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Preface

This book has been written for the musician or student who knows nothing of either
synthesis or electronics and who wants to understand how analog synthesizers work. It isa
combination of theoretical explanation and hands-on experience: 99 experiments are of-
fered and discussed in detail.

All instantaneous sounds, no matter how complex, can be defined in terms of only
three parameters: pitch, timbre (tone quality), and loudness. Analog synthesizers consist
of units (or modules) that create these parameters separately and combine them into one
final result. The VCO creates waves that sound unlike one another because of their differ-
ing harmonic content. The original sound (timbre) of the wave may be modified by the
VCF. The wave’s loudness is determined by the VCA. The way these three parameters
vary over time (as opposed to instantaneously) is typically governed by the settings of
envelope generators.

Synthesists build a rich palette of sounds by varying the controls on their VCOs,
VCFs, VCAs, and envelope generators. This is done by a process known as voltage-con-
trol, the most critical concept necessary to an understanding of analog synthesis. Voltage-
control is typically the change of pitch, timbre, or amplitude over a period of time that is
caused by a changing electrical signal.

The bulk of this book is concerned with helping you to understand the preceding two
paragraphs.

Chapter One of this book is designed so as to have you making sounds immediately,
and is meant to be completed in about an hour. That doesn’t mean you’ll understand
much in that hour. It does mean you’ll be able to make your synthesizer sound like a
typical synthesizer rather quickly. If you want to randomly move attenuators, push but-
tons, etc., please do; if you have creativity and enthusiasm but lack knowledge you can end
up with some interesting effects. However, once you decide to begin Chapter One, please
make a pact with yourself to follow it exactly until you have finished it. If in the middle of
the chapter you get side-tracked by all the possibilities of some spacey sound, you’ll find it

vii



viii Preface

very hard to come back and understand where you were. In other words separate, at least
at the start, those times when you just want to intuitively play from those times when you
want to learn in a rational manner. Both areimportant and necessary and hopefully by the
end of this book you will have integrated them. Of necessity the book emphasizes the
rational and linear mode of thought, but just “being with the synthesizer” is equally
important. It’s just that at first you’ll learn more quickly if you do one or the other at a
given time.

You will learn in paragraphs 6 and 29 of Chapter One what it means to say the
synthesizer is “in neutral.” Beginning with Chapter Two, unless otherwise directed,
be sure that the synthesizer and keyboard are in neutral before you begin any experiment.
If they are not you may get confused, because some effect you hadn’t planned on may be
happening.

Chapter Two introduces you to the important concepts of signal routing, block
diagrams, wave parameters, and basic voltage control. In Chapter Three you'll meet the
modules common to all synthesizers; the VCO, VCF, VCA, and envelope generators.
Because these are so basic they are discussed at great length. Chapter Four is a short dis-
cussion of approaches to synthesis. Other modules that synthesists typically use are dis-
cussed in Chapter Five. Chapter Six, the driest and most technical of the chapters, briefly
covers amplitude and frequency modulation. These techniques are used only oc-
casionally! in the production of tonal music but frequently in the production of atonal
music. Chapter Seven discusses the hardware, giving you information about most com-
mercial synthesizers.

Beginning synthesis students commonly make three mistakes: 1) They fail to pay
strict attention. If the instructions tell you to insert a plug in an attenuated input and you
insert it in an unattenuated input, you’re going to get a very different effect from the one
intended. Please pay attention. 2) They fail to plug the ends of patchcords tightly into
jacks. If you don’t get sound, check those connections. 3) They don’t open (generally by
raising or turning to the right) attentuators. A closed attenuator is like a closed bathtub
faucet: it will not let anything pass. All attenuators in signal and control paths must be
open. Check them if you get no sound.

This book is meant to be universal and its contents accurate for almost all analog
synthesizers. Because the many experiments show a wide variety of ways in which syn-
thesizer modules may be used, you will be able to do more experiments—have more
flexibility—if your synthesizer is patchable. However, few synthesists will have all the
modules necessary to do each experiment. If you can’t do a particular experiment because
your synthésizer doesn’t have the necessary flexibility, just read the description and study
the patch: You’ll at least understand the point of the experiment. As a reference point I
have assumed you have available a one-voice synthesizer with one or more VCOs, a low-
pass VCF, a VCA, envelope generator, LFO, and a keyboard.? No matter what synthesizer
you have, or even if you have no synthesizer at all, you will understand the secrets of these
exciting new instruments when you have completed this book. You will be able tolook at a

I FM techniques are commonly used in instrumental simulation with computers, but such computer simula-
tion is rare at this time.

2 A word of warning: because synthesizer manufacturers have generally decided to produce keyboards, it
becomes easy to think of a synthesizer as a keyboard instrument. Such thinking places an unnecessary limita-
tion on synthesis and needlessly excludes non-keyboardists. One need not be a piano player to be a synthesist.
The only reason a keyboard is needed is to play melody in real time (and even then it’s not needed if you have
one of the devices described in Chapter Five, section ITI-G). To fully appreciate the capabilities of a synthesizer
you must expand your definition of music to encompass all of sound; don’t limit yourself by thinking you must
have or play a keyboard.
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synthesizer you’ve never seen before and, within a short time of studying its face panel,
understand what it can and cannot do. You will know how to create the effects you want. If
you have accidentally created a great sounding patch you’ll be able to go back over it and
understand what you did. You will understand the advantages and disadvantages of
monophonic and polyphonic, patchable and hard-wired, and analog and digital syn-
thesizers.

Some of the experiments in this book require more than the basic aforementioned
modules; in such cases the word NEEDED appears at the beginning of the experiment,
and following it are listed the additional modules needed to complete the experiment.
Those NEEDED modules are found on many, but not all, patchable synthesizers. You will
be able to do many of the experiments in this book, and you can still learn how synthesizers
work, even if your synthesizer has only the basic modules and isnot patchable. Infact, this
book will teach you how synthesizers work even if you have no synthesizer at all.

Obvious differences in makes of synthesizers are frequently pointed out in footnotes,
but I cannot point out every difference in every synthesizer; that’s why you should care-
fully read the manual that came with your synthesizer. This book is complementary to
that manual.

The ARP 2600 is a patchable synthesizer widely used in teaching environments, and
it has many features unique to it. For this reason Appendix A deals particularly with the
2600, and there are numerous references toit throughout the book (such asthat on page 16,
which directs the reader to section I of Appendix A).

There are many more modules available, both voltage- and manually-controllable,
than those discussed in this introductory book. Serge-Modular’s analog shift register,
Aries’ complex electronic switches, E-mu’s voltage-controllable envelope generator tim-
ing parameters, and Polyfusion’s many keyboards are but a few examples.? Generally
these modules are compatible with the equipment of competitors, but check to be sure.
Familiarize yourself with the products of these and of other companies.

I recommend thorough and constant review of this book as you learn. When you have
finished Chapter Two your understanding will increase if you re-do Chapter One. When
you complete section II of Chapter Three go back and review section I, as well as Chapters
One and T'wo. In this way you will be able to integrate the many things you’ll be learning,
and to understand them as part of a totality rather than asisolated concepts and modules.

A final note: your reason for being interested in synthesizers is most probably the
creation of music, whether tonal or atonal. The concepts you’ll be learning in this book are
of necessity scientific in nature. As much as possible I've given examples of how to
translate that scientific understanding into musical value, but this book cannot teach you
to be creative. It can only give you the tools with which to broaden your own artistry. If you
let go of any limitations you may have placed upon yourself by prior definitions of what
music is or what a synthesizer sounds like, your life can be greatly enriched, as mine has.
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chapter one

Becoming Familiar
With A Synthesizer

This chapter is a series of numbered paragraphs, most of which are in two parts. The
part of the paragraph in CAPITAL LETTERS indicates something you are physically to
do with the synthesizer. The part that is in lower case type is a beginning and brief ex-
planation of what’s happening. You are not expected to understand this brief explanation
of theory at this time. If you get it, wonderful; if you don’t, don’t worry. Rather than just
moving controls having no idea what they do, or dealing immediately with technical
theory that won’t seem like fun, you will get some theory along with hands-on application.
Everything will be explained in greater detail later on. When you have completed this

chapter you should have created some typical synthesizer sounds. Let’s go!

1.

If possible listen to the synthesizer through an external PA system.
Internal speakers sometimes make such a system unnecessary, but
to appreciate how a synthesizer can sound, you will find an external
PA extremely helpful.

If your synthesizer has one final output jack (sometimes called “Line
Out” or “Audio Out”) and your amplifier is monaural, or if your syn-
thesizer has stereo outputs and your amplifier is stereo, connections
between the two are obvious. If you have access to a monaural
amplifier and your synthesizer has stereo outputs, connect one syn-
thesizer output jack to the input of your amplifier and slide any
“Pan’’ control toward that output jack.

With each experiment in this book, and with each new step of
Chapter 1 (which is itself one major experiment), there will be a
block diagram, a symbolic representation of what is happening with



2 Chapter 1

the different parts of the synthesizer. Block diagrams are explained
in the first part of Chapter 2. Don’t expect to understand them
immediately. Study them in the context of the connections you have
actually made on the synthesizer and they will become clear.

3. Important words or concepts will be italicized the first time they are
used. Try to get their meaning from the context in which they are
used. There is also a glossary at the back of the book, and every new
word that is italicized appears there.

4. Every control, every attenuator on the synthesizer, has some effect.
Therefore it is important that any time you begin work with the syn-
thesizer you know where every control is. Otherwise an attenuator or
switch might be changing the sound you expected to get. Fortunately
there is a way to make sure that no control will secretly affect what
you are doing and confuse you.!

5. MAKE SURE THE POWER IS OFF. PLUG THE SYNTHESIZER INTO
AN ELECTRICAL OUTLET.

Many synthesizers come with a 3-way grounded plug. If it is at all
possible, the synthesizer should be plugged into an outlet that ac-
cepts this kind of plug. If such an outlet is unavailable, buy an
adapter which allows you to insert a plug like this into a regular
electrical outlet. Do not cut off the third (or grounding) prong from
the synthesizer power cord in an attempt to plug the cord into a
regular electrical outlet.

6. MAKE SURE THAT ALL THE CONTROLS THAT MOVE UP AND
DOWN ON THE SYNTHESIZER ARE DOWN; MAKE SURE THAT
ALL THE CONTROLS THAT MOVE TO THE RIGHT OR LEFT ARE
TO THE LEFT; MAKE SURE THAT ANY SWITCHES (EXCLUD-
ING THE POWER SWITCH) ARE UP OR TO THE RIGHT.

EXCEPTIONS: SLIDE CONTROLS (ATTENUATORS) FOR THE
SPEAKERS, IF ANY, SHOULD BE UP; A PAN CONTROL, IF ANY,
SHOULD BEIN THEMIDDLE, UNLESS YOU AREUSING AN EXTER-
NAL MONAURAL AMPLIFIER (IN WHICH CASE FOLLOW THE
DIRECTIONS IN PARAGRAPH 1); ACONTROL FOR A HIGH-PASS
FILTER, IF ANY, SHOULD BEALL THEWAY TO THE RIGHT OR UP.

7. When the synthesizer is in the configuration described in paragraph
=« 6 we say it is “‘in neutral,” just like an automobile. It’s ready to go.

8. TURN THE POWER SWITCH ON.

9. Your synthesizer has one or more signal generators called voltage-
controlled oscillators (VCOs for short). A VCO is a device that
generates assorted waves of all audio frequencies (frequencies you
can hear) and (often) low frequencies (also called sub-audio frequen-
cies, or frequencies you generally cannot hear). AF is an abbreviation
of audio frequency, LF of low frequency. You can decide which fre-

I These instructions are generally true. However, you should read your synthesizer’s manual in the event of
particular differences. If your synthesizer has microprocessor-assisted programmability (e.g., Sequential Cir-
cuits Prophet 5, Oberheim OBX-a, Roland Jupiter 8, Yamaha CS40-M, etc.), it should be in the non-preset
mode (Manual Mode in the OBX-a and Oberheim OB-1).

