels down to — 5 volts. The lower the voltage, the lower the
cutoff frequency. With a control voltage input of 0 volts, the cutoff
frequency should be about 3000 Hz.

Despite the simplicity of this circuit, it can be extremely useful
in an electronic music system.

A somewhat more complex voltage-controlled filter circuit is
shown in Fig. 5-25. The primary output of this circuit is a band-pass
filter, but low-pass and high-pass operation may be tapped off at the
outputs of [ICl and IC3, respectively. The parts list for this circuit is
given in Table 5-14.

Voltage-controlled filters are almost as important to the elec-
tronic musician as voltage-controlled oscillators. They are essen-
tial for subtractive synthesis.

Integrated Circuits

Dedicated integrated circuits for voltage-controlled filters are
also available. Generally, any of the four basic filter types (low-

Table 5-13. Parts List for Fig. 5-26.

R1 27 kQ resistor

R2, R3 1 MQ resistor

R4 100 Q resistor

RS 560 Q resistor

C1,C2 0.0047 uF capacitor

IC1 low noise op amp IC

Q1 FET (MPF-102, Radio Shack RS-2036, or similar)
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Table 5-14. Parts List for Fig. 5-27.

R1, R2, R3, R5, R9 100 kQ resistor

R4 22 kQ resistor

R6, R10 220 Q resistor

R7, R8 33 kQ resistor

Cl, C2, 0.01 uF capacitor
IC1.1C3, IC5 low noise op amp IC
IC2,I1C4 CA 3080 IC

pass, high-pass, band-pass, or band-reject) can be built around one
of these chips.

One manufacturer of these devices is Curtis Electromusic
Specialties, Inc. The pin-out diagram for the Curtis CEM 3350 vcf
IC is shown in Fig. 5-26. This chip contains two complete filters.
Only a handful of resistors and capacitors are needed to create two
practical voltage-controlled filters. Both the cutoff frequency (or
center frequency) and the Q of the filter may be voltage controlled,
making a wide range of effects possible.

The other leading manufacturer of electronic music ICs is Solid
State Music. The pin-out oftheir SSM 2040 voltage-controlled filter
is shown in Fig. 5-27. This device contains four filter sections which

U

Reterence [] 1 16 [ Ve
Fixed Input1 [] 2 15 [J Band-pass Out2

Low-passCut1 [ 3 CEM 3350 14 [ variable In2

Variable' n1 4 13 : Low-pass Out2
Band-passOut1 [] 5 12 [ Fixed Input 2
Qcontrol In1 [ 6 11 [J Q Control In 2
Vee O 7 10 [J Freq. Control In 2
Freqg. ControlIn1 [] 8 9 [ Gnd

Fig. 5-26. Pin-out diagram tor Curtis CEM 3350 vcf IC
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16
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14

12

1

—_

10

] +v

] Signal In 3
[ ] Capacitor 3
[] Out 3

] Signal In 4
[ ] Capacitor 4
] Out 4

(1 _v

Fig. 5-27. Pin-out diagram for the SSM 2040 vcf IC

may be used separately, or combined into almost any desired
filtering pattern. All four sections are controlled with a single

control voltage input (pin 7).

Both of these manufacturers make special purpose chips that
are used in high quality commercial synthesizers. Extensive data
sheets are available from the manufacturers, or their distributors.
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Chapter 6
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Amplifiers

One of the most basic of electronic circuits is the amplifier. An
amplifier is a device that can take a relatively weak signal and boost
it to a higher level. In the previous chapters, we have already
encountered several amplifiers that were part of more complex
circuits. An oscillator is an amplifier with positive feedback. An
active filter includes an amplifier to compensate for insertion
losses. In this chapter, we will deal more directly with amplifiers as
amplifiers.

An electronic music synthesis system includes a number of
amplifiers in the form of oscillators, active filters, and so forth, but
it will also include a number of devices for straight amplification.
There are three basic types of amplification devices in a syn-
thesizer. They are the monitoring sound system, preamps, and
voltage-controlled amplifiers. Each of these will be discussed in
this chapter.

THE SOUND SYSTEM

An electronic music synthesizer simply generates and mod-
ifies electrical signals. Some kind of sound system is required to
convert these electrical signals into sounds. Basically a sound
system consists of a relatively high-powered amplifier and one or
more loudspeakers.

Amplifier Considerations

The first step in selecting a sound system for your synthesizer
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is to determine whether you will be working primarily in the studio,
or if you are going to be performing live in concert.

Obviously if you're performing live, you will need a relatively
portable sound system. In a permanent studio, you can use heavier
equipment that might even be built into immovable cabinets.

Ironically, while a live performance sound system should be
smaller to increase portability, more power is required in a live
performance situation. A studio will generally be a fairly small
room, and you only need enough sound for you to hear it clearly. In a
live concert, however, you will need to fill an auditorium that may
be quite large. Moreover, there will be a number of people in the
room while you're playing (at least you hope so). Since people's
bodies absorb sound, greater power is required from an amplifier in
a crowded room than in an empty room. A crowd may also be noisy.
And in many cases (especially in rock music) you will want to play
loudly.

This all boils down to a need for a relatively powerful amplifier.
Just how powerful will depend on the size of the rooms you play in,
how loud you like to play, and the condition of your wallet. Make
sure you have enough power, but don't go overboard. A few years
ago one manufacturer came out with a kilowatt (1000 watt) perfor-
mance amplifier. Such a monster would come in handy if you were
playing in the Grand Canyon. In more practical performance situa-
tions, however, it represents an awful case ofoverkill. Remember,
the greater the wattage of an amplifier, the larger and bulkier it will
be, creating transportation problems. In addition, everything else
being equal, cost goes up steeply with amplifier power. Finally, a
mammoth amplifier will eat up a lot of electrical power, and may
tend to pop a lot of fuses.

Ideally you're amplifier should be capable of putting out
slightly more power than you need. Assuming the volume control is
calibrated from 0 to 10, if you have to set it above §, you probably
need a larger amplifier. On the other hand, if you keep it set below
4, it's a pretty good bet that you're lugging around more amplifica-
tion capability than you need.

While some musicians prefer tube amplifiers, I strongly rec-
ommend solid state equipment to the synthesist. Solid state
amplifiers tend to be far lighter, less expensive, and more reliable
than their tube equivalents. More importantly, as long as they aren't
overdriven, they tend to produce less distortion than tube equip-
ment. The warm, mellow sound of a tube amplifier comes from
distorted signals. It may be fine for an electrical guitar, but a
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synthesizer should be amplified as purely (distortion free) as possi-
ble. All effects on the signal should be fully under the musician's
control. Ifyou want the tube sound, you should be able to synthesize
it without much trouble.

This is not to say solid state amplifiers are distortion free—not
by a long shot. But the audible effects of transistor distortion (in
properly selected, properly used equipment) tends to be far less
noticeable than that of tube units.

In the studio, the situation is somewhat different. Huge
amounts of power are not required, and might even cause problems.
The ear tends to distort at high volumes, and when working on a
tape composition, you should be able to hear precisely what you are
putting onto the tape. In some cases, a very loud sound system can
cause feedback problems throughout the entire system. And since
few of us can afford a fully soundproofed studio, excessive volume
from the amplifier can cause severe problems with family and
neighbors.

In a live performance situation, you can compensate somewhat
for mild distortion problems in your sound system. But in a record-
ing studio, your monitoring equipment should pass as clean a signal
as possible. The amplifier should have a reasonably flat frequency
response across the entire audio range (20 Hz to 20,000 Hz). Some
experts even recommend a wider range, say from 10 Hz to 50,000
Hz.

Ideally, the amplifier should be acoustically transparent. The
only change in the signal at the output should be that it is at a higher
level than at the input. Fortunately, modern amplification equip-
ment 1s quite good, and the slight distortion that is produced is
inaudible with normal signals.

Many people who are into electronic music as a hobby use their
regular stereo system as a monitor. This is fine as long as it is
convenient. However, it can quickly become a major nuisance if you
have to keep plugging and unplugging the various accessories of
your stereo system and your synthesizer. This can especially be
true if you have to lug the stereo amplifier into another room for
your electronic music work.

Loudspeaker Considerations

Actually, the amplifier is only half ofthe sound system. We also
need one or more loudspeakers to convert the amplified electrical
signals into actual sounds. Any sound system will only be as good as
its weakest component, which is usually the speakers. Amplifiers
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with distortion ratings of less than 0.1 percent are not uncommon or
overly expensive (it is highly doubtful that anyone can actually hear
distortion below about 1 percent), but a good loudspeaker generally
has approximately a 3 percent distortion rating.

