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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.
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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



8 Chapter1

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.
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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.
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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).
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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.

D. Tuning and Beat Frequencies

Tuning two or more oscillators to unison or some
harmonic interval is a two- or three-step process.

Step one is an approximate tuning using just
your ears and the coarse frequency attenuators of
both oscillators. You must develop a musical sense
such that you can tell when the pitches generated by
two VCOs are in the same octave and are relatively
near each other. S

The second step is to use the fine tuning at-
tenuator of one VCO to bring the two as close as pos-
sible. At some point (when the pitches get within
about 12 Hz. of each other) you will begin to hear the
phenomenon known as “beating,” an oscillation at a
frequency that equals the difference in frequencies of
the two VCOs. For example, if the frequencies of the
two VCOs were 300 Hz. and 306 Hz., the beat fre-
quency would be 6 Hz. You want to get that
“beating”’—called the beat frequency—as slow as
possible. The more in tune the VCOs, the less the
difference in frequencies and the slower the beat
frequency.

The third step is to route the two VCO outputs
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through a balanced modulator (if you have access to one) and open all the appropriate at-
tenuators (Figure 3-3). You will hear further beating, which can be made slower by further
attenuation of the fine tuning slider of one VCO.

X

FIG. 3-3

Although a beat frequency of zero is theoretically impossible (unless you hsxe a
“synch” function on your VCOs that “‘slaves’ the phase of one to the other), you can get
the beat frequency so slow (one cycle every 5 to 10 seconds) that for practical purposes
the VCOQO’s are tuned to unison. If this is a bit unclear, listening to two oscillators being
tuned to unison should be quite helpful. Two oscillators slightly detuned give a “fat”
sound to a lead synthesizer line.

Beat frequencies also occur when two oscillators are tuned to harmonic intervals. Try
tuning two VCOs to unison, a perfect fifth, a perfect fourth, and an octave.

E. Oscillator Synchronization

Many synthesizers that have two or more oscillators have a synchronization (synch,
sometimes called reset) function that allows one oscillator (called the master) to ‘““control”
another (the slave).!! It does this by causing the output wave of the slave to reset to the
beginning of its cycle at a time determined by when the master resets to the beginning of its
cycle. At audio frequencies this creates extremely interesting and useful timbral pos-
sibilities; at low frequencies it creates the possibility of complex rhythmic structures.

In Figure 3-4 the AF sawtooth wave (a) is the slave and the square wave (b), which has
a higher frequency, is the master.

11 Synch capability is typically presented in one of two manners. For those hard-wired synthesizers that offerit,
if a switch is off, two oscillators are independent; if on, one becomes master and the other slave. Examples:
Oberheim SEM, OBX-a, Sequential Circuits Prophet 5, Octave CAT SRM, Moog Prodigy. All modular syn-
thesizers offer a special synch input on particular oscillators. Of particular interest is the “phase-modulated
synch” offered by Aries, a method of oscillator synchronization that offers much greater musical flexibility
than typical oscillator synchronization. See Perrin, “Using Sophisticated Modifications in Creative
Synthesis,” Polyphony, 5, no. 3 (September —October 1979), 27.
Synchisnoted in block diagrams thus:

MASTER VCO

SLAVE VCO

Of course, the master VCO might be patched elsewhere if desired, as well as to the synch input of the slave VCO.
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FIG. 3-4

The synch circuitry of the slave derives a trigger (Chapter 3, section IV-E) from the
rising edge of each wave of the master (Figure 3-4c). It uses this trigger to tell itself when to
reset. Note that the resultant wave (Figure 3-4d) has voltage drops both when the trigger
rises and when it would have without the trigger. It is no longer a simple sawtooth; it is an
unnamed periodic wave whose frequency is the same as that of the master. The “synch’
circuitry forces the slave to assume the same frequency as the master. Todo thisit changes
the shape of the waveform of the slave. At audio frequencies this will cause a unique
timbre.

Figure 3-5 shows the typical patch in hard-wired synthesizers with a “synch”
function on the VCOs.

The keyboard control voltage controls the frequency of the master VCO which, by
definition, controls the frequency of the slave. The control voltage from the envelope
generator would normally change the pitch of the slave, but here it cannot. The synch in-
put overrides normal control input ability to change frequency. The envelope generator
thus changes the slave’s waveshape and timbre.