\



Becoming Familiar With A Synthesizer 3

quency a particular VCO will generate. A VCO cannot generate more
than one fundamental frequency at any given instant in time; that
is, it cannot generate two fundamental frequencies simultaneously,
although each VCO can generate at least two different periodic
waveforms (which have the same fundamental frequency) simul-
taneously. The waveforms that synthesizers generate are called sine,

sawtooth, pulse, triangle and square; their symbols, respectively,
are:

ommmeroed e

Most voltage-controlled oscillators have two associated attenuators
that control the initial frequency at which the oscillator will generate
a wave and, depending on that frequency, you will hear either a pitch
(for example, middle C) or, if the oscillator is in low-frequency range,

an event which can recur again and again (for example, periodic
clicks).

10. LOCATE A VCO THAT HAS AT LEAST TWO DIFFERENT WAVE
OUTPUTS (e.g., SINEAND SAWTOOTH). OPEN THE COARSE FRE-
QUENCY ATTENUATOR OF THAT VCO, SO THAT THE VCO OUT-

PUTS A FREQUENCY OF ABOUT 300 HZ. (APPROXIMATELY E°E B
ELAFABOVE MIDDLE C.) MAKE SURE THAT IF THERE IS ARANGE
SWITCH IT IS IN THE AUDIO FREQUENCY (OR KEYBOARD)
POSITION.2

One attenuator associated with the initial frequency of the VCO is
called the coarse tuning attenuator to distinguish it from the other
attenuator associated with the VCO, the fine tuning attenuator. The
former has a range of about 4 to 10 volts, and can cause pitch changes
of 4 to 10 octaves. The latter generally has a range of less than one
volt, and can cause a pitch change of less than one octave.

If there is arange switch, whenitisinits audio frequency position the
frequency generated by the oscillator will be within audiorange, that
is, you can hear it. When it is in the low-frequency (LF) position, the
oscillator will generate low, sub-audio, frequencies.

At this moment the VCO is generating as many waves as there are
outputs—up to five: a sine, a triangle, a positive-going sawtooth, a
negative-going sawtooth, and a pulse, each having a frequency of
about 300 cycles per second. If the waves being generated were
patched directly out you would be able to hear them.

11.  Virtually all synthesizers have either an output mixer or a VCA as
the last stage of the signal path. Whenever you are told to patch a
wave “out,” patch the wave into the output mixer or the VCA and
open the attenuator associated with the jack into which you patched

* Hard wired synthesizers (Chapter 7, section I-B) usually have VCOs that generate only audio frequencies,
and separate LFOs that generate only low frequencies. Thus their VCOs do not usually have range switches.
Exception: Oscillator B on the Sequential Circuits Prophet 5 and Prophet 10.


this correction was done by somebody else. it was already in the book, so i left it.


4

3 If your synthesizer is hard-wired then you will have to open the filter and VCA as well to hear sound. You may
also have to depress a key. Microprocessor-assisted programmable synthesizers do not have separate gain at-
tenuators associated with their VCAs; to open those VCAs you’ll have to open the D, S and R attenuators of

Chapter 1

12.

13.

14.

15.

the signal. If the last module on your snythesizer is a VCA, you will
have to open the gain attenuator of the VCA to let the audio signal
pass through. The output mixer is generally the rightmost module on
a synthesizer.?

IFIT IS PATCHABLE, YOUR SYNTHESIZER WAS SUPPLIED WITH
SEVERAL PATCHCORDS, SHORT CABLES WITH “MALE” PLUGS
AT EITHER END; THESE ARE USED TO CONNECT OUTPUT AND
INPUT JACKS. OUTPUTS DO NOT CONNECT TO OTHER OUT-
PUTS; INPUTS DO NOT CONNECT TO OTHER INPUTS. IF YOU
CONNECT AN OUTPUT TO AN OUTPUT OR AN INPUT TO AN IN-
PUT, YOU CANNOT HURT THE SYNTHESIZER; YOU JUST WILL
NOT GET ANY SOUND. PATCH AN AF SAWTOOTH WAVE OUT.

You should hear the sound of a sawtooth wave whose frequency is
about 300 cycles per second. Note that the strength (amplitude) of
the signal increases as the attenuator is opened. In general the more
an attenuator is opened, the greater the amount of signal that can
pass through it.

LEAVE THE PATCHCORD WHEREIT IS, BUT CLOSE THE ATTEN-
UATOR. INSERT ANOTHER PATCHCORD INTO ANOTHER OUT-
PUT OF THE VCO AND PUT THE OTHER END INTO ANOTHER
INPUT TO THE OUTPUT MIXER. NOW OPEN THE ATTENUATOR
ASSOCIATED WITH THAT INPUT. FOR EXAMPLE:

nJ
/1

Note the difference in quality of sound between two different waves
of equal frequency. Different types of waves have different charac-
teristic sounds because they have different overtones, or harmonics.

ALTERNATELY OPEN AND CLOSE THE TWO ATTENUATORS TO
HELP YOU COMPARE AND CONTRAST THE DIFFERENT
SOUNDS. WHEN YOU FEEL YOU HAVE HEARD ENOUGH,
REMOVE BOTH PATCHCORDS AND CLOSE BOTH AT-
TENUATORS.

An attenuator has a wide operating range. When it is completely
shut, it does not allow any signal to pass through; when it is com-
pletely open, it allows all the signal to pass through. At different
pointsin the operating range it allows different levels of signal to pass
through.

the associated ADSR envelope generators.



Becoming Familiar With A Synthesizer

There are times when you will want to have some spe-

cificity on how open the attenuator should be: wide open, T4
halfway open, etc. The convention used in this book is as -3
follows: all attenuators are assigned five numbers: 0, 1, 2, L2

3,and 4. Ifthe attenuatorsettingis 0, itis closed; if it is 4, it

is completely open. At 1 it is one-fourth open; at 2it is one- e |

half open; and at 3 it is three-quarters open. iy O

Unless otherwise stated, all attenuators appearing in a

block diagram will be at maximum open (a level of 4). The

only exception will be the final (rightmost) attenuator in !
the patch, which will control the final volume of the
sound. Set that attenuator to your taste.

By way of example, right now most attenuators on your
synthesizer are set at 0, although the attenuators associated with the
speakers and high-pass filter, if any, are at 4, and the coarse fre-
quency attenuator of one VCO is somewhere between 0 and 4.

16. One of the primary modules of any synthesizer is a voltage-
controlled filter (VCF). A filter controls which harmonics of a wave
are allowed to pass through to the final signal output. In order tohave
a VCF modify a wave, the wave must be input into the filter. This is
done through any of the audio inputs to the filter. To get a filter to
modify a wave from a VCO you could connect a patchcord from any
VCO complex wave output to any audio input to the filter.

17. SET THE COARSE FREQUENCY OF A VCO TO ABOUT 300 HZ.,
JUST AS YOU DID BEFORE. CONNECT APATCHCORD FROM THE
VCO'SSAWTOOTHOUTPUT TO ONE OF THE AUDIO INPUTSTOA
LOW-PASS FILTER. MOVE THE ATTENUATOR ASSOCIATED
WITH THE FILTER, THE INITIAL FILTER CUTOFF FREQUENCY
ATTENUATOR, ALL THEWAY TO THE RIGHT OR UP. THIS OPENS
THE FILTER. PATCH THE FILTER OUT. NOW RAISE THE AT-
TENUATORS ASSOCIATED WITH BOTH INPUTS, THE ONE TO
THE FILTER AND THE ONE TO THE OUTPUT MIXER, TO A LEVEL
OF 3.

FC =10 KHZ.

You should be hearing a sound similar to the one you heard before. At
the same frequency one sawtooth wave, if unmodified, will sound
like another. With the initial filter cutoff frequency attenuator all
the way to the right or up, the low-pass filter is wide open, passing
virtually everything that comes through it. Therefore it is not yet
modifying the sawtooth wave from the VCO.

18. VERY SLOWLY CLOSE THE INITIAL FILTER CUTOFF FRE-
QUENCY ATTENUATOR OF THE VCF. THE ATTENUATORS (VER-
TICAL ORROTARY CONTROLS) ASSOCIATED WITH THE INPUTS
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TO THE FILTER AND THE MIXER SHOULD BOTH BE PUT AT A
LEVEL OF 4.

Fe2 W He.

What are you hearing? Although you might think at first that the
volume is decreasing, what is really happeningis that the higher har-
monics, the higher-frequency components, of the sawtooth wave are
being removed—filtered—from the sawtooth. It is similar to turning
down the treble control on a hi-fi amplifier. Listen to this effect
several times. Of course, the total volume is in fact decreasing, but
this is a secondary effect, caused by the loss of more and more of the
high harmonics, and thus more and more of the total energy of the
signal. Conversely, as you open the filter, more harmonics are
allowed to pass through and the sound becomes brighter, richer,
fuller. A filter changes the tone color—the timbre—of a wave.

19. When you opened and closed the initial filter cutoff frequency at-
tenuator, you exercised manual control over the filter. This works
just fine if you want to open and close the filter occasionally, but
what if you wanted to do that evenly 6 or 7 times a second? You
couldn’t do it. Try it if you think you can.

However, the various waves of the synthesizer VCOs, when in their
low frequencies, can control the filter, by a process known as voltage
control. Voltages do the same thing you did manually, only much
faster and more evenly than you could. Here’s an example that will
help you distinguish how manual and voltage control are similar and
how they differ.

20. PUT THE RANGE SWITCH OF ANOTHER VCO IN ITS LOW-
FREQUENCY (LF) POSITION AND OPEN THE FREQUENCY AT-
TENUATOR ASSOCIATED WITH THE VCO ABOUT TWO-THIRDS
OF THE WAY 4

A VCO functioning as a generator of low-frequency wavesis called an
LFO (low-frequency oscillator). Thus the VCO set to generate a fre-
quency of about 3 cycles per second is now an LFO. If the range
switch of the VCO (if it has one) were in its audio-frequency position
now, the frequency of the waves generated by the VCO would be
about 1 KHz. (KHz. is defined in Chapter 2, section II.)

21. In addition to audio inputs, the filter has control inputs. Typically
one of these is unattenuated and others are attenuated (that is, they
have attenuators associated with the input jacks that control how
much voltage gets through).

22. PATCH A LOW-FREQUENCY SINE OR TRIANGLE WAVE INTO AN
ATTENUATED CONTROL INPUT TO THE FILTER. THE SINE WAVE

4 If your synthesizer is hard-wired, open an LFO’s attenuator about two-thirds of its range, and route it to
control the filter.
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IS NOW VOLTAGE-CONTROLLING THE FILTER. THAT'S WHY ITS
CALLED A VCF. THE INITIAL FILTER CUTOFF FREQUENCY AT:
TENUATOR ASSOCIATED WITH THE FILTER SHOULD BE IN THE
MIDDLE OF ITS RANGE. SLOWLY OPEN THE ATTENUATOR
ASSOCIATED WITH THE CONTROL INPUT TO THE FILTER.

Fe=500 Hz.

Notice how smoothly the sine wave is able to open and close the filter.
It’s similar to the way you did it manually, but more even.

23. NOW SLOWLY OPEN THE FREQUENCY ATTENUATOR OF THE
LFO. THIS INCREASES THE FREQUENCY OF THE LFO, THE
CONTROLLING OSCILLATOR. THE FILTER IS NOW BEING
OPENED AND CLOSED AT A FASTER RATE AS YOU CONTINUE
OPENING THE ATTENUATOR.

Here’s the real beauty of voltage control. There is no way anyone
could manually open and close the filter as fast or evenly as that.

24. FOR ADDED EFFECT EXPERIMENT WITH OPENING THE
RESONANCE ATTENUATOR. DO IT VERY SLOWLY. THERE WILL
BE A VERY MARKED CHANGE IN QUALITY WHEN YOU GET THE
RESONANCE SLIDER QUITEFARTO THERIGHT AND THE FILTER
STARTS TO OSCILLATE (OR APPROACHES OSCILLATION).