There are a number of things you can do to minimize the
inaccuracies of practical speakers. The first and most obvious is to
match impedances. Most modern amplifiers and speakers are rated
for 8 ohms, but you may occasionally run into 4 ohm or 16 ohm units.
I've encountered a few with impedances of 32 ohms, or even higher.
The amplifier and the speaker should ideally have identical imped-
ances for most efficient energy transfer between the devices. Un-
fortunately, impedance varies with frequency, so the rated imped-
ance is really just an average. An 8 ohm speaker might actually
have impedances ranging from less than 2 ohms to over 12 ohms.
Ideally, the amplifier's impedance should fluctuate in the same
pattern as the speaker so that the impedances will always match.
This information is not easy to come by, however, so the best
practical approach is extensive listening tests of the speakers with
the amplifier you intend to use before you buy.

That advice is primarily for perfectionists. Modern solid state
amplifiers are pretty forgiving in this area. Most amplifiers with 8
ohms rated output impedances will work just fine with 4 ohm or 16
ohm rated speakers.

Multiple speaker systems are a must for electronic music
work. No single speaker can adequately cover the entire audible
spectrum (20 Hz to 20,000 Hz). It is always a good idea to set up a
division of labor approach, using a relatively large woofer to handle
the low frequencies, and a tweeter to handle the high frequencies. A
midrange speaker to cover the middle ground between the two
extremes is also highly desirable. Remember, an electronic music
synthesizer puts out a lot ofharmonic loaded complex signals. Many
of the sounds you will synthesize could be areal torture test for your
speakers, so make sure your speakers can handle it.

The wattage of the speakers should be at least 25 percent
higher than the rated output wattage of the amplifier. Most
amplifier's can exceed their rated output wattage with increased
distortion, and you can easily blow a speaker if you're not careful.
Tweeters are especially susceptible in electronic music systems. A
strong high frequency complex waveform will have a lot of har-
monics beyond the audible range, and the tweeter could be damaged
trying to reproduce high amplitude ultrasonic signals. To prevent
this kind of problem, you could include a fixed cutoff low-pass filter
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(cutoff frequency at about 20,000 Hz) as the last stage of your
synthesis system before it reaches the amplifier. This will block the
ultrasonic signals you can't hear anyway. Some less expensive
amplifiers have a frequency response that rolls off at extremely high
frequencies anyway, but you can't always rely on that.

If you are running a stereo, quadraphonic, or any other multiple
source sound system, each of the speakers in the system should be
identical. Mismatched speaker systems will result in a very un-
balanced sound.

In a live performance situation, the need for high quality
speakers is obvious. Good speakers are equally important in a
studio monitor. Cheap speakers can have a drastic effect on many
sounds. You have no way of knowing exactly what you are putting
onto your tapes unless your speakers are capable ofaccurate repro-
duction. Believe it or not, some synthesized sounds may actually
sound better through a cheap set of speakers. The same sound may
seem far too thin and unpleasant when the tape is later played
through a good sound system. There's no need to go overboard with
super deluxe $500 speakers in your studio, but you should insist on
speakers that will let you be sure what you're hearing is what is
going onto the tape.

Many studio electronic musicians prefer headphones. This is
largely a matter of personal preference. However, you should give
some consideration to how the finished tape i1s most likely to be
heard. Electronic compositions—especially if they involve a lot of
spatial effects—can seem entirely different when heard through
headphones rather than through open air speakers.

PREAMPS

Preamp is short for preamplifier. The name is pretty much
self-descriptive. A preamplifier is used to boost a weak signal up to a
usable level before it is treated by other circuits. In a sound syn-
thesis system, preamps are most frequently used with external
signals that are fed into the synthesizer for modification. Micro-
phones and tape heads produce very low level signals that are too
weak for most synthesis modules to work with. The result is a very
noisy signal, or no signal at all. Electric guitar pickups, on the other
hand, generate relatively high level signals, so preamplification
often isn't needed. In fact, in some cases, the signal from an electric
guitar may have to be attenuated before being processed by a
synthesizer.
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Fig. 6-1. Transistor preamp.

Active mixers, as discussed in Chapter 4, are essentially
multiple-input preamps with independent level controls.

A fairly simple transistorized preamp circuit is shown in Fig.
6-1. The parts list is given in Table 6-1.

Another preamplifier circuit is illustrated in Fig. 6-2. This one
is built around a low noise op amp IC The parts list is given in Table
6-2.

Preamps are relatively mundane and unexciting modules in an
electronic music synthesizer, but they are often needed. And since
these circuits are so simple and inexpensive, there is no reason not
to include a couple in your sound synthesis system just in case.

THE VOLTAGE-CONTROLLED AMPLIFIER

In previous chapters we have encountered the voltage-
controlled oscillator (vco), and the voltage-controlled filter (vcf), so

Table 6-1. Parts List for Fig. 6-1.

R1 10 kQ potentiometer

R2 1 kQ resistor

C1 0.047 uF capacitor

Q1 PNP transistor (Radio Shack RS2007, or similar)
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Fig. 6-2. Op amp preamp.

module in a sound synthesis system is the voltage-controlled
amplifier.

In avco, the control voltage sets the oscillator frequency., In a
vef, the control voltage determines the cutoff frequency. In a vca,
the control voltage sets the signal level, or amplitude. It essentially
behaves like an electric volume control. A high control voltage
would place a strong signal at the output ofa vca, while a low control
voltage would attenuate the output signal. This may not sound like
very much, but it is an invaluable tool in the synthesist's bag of
tricks.

Circuits

Before discussing some of the many ways voltage-controlled
amplifiers can be used in electronic sound synthesis, let's examine a
few typical circuits.

Figure 6-3 shows one of the simplest vca circuits I've encoun-
tered. It is made up of just five components. The parts list is given in
Table 6-3. While many different NPN transistors may be used, the
diode must be a germanium type. Silicon diodes will not work in this
application.

R1 1 kQ resistor
R2 100 kQ potentiometer Table 6-2. Parts List for Fig. 6-2.
IC1 low noise op amp IC
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Fig. 6-3. Simple vca.

This circuit has a fairly poor low frequency response, and it is
not recommended for frequencies below about 100 Hz to 200 Hz.
However, it works fine with higher frequencies. This circuit's
frequency response extends well past the upper end of the audible
range.

Two additional vca circuits are illustrated in Fig. 6-4 and Fig.
6-5. Their parts lists are given in Table 6-4 and Table 6-5 respec-
tively.

Special purpose IC vcas are also available from Curtis Elec-
tromusic Specialties, Inc. and Solid State Music. Figure 6-6 shows
the pin-out diagram for the SSM 2010. Clearly this is a fairly simple
device to use. The control voltage provides linear (see Fig. 6-7) or
exponential (see Fig. 6-8) control. The human ear detects changes
of volume in an exponential fashion, but linear control can be useful
for certain special effects.

Uses

There are many ways a voltage-controlled amplifier can be
used in electronic music. A control voltage can adjust the output

Table 6-3. Parts List for Fig. 6-3.

R1 470 kQ resistor

R2 22 kQ resistor

C1 0.68 upF capacitor

D1 germanium diode (1N34A or similar)

Q1 NPN transistor (2N3564, GE-10, RCA SK 3019,
Motorola HEP-54 Radio Shack RS-2011,
or similar)
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Fig. 6-13. A complex envelope.

envelope signals can be easily generated in an electronic music
synthesis system.

Many sounds in the real world have extremely complex en-
velopes that may be difficult (although not necessarily impossible)
to simulate electronically. An example is illustrated in Fig. 6-13.
Moreover, each harmonic in a complex signal may have a different
envelope, an effect that can be recreated only through some form of
additive synthesis (See Chapter 4).

Fortunately, the ear is not all that precise, especially when
several sounds are heard simultaneously, so the standard, easily
generated AR, or the ADSR (attack/decay/sustain/release) en-
velopes may be used.

The basic envelope generator patch is shown in Fig. 6-14. The
envelope generator can be controlled by either the keyboard's gate
signal (discussed earlier) or its trigger pulse signal. As long as the

vco vca Out
Envelope
Generator
Keyboard
Trigger

Fig. 6-14. Basic envelope generator patch.
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key is held down, the gate signal will be at its maximum level, so the
envelope is held at its sustain level as long as the key is depressed.