Note that synch allows the achievement of timbres completely different from those
achievable by either filtering (next section) or modulation synthesis (Chapter 6). As such,
it is a unique and important method of timbral construction.

12

EG

KBD J

12 We are a little ahead of ourselves here, having not yet discussed envelope generators. Expe-
riments 15A and 15B will best be understood once you have completed section IV of this
chapter.

FIG. 3-5
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EXPERIMENT #15: Oscillator synch with LF waves

This experiment requires two VCOs with range switches that allow the VCO to

become an LFO.

% P|VCA

EG

B »

EG
> 1

Tune two VCOs a fifth apart (e.g., tune one to C and the other to the next higher G).
Then put both VCOs in their LF position, using the range switch.

The interval of a fifth is equivalent to a rhythmic ratio of 3:2.'* The LFO that had
been generating the higher frequency (as a VCO) will “click” three times for every
two “clicks” of the other LFO. This will cause the envelope generators to fire in a
“three against two” rhythm, which will be perceived as a complex meter.

If the LFOs had been tuned to other ratios, different complex meters would have
resulted.

F. Miscellaneous Oscillators

There are several miscellaneous oscillators of which you should be aware:

1. Asyou discovered in Chapter 1, paragraph 24, at a certain point many VCFs will begin
to oscillate and generate a sine wave of frequency F (which is defined on page BLY,

9. There are frequently specific low-frequency oscillators (LFOs) that are used as control
voltages. They may generate a specific LF wave (such as the LF sine wave on the
Oberheim SEM, or the “internal clock” [which is just an LF square wave] onthe AR P
2600), or there may be various LF waves available at different outputs of one LFO (such
as the square and triangle waves available from the Multimoog’s LFO). LFOs are
sometimes called “modulation generators,” since they generate a voltage that
modulates a module.

3. The noise generator (NG) is not an oscillator although, like a VCO, it is a signal
generator. For practical purposes, though, it can be thought of as an oscillator which
generates all frequencies simultaneously.

4. Hard-wired synthesizers typically have an “octave” switch with four or five positions.
Each position of the switch raises or lowers all VCO frequencies by exactly one octave.

13 To learn more about the fascinating equivalence of pitch and duration see Duesenberry, “Rhythmic Control
of Analog Sequencers,” Polyphony, V. 4, no. 2 (September-October 1978), p. 26.
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The switch positions may be called 4', 8', 16', etc., a convention borrowed from organ
terminology.

The VCF in oscillation is discussed in the next section of this chapter. The other
miscellaneous oscillators are discussed in Chapter 5.

G. Other VCO Experiments

EXPERIMENT #16: Vibrato

Slight modulation of an AF wave by an LF sine or triangle wave within a frequency
range of 4-8 Hz. is called vibrato. Itis a technique which acoustic instrumentalists
have used for hundreds of years; when a violinist rapidly moves her/his index
finger of the left hand back and forth over a string to change the pitch, vibrato is
produced. The rapidly moving finger is the equivalent of the LFO, the violin string
of the VCO.

Since both a sine and a triangle wave typically fluctuate from positive to negative
voltage, the pitch of the VCO will rise and fall as the LFO controls it. The depth, or
intensity, of the vibrato is controlled by the attenuator between the LFO and the
VCO.

(Y
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A\

Setup the patchshownin the diagram. Once you are familiar with vibrato, vary the
frequency of the LFO and the amount of modulation as you play the keyboard.
Take your time. Discover nuances. What does a 4 Hz. vibrato do that is different
from a 7 hz. vibrato? What is the effect of changing vibrato rate in real time (you
can do this manually by varying the LFO’s frequency attenuator, or by voltage
control [on patchable synthesizers] by patching the KBD CV output, if necessary,
to the KBD CV input of the LFO). Is there a difference between using a sine or
triangle for your control waveform?

EXPERIMENT #17: Trill

A trill, a quick alternation of notes a tone or a semitone apart, can be produced by
having the LFO control the VCO with a square wave. Since an LF square wave
rises and falls instantly it will likewise cause the pitch of the VCO to in-
stantaneously rise and fall.