Fc=500 Hz.
Medium Q

Y

25. NOTE THAT THERE ARE FIVE PARAMETERS WE HAVE USED SO
FAR, EACH OF WHICH WILL CREATE A DIFFERENT EFFECT.

1. Moving the coarse frequency attenuator of the VCO changes the
pitch of the VCO.

2. Moving the frequency attenuator of the LFO causes the frequency
of the filter being opened and closed to be raised or lowered,
depending on whether you open or close that attenuator.

3. Closing the filter cutoff frequency attenuator causes filtering, the
subtraction of harmonics.

4. The resonance attenuator causes the accentuation of a particular
frequency component (harmonic) of the sawtooth wave.

7
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5. The attenuator associated with the control input to the filter
controls the depth of effect of the LFO.

26. Take your time with these five parameters. Become familiar and
comfortable with what they do. Each one is important, not only for
what it does but also because an understanding of the effect of each
will help you understand what other modules do.5

27. TURN THE POWER SWITCH OFF. PLUG THE KEYBOARD INTO
THE SYNTHESIZER, IF NECESSARY. '

Never plug the keyboard into the synthesizer when the power is on;
doing so could damage the synthesizer.

28. TURN THE POWER SWITCH BACK ON.

29. Just as it was important to put the synthesizer ‘“in neutral” before
beginning so that you were not surprised by unwanted effects, so too
it isimportant to put the keyboard in neutral if it has controls besides
just a keyboard.

LOOK AT THE KEYBOARD: ANY VERTICAL ATTENUATORS
SHOULD BE ALL THE WAY DOWN; ANY PITCH-BEND DEVICE
SHOULD BEIN THE MIDDLE; ANY TRANSPOSE SWITCH SHOULD
BE IN THE MIDDLE; ANY PORTAMENTO SWITCH SHOULD BE
OFF; ANY TRIGGER-MODE SWITCH SHOULD BE ON MULTIPLE;
ANY REPEAT SWITCH SHOULD BE IN THE MIDDLE; ANY
MODULATION WHEEL SHOULD BE ALL THE WAY TOWARDS
YOU.

30. A synthesizer keyboard is a source of control voltage. In order for an
oscillator to change pitch as you play notes on the keyboard, the
voltage output by the keyboard must control that oscillator. Many
synthesizers have hard-wired patches (installed at the factory)
which automatically provide for keyboard control of VCOs (and
VCFs).

31. IFYOURSYNTHESIZERIS PATCHABLE,LOCATETHEKEYBOARD
CONTROL VOLTAGE OUTPUT JACK. PATCH IT INTO ONE OF
THE MULTIPLE JACKS (IF YOUR SYNTHESIZER HAS MULTI-
PLE JACKS; IF IT DOES NOT, YOU CAN BE QUITE SURE THAT
THERE ARE HARD-WIRED PATCHES TO THE VCOs AND VCFs).
PATCH ONE MULTIPLE JACK OUTPUT TO AN UNATTENUATED
CONTROL INPUT TO THE VCO, AND ANOTHER MULTIPLE JACK

@ A

oV

KBD

5 You will be able to complete the stepsin this chapter only if your synthesizer has patchcords; if it does not, you
will still learn something by reading to the end of this chapter.



32.

33.

34.

35.

36.

37.
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OUTPUT TO AN UNATTENUATED CONTROL INPUT TO A VCF. IN
THIS CONFIGURATION THE KEYBOARD CONTROL VOLTAGE
WILL CONTROLBOTH THEVCO AND THE VCF. ASYOU PLAY THE
KEYBOARD HIGHER, MORE VOLTAGE WILL BE INPUT TO THE
VCO, CAUSING ITS FREQUENCY (PITCH) TO RISE, AND TO THE

VCF, CAUSING IT TO OPEN. CONVERSELY, AS YOU PLAY THE

KEYBOARD LOWER, THE VCO'S PITCH WILL FALL AND THE VCF
WILL CLOSE.

CLOSE THE LFO’'S CONTROL ATTENUATOR INTO THE FILTER,;
OPEN THE FILTER; MAKE SURE THE ATTENUATORS ASSO-
CIATED WITH THE AUDIO INPUT TO THE FILTER AND THE INPUT
TO THE MIXER ARE OPEN. NOW PLAY THE KEYBOARD A BIT.

At this point it seems like you are playing a regular keyboard; that is,
the interval between C and D is one whole tone, between E and the
next higher E exactly one octave, just as you would expect. This
effect is misleading and is only one (albeit the most common) use of
the keyboard: to control an oscillator at the rate of 1 volt per octave.

The keyboard is, in fact, a voltage controller. We will have much
more to say about that later.

You will also notice that you can’t turn the sound off. This is because
the filter is always open, always allowing the signal to pass. When
you take your finger off a note on the keyboard, the synthesizer tracks
and holds that note until you play another note, and then it tracks
and holds that one. You need some way to turn the sound on and off:
on when you play the keyboard, off when you stop. There are several
ways to do this, and a common one is to use a VCA and an envelope
generator.

Many synthesizers have two types of envelope generators. The more
versatile is the ADSR, the nature of whose output is determined by
four vertical or rotary attenuators; the other is the AR generator,
which has two vertical or rotary attenuators. An envelope generator
typically might control a VCF or a VCA. Pushing down a key on the
keyboard sends a trigger signal to the envelope generator,® telling it
to start allowing the VCF or VCA to open. It also sends a gate signal
which tells the envelope generator how long to output a control
voltage. An envelope generator also determines the ‘“shape’ of the
sound.

The VCA determines the strength of the signal whichis output. Ifitis
wide open, all signal input to it comes through; if it is closed, none
comes through.

You are now going to change the route the signal takes to get out of
the synthesizer. Instead of having it go directly from the filter out,
you will take the signal coming out of the filter and putit through the
VCA. Since it is not controlling the VCA, you must first put it in one
of the audio inputs to the VCA.

9

5 Actually the AR generator requires only a gate signal; no trigger signal is needed. The ADSR requires a trigger
if it is to function as a four- -stage envelope generator, but it will work as a three- stage envelope generator if it
Teceives only a gate signal. Moog ADSRs do not require triggers. More on this in Chapter 3, section D.



10

Chapter 1

38. CLOSE THE ATTENUATOR OVER THE INPUT TO THE MIXER.

39.

40.

41.

REMOVE THE END OF THE PATCHCORD THAT IS IN THE INPUT
TO THE MIXER AND PUT THAT PLUG INTO AN AUDIO INPUT TO
THE VCA. THE FILTER OUTPUT IS NOW GOING INTO AN AUDIO
INPUT OF THE VCA.

4

KB8D

THE FOUR ATTENUATORS ON THE ADSR ENVELOPE GEN-
ERATOR HAVE TO BE SET IN SOME WAY TO SIGNAL THE VCA
HOW TO OPEN AND CLOSE. HERE ARE SOME ARBITRARY SET-
TINGS: SET THE ATTACK ATTENUATOR HALFWAY TO MAX-
IMUM; SET THE DECAY ATTENUATOR A LITTLE HIGHER THAN
THE ATTACK ATTENUATOR; SET THE SUSTAIN ATTENUATOR A
LITTLE HIGHER THAN THE DECAY ATTENUATOR; AND SET THE
RELEASE ATTENUATORAT ABOUT THESAME POSITIONAS THE
ATTACK ATTENUATOR. THE SETTING IS EXPRESSED
NUMERICALLY AS 2,2'2,3,2. (SEE PARAGRAPH 15.)

PATCH THE OUTPUT OF THE ADSR ENVELOPE GENERATOR TO
THE EXPONENTIAL CONTROL INPUT TO THE VCA. OPEN BOTH
ATTENUATORS, THE ONE ASSOCIATED WITH THE AUDIO INPUT
TO THEVCA AND THE ONEASSOCIATED WITH THECONTROL IN-
PUT TO THE VCA.

PATCH THE VCA OUT, AND OPEN THE LAST ATTENUATORTO A
LEVEL OF 3.

KBD

42. NOW PLAY THE KEYBOARD.

A VCA will not pass a signal unless there is both an audio signal and
some control voltage coming through it. The audio signal from the
VCF is always going into the VCA, but the control voltage doesn’t go
into the VCA until a key is pressed. This triggers the envelope




43.

44,

45.
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generator (ADSR) and tells it to send a control voltage to the VCA.
How that voltage will cause the VCA to open and close is determined
by the ADSR attenuator settings. When the VCA detects a control
voltage from the ADSR envelope generator, it opens up and the
signal is allowed to pass. When the key is released, no more control
voltage is sent, so the VCA closes and the signal from the VCF can’t
get through.

CHANGE THE SETTINGS OF ALL THE ATTENUATORS ON THE
ADSR AND YOU WILL BEGIN TO GET A FEEL FOR WHAT AN
ENVELOPE GENERATOR DOES. TAKE YOUR TIME WITH THIS.
THERE ARE, AS YOU WILL SEE, LITERALLY HUNDREDS OF DIF-
FERENT POSSIBLE ADSR SETTING COMBINATIONS. IF YOU
RAISE THE ATTACK ATTENUATOR ALL THE WAY UP, YOU WILL
HAVE TO KEEP A KEY DEPRESSED QUITE A WHILE TO GET ANY
SOUND.

WHILE PLAYING THE KEYBOARD, YOU MIGHT ALSO WANT TO
EXPERIMENT WITH CHANGING THE FIVE PARAMETERS MEN-
TIONED IN PARAGRAPH 25. CHANGING THEM TOGETHER WITH
CHANGING THE ADSR SETTINGS CREATES A WIDE VARIETY OF
POSSIBLE SOUNDS.

Hard-wired synthesizers have patches that have been installed at
the factory; you may or may not use the patch, but you may not
create a new patch that has not been provided for by the
manufacturer. “Quasi-modular’ synthesizers (Chapter 7, section I-
C) have pre-patches, which are indicated by symbols like this one:

vCO
2
mnu

That symbol means that the manufacturer has hard-wired a patch
from VCO-2’s sine wave output to the module. You would not need to
use a patchcord to get VCO-2’s sine wave output at the module in-
put; all youneed dois open the appropriate attenuator and the signal
will appear, just as if a patchcord had been used.

Pre-patches-on patchable synthesizers are items of convenience:
manufacturers generally create them where they are most used. For
example, an LF sine wave is typically used to control the cutoff fre-
quency of a VCF, so pre-patches of sine waves to VCFs are common.
Don’t think of the pre-patches as the “correct’ patch; doing so will
seriously limit your proper use of the synthesizer. A pre-patchisonly
one possibility. 7

A pre-patchis defeated (negated) any time a patchcord is inserted in
the jack associated with the pre-patch. For example, if you patched a
sawtooth wave from a different VCO into the jack above the symbol
indicating that a sine wave from VCQO-2 was pre-patched, that pre-
patch would no longer apply. It would be defeated and you would
hear the effect of the sawtooth wave rather than the sine wave. See
Chapter 3, section I-B for more about hard-wired and pre-patches.

11



chapter two

Concepts Necessary
To Understand
Synthesizers

. ROUTING SIGNALS AND BLOCK
DIAGRAMS

A. Basic Block Diagrams

Oscillators (sometimes called “function generators”) generate waves which, when in
the audio range, need to get to your ears in order to be perceived. It is helpful, in the context
of routing, to think of the wave as a quantum, a distinct entity, that goes from its origin to
its destination. The easiest way to get that wave from an oscillator to your ear would be to
send the signal directly from an oscillator output to the input of an amplifier, from the
amplifier to a speaker, then through the air to your ear (Figure 2-1).

VCO > Sound Waves = — — Q YOUR
_______ EAR

AMPLIFIER SPEAKER
FIG. 2-1

EXPERIMENT #1: An unmodified wave

Patch any wave ofa VCOinits audio frequency out, open the indicated attenuator,
and you will hear that wave. To hear an audio frequency well, set the oscillator’s
coarse frequency attenuator so that the pitch you hear is about middie-C.