The trigger pulse on the other hand, is of a fixed length. As
shown, when a key is depressed, a brief voltage burst is fed through
to the envelope generator, starting the attack. But the trigger pulse
rapidly dies out so that there is no sustain—the envelope moves
immediately from the attack portion to the decay portion.

Envelope generators and their use will be described in more
detail in Chapter 8.

Tremolo. You should recall that in discussing voltage-
controlled oscillators and voltage-controlled filters, it was men-
tioned that ac signals (such as the output of an oscillator) can control
a voltage-controlled module as well as a dc voltage. If a low fre-
quency (4 Hz to 10 Hz) oscillator controls a vca, there will be a
warbling effect to the sound. This warbling effect is called tremolo.
It is somewhat similar to vibrato, although not quite as warm
sounding. Sine waves or triangle waves work best.

Amplitude Modulation. When a vco is controlled by a low
frequency oscillator signal, we got the effect known as vibrato. As
the controlling frequency is increased into the audio range, how-
ever, phantom signals called sidebands are produced, and we got
the effect known as frequency modulation, or FM.

Similarly, if the oscillator producing a tremolo effect by con-
trolling a vca is increased in frequency to the audible range, a new
complex tone is produced. This effect is called amplitude modula-
tion, or AM.

Amplitude modulation produces sidebands somewhat like fre-
quency modulation, although not as many of them.

Let's assume that the main signal oscillator is feeding the vca
with a 2000 Hz sine wave, and the modulation oscillator is control-
ling the vca with a 500 Hz sine wave. The output will include both of
these frequencies, and their sum and difference. In other words, the
output signal will contain the following four frequencies:

500 Hz modulating frequency
1500 Hz difference

2000 Hz main signal

2500 Hz sum

Any pair of sine waves will produce just two sidebands regard-
less of the signal strength. A set of sum and difference frequenices
will be produced for each harmonic in either of the input signals.
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As a second example, we'll say the main signal is a 600 Hz
square wave. A low-pass filter cuts off everything above 5000 Hz,
so the main signal consists of the following frequencies:

600 Hz fundamental

1800 Hz third harmonic
3000 Hz fifth harmonic
4200 Hz seventh harmonic

The modulating signal will still be a 500 Hz sine wave, which
will modulate (and create a sum and difference frequency pair of
sidebands) with each of the harmonics. The patch diagram for this is
illustrated in Fig. 6-15. The sum and difference frequencies are
summarized in Table 6-6. The output signal would therefore consist
of thirteen frequencies.

100 Hz difference—fundamental
500 Hz modulating frequency

600 Hz fundamental

1100 Hz sum—~fundamental

1300 Hz difference—third harmonic
1800 Hz third harmonic
2300 Hz sum—third harmonic
2500 Hz difference—fifth harmonic
3000 Hz fifth harmonic

vc? \m > Out

Control
Voltage
Keyboard Source

Fig. 6-15. AM example.
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Table 6-6. AM Example.

Hamnonic Fundamental Third Fifth Severth
Program 600 Hz 1800 Hz 3000 Hz 4200 Hz
signal
Difference 100 Hz 1300 Hz 2500 Hz 3700 Hz
(- 500 Hz)
Sum 1100 Hz 2300 Hz 3500 Hz 4700 Hz
(+ 500 Hz)
Modulating frequency = 500 Hz

3500 Hz sum—fifth harmonic

3700 Hz difference—seventh harmonic
4200 Hz seventh harmonic

4700 Hz sum—seventh harmonic

Ifthe modulating signal consists of a number of harmonics too,
the situation becomes even more complex. For best results, at least
one of the signals in amplitude modulation should be a sine wave or a
triangle wave (preferably low-pass filtered). More complex signals
tend to create muddy sounding outputs with no definite sense of
pitch. Of course, in some cases, this may be just what you want.

Notice that unless the main signal and the modulating signal
are harmonically related, the various overtones and undertones will
not be harmonics of the perceived fundamental.

In most cases, the perceived fundamental of an amplitude
modulated signal will be the same as the fundamental of the original
main program signal. However, if the modulating signal is very
strong (high level) its fundamental may take precedence.
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Another advantage of using standard keyboards on a synthe-
sizer is that music can be easily notated on standard music manu-
script paper. Other forms of synthesizer control (discussed shortly)
generally require the composer to create some new form of
notation—usually a fairly complex system that can't be easily read
by other musicians without special training.

In other words, the major advantage of using a standard
organ-like keyboard to control an electronic music synthesizer is
the familiarity that allows the musician to approach the synthesizer
like a traditional musical instrument. The chief disadvantage is its
familiarity that allows the musician to approach the synthesizer like
a traditional musical instrument. That is not a misprint. The com-
forting familiarity of a standard keyboard is both an advantage and a
disadvantage.

If the musician approaches the synthesizer too much as if it
were a traditional musical instrument, he will cut off many of the
unique possibilities the synthesizer allows. An electronic music
synthesizer is capable of far, far more than any traditional instru-
ment.

While a traditional format keyboard makes playing and notation
easy, there is no reason why it has to be used traditionally. For one
thing, a synthesizer keyboard can be tuned to different scales. For
example, a quartertone scale or a whole step scale. Ofcourse witha
nontraditional scale, the notes and octaves won't correspond di-
rectly with the pattern of black and white keys. For instance, a four
octave keyboard could be tuned so that it covers only a single
octave, with many more in-between notes. Or, the scale could be
compressed so that a four octave keyboard covers eight oc-
taves—two real octaves to each keyboard octave.

Even when a nontraditional scale is used, the keys played can
be notated as if the standard equally tempered twelve note to an
octave scale was being used.

Nor is there any law that says a keyboard can only control
pitch. Any voltage-controlled module can be controlled by the
keyboard. A keyboard can control a voltage-controlled filter or a
voltage-controlled amplifier as well as a voltage-controlled oscil-
lator. It may take a little time getting used to playing a keyboard that
controls the volume of the sound, but it may well be just the effect
the piece you're working on needs. The whole point ofa synthesizer
is the wide variety of new possibilities that are not practical on more
traditional instruments.
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Electrical Requirements

In an electronic musical instrument like a synthesizer, each
key on the keyboard is essentially a switch. Most synthesizer
keyboards have two switches per key. One switch determines the
voltage to be fed through to the control output. This is usually
accomplished by a string of switch selectable resistors, as illus-
trated in Fig. 7-1. These resistors are generally variable trimpots
for fine tuning.

The second set of switches make connections to a common bus
line, as shown in Fig. 7-2. Notice that as long as one or more keys is
held down, the bus voltage is fed to the output. This is the gate

+V
(highest note)

~

Fig. 7-1. Switch selectable resistors
for a keyboard.

(lowest note)

~°
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Gate Out

— LTI

Gate Voltage

Fig. 7-2. Gate bus.

signal described in Chapter 6. This signal is generally used to
control voltage-controlled amplifiers (Chapter 6) or to trigger en-
velope generators (Chapter 8). The gate voltage is either at its
maximum level, or at 0 volts. There are no intermediate levels.

A trigger pulse (also used to trigger envelope generators) may
be created from a gate signal with the circuit shown in Fig. 7-3. The
parts list is given in Table 7-1.

A trigger pulse is a brief voltage burst that is fed to the output
when a key is depressed. It is of a fixed length (usually very brief),
no matter how long the key is held down. To generate a new trigger
pulse, the key must be released and a new key (or the same one)
must then be depressed.

A gate signal is illustrated in Fig. 7-4, and a trigger pulse is
shown in Fig. 7-5. The ways these signals are used will be dealt

o+12V

R1 R3 RS

Rd $R2 Trigger Out

AAA
VWV

[ —
Gate signal in

C1

Cc2
R6 I

Fig. 7-3. Gate to trigger pulse converter.
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appropriate constants to create twelve equally tempered frequen-
cies, or a single octave. Any one or more of these outputs may be fed
to the output of the circuit. For instance, if switches SI, S5, and S8
are closed, a major triad will be fed to the output.

By changing the frequency of the clock, the output pitches can
be raised or lowered into different keys, while remaining perfectly
in tune with each other.

Generally a single octave of pitches is not enough for musical
purposes. Additional octaves of each note can be tapped off with a
circuit known as a flip-flop, which essentially divides each fre-
quency by two. The direct output of the top octave generator will be
the highest octave.

U ol

+Vss

Clock In

2 15:10‘
3 14:3
50240 ‘33“”
5 12:]A
6 11:]G"
EE7 10DG
F[:e 9:]F"

-VoD

O N0 nNnn nn

Fig. 7-6. Pin-out diagram for the 50240 top octave generator IC.
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Fig. 7-7. Top octave circuit block diagram.