In this experiment the VCO is being frequency-modulated by the LFO; thatis, the
LF square wave is causing a change in (modulating) the pitch (frequency) of the
VCO. We can show frequency modulation graphically. Assume that the VCO is
generating a sawtooth wave of 500 Hz. and that the control input attenuator into
the VCO (which governs the amount by which the LFO can modulate the VCO) is
set so that +1 control volt is allowed to pass to the VCO. Thus the VCO will
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generate a frequency of 500 Hz. when the square wave is low (0 volts) and 1 KHz.
when the LF square waveis high (and +1 control voltis inputto the VCO at a rate of
1 volt/octave). Line a of the following diagram shows ten cycles of a wave whose
frequency is 500 cycles per second; therefore the time shown is
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1/50 second. Line b of this diagram would thus be twenty cycles of a wave whose
frequency is 1000 cycles per second. Line a is a graph of the VCO'’s frequency
when the LF square wave is low; Line b of the diagram is the VCO'’s frequency
when the LF square wave is high. Line ¢c shows these two frequencies alternating
evenly, and so is a graph of the VCO being frequency-modulated, since it shows
that for a given time period the frequency is 500 Hz., then for an equal time period
itis 1 KHz., and then back and forth again and again.

EXPERIMENT #18A: Chords on a one-voice synthesizer

Listening to beat frequencies, tune three VCOs (if you have them) to a major triad,
a minor triad, and other chords which come to mind. Don’t be limited by
traditional chords. Play the keyboard using alternately one or a combination of

these VCOs.

EXPERIMENT #18B: Chords on a one-voice synthesizer

As a variation on Experiment 18A, tune the three VCOs to a major triad. Then use
an LF square wave to create a minor third of the high note. For example, if one
VCO s Candasecond VCOis E, tune a third VCO to G and then letthe LF square
wave control the third VCO such that the pitch alternation is G to B flat. This will
give you the effect of a dominant seventh chord: C-E-G-B flat.



EXPERIMENT #19: Drone

Insert a dummy plug (one end of a patchcord) into the keyboard control voltage
inputtoa VCO (i.e., dummy out the keyboard control voltage). Now tune that VCO
andanother VCO to unison. If you play the keyboard, the first VCO will be a drone,
remaining at the same pitch, while the second VCO is controlled by the keyboard
control voltage.

EXPERIMENT #20: FM

Although frequency modulation will be discussed in Chapter 6, you should
become familiar with the effect of an AF VCO controlling (modulating) a second
AF VCO (see the diagram).

EXPERIMENT #21: Rhythm

A very important use of control voltages is to control other control voltages. Ex-
periment with the many varieties of the patch shown in the first diagram. You
might also try the alternative shown in the second diagram; as you play the
keyboard, you will be changing the frequency of one of the LFOs. This will mean
you will have a different rhythm each time you play a different key.

KBD
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II. THE VOLTAGE-CONTROLLED FILTER

The fact that each musical instrument has its own unique sound is largely due to the
accentuation of particular harmonics over time. Most instruments have formants, spe-
cific bands of higher harmonics that are emphasized because of the shape and material of
the instrument itself. Moreover, the character of a sound differs in its higher and lower
registers. VCF's allow one to emphasize certain frequency components of a complex wave
and deemphasize others, providing a wide array of timbral possibilities.

The purpose of any kind of filter is to allow the passage of some components of an
entity and inhibit the passage of other components. A coffee filter allows the passage of
liquid and inhibits the passage of grounds. A synthesizer filter allows the passage of some
wave harmonics and attenuates (inhibits) the passage of others. For thisreason filtering is
sometimes called “‘subtractive synthesis.” You have learned that a change in presence of
harmonics will be perceived as a timbral change—a change in
tone color. Similarly, a substantial change in the amplitudes of
harmonics (which is what happens when harmonics are at-
tenuated) will be perceived as a timbral change. Filters cause
these kinds of changes. Having many filters available gives a
musician important control over timbral construction.

There are several types of synthesizer filters and, in order  MULTIMODE
to adequately describe any given filter, there are certain spe- HIER

o e . (ALINIO
cific questions that must be answered: =

@ @

1. In what manner does the filter attenuate harmonics? If it at- : L
tenuates some but not all harmonics, which does it at- 2‘ & . 5
tenuate and which does it allow to pass? : r.