12
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There are essentially three types of modules on all synthesizers: signal generators,
modifiers, and controllers. Oscillators (and a noise generator) are the primary signal
generators on all synthesizers. Filters, VCAs and mixers are typical signal modifiers.
Keyboards, envelope generators, and LFOs are typical controllers. However, a module
that generally serves one of these functions may in fact function very differently in a given
patch (e.g., Experiment 28, where a VCF—typically a signal modifier—functions as a
controller). You must look to where a signal goes—not where it comes from—to know if it is
functioning as a generator, modifier, or controller.
The “map” of the route a signal takes is called a block diagram. In order to simplify
understanding of block diagrams the following convention! will be used throughout this
book:

Signal generators will be represented by a circle. These will typically be
VCOs. If there is no drawing of a wave in the circle, then any AF wave may
be used; if there is a drawing of a specific wave, then that wave is to be used.
Audio-frequency waves should generally start in the octave between
middle-C and high-C to be heard easily. If the circle has an N in it, a noise
generator is the signal source.

. Signal modifiers will be represented by an isosceles triangle whose apex is

at the right.2

Controllers will be represented by a rectangle with the type of controller
designated within the rectangle. If the controller is an LF wave, the
waveshape will be in the rectangle. If it is an envelope generator, that will be
indicated. If it is a keyboard, sample and hold, or whatever, that will be in-
dicated within the rectangle.

Note that, unless otherwise stated, a waveshape in a circle implies an AF
wave; a waveshape in a rectangle implies an LF wave, unless otherwise
stated.

O
©
S,
>
/]

ADSR

Audio signals are diagrammed as leaving a module on its right and entering a module

on the left.

Control signals are diagrammed as leaving a module on its right and entering a module

at the bottom.

Keyboard control of a VCO or a VCF indicates the control voltage signal output by the
keyboard; keyboard control of an envelope generator indicates the timing signals (gate

and trigger) output by the keyboard.

An attenuator (a signal modifier that can cut the level of an input signal) in the signal

path is represented by the electrical symbol for a variable resistor:

—Afh—>

;'?rom an article by Bugg, “Patch Notation: A Business Approach,” Synapse, V.2, no. 5 (March/April 1978),

2 This is the electronic re

derived.

presentation of an operational amplifier (op amp), from which many modifiers may be

13
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Typically a wave is generated by an oscillator, sent through a filter (VCF) and VCA
and then out to the world. Figure 2-2 is a block diagram of that signal routing.

FIG. 2-2

In many cases (as you learned from the introductory chapter) a synthesizer has
built-in hard-wired patches (Chapter 7, section I-B); in such cases patchcords are un-
necessary, although the block diagram is the same. Examples of hard-wired synthesizers
include the Minimoog, Arp Solus and Sequential Circuits Prophet 5. Some synthesizers
have pre-patches (Chapter 7, section I-C); these are hard-wired patches that can be
defeated by insertion of a patchcord at the appropriate jack. Examples of pre-patched
synthesizers include the ARP 2600, Electrocomp 101 and Korg MS-20.

We could read Figure 2-2 as follows: ‘“An audio signal originates in a VCO, goes out
the VCO into the VCP, is (probably) modified in some way there and then goes out the
VCF into the VCA, is (probably) modified in some way there and then goes out into the
world.” :

The waves that oscillators generate can be used in two ways: as audiosignals that will
follow an audio path (as above), or as control signals, more commonly called control
voltages. We will hear much more about control voltages, because voltage control is the
most important distinguishing feature of contemporary analog synthesizers. In Chapter 1
(paragraph 22) you heard an example of a wave being used to control another wave when a
low-frequency sine wave was used to control the opening and closing of a voltage-
controlled filter.

Just as there are audio paths (as in Figure 2-2), so there are control paths. A block
diagram of a low-frequency sine wave controlling a filter would look like Figure 2-3.

Y |

FIG. 2-3

A total block diagram may have both audio and control paths. As an example, let’s
combine the two we have already seen. The result is as in Figure 2-4.

FIG. 2-4



B. Audio and Control Signals

It is extremely important to understand the difference between an audio signaland a
control signal. A voltage may be either, and there’s no way of telling which it is by seeing
where it comes from; you must see where it goes. If it goes into an audio input to a module,
thenitisanaudio signal and the module modifiesit; if it goes into a controlinput, thenit is
a control signal and it controls the module output.

EXPERIMENT #2: Audio vs. control signals

Patchan AF sawtooth wave froma VCO to any audio inputto a filter. Open thefilter
wide (move its coarse filter cutoff frequency attenuator all the way to the right or
up) and patch the filter out. You hear the sawtooth wave, essentially unfiltered.
Now open and close the coarse filter frequency attenuator back and forth, and
you hear the effect the filter has on the signal. The module (the filter) is modifying
the signal.

Patch an LF wave into an attenuated control input to the filter. Put the LFQO'’s fre-
quency attenuator to minimum. Close the filter (put the coarse filter frequency at-
tenuator all the way to the left or down). Now the LF wave will very slowly open the
filter. Give it time. Experiment with both attenuators in different positions to see
what a wide variety of effects are possible. The LF wave is controlling the filter,
opening and closing it at whatever frequency the LFO is oscillating. Become
familiar with the different sound qualities of the filter modifying a wave, and of a
wave (functioning as a control voltage) controlling the filter.

VCOs do not have audio inputs; all oscillator inputs are control inputs. VCFs and
VCAs have both audio and control inputs. If you intend to modify an audiosignal by either
the filter or the VCA, patch that signal into one of their audio inputs. If you intend to
control either the VCF or the VCA by a signal of some sort, patch the signal into a control
input of the VCF or VCA. In general, AF waves will go into audio inputs and LF waves into
control inputs. Thus Figure 2-4 indicates that an output from a VCO is patched into an
audio input to the filter, that the output from the VCF is patched into an audio input to the
VCA, that a low-frequency sine wave is patched into an attenuated control input to the
filter, and that the entire product is then output from the VCA through an attenuator to
the world. Whenever there is an indication that a signal goes “‘out,” it means out through
an input to the output mixer or the VCA, unless otherwise indicated.

15



C. Information in Block Diagrams

A typical block diagram might look like this:

V) AD SR exp

/r Fc =800 Hz.
KBD
FIG. 2-5

Figure 2-5 is the same as the last block diagram in Chapter 1. This is the information given
in Figure 2-5:

An audio-frequency sawtooth wave is going to be filtered, sent through the VCA, and
then sent out. (This illustrates one good idea about reading block diagrams: always find
the audio path first and get the general idea of what is happening. Although it is not always
so easy to find that path on complicated block diagrams, in general, if you follow the
horizontal lines you will find the audio path.) Since the VCO is controlled by the keyboard,
what frequency (pitch) you hear will be determined by what note you play on the
keyboard. (The pitch is initially determined by the coarse oscillator frequency attenuator
associated with the VCO, and then the keyboard control voltage determines it from the
initial setting. On many synthesizers the keyboard control voltage is hard-wired to an un-
attenuated control input to the VCO so no patchcord is necessary to get that control
voltage to the oscillator.) The cutoff frequency of the VCF is also controlled by the
keyboard (frequently via hard-wired patch). When a key is pressed, the keyboard
simultaneously outputs a control voltage which determines oscillator frequency (pitch)
and VCF tracking, and timing signals (a gate and a trigger) to the envelope generator
(ADSR).

The trigger will tell the ADSR to fire,? that s, tostart; the gate will tell the ADSR how

‘long to go before stopping. The gate will be high as long as the key is pressed. When the
ADSR receives this information, it will control the VCA, beginning to open it the instant it
receives the trigger signal and allowing it to remain open as long as it receives the gate
signal. This VCA opening will allow the sawtooth signal, as modified by the filter, to pass
through and out. How the VCA opens will be determined by the settings of the sliders on
the ADSR. Finally, the VCF, with an initial filter cutoff frequency setting of about 800
Hz., will he controlled by a low-frequency sine wave so that whatever passes through the
VCF will have filter modulation to a depth of 2. The symbol ( ) means that
there is an attenuator in the path from the sine wave to the filter.

If you don’t understand this now, don’t worry. Envelope generators, unattenuated
inputs, and other, related concepts will be gone into later. For now, just understand that a

great deal of information can be conveyed in a block diagram. (See section Iin Appendix

A) *

Il. WAVE PARAMETERS

Since waves and their modification are so important to audio synthesis you need to
understand them. Waves are either periodic or aperiodic (not periodic). Periodic waves

3 Exception: Moog ADSR, see Chapter 3, section IV-E.

16
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recur again and again (see, for example wave 1 in the graph on page 18), and can be defined
by their frequency, amplitude, harmonics, phase and voltage relationships.
Aperiodic waves are discussed in section II-B of this chapter.

A. Periodic Waves

1. Frequency

Frequency refers to how often a periodic wave recurs in a given time period, usually
one second. If a periodic wave repeats itself regularly 1000 times each second, it has a fre-
quency of 1000 cycles per second. The phrase “cycles per second’ has recently been called
Hertz, after the German physicist Heinrich Hertz, an early investigator into the nature of
electromagnetic waves. Saying 1000 Hertz or 1 Kilohertz is exactly the same as saying 1000
cycles per second. Hertz is abbreviated Hz.; Kilohertz is abbreviated KHz.

If a periodic wave has a frequency of between 20 Hz. and 20 KHz., it is the audio
range and is thus an audio wave. It has a pitch; you can hearit.If itisbelow 20 Hz., you can
perceiveits effect on other waves but cannot hearit.* Such a low-frequency wave is typical-
ly used to control an audio wave.

EXPERIMENT #3: LF sine wave controlling a VCO

Turn the synthesizer on and make sure itis in neutral. Patch an AF sawtooth wave
out. Slowly open the coarse frequency attenuator associated with the VCO. This
raises the frequency, which is perceived as raising the pitch of the wave.

®%
Now set the coarse frequency attenuator to high-C, about 500 Hz. Patch an LF
sine wave to an attenuated control input of the AF VCO. Set the frequency of the
LFO somewhatless than 3 Hz. Open the control attenuator into the VCO. You hear
the pitch of the VCO rise and come back down to its starting point, and then fall
and come back up to its starting point. You are hearing the effect of the low-
frequency sine wave as it voltage-controls the AF VCO. The frequency attenuator
associated with the LFO will control the rate of change in the VCO’s pitch. The

control attenuator will control the depth of change (whether the deviation is up
and down a semitone, 4 octaves, etc.).

o

* If the low-frequency wave has an instantaneous voltage rise or fall, you can hear this as a discrete “click.” E.g.:

()
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Ifyou have them available, patch other LF waves to control the VCO. As you listen,
see if you can define what is happening.

Frequency can be shown on a graph, as wave 1 is shown on this page. You can see that
wave 1 recurs over and over again, so it is periodic. Assume that each square on the graph
going horizontally represents one second. Can you see that the frequency of the wave is
about once every 5 seconds? It goes through its entire cycle and returns to its starting point
once every 5 seconds.

What is the frequency of wave 2 on the graph? Before reading on, look at the graph
and come up with an answer.

If you said about once in 7 seconds, you made a common mistake. Seven seconds is
how long it took for the wave to return to its original position, but it has gone through only
halfa cycle at that point. It must complete the full cycle, soits frequency is once every 14 %
seconds. Both wave 1 and wave 2 are very low-frequency waves.
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Look at wave 1 again. If the horizontal axis from numbers 1 to 28 represented just one
second, then the wave would complete 5% cycles in one second and its frequency would be
5V cycles per second. If that same space on the horizontal axis represented 1/1000 of a sec-
ond, then the wave would complete 5% cycles in 1/1000 of a second, which is equivalent to
a frequency of 5500 cycles per second, or 5.5 KHz.

2. Amplitude

Amplitude refers to the strength of a signal, either audio or control.