A block diagram of a complete top octave circuit is shown in
Fig. 7-7. A practical schematic is illustrated in Fig. 7-8, with Table
7-2 providing the parts list.

There are some disadvantages to using the top octave
generator approach in an electronic music synthesizer, however.

First off, only the internally generated square wave signals
may be controlled by the keyboard. You can not operate this
keyboard with voltage-controlled modules like vcfs, vcas, or vcos
that generate waveforms other than square waves. In addition, only
standard equally tempered scales may be produced.

These restrictions obviously limit the versatility of the syn-
thesizer. For many musicians, however, the advantages of
polyphonic capability far outweighs these problems. This is espe-
cially true for musicians who use their synthesizers to play more or
less traditional types of music.

Ifthese limitations do bother you, but you still want polyphonic
capability without a great deal ofexpense, you could always use two
keyboards with your synthesizer. A top octave keyboard for
polyphonic work, and a standard monophonic keyboard as previ-
ously described for controlling other voltage-controlled modules.

Table 7-2. Parts List for Fig. 7-8.

R1 2.7 kQ resistor

R2 10 kQ potentiometer

R3 10 kQ resistor

R4-R28 18 kQ resistor

C1 100 pF capacitor

IC1 CD4001 quad NAND gate IC
1IC2 50240 top octave generator IC
IC3-1C8 CD4013 dual flip-flop IC
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This 1s a good compromise since polyphonic capability is seldom
needed when using a keyboard to control a vcfor a vca.

Obtaining A Keyboard

Often the biggest problem facing the experimenter building his
own electronic music synthesizer is finding a keyboard. This isn't as
easy as buying resistors and capacitors at your neighborhood Radio
Shack.

Occassionally a few surplus organ or synthesizer keyboards
will be advertised in one of the surplus house catalogs. Addresses
may be obtained from the advertising sections of the electronics
hobbyist magazines. Surplus keyboards are usually available only in
small quantities and generally sell out very quickly.

A few companies do sell new keyboards as regular items.
PAIA, a company that specializes in sound synthesis kits currently
offers three keyboards with two switches to a key, as discussed
above. They sell one and a halfoctave (18 note), three octave (37
note) and 5 octave (61 note) keyboards. Their address is 1020 W.
Wilshire Blvd., Oklahoma City, OK 73116.

You may be able to get ahold of a defective organ or synthesizer
from a local musical instrument dealer. How much you have to pay
will depend on the dealer and the condition of the instrument. One
advantage of using this source for a keyboard is that you can usually
re-use the case to house at least part of your customized instru-
ment. Sometimes you can even use some of the original circuitry.

Keyboards can also be adapted from toy instruments. These
instruments are generally inexpensive enough to make buying a
new one just for the keyboard economically feasible. Keyboards
from toy musical instruments will rarely have switch contacts al-
ready installed. You will have to come up with some customized
arrangement of your own. One possible approach is illustrated in
Fig. 7-9. Figure 7-10 shows another possibility. Sometimes adding
the switches to the keys can be difficult and frustrating. You should
be prepared for some tedium before buying a toy organ for its
keyboard.

Some experimenter's build keyboards from scratch. While this
can be relatively inexpensive, it requires quite a bit of dedication to
the project in many cases. If you build your own keyboard, you are
not limited to the traditional twelve notes to an octave arrangement.
However, bear in mind the fact that if you opt for a nontraditional
format, you will defeat many of the advantages of using a keyboard
in the first place. These advantages were discussed earlier in this
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Bus Bar

Stift Wire
% /

Pivot
Flexible Wire to Circuit

To Circuit Bus Bar

Typical Key

Fig. 7-9. One method of adding switches to a keyboard

chapter. The decision depends on your individual needs and how
you intend to use your synthesizer.

A simple homebrew keyboard arrangement is illustrated in
Fig. 7-11 and Fig. 7-12. A keyboard pattern is etched onto a printed
circuit board. The common connection for the switches is connected

Pivot

Metal Contact

O To Circuit
Contact ~

Fig. 7-10. A second method of adding switches to a keyboard.
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White Key Row

Fig. 7-13. Pushbutton keyboard.

to a probe (a mini plug, or something of that nature) at the end of a
flexible wire. Touching the probe to one of the copper key images
will play the appropriate note. There are two major disadvantages
to this approach. First, playing the keyboard with a probe can be
rather awkward. Second, only one set of switch contacts per note is
practical with this system. While it is possible to design a keyboard
that can be played with a double section probe to close two sets of
switch contacts, but most musicians would find such an arrange-
ment almost impossible to play.

Since a synthesizer keyboard essentially works as a series of
normally open switches, a logical home brew approach would be to
build a keyboard out of a bunch of NO DPST push button switches
(see Fig. 7-13). You can stagger the switches to mark the position of
the white keys and the black keys. For a somewhat better appear-
ance, you can cover the switches with heavy cardboard strips that
represent the keys. This is illustrated in Fig. 7-14.

Cardboard Key

\

1 ‘I/Support Post

Push Button [ Mounting Panel

$———Wires to Circuit

Fig. 7-14. Pushbutton keyboard with cardboard strips to simulate keys.
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Fig. 7-16. A typical joystick.

manual control for an electronic music synthesizer, they are not the
only methods available.

Traditional Methods

Many synthesizers today are driven by traditional instru-
ments. Guitar synthesizers, driven by electric guitars were a
natural development, since they already generate electrical signals
similar to those used within a synthesizer. Percussionists can
control synthesizers with special pressure sensitive pads that can
be struck with drumsticks to produce specific effects. There are
even sensors that can be placed within the bell of wind instruments
so they can be used to control various synthesis functions. Micro-
phones can convert virtually any sound into an electrical voltage
that can drive a synthesizer (some kind of preamplification is usually
required here).

Nontraditional Methods

But while a synthesizer can be controlled in a manner similar to
a traditional instrument, it is important to remember that it is not a
traditional instrument with traditional limitations. Therefore, many
new manual controllers have been devised for use with electronic
music synthesizers. We will examine just a few of the most common
of these here.

Joysticks. Joysticks are often used to control synthesizer
functions. These devices are simply two or four potentiometers
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controlled by a single shaft in two (or occassionally three) dimen-
sions. A typical joystick is shown in Fig. 7-16.

These joysticks are similar to those used to control video
games. The control shaft may be moved up, down, right, left,
diagonally, or in a circle. Each shaft position sets a different combi-
nation of resistances on the potentiometers. Figure 7-17 illustrates
some t ypical positions of the shaft on a four potentiometer joystick.

=l
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T ] O

Shaft

Shaft

Shaft

’,,Shaﬂ

a\

@

TOFE AQF 4OF
LI LQF

=l

(€

/

Shaft

Fig 7-17. Shaft positions for a joystick.
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When the shaft is at position A (dead center), all four poten-
tiometers are set to their center positions. Moving the shaft to the
right as shown at b, turns potentiometer 4 up, potentiometer 3
down, and leaves the other two potentiometers at their center
settings. Position ¢ has the shaft moved up 45° from position b.
Potentiometers 1 and 4 are both set to their maximum resistances,
while potentiometers 2 and 3 are at their minimum points.

In position d, the control shaft is moved all the way to the left
from center (raising potentiometer 3 to its maximum) and slightly
upwards (increasing potentiometer 1 from its center somewhat, and
decreasing potentiometer 2 from its center setting by the same
amount). Potentiometer 4 is at its minimum setting.

Finally, in position e, the control shaft is moved straight down
from the center position. In this position, potentiometer 1 is at its
minimum setting, potentiometer 2 is at its maximum setting, and
potentiometers 2 and 3 are at their mid-points.

Notice that at any given position of the control shaft, poten-
tiometers directly across from each other (1 and 2/3 and 4) have
mirror image settings—as one increases, the other decreases.

A joystick of this type can control up to four separate synthesis
functions. In most cases, similar functions are controlled by the
joystick to prevent excessive confusion. Operating a joystick with
divergent functions, or where precision is required, can be quite
difficult.

A popular application that is well suited to the joystick is to
control four vcas, each driving one channel of a quadraphonic (four
speaker) sound system or recorder. The joystick can be used to
place the apparent sound source anywhere within the sound field
between the speakers (see Chapter 4). The position of the joystick
control shaft corresponds to the location of the apparent sound
source within the field.

In synthesizer work, one end of each potentiometer in a joy-
stick is connected to a fixed voltage source. Moving the control
shaft changes the amount of voltage that will appear at the other end
of each potentiometer. Obviously this variable voltage can be used
to operate any voltage-controlled synthesis module.