P) S
2. What is the rate of attenuation? Are all attenuated har- 3 . (:) . <
monics totally gone or are there remnants left to further : i
color the tone? ‘ o

3. At what frequency does harmonic attenuation begin? You o . woron (e peax.
wouldn’t hear much if there were complete harmonic at- - e
tenuation of all frequencies over 100 Hz. Conversely, at- ;
tenuation of all harmonics over 10 KHz. wouldn’t have
much of an effect either. (Why not?)

4. Does the filter have an associated resonance circuit and, if
so, can the filter oscillate?

A. Cutoff Frequency (F¢)

The most common synthesizer filter is a voltage-
controlled low-pass filter;* this filter will pass all frequencies
up to a certain point; frequencies higher than that point are at-
tenuated, and the point is determined by the amount of control
voltage input to the filter. Recall that, except for sine waves, all
waves have higher harmonics associated with them. These Aries AR-339 Multimode
vary in number and amplitude depending on the type of wave. Filter

14 Other synthesizer filters are discussed in part F of this section.
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The unique timbre of a given wave is a function of the number, frequencies, and ampli-
tudes of these harmonics (higher-frequency components). A low-pass filter passes lower
frequency components but attenuates the higher ones, and the point at which harmonic
attenuation begins is called the cutoff frequency' and is written as F,. Thus a low-pass
VCF is a frequency selective attenuator, removing frequency components of the signal
above the F.

The F is initially determined by the setting of a coarse tuning frequency attenuator,
also called the cutoff frequency attenuator, associated with the VCF. A VCF fine tuning
frequency attenuator allows one to be quite specific about the F¢. Since the range of the
coarse frequency attenuator typically is 10 Hz. to 10 KHz., the initial F. can be anything
from subsonic to almost supersonic.

B. Harmonic Attenuation

The rate at which harmonic attenuation occurs is measured in decibels per octave
(db/octave), and the specific rate of attenuation of many low-pass VCFs is —24 db/octave.
A filter that attenuates frequencies at a rate of —24 db/octave is called a 4-pole filter.
Recall from Chapter 2, section III-C, that 20 db is equivalent to a power multiple of 100
(10?) and that 30 db is equivalent to 1000 (10°%). Thus 24 db is equivalent to a multiple of
about 250 times, so a signal of —24 dbis about 1/250 as strong as one of 0 db. The signal level
before any harmonic attenuation begins is referred to as 0 db. One octave higher than the
Fc, the signal is ““down 24 db.” All frequencies below the F, are passed unattenuated.

EXAMPLE:

Say you input a 500 Hz. sawtooth wave into a low-pass VCF whose rate of attenua-
tion 1s —24 db/octave and that you have set the F, at 1500 Hz. Remember that a
500 Hz. sawtooth wave has harmonics at 1000, 1500, 2000, 2500. . . Hz. Since the Fe
is 1500 Hz., all harmonics up to that point will pass unattenuated. Thus the fun-
damental (the first harmonic), and the second and third harmonics will be fully
passed. All harmonics over 1500 Hz. will be attenuated at a rate of —24 db/octave.
Since one octave over 1500 Hz. is 3 KHz., the harmonics at that point will be —24 db
with respect to the unattenuated signal; that is, they will be 1/250 what they would
otherwise have been. In between 1500 Hz. and 3 KHz. harmonic attenuation will be
taking place, but those harmonics (in this example the fourth and fifth harmonics)
will be less attenuated than the sixth harmonic. Similarly, harmonics higher than 3
KHz. will be even more attenuated.

Figure 3-6is a graphicrepresentation of the effect of a low-pass filter whose slope (rate
of attenuation) is —24 db/octave. Note first that all frequencies below the F,, are fully
passed. Harmonic attenuation begins at (actually slightly before) the F;, and the rate of
attenuation is —24 db/octave.®

!5 To be completely accurate, harmonic attenuation begins slightly before F, since F. is defined as already be-
ing —3 db. For the purpose of this introduction to audio synthesis, however, assume that F,, is where harmonic
attenuation begins.

16 Some synthesizer filters have slopes of —12 db/octave (e.g., Oberheim SEM, E-mu'’s low-pass filter on their
universal filter module); they are 2-pole filters. Lag processors or the color attenuator of a noise generator are
really one-pole filters which have a slope of —6 db/octave.
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At two octaves above the F; the harmonics have been attenuated —48 db, which
means their power is about 1/100,000 what it would normally be if there were no harmonic
attenuation. Remember, however, that even with no attenuation the sixth harmonic of a
sawtooth has an amplitude only 1/6 that of the fundamental. Thus at —48 db this har-
monic has 1/100,000 of 1/6 the amplitude of the fundamental. For practical purposes it’s
gone.!”