Volts
+5

+4
+3
+2

0 TIME

&— One Second —> o

FIG. 2-6

Figure 2-6 shows one complete cycle of a sine wave; its frequency is 1 cycle per second. .

The wave rises, and its strength increases for the first quarter of a second, then it drops to
its starting point—its strength decreases—for the next quarter-second. In the third
quarter-second the wave drops to its maximum negative point, and finally it rises back to
its original strength again, to commence another cycle. The concept of negative value here
simply means equal and opposite. You heard the effect of such a sine wave when a low fre-
quency sine wave controlled an AF VCO in Experiment #3. We could show the effect of
the sine wave in that experiment by plotting the hypothetical frequency of the VCO
against time (Figure 2-7).

FIG. 2-7
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The VCO’s frequency rose for the first quarter of the cycle and dropped to its original posi-
tion in the second quarter; in the third quarter the frequency (pitch) of the VCO dropped
by an amount equal to the amount it rose in the first quarter of the cycle, and finally it re-

turned once again to its starting point.
In Chapter 1 you heard the effect of a low-frequency sine wave controlling a VCF;

earlier in this chapter you heard its effect on a VCO; now hear what happens when it
controls a VCA.

EXPERIMENT #4: Biased LF sine wave controlling a VCA

(volume)
@_Ma_> "y
+5 VDC Y | fin

]

Patch an audio frequency square wave to an audio input to the VCA. (Did you
remember to put the synthesizer in neutral first? Did you setthe coarse frequency
attenuator to some audio frequency you will easily hear?)

Now patch an LF sine wave to the linear control input to the VCA. For reasons that
will be explained in Chapter 3, section lll, open the “gain” control associated with
the VCA about halfway. (This is “biasing the sine wave up 5 volts”; you will learn
more about this in Experiment #74.) Raise the appropriate attenuators.

db
0

-100 TIME

You should hear the audio signal from the VCO rising and falling in volume, as its
amplitude is controlled by the biased LF sine wave. ’

This is another example of voltage control. By varying the frequency of the LFO you
change the rate at which the VCA opens and closes. You might be able to raise and lower
the volume of a signal once or twice asecond, but you couldn’t do it evenly six or ten or more
times a second. That’s the beauty of a voltage-controlled amplifier.

3. Harmonics

EXPERIMENT #5: Comparison of harmonics of different waves

Set the frequency of a VCO which has both sine® and sawtooth wave outputs to
about middle C. Patch a sine wave from the VCO out. Patch a sawtooth wave out.

5 If your VCO has no sine wave output, use a triangle. If you have neither sine nor triangle, use a square wave.
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Alternately open and close the two attenuators into the mixer. Spend some time
comparing and contrasting the different characteristic sounds of a sine and a
sawtooth wave.

AY;
/1 4‘.73/ N

In subjective terms, did you notice that the sine wave sounded relatively pure
compared with the sawtooth? That the sawtooth sounded rich and full compared with the
sine? The reason for this is that the sine wave is relatively pure,® and what it is pure of—
what it lacks— is harmonics, or overtones.

The sine wave is the basic wave in acoustics. All other periodic waves, no matter how
complex, can be created as the superimposition of sine waves of differing frequencies and
amplitudes upon one another.” As an example, look back at wave 1 and wave 2 in the
graph on page 18. Here the amplitude of these two waves is plotted against time. You can
see by the numbers at the top and bottom of the page that the total time represented is 28
seconds. Wave 1 has a frequency of 1 cycle every 5 seconds, an amplitude of +2 V2 volts, and
a peak-to-peak amplitude (the total amplitude between the maximum positive and max-
imum negative values) of 5 volts. Wave 2 has a frequency of 1 cycle every 1412 seconds, an
amplitude of +2 volts, and a peak-to-peak amplitude of 4 volts. If these waves were audio
waves generated by two different oscillators and mixed (Figure 2-8), they would have a dif-
ferent sound quality than either would separately.

w.

FIG. 2-8

In our example on the graph, the composite waveform created by the mixing
(addition) of waves 1 and 2 is shown by wave 3. The way you can confirm this for yourselfis
as follows: Look what happens to the amplitude of each wave at second #0: both waves are
at 0 amplitude, so on a third graph (the graph for wave 3) put a mark at 0 amplitude and 0
time. At second #1, wave 1 has an amplitude of +2% volts, and wave 2 has an amplitude of
+% volt, a total of +3 volts. When two or more waves are mixed, their total amplitude is
the algebraic sum of the amplitudes of each wave at each instant. Put a mark at 3 volts on
your third graph for second #1. At second #2, wave 1 has dropped back to +1% volts
amplitude, but wave 2 has risen to +1% volts. Since 1% and 1% equals 3% volts, the
composite wave will be at 3% volts for second #2. Put a mark on the third graph at that
point. Continue adding wave 1 and wave 2 for each succeeding second, and then connect
all the marks. This will give you a picture of the wave that will be created by mixing wave
1 and wave 2. Since a change in wave shape is generally equivalent to a perceived change
in timbre,® wave 3 will sound different from either 1 or 2.

8 It is relatively pure because no synthesizer can generate a completely pure sine wave.

" In fact, the superimposition of sine waves, called additive synthesis, was the primary way in which electronic
music composers created their compositions prior to the invention of voltage control.

8 Excepting phase changes, any change in wave shape will imply the addition or subtraction of harmonics. This
will almost always alter, however subtly, the way the wave sounds.
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Just as you can add waves 1 and 2 to get wave 3, you could say that wave 3 can be
defined as the addition of two sine waves, in this case 1 and 2. Similarly, all periodic com-
plex waves can be shown to be equivalent to the algebraic addition of sine waves of varying
amplitude and frequency. A wave that looks like the one in Figure 2-9 might be defined as
the addition of 31 sine waves of differing amplitude and frequency but, with the right
mathematical knowledge, we could state specifically the frequency and amplitude of all
the necessary sine waves to create the wave in Figure 2-9. (The mathematical method used
to do this is called Fourier analysis and is beyond the scope of this book.)?

} One Cycle
FIG. 2-9.

oo

Like all other complex periodic waves, a sawtooth wave may be defined as equivalent
to a series of sine waves of varying amplitude and frequency superimposed upon one
another. For generating a sawtooth of, say, 440Hz., the frequency and amplitude relation-
ships of the harmonics to the fundamental are as follows: Wave 1 would be the fundamen-
tal, a sine of 440 Hz.; wave 2 would be asine of double the frequency and half the amplitude
of the fundamental. If we arbitrarily say that the amplitude of the fundamental is 10 volts,
wave 2 would be a sine wave of 880 Hz. and an amplitude of 5 volts. Wave 1is called the first
harmonic, wave 2 the second harmonic, and so on. To the sum of waves 1 and 2 we add a
third sine wave of three times the frequency and one-third the amplitude of the fundamen-
tal. Tothesum of these three waves we add a sine wave of four times the frequency and one-
fourth the amplitude of the fundamental. If we keep going until about the 16th harmonic,
a sine wave of 16 times the frequency and one-sixteenth the amplitude of the fundamental -
(about 7040 Hz. and .6 volt), we will then have a composite wave form that looks approx-
imately like Fig. 2-10. As you might guess, it sounds like a sawtooth.

FIG. 2-10

9 See Wells (7) in the Bibliography.
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A sawtooth wave has all the harmonics in the harmonic series.® These harmonics are
not just mathematical abstractions but are the actual higher frequency components of the
original wave. Any frequency that exactly doubles another frequency sounds exactly one
octave higher; in fact, that is the definition of an octave. In our example the fundamental
was 440 Hz.; the second harmonic, 880 Hz., is exactly one octave higher and, in asawtooth,
half the strength (amplitude). The third harmonic, at 1320 Hz., is an octave and a fifth
above the fundamental, and the fourth harmonic, at 1760 Hz., is exactly two octaves above
the fundamental.

EXPERIMENT #6: Harmonics of a sawtooth wave

Patch an AF sawtooth wave into an audio input to the filter. Patch the filter out and
open the appropriate attenuators. Open the filter until you hear some substantial
degree of sound (the cutoff frequency attenuator will probably be about 1 KHz.).
Now open the resonance attenuator to the right until you hear a uniquely different
sound. This is the sound of the filter beginning to oscillate,"" something you'll
learn more about in Chapter 3, section Il. Once you hear that tone, close the
resonance attenuator just until the tone disappears. You now hear the sound
you first heard, and the filter is in a state of maximum stable resonance, the
point just beyond which the filter will oscillate. Now put the Fc attenuator to
about the same frequency as that of the VCO.

Patch a very low-frequency sawtooth wave into an attenuated control inputto the
filter. Open the attenuator over the control input to the filter. The sound you will
hear will be that of the LF sawtooth opening the filter in such a way that you suc-
cessively hear the different harmonics of the AF sawtooth from the VCO.

/]

VCF : MAXIMUM STABLE Q

Note that “Q" is the symbol meaning “resonance.” The effect of that highly reso-
nantfilter is to cause each harmonic of the input wave to be emphasized, one after
the other, as the LF sawtooth wave opens the filter (see resonance, Chapter 3,
section Il-E). .

Needed: negative DC voltage

To hear this even better keep everything as it is and patch some negative DC
voltage to a control input to the LFO. This will have the effect of slowing down the
controlling LF sawtooth wave; thus the filter will open more slowly, giving you
more time to listen to the harmonics.

9 The mathematical series %2 + Y5 + Y4 +. . . 1/nis called the harmonic series. Since a sawtooth wave has fre-
quency components of twice the fundamental, three times the fundamental, four times the fundamental . . . n
times the fundamental, it contains all the harmonics in the harmonic series. As a practical matter one would
rarely be concerned with frequency components higher than the sixteenth harmonic.

Harmonics are sometimes called partials, although there may be inharmonic partials if the higher
frequency components are not exact integer multiples of the fundamental. Inharmonic partials are typically
created by AM and FM techniques; see Chapter 6.

1Some VCFs (e.g., Oberheim, KORG) do not oscillate.



2)' VCF: max.staBLe Q
-DC |

Table 2-1 summarizes the frequencies and amplitudes of sine waves necessary to
create a sawtooth or a triangle wave, and it gives the position of the harmonic in terms of
musical pitch as well. F represents the fundamental of the wave, 2F the second harmonic,
3F the third harmonic, and so on. A represents the amplitude of the wave; thus A/2 in-
dicates that the amplitude is one-half as strong as the original amplitude, A/3 that the
amplitude is one-third as strong, and so on. You need not memorize this but you should be
familiar with it. Note that a triangle wave has no even harmonics and that the amplitudes
of the harmonics it does have decrease exponentially, much more rapidly than with a saw-
tooth. Thus a triangle wave will sound more like a sine because it has less harmonic energy
than a sawtooth. In fact, almost 90% of all the energy in a triangle wave is in the fundamen-
tal.

TABLE 2-1
Sawtooth Triangle Harmonic
F . A A Fundamental
2F A/2 F + 1 octave
3F A/3 A/9 F + 1 octave + 5th
4F A/4 ' F +2octaves
5F A/5 A/25 F +2octaves + M 3rd
6F A/6 F + 2 octaves + 5th
7F A/7 A/49 F + 2 octaves + 5th
8F A/8 F + 3 octaves
9F A/9 A/81 F + 3 octaves + M 2d
10F A/10 F + 3 octaves + M 3d

EXPERIMENT #7: Harmonics of a triangle wave

Repeat the last experiment, only this time use a triangle wave from a VCO instead
of a sawtooth. You will hear those odd harmonics.

By definition the frequencies and amplitudes of the harmonics of a sawtooth and a
triangle wave are in a specific mathematical relationship to the fundamental (shown in
Table 2-1). Most synthesizer oscillators also generate a pulse wave whose shape can be
varied by either manual or voltage control and (excluding phase changes) if the shape
varies, the harmonics change and thus the timbre will change.
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EXPERIMENT #8: Harmonics of a pulse wave

Patch an AF pulse wave out. Now manually vary the pulse width attenuator
associated with the pulse wave of the VCO. Take your time and listen to the effect
of harmonic changes within the wave.