Joysticks can be nice for certain special effects, but in most
cases, they are difficult to relate to, and almost impossible to set
precisely. Joysticks certainly shouldn't be the primary manual con-
trol device for your synthesizer system, but they are good for
supplemental controllers.

Ribbon Controllers. A number of commercially available
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synthesizers feature ribbon controllers. A ribbon controller is simply
a long, narrow ribbon of a special material that will produce a
resistance that is proportional to where along its length it is
touched. The ribbon controller can be used in a similar fashion as a
keyboard. The electronic musician can slide his finger along the
ribbon to produce smooth glides from frequency to frequency (or
whatever parameter is being controlled) at any speed he chooses.
Microtones (in-between notes) that are not possible on a traditional
keyboard can be readily played on a ribbon controller.

A switch can be added along the entire length of the ribbon, so a
gate or trigger pulse can be generated whenever it is touched.

Ribbon controllers are nice, although they are not as easy to
play as a traditional keyboard. It is also difficult to notate effects
played on a ribbon controller. On the other hand, the unfamiliarity of
a ribbon controller is not as likely to limit the electronic musician's
imagination as a traditional keyboard.

Unfortunately for the experimenter building a custom elec-
tronic music synthesizer, the conductive ribbon material is not
readily available, especially in the small quantities needed by the
experimenter. However, you may be able to find some in one of the
surplus house catalogs, or you may be able to salvage a strip from a
junked synthesizer.

Foot Pedals. One of the big advantages of an electronic music
synthesizer is the large number of parameters of a sound that can be
controlled by the musician. This can also be something of a disad-
vantage, especially in a live performance situation. After all, the
average musician only has two hands to play a keyboard, or ribbon
controller, flick switches, or twiddle potentiometers or joysticks.

To increase the amount of control an electronic musician has,
foot pedals can be used to control some functions.

Two types of foot pedals are available. One type is nothing
more than a foot operated switch for on/offeffects. The other type is
a foot controlled potentiometer. This second type is illustrated in
Fig. 7-18. In an electronic music synthesizer, this kind of foot pedal
1s generally used with a fixed voltage source to produce a varying
voltage for voltage-control.

Of course, it is difficult for most people to precisely position
their foot on a control pedal, but this control method is just fine for
relatively crude effects. Foot pedals are often used to control
volume, or the depth of vibrato or tremolo effects. Figure 7-19
shows a patch that can be used for foot controlled vibrato depth and
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Fig. 7-18. Potentiometer foot pedal.
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Fig. 7-19. Patch diagram for foot controlled vibrato speed and depth.
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speed. Two foot pedals are used—one for each foot. Naturally it is
assumed that the musician is seated.

Foot pedal control is not unique to electronic music synthesiz-
ers. Many organs have pedals to control the volume of the instru-
ment. Large organs often have akeyboard of foot pedals to play bass
notes. Electric guitars have popularized a number of special effects

.devices that are usually housed in foot pedals since both of a
guitarist's hands are occupied. Even standard acoustic pianos have
loudness pedals that work in on/off fashion.

Moog even makes a synthesizer called Taurus which is
primarily controlled by foot pedals and foot operated switches. The ¢
musician's hands are free to play another instrument simultane-
ously.

Mercury Switches. Many unique control techniques can be
concocted using mercury switches. A mercury switch is essentially
a glass tube containing two contacts and a globule of mercury. When
the tube is tilted so that the mercury is touching both of the
contacts, the switch is closed. In other positions (when the mercury
is touching just one or neither of the contacts), the switch is open
(see Fig. 7-20).

Obviously mercury switches are suitable only for on/off ef-
fects, rather than continuously varying control voltages like a
potentiometer. Still, there are many applications.

Leads

™ Contact

KGlass Tube

Glob of Mercury Mercury

Contact

Fig 7-20 Construction of a mercury switch.
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Fig. 7-21. Switched stepped-voltage control

Remember, akeyboard isjust a series of switches too. A bank
of mercury switches could be connected to generate stepped control
voltages using a circuit something like the one in Fig. 7-21.

Mercury switches are controlled by positioning them. Many
unorthodox arrangements could be used. It would probably be
rather tricky learning how to control your synthesizer using mer-
cury switches, but it can be done. Ofcourse, pseudo-random effects
would be the easiest to create this way.

A number of mercury switches could be mounted on a panel
that can be turned, rolled, or tossed about to open and close various

switches. One possible arrangement of the switches on such a panel
is illustrated in Fig. 7-22.

M E e [

Fig. 7-22. Possible mercury switch controller.
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\ ) Fig. 7-23. Photoresistor symbol.

A dancer could have several mercury switches sewn to his or
her costume. Each time the dancer moved, the synthesizer would
generate different sounds. Of course, you would have to be careful
about the cables running from the synthesizer to the switches on the
dancer's costume. Advanced experimenters might want to couple
this idea with a small radio transmitter that is also attached to the
dancer's costume and a receiver for the synthesizer.

For really strange random effects, how about connecting mer-
cury switches to a mobile or a set of wind chimes? This would give
you a wind controlled synthesizer.

There are many other possibilities for using mercury switches
to control an electronic music synthesizer. These techniques are
undeniably off the wall, but fun to work with, and they can often
produce some very striking effects you might not come up with by
other methods.

Light Activated Controllers. Current interest in solar
power technology has made a number of light sensitive devices
available to the experimenter. These can be used to control your
electronic music synthesizer too.

There are two primary ways to play a light sensitive synthe-
sizer. You can either place the controller in a well lighted area and
create varying shadows on its surface by waving your hands over it,
or you can place the controller in a darkened area, and shine a
flashlight or some other small, movable light source on the control-
ler's surface.

There 1s some confusion about the names of these light sensi-
tive devices. The term "photocell" is often applied to photoresis-

A \
Fig. 7-24. Photocell IIII I'r
(photobattery) symbol. 7\ ;
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tors, A photoresistor is obviously a device that varies its resistance
in proportion to the amount of light striking its surface. Another
name for this device is light dependant resistor or LDR. The
schematic symbol for the photoresistor is shown in Fig. 7-23.

The term photocell is more properly applied to a segment of a
photobattery (or solar battery). A photobattery generates a current
proportional to the amount of light striking its surface. The
schematic symbol for this device is illustrated in Fig. 7-24.

Photobatteries are primarily used to power circuits with low
voltage requirements. They are not particularly suited to control-
ling synthesizer modules since their output voltage is more or less
constant. Only their current handling capability varies with the light
intensity.

Photoresistors, on the other hand, can be very useful to the
electronic musician. Since they are a varying resistance device,
they can be used almost anywhere a potentiometer is used.

By using a fixed voltage source (a photobattery, for instance)
and a photoresistor, a light controlled variable voltage source can
easily be built. A schematic is shown in Fig. 7-25.

+V

AN

Control Voltage Out
¢ O

Small resistor

Fig. 7-25. Photoresistor control voltage source.
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Fig. 7-26. Photodiode symbol.

Other light sensitive devices are also available, and I am not
going to devote a lot of space to their possible applications here.
There are to many possibilities. Use your imagination.

\\ Fig. 7-27. LASCR symbol.

The schematic symbol for a photodiode is shown in Fig. 7-26.
Figure 7-27 shows the schematic symbol for a LASCR or light
activated silicon controlled rectifier. The schematic symbol for a

N

Base Connection Not Always Used

Fig 7-28 Phototransistor symbol.
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Fig. 7-29. Construction of a homebrew optoisolator.

phototransistor is illustrated in Fig. 7-28. There is often no direct
connection to the base of a phototransistor. The light striking the
device's surface determines the effective base voltage.

You can use light sensitive devices to build voltage control
capabilities into almost any circuit. FOr example, a potentiometer
or resistor can be replaced by a photoresistor. A small lamp or LED
(light emitting diode) is positioned to shine on the face of the
photoresistor, as shown in Fig. 7-29. Both ol these components
should be shielded from all outside light. Different voltages applied
to the lamp (or LED) will vary the brightness of the light shining on
the photoresistor, changing its resistance and the operating
parameters of the circuit. The same idea can be used with photo-
diodes, photoresistors, or LASCRs.

Commercially available devices based on this idea are avail-
able. These units are called optoisolators. An LED and a light
sensitive device are encapsulated in a light-tight package resem-
bling an &-pin DIP IC

One big advantage of the optoisolator idea is that the control
circuit 1s 1solated electrically from the circuit it is controlling. This
prevents loading, impedance mismatches, and other potential
problems.