If you know the frequency and type of waveform input to a voltage-controlled filter, as
well as the F, and the slope of the filter, you can predict technically what the filtering effect
will be.

EXAMPLE:

You input a 250 Hz. pulse wave with a duty cycle of 25% into a low-pass VCF whose
slope is —24 db/octave, and you have set the F, at 1 KHz. Since the duty cycle is
equivalent to a fraction of one-fourth, you already know that the 4th, 8th, 12th,
16th, etc. harmonics will be completely missing. The harmonics that will be present
are at 250 (the fundamental), 500, 750, 1250, 1500, 1750, 2250 . . . Hz. Remember
that an octave is double the frequency of another frequency. Since the F,is 1 KHz.,
the harmonic at 2 KHz. will be —24 db. In this case that is the 8th harmonicand itis
missing, but you can make a graph nevertheless as though the 8th harmonic were
there. The graph in Figure 3-7 is an accurate representation of harmonic attenua-
tion in this example.

17 By attenuating certain harmonics, a filter also shifts the phase of the composite waveform. See Wells, (7) in
bibliography.
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C. Filter Tracking (1 volt/octave)

At this point an interesting question should arise. If all harmonics above the F are
attenuated at the rate of —24 db/octave, which is a steep attenuation, how is it that when
youset the F. at a relatively low setting you can still hear high frequencies when you play a
keyboard? Why haven’t those higher-frequency components been completely at-
tenuated? The answer is that most synthesizer filters are hard-wired or pre-patched to
track a keyboard exactly as a VCO does. In order for a filter to seem to maintain an even
timbre, the F, must rise or fall as the pitch rises and falls. To put it another way, ifa VCO
tracks the keyboard at 1 volt/octave, then in order for the VCF to attenuate the same har-
monics regardless of pitch, it too must track the keyboard at a rate of 1 volt/octave.

EXPERIMENT #22: Nontracking VCF

Inputa 500 Hz. sawtooth wave into the VCF and set the Fcat500Hz. Putadummy
plug in the filter keyboard control voltage pre-patch (if there is one). In this on-
figuration the F will not track at all; it will remain constant. Play a scale up the

o>

keyboard, until you can no longer hear any pitch. The fundamental and its har-
monics are all so much higher than the F that they are all completely attenuated.

Now patch the KBD CV to an unattenuated control input to the filter. The VCF will
immediately track the keyboard; the F, will be raised by exactly the correct

KBD
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voltage needed to make the pitch being played on the keyboard a new fundamen-
tal with its own associated harmonics.

Here is another example to make this more understandable:

Normally as pitch of a complex wave rises, your ears perceive harmonics of
higher frequency. This makes sense. A sawtooth fundamental of 200 Hz. will have
its tenth harmonic at 2 KHz. The amplitude of any tenth harmonic is quite low, not
easily perceived. On the other hand, a sawtooth fundamental of 2 KHz. has 10
KHz. as its fifth harmonic. If each of these waves were inputinto a VCF whose Fg
were 1 KHz. and did not track, harmonic attenuation of the 200 Hz. signal would
begin at the fifth harmonic, but the fundamental of the 2 KHz. wave would already
be —24 db. To keep timbre even throughout a wide pitch range, the F, must vary
with pitch (frequency). That is why the VCF typically tracks at 1 volt/octave.

Like the initial oscillator frequency of a VCO, the initial filter cutoff frequency tracks
the keyboard at 1 volt/octave'® and the voltage varies depending on all control voltages

entering the VCF’s control voltage mixer.
Figure 3-8is a block diagram of a typical low-pass VCF.

D. Control and Audio Mixers

LOW PASS

VCF
TRACKS AT 1 Volt/Octave -
SLOPE: -24db/ Octave
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FIG. 3-8

The control voltage mixer begins with the initial voltage input by the setting of the
initial cutoff frequency attenuator. If that and the fine tuning attenuator together yield an
Fc of 1 KHz., then about +6% volts appear initially in the CV mixer (if you don’t know
why, see footnote 2 of this chapter). Any pre-patched or hard-wired unattenuated

18 Some synthesizer low-pass VCFs do not automatically track a keyboard—e.g., Oberheim SEM, Korg-MS-
20, modular systems without a pre-patch.
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keyboard control voltage input allows the F, to track as the keyboard is played at the rate
of 1 volt/octave. Thus timbre will remain constant throughout the entire audio spectrum.