If you patched a pulse wave output directly into an oscilloscope, you would see that
the wave looks like Figure 2-11.

+10

n—r-O<

TIME

0
A B D
FIG. 2-11

Figure 2-11 shows that the voltage of a pulse wave is instantaneously either high or low.
Thus at point A the pulse is low, at point B it instantaneously'? rises toits maximum level,
between points B and C it stays at that level, at C it instantaneously drops to its low level
and remains there until the cycle begins again at point D. This pattern can be
demonstrated by hearing the effect of a low-frequency pulse wave as it voltage-controls a

VCA.

EXPERIMENT #9: LF pulse wave controlling a VCA

Patch any AF wave into an audio input to the VCA. Patch an LF pulse wave into the
linear control input to the VCA. Open the attenuators over these inputs. Set the
frequency of the LFO at about 1 Hz. and the pulse width attenuator to about 50%.
Now patch the VCA out and open the appropriate attenuators.

What is happening is that the LF puise wave is controlling the output of the VCA.
When the pulse is low, no voltage gets to the VCA control input, so no sound
comes out. When the pulse goes instantaneously high, maximum voltage gets to
the VCA control input, so the VCA opens and we hear the audio signal being input.
The LF pulse is functioning like an on-off switch, telling the VCA when to be open

and when to be closed.

l | LINEAR

12 Of course, it takes some time to rise to its maximum level, but the time is measured in millionths of a second,
which is, for practical purposes, instantaneous.
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Although the LF pulse itself always goes from zero to +10 volts, the amount of
voltage controlling the VCA can be regulated by the attenuator over the jack into
which the pulse wave is input. If the attenuator is all the way open, all the voltage
gets through and the VCA opens up to its maximum capability, letting maximum
audio signal through. If the attenuator is only halfway open (level 2), then only &
of those 10 control volts get through, and the VCA opens up only half as much
(Experiment #35).

Itis important to understand that the LF pulse is still varying from Oto +10 volts; it
is just that the attenuator’s being halfway open lets only haif of that control voltage
through.

The pulse width attenuator determines the percentage of each cycle that the pulse is
high and low. The total of both high and low for one cycle must equal 100%. If the at-
tenuator is set at 10%, then the pulse is high for 10% of its cycle and low for 90%. The
proportion of time of a pulse spent high to low is called the duty cycle. If the pulse width is
95% it has a 25% duty cycle, which means it is high for one-fourth of the entire cycle. If the
duty cycle of the pulse controlling the VCA in the previous example had been 25%, you
would have heard sound from the VCA followed by silence which was three times as long as
the sound (the ratio of 25:75 being the same as 1:3). Since a pulse wave is periodic, this
would have recurred again and again. Try it and hear.

What happens harmonically when the pulse width (duty cycle) varies is complicated,
but here is a general rule of thumb: If you convert the duty cycle to a fraction, then the
denominator of that fraction, together with all integer multiples, will be missing in the
wave.!3 An example: A given pulse wave has a duty cycle of 25%, which converts to one-
fourth. Thus the 4th harmonic, together with each integer multiple (the 8th, 12th, 16th,
20th, etc.) will be missing from the wave. If the duty cycle were 20% (one-fifth), the 5th,
10th, 15th, 20th, etc., harmonics would be missing.

EXPERIMENT #10: Creation of a pulse wave with 25%
duty cycle

Needed: negative DC voltage

Patch an AF pulse wave whose duty cycle is 10% into an audio input to the filter.
Open the attenuator over the jack into which you have patched the pulse wave.
Set the filter to a point of maximum stable resonance, just as you did in Exper-
iment #6.

Patch a very low-frequency sawtooth wave to an attenuated control input to the
filter. Open the attenuator.

At this point the LF sawtooth opens the filter in such a way that you hear the har-
monics ofthe pulse wave. Since the pulse width is 10% you will hear almostall har-
monics (only the 10th, 20th, etc., will be missing).

Patch some negative DC voltage to control the LFO.

13 This is really only true when the numerator of the fraction is 1. The equation for determining the amplitude of
any harmonic in a pulse wave is

an = 1/n[sin(180 X n X d)],
where @ = amplitude, n = the harmonic number, and d = the duty cycle of the pulse wave.
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The purpose of this experiment is to create a 26% pulse wave. Since 25% = Va, a
25% pulse wave would have every 4th harmonic missing. Conversely, a pulse
wave which has every 4th harmonic missing is a 25% pulse wave. Therefore to
create a 25% pulse wave you need to isolate and then eliminate the 4th harmonic.

Listen as the LF sawtooth sweeps the harmonics of the pulse wave. Just before it
gets to the 4th harmonic (which is a pitch 2 octaves above the fundamental), open
the attenuator over the negative DC voltage into the LFO. This will slow the LF saw-
tooth and give you time to isolate and eliminate the harmonic.

Once you hear the 4th harmonic, move the pulse width attenuator of the VCO from
its original position slowly one way and the other. Soon the 4th harmonic will get
softer and then disappear. What has happened is that you have experimentally
found the position at which the duty cycle of the pulse wave is 25%. How do you
know? Because the 4th harmonic has been eliminated and you can verify for
yourselfthat every 4th harmonic is gone. Thus by definition you have a 25% pulse
wave.

Try this with a 20% pulse wave (eliminate the 5th harmonic)and other puise waves
as well.

There is a special case when the duty cycle is 50%. This converts to one-half, so the
2nd, 4th, 6th—in fact every even harmonic—is missing. This particular kind of pulse wave
is called a square wave, and it’s easy to see why (Figure 2-12). The pulse is high 50% of the
time and low 50% of the time, so it looks like a square (or series of squares for many pulses).
If you set the pulse width of any pulse wave at 50% you will have a square wave. Table 2-2
gives

+10 N
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0 TIME
FIG. 2-12

relationships of harmonics of sine, triangle, sawtooth, and two varieties of pulse wave for
you to compare.

What you should remember is that the fewer harmonics a wave has, the purer it will
sound; the more it has, the brighter it will sound. A sine wave has no harmonics; a square
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TABLE 2-2

33%
Sine Triangle Sawtooth Pulse Square Example
of Corresponding
~J /\ /] Il JL Frequency (Hz) Pitch
F A A A A A 440 A

2F A/2 A/2 880 A (octave)

3F A/9 A/3 A/3 1230 E

4F A/4 A/4 1760 A (2 octaves)

5F A/25 A/5 A/5 A/5 2200 C#

6F A/6 2640 E

7F A/49 A/7 A/7 A/7 3080 G

8F A/8 A/8 3520 A (3 octaves)

9F A/81 A/9 A/9 3960 B
10F A/10 A/10 4400 C#
11F A/121 A/11 A/11 A/11 4840 D 1/4 sharp
12F A/12 5280 E
13F A/169 A/13 A/13 A/13 5720 F1/4 sharp
14F A/14 A/14 6160 G
15F A/225 A/15 A/15 6600 G#
16F A/16 A/16 7040 A (4 octaves)

and triangle wave have only odd harmonics (but those of the triangle have less amplitude
than those of the square wave and so the triangle sounds purer than the square); a pulse
has varying harmonics, and a sawtooth has all the harmonics.

Having all the harmonics, a sawtooth gives a full, bright sound. If you wanted to
synthesize strings or brass, you might begin by patching sawtooth and rich harmonic
content pulse waves into the filter. Pulse waves with mid-range duty cycles (e.g., 30-50%)
are the basic building blocks of double-reed instruments, while those with shorter duty cy-
cles (10-20%) sound richer. A square wave, with its missing even harmonics, sounds
somewhat hollow, like a clarinet. Most of a flute’s sound can be approximated by a sine
wave,

4. Phase

So far we have defined a periodic wave by its frequency, amplitude, and harmonics.
The final way in which we define such a waveis by its phase. Phase generally hasrelevance
when used to describe a relationship to another wave.

90°

+5
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%_ 0 180°
S TIME 0 36

= a. 270° b.
FIG. 2-13
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Figure 2-13a shows the way the amplitude of a sine wave varies over time. Its phase
can beshown asin Figure 2-13b. The point that is defined as the beginning of a wave’s cycle
is the point of 0° phase. A periodic wave is said to “travel through” 360° of phase each cy-
cle. To the extent that a wave has traveled less than 360° it has traveled less than a full Ccy-
cle. At its point of maximum positive amplitude the sine wave in Figure 2-13b has a phase
of 90°; when it is at its maximum negative amplitude its phase is 270°. The point of 360°
phase is the same as the point of 0° phase (that is, the end of one cycle is the beginning of

the next cycle).

Figure 2-14 shows two sine waves, one whose cycle commences at some point in time
after the other’s. Wave B commences when wave A has a phase of 90°; therefore wave B is
said to be 90° out of phase with wave A.

FIG. 2-14

FIG. 2-15

In Figure 2-15 two triangle waves are 180° out of phase with each other; that is, one
wave can be said to begin 180° after the other wave. To the extent that waves are com-
pletely (i.e., 180°) out of phase with one another, those harmonics that they have in com-
mon will completely cancel each other.

EXPERIMENT #11A: Mixing a wave 180° out of phase with itself

Needed: inverter, multiple

o

Patch an AF sine wave into a multiple. Patch one multiple output directly out.
Patch another multiple output into the inverter. One of the effects an inverter has
is to shift a sine wave through 180° (Chapter 5, section II-C). Patch the inverter
out. Listen first to one wave alone, then to the other wave alone. Note that they
sound the same. Now open first one attenuator and, leaving that open, slowly
open the other attenuator. By so doing you are mixing two waves identical in every
respect except that one is totally out of phase with the other. At some point as you
open the second attenuator the sound will cease altogether, as the waves com-
pletely cancel each other’s voltage.
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Did you notice that the inverted wave sounded the same as the original? The phase of
any one wave is generally aurally unimportant; just by listening to one AF wave you can
discern nothing of its phase. Rather, phase is important to synthesists for three reasons:

1. When two waves that have frequency components out of phase are mixed the compo-
nents will “‘beat’ against one another, causing a specific “whirring”’ sound which may
or may not be musically desirable (Experiment #12).

2. Since difference in phase really means a difference in the time that two waves pass a
given point, phase difference is a primary cue in determining location. If you perceive a
sound as coming from the right it is the difference in time (i.e., phase) that the sound
takes to reach both your ears that tells you where the sound is located.

3. Waves mixed out of phase will produce different effects as control voltages than if they
were in phase. Figure 2-16a shows a fundamental and third harmonicin phase; note the
shape of the new wave created by mixing these two waves (Figure 2-16b). Figure 2-16c is
the same two waves asin 2-16a, but the third harmonicis 180° out of phase with the fun-
damental. The resultant wave (Figure 2-16d) is significantly different from that in
Figure 2-16b. Aurally they would sound the same, but as control voltages (i.e., at low
frequencies) the two waves would have significantly different effects because of their

different shapes.

)
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The only way toshift the phase of a wave on a standard synthesizer (without a specific
module called a “phase shifter,” a special kind of filter) is to use an inverter with a sine,
“triangle, or A-C square wave; because they are asymmetrical one cannot phase shift a
pulse or sawtooth wave with an inverter (this would give reversed polarity but no time
difference; graph it and see for yourself).

The relevance of phase is generally in the relationship of two or more waves.
Experiment 11A showed that if two mixed waves have important phase differences, you
may get a very different aural effect than you would otherwise expect. The waves
generated by any given VCO have specific phase relationships. The manual which came
with your synthesizer should show you the phase relationships of waves generated by the
VCOs. For example, Figure 2-17 shows phase relationships of the waves generated by

>
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FIG. 2-16
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VCO-2 of the ARP 2600 (as shown by that synthesizer’s manual). Note that the sine and
triangle waves are 180° out of phase with each other, as are the pulse and sawtooth waves.
(the pulse goes high the instant the sawtooth drops to 0 volts). Therefore, mixing VCO-2’s
sine and triangle waves would give you an output of only the harmonics of the triangle
wave. This is because all their harmonics in common will completely cancebsthe only har-
monic in common is the fundamental, and the only frequency components left are the har-
monics of the triangle wave.