Your Own Ideas. There are many, many other ways to
manually control your electronic music synthesizer. Many haven't
even been thought of yet. Use your own ideas. The possibilities are
almost limitless, and no idea is too far out.

Anything that opens and closes a switch, changes a resistance,
or generates a varying voltage can be put to use in your synthesis
system. Let your imagination flow, and experiment.
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Chapter 8
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Automatic Controllers

In electronic music synthesis, many parameters of each sound can
be dynamically varied. For example, pitch, harmonic content,
timbre, and volume, to name just a few. Unfortunately, there is an
obvious physical limitation to the number of controllers a musician
can operate at one time. To take full advantage of your synthesizer's
capabilities, you will need to control some of the sound parameters
with automatic devices.

In some patches, automatic controllers may operate all of the
parameters, letting the instrument essentially play itself.

There is another major advantage to using automatic control-
lers. An electronic circuit can generate and change a control voltage
far faster and with much greater accuracy than any human being
could. This makes many special effects possible. Can you imagine
having to set timbre (the amplitude envelope—see Chapter 6)
manually for each and every note?

In this chapter, we will examine a number of automatic con-
troller circuits of various types. Once again, we will only be able to
cover a few of the more common circuits. As with so many other
things in electronic music synthesis, the possibilities are virtually
limitless.

LOW FREQUENCY OSCILLATORS

An oscillator can be used to control a voltage-controlled mod-
ule. An audio range oscillator can be used to control a vco for FM
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effects or a vca for AM effects. It can also be used to control a vcf.
The effect will be a sort of cross between AM and FM.

Generally, however, oscillators used as automatic controllers
have subaudible frequencies. A circuit used this way is called a
low-frequency oscillator, or Ifo. An lfo may be voltage-controlled,
but in most cases the frequency is manually set.

If the frequency of an 1lfo is slow enough, its waveshape will be
audible. Most commercial synthesizers have lfos that generate sine
waves. The smooth, gliding shape of this waveform makes it perfect
for effects like tremolo (see Chapter 6) or vibrato (see Chapter 5). If
a sine wave oscillator is not available, triangle waves may be
substituted. For best results when using triangle waves, use a
low-pass filter to remove the harmonics.

Unusual effects can be achieved by controlling a voltage-
controlled module with a lfo that generates sawtooth waves or
rectangle waves.

In most cases, when a lfo is referred to, it is assumed to be a
sine wave type unless otherwise noted.

For circuits that can be used in this application, refer back to
Chapter 3.

ENVELOPE GENERATORS

Envelope generators (sometimes called function generators)
were discussed in Chapter 6.

To review, there are two basic types. The AR (Attack/
Release) type allows the synthesist to determine how long the
voltage will take to build up to its maximum level, and how long it
will take to die down. As long as there is a voltage at the envelope
generator's trigger input after the attack portion is completed, the
maximum voltage level will be sustained. Ifthe trigger signal ends
before the attack portion is completed, the release (or decay) will
begin immediately after the attack.

Some typical AR envelopes are illustrated in Fig. 8-1. Figure
8-2 shows how the control panel of an AR envelope generator might
look.

A more deluxe kind of envelope generator is the ADSR type.
This type of envelope generator produces four stage envelopes.
First there is an attack (as with the AR type), which is immediately
followed by an initial decay which drops the output voltage down
from its maximum level to a manually set sustain level. The sustain
1s again held for as long as the trigger signal is present. Then the
final release lets the voltage drop back down to zero.
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Fig. 8-1. AR envelopes.
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Fig. 8-2. Control panel of an AR envelope generator.
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Fig. 8-4. Control panel of an ADSR envelope generator.

Some typical ADSR envelopes are shown in Fig. 8-3. The
control panel of a typical ADSR envelope generator is illustrated in

Fig. 8-4.

Circuits

Envelope generators are most frequently used to control vcas
to set the timbre ofthe sound, as discussed in Chapter 6. However,
like any other voltage source, they may be used to operate any

R1
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=
i Ci1
Trigger In
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R3

Envelope Out

Fig. 8-5. Simple AR envelope generator.
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Table 8-1. Parts List for Fig. 8-5.

R1, R3 1 MQ potentiometer

R2, R4 47 kQ resistor

C1 2.2 uF electrolytic capacitor
D1, D2 diode (1N4148 or similar)

voltage-controlled module. Some very interesting effects can be
achieved by controlling a vco or a vcf with an envelope generator.
Simple AR Type. A simple AR type envelope generator is
shown in Fig. 8-5. This is a passive circuit, taking its power from
the trigger signal. It isjust about as simple as an envelope generator
circuit can get, requiring only 7 components. The parts list is given
in Table 8-1. Potentiometer Rl controls the attack time, while
potentiometer R3 is used to adjust the release time. The maximum
level will be sustained as long as the trigger signal is present.
One disadvantage of this circuit is that only gate signals can
really be used to triggerit. Trigger pulses are too short. The trigger
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Fig. 8-6. Improved AR envelope generator.
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signal must last at least as long as the attack portion ofthe envelope.
If the trigger signal ends before the attack is completed, the en-
velope will immediately begin to decay.

Five Transistor AR Type. A more advanced AR envelope
generator circuit is shown in Fig. 8-6. This circuit requires a 15 to
18 volt power supply. The parts list is given in Table 8-2. Poten-
tiometer R11 controls the attack time, while R13 sets the release
time.

Resistor R16 could be replaced by a potentiometer for a manu-
ally variable sustain level. This potentiometer should have a value
between 1 kQ, and 10 kQ.

Either gate or trigger pulses may be used to drive this en-
velope generator.

555 Timer ADSR Type. Figure 8-7 shows the circuit for an
Al)SR type envelope generator. The parts list is given in Table 8-3.

This envelope generator is a bit unusual, since the sustain time
can be set, rather than depending on the length of the gate signal.
The circuit is built around a pair of 555 timers (a single 556 dual
timer [C may be substituted, of course). IC2 determines the attack
time, while IC3 sets the length of the sustain portion of the en-
velope.

Potentiometers R4 and R7 interact in setting the attack time.
The initial decay is set with potentiometer R3. The portion of the

Table 8-2. Parts List for Fig. 8-6.

R1 47 kQ resistor

R2 330 kQ resistor

R3, R7 6.8 kQ resistor

R4 330 Q resistor

R5, R6 100 kQ resistor

R8 33 kQ resistor

R9 47 Q resistor

R10 6.2 kQ resistor

R11, R13 500 kQ potentiometer

R12, R15 10 kQ resistor

R14, R16 1 kQ resistor

C1 100 uF electrolytic capacitor

c? 2.5 uF electrolytic capacitor

C3 0.2 uF capacitor

D1, D2, D3 silicon diode (1N4148 or similar)

Q1, Q2 NPN transistor (2N744, 2N4264, 2N5129, GE-20,
RCA SK3020, Motorola HEP53 or similar)

03 UJT (Radio Shack RS2029 or similar)

Q4, Q5 NPN transistor (2N2712, Radio Shack RS2015,
GE-20, RCA SK3020, or similar)
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Fig. 8-7.555 ADSR envelope generator.

circuit including R2 through RS, DI, and D2 is actually the same
basic circuit that was presented in Fig. 8-5.

The sustain time is controlled by potentiometer R12, and the
sustained level is determined by the setting of potentiometer R6.
Finally R10 determines the length of the final release section of the
envelope.

Table 8-3. Parts List for Fig. 8-7.

R1, R9 2 2 kQ resistor

R2, R5 10 kQ resistor

R3 50 kQ potentiometer

R4, R7, R10, R12 1 MQ potentiometer

R6 1 kQ resistor

R8, R13 22 kQ resistor

R11 47 kQ resistor

C1,C3,C5 1 uF electrolytic capacitor
c2,C4 0 01 uF capacitor

D1, D2, D3 silicon diode (1N4148 or similar)
IC1 1/6 of a 7404 hex inverter IC
1IC2,1C3 555 timer IC
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IC1 is a digital inverter. It is actually one section of a six
section hex inverter IC It is not strictly essential, but it is helpful
for interfacing this circuit with other synthesizer modules. If the
inverter is used, a 5 volt (approximately) pulse will trigger the
envelope. Without the inverter, you would have to feed a constant 5
volts into the trigger input and interrupt it (drop the voltage to zero)
to initiate an envelope.