When controlling a low-pass VCF you must be aware of the nature of the controlling
signal in conjunction with the initial F.. If the filter is wide open (Fe = 10KHz.) and you
control it with an LF sine wave, the positive portion of that sine wave will have little effect;
inputting +5 control volts into a low-pass VCF whose F = 10 KHz. would theoretically
raise the F¢ to 320 KHz., which well exceeds the filter’s (and your ear’s) upper limit of
effectiveness. Of course, the amount of control voltage into the filter can be attenuated,

but usually you will want to be sure that the total control voltage won’t cause the Fcotoex-
ceed 10 KHz.

EXPERIMENT #23: Introduction to a low-pass VCF

.(\)

Input an AF sawtooth wave into the VCF. Set the filter’s initial Fcat500Hz. Inputan
LF sine wave into an attenuated control input to the filter and open the attenuator
slowly. Experiment with different Fy’s and amounts of control voltage allowed by
the attenuator.

What happens when the initial Fc = 10 Hz. and the CV attenuator from the LFO
into the VCF is fully raised? Can you explain why this is happening?

AII LF control voltages will open and close a low-pass VCF in proportion to their own
voltage characteristics: A positive-going LF sawtooth wave will gradually open the filter
and then instantaneously drop back to the original F.. Therefore if you control the filter
with that LF sawtooth, either your initial F. would have to be 10 Hz. (in order to fully ap-
preciate the filter sweep), or you would have to attenuate the sawtooth control voltage
input (which would yield a different effect, because instead of the ten-octave filter range,
only a few octaves would be swept), or the filter would open so wide that for some time of
the sawtooth’s cycle there would be no perceived filtering.

An LF pulse wave functioning as a control voltage causes the filter instantaneously to
go from one F; to a higher one and back again. The duration of the high or low Fcisafunc-
tion of the duty cycle of the pulse wave. How far the F. travels depends on the control
voltage attenuator setting. An LF triangle control voltage would be similar to an LF sine,
as Experiment #24 will show.

EXPERIMENT #24: LF waves controlling a low-pass VCF
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Input each wave successively, inits LF, as a control voltage to the VCF. Make sure
there is some audio signal to the VCF as well.

If an envelope generator (EG) controls a VCF, the F,, will vary in direct proportion to
the control voltage allowed by the EG attenuator. An EG typically has the potential to
output 10 control volts. Remember when mixing all those control voltages (the initial
voltage, the keyboard control voltage, and any other control voltage) that as a rule the
more control voltage input to the CV mixer, the lower the initial F;, should be. This com-
bination will make for a more striking filter movement. Envelope generator control of the
VCF is discussed in section IV of this chapter.

VCFs typically have attenuated audio inputs, all of which are mixed in the VCF’s
audio mixer. Any pre-patches should be considered items of convenience only. In the exer-
cises at the end of this section you can explore other possibilities.

E. Resonance

Most synthesizer filters have an associated resonance circuit. (The resonance
attenuator is sometimes labeled “Emphasis,” since its function is to emphasize certain
harmonics.) There is in such a VCF a connection that feeds the filter output signal back to
the input (Figure 3-9). The amount of feedback is controlled by the resonance attenuator.
It’s like a PA system that begins to howl. In that case the feedback has its input at the
microphones, the signal circulates through the amplifier and out acoustically and then
back into the microphones again. If the loop becomes closed, the PA system will howl at its
resonant frequency.!® The nooks and crannies of many acoustic instruments (e.g., violin,
saxophone, bassoon) make up a complex resonant filter. If a given note has harmonics
whose frequencies lie within those resonant areas, the harmonics will be emphasized. This
is one of the reasons that acoustic instruments have such complex timbres.

> VCF >

yyIva
VA ) Al

Resonance attenuator
FIG. 3-9

EXPERIMENT #25: Resonance (Q)

MEDIUM Q

Patch an AF sawtooth wave into an audio input to the low-pass filter. Set the initial
Fcatabout 1 KHz. Open the resonance attenuator haltway (medium Q). Leave the
synthesizer like this.