EXPERIMENT #11B: Mixing different waves 180°
out of phase

If the manual that came with your synthesizer indicates that two particular waves
from one VCO are out of phase, patch each one out. Open the attenuator over the
first wave and then slowly raise the attenuator over the other. You will hear the
timbre change as the harmonics that the waves have in common cancel each
other and drop out.

The above diagram shows the patch for the ARP 2600, since the sine and triangle
waves on VCO-2 of that synthesizer are 180° out of phase with each other.
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Another example of a different aural effect than you might generally expect is the
“phasing’ sound heard when two oscillators are tuned to unison. This is caused by the dif-
ferent harmonics of the generated waves ‘“‘beating,” or going in and out of phase with one
another.

EXPERIMENT #12: Harmonics going in and out of phase

Patch an AF sawtooth wave froma VCO out. Now patch another AF sawtooth wave
from another VCO out and adjust the tuning of the second VCO so that the two
waves are in unison (if you have trouble doing this, see Chapter 3, section A-4,
Tuning and Beat Frequencies). The two VCOs are generating sawtooth waves of
almostidentical frequency and amplitude. However, VCO’s cannot be tuned ab-
solutely identically unless they are locked in synchronization (Chapter 3, section
I-E), and so the waves are notin phase with one another.'* If you listen carefully to
the two sawtooth waves you will hear a “whirring” sound something like the sound
created by a phase shifter.

M

These are the harmonics of the two waves beating against each otheras they goin
and out of phase with one another.

Most synthesizers have oscillators that generate waves with a p-p (peak-to-peak)
amplitude of 10 volts. T'ypically the sine and triangle waves fluctuate from +5 to —5volts,
while the pulse and positive-going sawtooth go from 0 to +10 volts: the pulse goes in-
stantaneously high and low while the positive-going sawtooth goes gradually high and
then instantaneously low. A negative-going sawtooth wave (sometimes called a ramp
wave) begins its cycle at +10 volts and gradually goes to O volts. Thus, in their low frequen-
ctes a stne or triangle wave can drive a voltage-controlled device either up or down, but a

positive-going sawtooth or pulse wave can only drive a voltage-controlled device up.'
You have learned that each wave has certain characteristic harmonics (or lack of

harmonics). You have also learned that each wave has a particular pattern of voltage fluc-
tuation. Harmonics are important to remember when you are dealing with waves in their
audio frequencies; voltage fluctuation is important to remember when you are dealing
with waves in their low frequencies. Thus, although it is true that for each cycle of a1 KHz.
pulse wave the wave is very rapidly varying from 0 to some specific voltage (typically 0 to
+10volts), you will not often have occasion to be concerned about the nature of the voltage
fluctuation of a pulse wave in its audio frequency, because that wave is an audio wave—it
is not controlling anything. Similarly, it is true that a 3 Hz. sawtooth wave has harmonics
of 6 Hz., 9 Hz., 12 Hz., etc., but you won’t often have to be concerned about these har-
monics when dealing with waves in their low frequencies, because that wave is a control

1 The only way two waves can be in phase is if they are synchronized in some way. For example, a square wave
from VCO-2 of the ARP 2600 is in phase with a triangle wave (Figure 2-17). Many other synthesizer VCOs (e.g.,
Moog Prodigy, Oberheim SEM, Sequential Circuits Prophet 5) have a “synch” function that causes one VCO
to follow and be “‘slaved” to the phase of another. See Chapter 3, section I-E.

15 There are certain processing methods, known as offsetting and inverting, that can change this general rule.
These are discussed in Chapter 5.
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wave, and you are not listening toit but rather toits effect on another wave. If the wave is at
an audio frequency, think harmonics; if it is low frequency and being used as a controller,
think shape of voltage fluctuation.

B. Aperiodic Waves

In general, aperiodicity implies something that happens just once, or perhaps several
times randomly (like a baby banging a cup on a table), or something that happens forever
unpredictably. If the aperiodicity is of the first variety, it is called an event. There can be
many events with no periodicity to them—random events—but as soon as they recur with
regularity, they become periodic, subject to the parameters discussed earlier in this
chapter. Shoes hitting the floor are aperiodic events; heartbeats are periodic events.

One of the primary aperiodic signals dealt with in synthesis is called noise and is
created, appropriately enough, by a noise generator. Noise is usually an audio signal
although, particularly when filtered, it can be a source of random control voltage. The
noise generator is treated in depth in Chapter 5. Let us say at this point that white noise oc-
curs when at any given instant there is an equal probability of any given frequency being
present with respect to the probability of any other frequency being present. Practically,
it sounds like all frequencies are always present. To hear white noise, open the noise
generator attenuator(s), patch the noise generator out, and open the appropriate at-
tenuator. Whenever an experiment calls for you to use the noise generator, you should use
white noise unless otherwise stated.

lll. BASIC VOLTAGE CONTROL'¢

A. Voltage Control of a VCO

You have probably heard that human beings have an approximate hearing range of
20 Hz. to 20 KHz. If you recall that an octave is defined as a frequency exactly double that
of another frequency, you will understand how it is that we have a hearing range of about
ten octaves.

Frequency
Octave (in Hz.)

20

40

80
160
320
640
1280
2560
5120
10240
20480

COONOTODLWN-—=O
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For now you should know that, with regard to exponential control voltage inputs to the

16 This section will be more understandable when you have completed Chapter 3.
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VCOs and the VCF, most synthesizers track frequencies at the rate of one octave per
control volt:

EXAMPLE:

If a VCO has an initial oscillator frequency of 500 Hz. and 1 control volt is input to
the VCO, the frequency will rise one octave. If 3% control volts are input the fre-
quency will rise 32 octaves. Remember that this does not mean the frequency will
be 3% X 500, or 1750, Hz. Rather it means that since the oscillator’s initial fre-
quency is 500 Hz., the first octave is 1000 Hz., the second is 2000 Hz., the third is
4000 Hz. and, since the fourth is 8000 Hz., the frequency will be about 6000 Hz. The
relationship between frequency and octaves is exponential.

EXAMPLE:

Ifa VCO has an initial frequency of 1000 Hz. and —2 control volts are input to the
VCO, the frequency of the VCO will be lowered two octaves, to 250 Hz.

How control voltages are input to VCOs will be discussed in detail in Chapter 3,
section I. There are several possible voltage controllers. One way to input control voltages
to an oscillator (or any other voltage-controlled module) is through a keyboard. A typical
keyboard might have a span of four octaves,!” which means it has a range of 4 control volts.
Think of a synthesizer keyboard as a source of control voltage rather than as a piano-type
keyboard. The lowest key is assigned a value of 0 volts, the highest, a value of +4 volts.!8
Middle C is assigned a value of +2 volts. If there is no other control voltage input, the
lowest key will cause a VCO to sound the same pitch as the VCO’s initial frequency.
Thus, depressing the highest note on the keyboard will raise the frequency of a VCO con-
trolled by the keyboard by four octaves, because you have input +4 control volts to the
oscillator.

Since there are twelve semitones in an octave, each semitone is 1/12 volt more or less
than an adjacent semitone. Playing the G just above the lowest C will add a control voltage
of +7/12 volt to the controlled oscillator (G is seven semitones higher than C).

B. Voltage Control of a VCF

A VCF allows or inhibits the passage of harmonics, which are higher frequency
components of a particular input audio signal. It too is generally controlled at the rate of
1 volt per octave.

EXAMPLE:

A sawtooth wave whose fundamental is 500 Hz. is input into an audio input to the
filter. That sawtooth has harmonics of 1000, 1500, 2000, 2500 . . . Hz. Assume that
the initial cutoff frequency is also 500 Hz. Since the initial F, setting is the point at
which harmonic attenuation begins,'® then attenuation (diminution) of harmonics

17 Not including a transpose switch or pitch bend mechanism, covered in greater detail in Chapter 5, section
III-B.

¥ On some synthesizer keyboards the middle key is assigned a value of 0 volts. The lowest key then has a
negative voltage value.

19 See Chapter 3, section II.
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will beginimmediately. If +1 controlvolt is put into a control input to the filter, the
F, will be raised to 1 KHz. Attenuation of harmonics would then begin with the
second harmonic (at 1 KHz.) rather than the fundamental.

If —1 control volt had been input to the VCF, the F; would be lowered to 250 Hz.
Since the audio signal was 500 Hz., even the fundamental would be attenuated.
You wouldn’t hear much.

EXPERIMENT #13: Voltage control of a low-pass VCF
at the rate of 1 volt/octave

KBD

Set up the above patch by inputing an AF sawtooth wave into an audio input to
the filter. The coarse frequency attenuator associated with the filter should be set
to about 1 KHz. The block diagram indicates keyboard control of the VCF but not
of the VCO; therefore a dummy plug must be inserted into the keyboard control
voltage input of the VCO you are using (or the appropriate switch thrown ifthere is
a pre-patch which would otherwise automatically provide for keyboard control of
the VCO,).

Play the lowest C on the keyboard. You hear the sawtooth with harmonics se-
verely attenuated. Now play the next highest C. The filter allows more harmonics
to pass. Playing continually higher notes will open the filter more and more, allow-
ing more and more of the sawtooth’s harmonics to pass. By using a “transpose”
switch to the left of the keyboard (if your synthesizer has one), you can open or
close the ftilter even more.

C. Voltage Control of a VCA

The range of loudness that humans hear is astonishing. The proportion of the loudest
sound we can hear before reaching the threshold of pain to the least sound we can hear is
more than a trillion to one. Changes in loudness are measured in a quantity which
increases or decreases logarithmically. That quantity is called a decibel, db for short.

Decibels are important to understand because we just do not grasp immense
numbers very well. Saying that one sound is 90 db above another is more comprehensible
than saying it is a billion times more intense, although that is what it means.

The relationship of decibels to loudness is shown in Table 2-3.

To say that one signal is 30 db greater than another is to say that it is 1,000 times as
loud as the first. An example of that difference would be a comparison of ordinary
conversation with an ordinary whisper (the difference between 40 db and 10 db). We
normally converse at a volume 1,000 times greater than that at which we whisper!

There are two methods by which voltage can typically control the opening and closing
of a VCA. The first is linear: The VCA opens in direct proportion to the control voltage.



TABLE 2-3

db X Amplification Typical Example
0 10° or1i threshold of hearing
10 10" or10 normal whisper at 10 feet
20 102 or100
30 102 or1,000 residential street traffic
40 104 or 10,000 normal conversation at 10 feet
50 105 or 100,000
60 10¢ or 1,000,000 loud orchestra string section

70 107 or 10,000,000
80 108 or 100,000,000
90 10° or1,000,000,000 noisy traffic
100 10'90r10,000,000,000
110 10''or 100,000,000,000
120 10'20r1,000,000,000,000 threshold of pain

The second is exponential: Control voltage generally increases the rate of the VCA opening
at 10 db per control volt:

EXAMPLE:

Recall that an LF square wave instantaneously rises to its maximum level, stays
there, and instantaneously falls to its minimum level, stays there for the same
amount of time, and then rises again. If the controls are set such that an LF square
wave patched into the exponential control input of a VCA has a minimum control
voltage of 0 volts and a maximum of +5 volts, then it will instantaneously rise by5
control volts, raising the VCA output by 10 db per control volt, or by 50 db. When
the controlling square waveis high, the VCA output will be 100,000 times the output
when the square wave is low. Although the numbers are large, this is not at all un-
common.

Voltage control thus typically permits you to modulate frequency, timbre, and
amplitude in ways far more varied and precise than you could manually. You will exper-
iment with voltage control in much greater depth throughout this book and particularly in
Chapter 3.2° For now remember these important points:

1. Voltage-controlling an oscillator will affect frequency; voltage-controlling a filter will
affect timbre (tone color); voltage-controlling a VCA will affect amplitude (generally
volume).