Combined Generator and vca. The circuit shown in Fig.
8-8 is a bit different from the other envelope generators discussed in
this section. Ordinarily, the audio signal does not pass through an
envelope generator. The envelope generator is triggered to pro-
duce a voltage that varies in a specific pattern. This voltage is
generally used to control a separate vca module, although envelope
generators may be freely used with any voltage-controlled module.
The circuit of Fig. 8-8, on the other hand, is self contained. It is
essentially an envelope generator and a vca in one. It can only be
used to add an amplitude envelope over an existing signal. This
circuit has both a trigger input and a signal input. There is only a
signal output. The envelope pattern is not available as an external
control voltage.

+24V

Signalin

R4

K1
Trigger In 4
N~ o
+24V
"%

RS
w

-2V O—W\—¢
R6

o1 ¥
77

Signal Out

Fig. 8-8. Single module envelope circuit.
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Table 8-4. Parts List for Fig. 8-8.

R1 1.5 kQ resistor

R2 4.7 kQ resistor

R3 100 kQ potentiometer

R4, R5 500 kQ potentiometer

R6 1 kQ resistor

R7 1 MQ resistor

R8 2.2 kQ resistor

R9 10 KQ resistor

R10 1 MQ potentiometer

R11 100 KQ resistor

C1,C4 22 uF electrolytic capacitor

C2,C5 0.1 uF capacitor

C3 10 uF electrolytic capacitor

D1 zener diode (1N749 or equivalent)

Qi NPN transistor (MPS2926, Motorola HEP-722,
Radio Shack RS2016, or similar)

Q2 FET (2N5459, Radio Shack RS2036, or similar)

K1 4.5 volt SPDT relay

Potentiometer R4 controls the attack time, potentiometer R3
controls the sustain time, and potentiometer RS sets the release
time. There is no initial decay in the envelopes generated by this
circuit. The amplitude of the sustain portion of the envelope (the
envelope's maximum level) is determined by the setting of poten-
tiometer R10.

The parts list for this circuit is given in Table 8-4.

Auto Pulser. A circuit that may supplement the envelope
circuit of Fig. 8-8 is illustrated in Fig. 8-9. This circuit generates a
string of trigger pulses for repeating envelopes as long as switch Sl
is closed. Potentiometer R4 sets the repetition rate for the en-
velope cycles. You should be aware that for long envelopes, the
automatic trigger pulses may occur before the previous envelope is
completed. This could cause problems. On the other hand, it might
create just the effect you need. Experiment.

The parts list for the auto-pulser circuit is given in Table 8-5.

CEM 3310 IC As with many of the other synthesis modules
already discussed in this book, dedicated envelope generator ICs
are available.

The pin-out diagram for Curtis Electromusic Specialties’ CEM
3310 envelope generator is shown in Fig. 8-10. This is a full ADSR
type envelope generator. A unique feature of this device is that each
of the envelope parameters (attack time, initial decay time, sustain
level, and final release time) may be voltage-controlled for dynami-
cally changing envelopes.
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SSM 2055 IC Solid State Micro Technology also manufac-
tures several voltage-controlled envelope generator [Cs. The pin-
out diagram for the SSM2055 is shown in Fig. 7-11. The times may
be set through a 1 to 50,000 range, which gives the device an
amazing degree of versatility.

Combining Envelope Generators. Envelope generators
are fairly simple devices, but they are extremely useful in elec-
tronic sound synthesis.

For greater versatility in generating envelope shapes, two or
more envelope generators may be used together. Figure 8-12,
shows one way two envelopes could be combined in parallel. The
patch for this effect is illustrated in Fig. 8-13.

Table 8-5. Parts List for Fig. 8-9.

R1 2.2 kQ resistor

R2 560 Q resistor

R3 100 Q resistor

R4 50 KQ potentiometer

R5 3.3 kQ resistor

C1 250 pF electrolytic capacitor

c2 22 upF electrolytic capacitor

D1 silicon diode (1N4148, or similar)

Q1 UJT (GEX10, Radio Shack RS2031, or similar)
St SPST switch
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Fig. 8-11. Pin-out diagram for the SSM 2055 envelope generator IC.
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Another way to combine envelopes is to let one envelope
trigger the next when its level passes a specific point. A typical
example of this is shown in Fig. 8-14. The patch for creating this
effect is shown in Fig. 8-15.

Envelope Followers

In electronic music, envelopes are usually obtained by en-
velope generators of some sort. However, when you are combining
a microphone, or another musical instrument with a synthesizer,
you can take the natural envelope from the original sound, and use it
with another, purely electronic sound. Many unique and fascinating
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Fig. 8-14. Combining envelopes in series.
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Fig. 8-15. Patch diagram for series envelopes.

effects can be created using this technique. For example, by speak-
ing or singing into a microphone and using the envelopes from your
voice on a vco's output, you can make the oscillator seem to talk.
The clarity of the effect will depend on the exact equipment used.

The circuit that strips off the envelope of a signal is called an
envelope follower. The patch diagram for the speaking oscillator
effect is shown in Fig. 8-16.

A circuit for a basic envelope follower is shown in Fig. 8-17.
The parts list is given in Table 8-6.

An envelope follower may be used in any of the ways you can
use an envelope generator. While most commonly used to drive

Microphone Preamp
' ~ (It necessary)
| ~ Envelope
T s Follower

veo m —lvca/ > Out

Control
Voltage
Source

Fig 8-16. Vocal envelopes on electronic sounds.
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vcas, there is no reason why the output of an envelope follower can't
be used with a vco or vef

SEQUENCERS

Another popular automatic controller used in electronic music
synthesizers is the sequencer. A sequencer is a device that gener-
ates a preset pattern of voltages. The output of a typical sequencer
is shown in Fig. 8-18. The pattern can be repeated as often as
desired. This makes sequencers ideal for rhythm lines.

Essentially a sequencer plays a synthesizer voice by itself,
freeing the musician to play other, simultaneous lines.

Many sequencers also output gate and trigger pulses to initiate
an envelope on each voltage step.

Four Step. A super simple four step sequencer circuit is
shown in Fig. 8-19. The parts list is given in Table 8-7. This circuit
is built around five 555 type timers, but a quad 558 unit and a single
555 are shown in the schematic. If you use all 555 single timers, or
556 dual timers, be sure to check the pin numbers. The circuit will

Signal In

R6 R7

AAA- AAA- 4 44{6_____qr—° Out

D1

Ic2 AAA-

-8V +9V

-9V

Fig. 8-17. Envelope follower.
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Table 8-6. Parts List for Fig. 8-17.

R1 47 kQ resistor

R2 270 kQ resistor

R3 5 kQ potentiometer
R4 100 Q resistor

R5, R6, R8 39 kQ resistor

R7 18 kQ resistor

R9 220 kQ resistor
C1,C2 0.1 uF capacitor
Cc3 0.047 uF capacitor
D1, D2 silicon diode (1N4148, or similar)
IC1,1C2,I1C3 op amp IC

work with any of these versions, but the pins to be connected are
different.

This circuit is not really a true sequencer in the sense usually
meant by electronic musicians. It is an event sequencerthat outputs
a series of trigger pulses to initiate various events. No control
voltages are outputted. First a trigger signal appears at output 1,
then atoutput 2, output 3, output4, output 1, output 2, and so forth.

Potentiometers R3, R8, R9, and R10 control the length ofeach
trigger signal. Potentiometers R11 and R11 interact to set the over-
all sequencer rate.

This device is not as useful in an electronic music synthesizer
system as more standard sequencers (several will be presented
shortly), but it can be useful in some special cases. A typical patch
using this module is shown in Fig. 8-18. Each envelope generator is
set to create a different timbre, causing the texture ofthe sound to
continously change in a regular four step pattern.

Another patch using this four event sequencer circuit is illus-
trated in Fig. 8-21. Each sound source will be heard in turn.

2 2

]

3
|

l Pattern Repeats

Fig. 8-18 Typical sequencer output.
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Fig. 8-19. Simple 4 event sequencer.

Eight Step. The circuit shown in Fig. 8-22 is an eight step
control voltage sequencer. Each voltage is adjusted by one of the
eight potentiometers (R3 through R10). The rate of the sequence
will be set by the position of Rl and SI (which selects one of six
timing capacitors).

Notice that this circuit has two outputs. Pin 3 of ICI provides
the gate signal for triggering. The control voltage output is the
common end of potentiometers R3 through R10.

You might want to consider adding LEDs in series with each of
the voltage output level potentiometers, so you can see which step
the sequencer is currently on. Another modification would be to
insert a switch between pin 3 of IC1 and pin 5 of IC2. This will allow
you to stop the sequencer on any step.