19 Every physical object has at least one frequency at which it will vibrate, its resonant frequency. This is whya
bookshelf rattles when a certain bass note is sounded. On the TV show Star Trek a phaser worked by finding the
resonant frequency of a human being and starting her/his molecules vibrating.
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The firstthing you probably noticed was that it seemed that the volume decreased
as you opened the resonance attenuator. The following graph shows what hap-
pens to the filter output as you open the resonance attenuator more and more.
Line A shows a typical low-pass filter response curve. As you increase the
resonance by opening the attenuator, the signal around the Fcis boosted slightly
andthe restofthe signalis otherwise attenuated (notice that most of line B is down
some db with respect to line A). The total energy available remains the same, but

Odb

=-20db

- 40db

-60db

Line D

C B A

less and less goes into frequencies other than the Fc and more and more goes
into the narrow band of frequencies around the Fc. As you continue moving the
resonance attenuator to the right, you hear even fewer frequencies, but the Fe
becomes quite pronounced (line C).

At this point close the attenuator over the AF wave that you have input to the VCF.
Now there is no audio signal being input to the filter. Continue opening the
resonance attenuator. Finally at some point all frequencies except the Fc are
completely attenuated; the filter emits a pure tone of frequency Fc. Since there is
no audio input, the filter itself must have become a sine wave oscillator (line D).2°

The symbol for resonance is Q. If Q is not mentioned in a patch, then there is no Q.If
the resonance attenuatoris used, then the amount will be called low Q, medium Q, highQ,
or maximum stable Q. If the filter oscillates, it is represented thus:

Once the filter is oscillating, you can vary the frequency of the output sine wave by
changing the voltage in the filter’s CV mixer; you can move the coarse frequency at-

% Some synthesizer VCFs have a resonance circuit but will not go into oscillation, e.g., Oberheim SEM and
OBX, KORG MS-20. These filters could oscillate, but the controls on the front panel will not go far enough to
allow oscillation; they stop at about the point of maximum stable resonance (see Experiment #33). This is
typical of synthesizers with 2-pole filters.
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tenuator or input keyboard or any other control voltage and
the pitch will change at a rate of 1 volt/octave. O e e
ICY

FREQUE!

F. Synthesizer Filters Other Than
a Low-pass Filter

There are several types of filters other than low-pass
that synthesists typically use. A high-pass filter is just the
opposite of a low-pass filter; it attenuates all frequency com- :
ponents below the F; (generally at a rate of 12 or 24 db/oc- RESONANCE
tave) and allows the higher-frequency components to pass _ N
(Figure 3-10a). A low-pass and high-pass filter in series
create a band-pass filter, which allows only a particular
band of frequencies to pass, attenuating frequency compo-
nents on either side of the band (Figure 3-10b). A low-pass
and high-pass filter in parallel create a band-reject filter,
which is the opposite of a band-pass filter; it allows all fre-
quency components to pass except for a particular band
(Figure 3-10c). If the slope of the band rejected is very steep
(typically —40 db/octave or more) the band-reject filter is :
called a notch filter. A typical application of a notch filter is polyfusion
toeliminate 60-cycle hum from an otherwise useful circuit.?!

Polyfusion Model 2022 VCF

0db

Fe

FIG. 3-10

EXPERIMENT #26: Different types of filters

Experiment with all the filters you have available; begin to be able to hear the
effect of high-pass (listen as the low-frequency components of the input wave
drop out), band-pass, and band-reject filtering.

21 VCF's are presented in many different configurations. The ARP Odyssey and KORG MS-20 include a high-
pass and low-pass filter in series (creating a band-pass filter if desired). Serge-Modular, E-mu, and Aries offer
multimode filters with simultaneous outputs for low-pass, high-pass, band-pass, and band-reject applica-
tions. The Oberheim SEM offers all four outputs although only one is available at any given moment. Serge-
Modular also offers other filters with voltage-controllable slope (6 db/octave through high resonance) and band
width. Although Moog offers only high- and low-pass filters, their “filter coupler’ allows for band-pass and
band-reject applications also. Moog also offers a non-voltage-controlled fixed filter bank of ten band-pass
filters on its modular systems. Polyfusion’s variable formant filter, also not voltage-controllable, allows one
signal to be processed by three separate bandpass filters, each of which has independently variable center fre-
quency, bandwidth, and amplitude.