9. As control voltages, AC sine and triangle waves fluctuate from positive to negative
voltage; positive-going pulse and square waves go instantaneously high and low;
positive going sawtooth waves rise gradually and then instantly fall to their starting
point; negative going sawtooth waves rise instantly and then gradually fall to their
starting point.

3. Voltage control of a VCO or a VCF will generally be at the rate of 1 volt/octave; of the
VCA either in direct proportion (linear input) or at the rate of 10 db/volt (exponential
input).

20 You have already heard some examples of voltage control when you used a sine wave as control voltage to
modulate a VCO (Experiment #3), a VCF (Chapter 1, paragraph 22) and a VCA (Experiment #4).

36



chapter three

The Basic
Synthesizer Modules

. THE VOLTAGE-CONTROLLED
OSCILLATOR

Ifit is true that each of the modules discussed in this chapteris equally important toa
synthesizer—indeed if any one of them were missing you wouldn’t have a real
synthesizer—it is also true that the VCO is first among equals. It is the heart of the syn-
thesizer, analogous to the vibrating string of an acoustic instrument. You need not filter a
particular sound, nor gate it with an envelope generator, nor use a VCA in a patch at all;
but (excluding a noise source) without an oscillator there will not generally be any sound in
the first place.

There are two aspects of a VCO (sometimes called a ‘“function generator”) with
which you are familiar but which will be mentioned here because they are so basic. The
first is that an oscillator has the ability to generate different waveshapes and make them
available at specific outputs. The second is that within almost all VCOs is an exponential
converter which allows tracking at the rate of one volt per octave: each time you input +1
volt the frequency of the desired waveshape will double.!

A. The Control Voltage (CV) Mixer

As you know, whenever control voltage is input into a VCO whose control rate is
exponential, the VCO’s frequency will change at a rate of 1 volt per octave. If +1/6 volt is

! Some modular synthesizer manufacturers (e.g., Serge-Modular, Moog, Aries, E-mu) offer VCOs that have
linear as well as exponential control inputs. Voltage input into a linear control input will cause a VCO’s fre-
quency to vary in direct proportion (rather than exponentially) to the input control voltage. This is important
in creation of harmonic timbres using FM techniques. See Chapter 6, footnote 2.
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input the frequency will rise by an amount equal to 1/6 volt at a 1 volt/octave rate; at that
rate 1/6 volt equals one whole tone. (There are six whole tones in an octave.) Conversely, if
the pitch of a VCO rises one whole tone you know that +1/6 control volt as been input toit.

The control voltage may come from a keyboard, but that is only one of several sources
of control voltage. Envelope generators, LFOs, sample and hold, indeed any voltage may
serve as a source of control voltage to affect the frequency of a VCO. The coarse frequency
attenuator associated with a VCO is also a source of control voltage (it must be, since mov-
ing it affects the frequency of the VCO). Typically such an attenuator has a range of 0 to
+ 10 volts. That translates into a range of 10 octaves and, if the VCO is in its AF range,
the entire audible frequency range can be heard if you slowly sweep that attenuator from
one side to the other. Try it. '

A “fine tuning” attenuator typically has a range of slightly less than one volt (i.e., one
octave). It’s a good idea to put the fine tuning attenuator in its middle position before do-
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ing coarse tuning. Then you can either raise or lower the voltage
when you have approximated the frequency you want with the
coarse tuning attenuator. If you do the coarse tuning first and
the fine tuning attenuator is all the way to the left you will only
be able to add voltage (i.e., increase frequency) and, for tuning
purposes, you may want to decrease voltage as well.

The block diagram of a typical VCO (Figure 3-1) shows
that all control voltages are summed in a control voltage (CV)
mixer before reaching the oscillator itself. (Remember that
mixing voltages—including control voltages—means algebra-
ically adding them.) The sum of every instantaneous control
voltage in the CV mixer will determine the frequency which the
VCO outputs at that instant.

Here is an example to see how frequency might be deter-
mined: Say you had set the coarse frequency attenuator at
about 500 Hz. Since the lowest frequency available when a
range switch? is in its “audio frequency” position typically is
10Hz., 500 Hz. is the equivalent of putting about +5 Y% volts in-
to the control voltage mixer.? Let’s further say that you want
the initial frequency of the os¢illator to be high C, 523 Hz. If you
had a tuning reference you would carefully adjust the fine tun-
ing attenuator until the pitch you heard from the oscillator ex-
actly matched the one you heard from the tuning reference.* If
the voltage you added from the fine tuning attenuator to get
523 Hz. was 1/12 volt, the total voltage in the control voltage
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Aries AR-338 VCO*

? VCOs of hard-wired synthesizers generally have no range switch; they generate only audio frequencies of

about 10 Hz. to 10 KHz.

® If 10 Hz. is defined (for the purpose of conceptualization) as 0 volts, then 20 Hz. is 1 volt, 40 Hz. is 2 volts, 80
Hz. is 3 volts, 160 Hz. is 4 volts, 320 Hz. is 5 volts and 640 Hz. is 6 volts. Thus 500 Hz. is roughly 5% volts.

* See discussion of beat frequencies in section D.

*All Aries modules are distributed exclusively by Rivera Music Services. See appendix b, page 191, for their

address.
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mixer would be 5-7/12 volts. If you then played a note on the keyboard, you would either
add to or subtract from the total voltage in the CV mixer, anywhere from 0 volt (playing
the lowest key) to +4 volts (playing the highest key if your keyboard is four octaves),
resulting in a pitch change of up to four octaves higher than high C. (Some synthesizers
have their 0 volt setting in the middle of the keyboard rather than at the lowest note. The
control voltage range of such a keyboard, if it were four octaves, would be —2 volts to +2
volts.) The CV mixer reacts instantaneously to all algebraic additions (which includes
subtractions)® of voltage, raising or lowering the VCO output at the rate of 1 volt per oc-
tave. Thus to the fixed control voltage of 5-7/12 volts you can rapidly change the control
voltage (and thus the pitch you hear) by playing different keys. The CV mixer will in-
stantaneously feed that information to the VCO, and the VCO will output the frequency
you expect. (See Experiment #A-1 in Appendix A).

The leftmost control voltage indicated in Figure 3-1 is the keyboard control voltage
(KBD-CV). This is frequently an unattenuated hard-wired or pre-patch and refers to the
control voltage coming from the keyboard. Thisunattenuated input allows the voltage ap-
pearing there to go fully into the control voltage mixer, with no opportunity for at-
tenuation.®

B. Hard-Wired Patches and Pre-Patches
to CV Inputs

Many hard-wired synthesizers have switches that allow one of two or more control
voltages to control a module. For example, the ARP Odyssey has a switch underneath its
first VCO which, when up, allows the sample and hold voltage output to control the VCO;
if it is down, the ADSR output controls the VCO.” Another example: The LFO on the
Multimoog produces both a square and a triangle wave; the user flips a switch to deter-
mine which will be -in use.

“Quasi-modular” synthesizers (see Chapter 7, section I-C) have hard-wired pre-
patches that may be defeated by insertion of a patchcord. For example, ARP has pre-
patched various outputs from other modules into the control voltage inputs of various
ARP 2600 modules. The square wave output from VCO-1is pre-patched intoa CV input of
VCO-2. If you do not patch anything else into that particular CV input and you raise the
attenuator, the square wave voltage from VCO-1 will be mixed into VCO-2’s CV mixer.
However, you should not think of those jacks as outputs from various other modules;
rather they are all control voltage inputs to VCOs. One of the uses of each input is the pre-
patched configuration, but it is only one of many possibilities. Do not limit yourself to the
pre-patches; they make live performance very convenient, but a patchable synthesizer is
much more flexible.

Switching a VCO into its LF range® sometimes negates a keyboard control pre-patch.
However, if you want the speed of the LFO to vary as you play the keyboard, you can rein-
state voltage control of the LFO by the keyboard by patching the keyboard control voltage
output to a control voltage input to the VCO. If the input into which you patch the KBD
CV is unattenuated (Figure 3-2a) the frequency of the LFO will vary at a rate of 1 volt/oc-

5E.g., +5 + (—2) = +3.
6 There is a way to attenuate the keyboard control voltage so that microtones are created. Follow the same
procedure as that shown in Experiment #32, but use a VCO instead of a VCF as your primary module.

7 Of course, the input attenuator must be raised before either the S & H or the ADSR can control the VCO.

8 Some synthesizer VCOs (e.g., Serge Modular) provide for continual frequency changes of more than 20 oc-
taves, without use of a range switch.
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tave. For example, if the speed of vibrato were 4 Hz. and the keyboardist then played the
octave higher, the vibrato speed would double to 8 Hz. If the input has an associated at-
tenuator (Figure 3-2b), the speed of the LFO can vary at a rate of anything up to 1

volt/octave, depending on the attenuator setting.

FIG. 3-2

KBD T a.

KBD
b.
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C. Voltage-Controlled Pulse Width

Most VCOs have a pulse wave output and an associated attenuator that allows the
user to vary the duty cycle of the pulse, causing harmonic (timbral) changes in the AF
pulse wave.? Although you experimented with this manually in Chapter 2 (Experiment
48). some VCOs allow for voltage-controllable as well as manually controllable pulse
width.

Voltage-controllable pulse width generally varies at a rate of 10% per volt. If the pulse
width is originally at 40% and you input +1 control volt to the pulse width control input,
the duty cycle will be raised to 50%. At that point if you input —3 control volts the duty cy-
cle will be lowered to 20%, with corresponding harmonic changes.

One way you can input control voltage is with low-frequency waveforms.

EXPERIMENT #14A: Voltage control of pulse width by
an LF wave
Patch an AF pulse wave out. Put the pulse width attenuator at 10%. Patch a very

slow LF sawtooth wave into the control voltage input to pulse width modulation
(PWM). Open the attenuator associated with that jack.
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Since a positive-going low-frequency sawtooth wave gradually rises in voltage and
then instantly drops, the effect here will be to sweep the duty cycle of the audio-frequency
pulse wave and then instantly drop back toits starting point, a pulse width of 10%. The at-
tenuator associated with the pulse width control input will determine how much of the
pulse width is swept by the LF sawtooth, and the LFO’s frequency slider will determine
the rate of sweep.

You can lower the duty cycle to 0% (e.g., input —1 control volt when the duty cycle is
at 10%; at the rate of a 10% change per control volt the duty cycle will drop to 0) or raise it to
100% (e.g., input +1 control volt when the duty cycle is at 90%). However, there will be no
sound from the pulse wave output if the duty cycle is at or less than 0% or at or more than
100%.1° Normally you would want to be careful not to voltage-control the pulse width all
the way down to 0% or up to 100% (although there’s nothing wrong with doing that if you
need DC).

EXPERIMENT#14B: LFsine wave controlling pulse width

Patch an AF pulse wave out. Set the pulse width attenuator at 90%. Patch a very
slow LF sine wave into the CV input to pulse width.

9 If the pulse wave were LF, its effect as a control voltage would change with pulse width modulation.
10 At 0% or 100% the pulse becomes DC.
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You will hear the duty cycle vary through some percentages and then you will hear
nothing for awhile; then the process will repeat itself. When the sine wave is
negative it goes from 0 to —5 volts, which means the duty cycle will vary from 90%
to 40%. However, when the sine wave goes positive, anything over +1 volt will
drive the pulse width up to and over 100%, and you will hear nothing until the sine

wave drops back to +1 volt or lower.

As a general rule, if you want to sweep a pulse width duty cycle with a voltage that
alternates positive and negative (typically a sine or triangle wave), start with the duty cy-
cle at 50% and you will never go lower than 0 or higher than 100%. If you want to sweep the
duty cycle with a wave that is a positive-going sawtooth or pulse, start at 10% and make
sure the attenuator setting doesn’t let so much control voltage through that the duty cycle

would exceed 100%.

Any voltage may control pulse width. Envelope
generators and AF waves as control voltages of pulse
width are discussed in greater detail in section IV of
this chapter, and in Chapter 6.
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