The parts list for the eight step sequencer is given in Table 8-7.
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Fig. 8-20. Typical patch for the simple 4 event sequencer.

Ten Step. Another fairly simple sequencer circuit is illus-
trated in Fig. 8-23. It is quite similar to the one we just discussed
except that this generates a ten step sequence. As the parts list in
Table 8-9 indicates, somewhat different circuitry is used here to
achieve basically the same ends.

Thirty-two Step. The final sequencer we will look at here is a
little different. This unit steps through a 16 step sequence, then
runs back through the entire sequence backwards, before starting
over (forwards again). The circuit is shown in Fig. 8-24, and the
parts list is given in Table 8-10.

Potentiometers R3 through R18 set the output voltage levels
for each step. The sequence rate is determined by potentiometer
RI.

Table 8-7. Parts List for Fig. 8-19.

R1 500 kQ potentiometer

R2 2.2 kQ resistor

R3, R8, R9, R10, R11 10 kQ potentiometer

R4, R5, R6, R7 3.3 kQ resistor

C1 0.047 uF capacitor
C2,C3,C4,C5 0.1 uF capacitor

IC1 555 timer IC

1C2 558 quad timer IC (see text)
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Fig. 8-21. Asecond typical patch for the simple 4 event sequencer.

This back and forth sequence can create some fascinating
patterns, but it might not always be musically useful. Many patterns
that you will want your sequencer to perform won't sound quite
right. However, when you make use of it, this circuit effectively
gives you a 32 step (16 forward and 16 backward) sequencer at a
ridiculously low cost. You should be able to build this device for less
than $30. The most expensive parts will be the 17 potentiometers.

PSEUDORANDOM VOLTAGE SOURCES

Many people involved in electronic music like to experiment
with chance music. That is, they want their synthesizer to randomly
play itself. Figure 8-25 shows a circuit that can help them achieve
this end. The parts list is given in Table 8-11.

Table 8-8. Parts List for Fig. 8-22.

R1 500 kQ potentiometer

R2 1 kQ resistor

R3-R10 1 kQ potentiometer

C1 0.01 uF capacitor

Cc2 0.1 uF capacitor

C3 1 uF electrolytic capacitor

C4 10 uF electrolytic capacitor

C5 50 uF electrolytic capacitor

C6 100 pF electrolytic capacitor

S Single-pole/6 throw rotary switch
IC1 555 timer IC

1IC2 74LS193 up/down counter IC

IC3 7404 hex inverter IC (only 1 section is used)
IC4 74LS138 decoder/demultiplexer IC
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Fig. 8-22. 8 step sequencer.

This circuit generates a more or less random series of control
voltages. It is not a truly random series. The pattern will be
repeated. But the entire pattern is long enough to sound random.

The pseudorandom voltage source is operated by a single
potentiometer and two rotary switches. Potentiometer R1 simply
sets the rate of the clock pulses, and thus the speed at which the

Table 8-9. Parts List for Fig. 8-23.

R1 500 kQ potentiometer

R2 1 kQ resistor

R3-R12 1 kQ potentiometer

C1 1 uF electrolytic capacitor
C?2 2.2 uF electrolytic capacitor
C3 4.7 uF electrolytic capacitor
C4 10 uF electrolytic capacitor
C5 25 pF electrolytic capacitor
C6 47 uF electrolytic capacitor
St Single-pole/6 throw rotary switch
IC1 555 timer IC

IC2 7490 decade counter IC
IC3 7441 BCD decoder IC

214



+5v

Gate Qut

o + (CG o
l hs | Control Voltage Out
So e 3 A
i{ r2 St B3
. T3
?+ Ra
ca
6 . c2+ }
2 RS
—s et e 1
777 |
1 3 R6
/_/17 16 15| i
A7

ic3 13
s R8
14 "1z N
7 1‘*—@—‘—
5 9 10| R9
ic2 51289 '—L_m_<
8
236710 Rio
V
A1
WA—
77 R12

Fig. 8-23. 10 step sequencer.

output voltages will change. The capacitors selected by switch S2
determine the range of clock speeds. These six capacitors allow a
very wide range of speeds to be selected.

The third control, switch Sl can be used to change the pattern.
Each position of this switch should create a somewhat different
sounding "random"” pattern.

There are a number of ways you can adapt this circuit. Smaller
capacitors will speed up the pattern, and larger capacitors will slow
it down. The 1 kQ resistors (except R2) may be made as large as 10
kQ, but they should all have equal values, and the resistors listed as
2.2 kQ in the parts list should have approximately twice the new
kQ resistors.

value of the 1 Reducing these resistances is not

recommended.
Table 8-10. Parts List for Fig. 8-24.
R1 100 kQ potentiometer
R2 1 kQ resistor
R3-R18 1 kQ potentiometer
C1 0.68 uF capacitor
IC1 555 timer IC
1C2 7400 quad NAND IC
IC3 74LS193 up/down counter IC
IC4 74154 (4to 16 decoder/demultiplexer) IC
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The pseudorandom voltage source is a unique module, not
found on most synthesizers. It can produce some fascinating effects.

Using this device to control a vco will produce a series of
random tones. These tones are not likely to sound very melodic,
however. A gate signal could be taken offof pin 3 of IC3 to trigger an
envelope generator. Using the pseudorandom voltage source to
control a vca will give an interesting warbling effect, especially if
the voltage generator is operating at a fairly high speed. A patch for
this effect is shown in Fig. 8-26. Operating a vcf with the
pseudorandom voltage source can also create some intriguing
sounds.

SAMPLE AND HOLD

Many synthesizers achieve pseudorandom control voltage ef
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fects with special circuits called sample and hold, or S/H.

A sample and hold circuit has two inputs and a single output.
One input is an ac signal source, and the other is a pulse or clock
signal. Each time a clock pulse triggers the S/H circuit, the instan-
taneous level of the ac signal is captured and held constant at the
output until the next clock signal is received. The effect is illus-
trated in Fig. 8-27. Youcan see from this diagram that the output of
the circuit is a series of pseudorandom control voltages that change
at a rate equal to the clock frequency. Obviously, the clock fre-
quency should be fairly low with respect to the input signal. In most
cases, the clock frequency will be below the audible range.

Input Requirements

For the pseudorandom effect, the clock frequency and the input
frequency should not be harmonically related. If these frequencies
are harmonically related, a short repeating pattern will be created.
This may be desirable in some cases.

Any ac signal may be fed to the input of a sample and hold
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Fig. 8-25. Pseudorandom voltage source.

217



Any
Signal
Source

Envelope Pseudorandom
Generator Voltage Source

Trigger Source 0———J

Fig. 8-26. Random warble effect patch.

circuit, although rectangle waves will produce rather uninteresting
results. This point is illustrated in Fig. 8-28.

A sine wave was shown as the input in Fig. 8-27. Figure 8-29
demonstrates the effect if the input signal is an ascending sawtooth
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Fig. 8-27. Sample and hold effect with a sine wave.
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Fig. 8-28. Sample and hold effect with a rectangle wave.

wave, and Fig. 8-30 shows a triangle wave as the input signal. Of
course, the relative frequencies of the input signal and the clock
signal will also have a dramatic effect on the output pattern.

Not surprisingly, the most random effects can be achieved if
random noise is used as the input signal. This isshown in Fig. 8-31.

Whenever any periodic waveform is used as the input to a
sample and hold, the output pattern will eventually repeat. Of
course, this is not true for a noise signal, which is aperiodic. The
length of the pattern before it repeats will depend on the lowest
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common multiple of the input signal frequency and the clock fre-
quency. By avoiding harmonic relationships, very long patterns can
be generated. A long enough pattern will tend to sound purely
random, and the repetition will tend to go unnoticed.
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Fig. 8-29. Sample and hold effect with a sawtooth wave.
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Fig. 8-30. Sample and hold effect with a triangle wave.
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Circuits

In most sample and hold circuits, the held output value is
stored by a relatively large capacitor. This capacitor must be capa-
ble of being charged up very quickly, while having a very low
amount of leakage. No capacitor is ideal, so no practical sample and
hold circuit can hold an output value indefinitely. Eventually the
charge must leak off the capacitor. This effect is illustrated in Fig.
8-32.

Op Amp S/H. A simple sample and hold circuit built around a
low noise op amp IC isillustrated in Fig. 8-33. The parts list is given
in Table 8-12.

The op amp is actually a buffer amplifier with a gain of 1 (unity).
It is used to help reduce excessive leakage into the circuit con-
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