If you have ditferent filters, connect them in different ways. For example, this
patch yields a band-pass filter.

G. Other VCF Experiments

On various occasions in this section mention has been made of having the VCF begin
to attenuate harmonics at a specific cutoff frequency: For example, if a VCO is tuned to
any given frequency, having harmonic attenuation (that is, the F;) begin two octaves
higher. If you’ve wondered how to tune the filter so that harmonic attenuation begins ex-
actly two octaves higher, Experiment #27 shows you two procedures.

EXPERIMENT #27: Tuning a low-pass VCF

1. Patcha200Hz. wave fromany VCO out. Open
the attenuator and listen to the pitch. Close
the attenuator.

Make the filter oscillate by opening its coarse
frequency attenuator about 80% of the way,
opening the resonance attenuator all the way,
patching the VCF out, and then slowly closing
the coarse frequency attenuator. At some
point you will hear the filter oscillate as it
emits a sine wave of frequency F..At first the
pitch will be quite high.

Once again open the other attenuator and compare the two pitches. Close the
VCF coarse frequency attenuator until you can tell, by use of beat frequencies
and your ear, that the two pitches are the same.

Once the pitches are the same, open the VCF coarse frequency attenuator.
The pitch of the sine wave from the oscillating filter will become higher; soon it
will be one octave higher than the VCO, and then two octaves. At that point the
VCF is tuned two octaves higher than the VCO.

Close the resonance attenuator. You will no longer hear the filter oscillate but
that doesn’t matter. You know that the filter is tuned two octaves higher than
the VCO and thus harmonic attenuation will begin at that point. Set up
whatever patch you want. ’

2. Onceyou are familiar with VCFs there is another, and much easier way, to tune
a filter. Simply input a wave (let’s say a sawtooth) to an audio input to the filter
with the Foat 10 Hz. and the resonance attenuator far to the right, at the point of
maximum stable resonance. As you now open the VCF coarse frequency at-
tenuator, you will hear the harmonics of the input wave in succession. If you
want to emphasize the fourth harmonic, just stop moving the attenuator when
you hear it.
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EXPERIMENT #28: Sine waves from a VCF
How can you getan AF sine wave from a synthesizer? There are three easy ways:

1. Take it directly from a sine wave output, if one is available.

2. Put a VCF in oscillation as shown in Experiment #27, which gives you an AF
sine wave.

3. Filter any wave down to its fundamental; you will get a sine wave of the same
frequency as the wave being originally output.

Output any complex wave into an audio input to the filter with the filter’s coarse
frequency attenuator all the way closed. Slowly open that attenuator and the first
strong harmonic you hear will be the fundamental, a sine wave.

Needed: negative DC voltage

Just as itis possible to getan AF sine wave from a VCF, it is also possible to getan
LF sine wave from a VCF. Here’s how:

Put the synthesizer in neutral. Now make the VCF oscillate (generate a sine wa ve)
as shown in Experiment #27.

Inputting negative DC voltage into a control input to the VCF will have the effect of
reducing the frequency of the sine wave at a rate of one octave per control volt. As
you open the control attenuator into the filter, the frequency of the sine wave
becomes lower and lower, until it becomes a true LF sine wave.

To demonstrate this, patch any AF wave from a VCO directly out. Patch the output
of the VCF to an attenuated control input to the VCO. Raise the control attenuator
into the VCO to a level of 1.

P =DC

You are now using the LF sine wave being generated by the VCF to impart vibrato
to the VCO.

Although you could in fact use this application as shown, it’s rather module-
ineffective, using up an entire VCF module merely to impart vibrato to a VCO. The true
purpose of this example is to illustrate the kind of thinking that will become necessary to
use a patchable synthesizer effectively. What you have done is produce an LF sine wave
from a source (the VCF) where you might never have thought one available. This kind of
thing is possible again and again with patchable synthesizers. Often you will find you need
something and it’s not immediately apparent that it is available; creative thinking (affec-
tionately known as “klugeing”; the verb is to kluge) will help a lot.

Almost all waves that synthesizer oscillators generate, whether in their low or audio
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frequencies, have a 10-volt p-p amplitude. You cannot simply input wave uponwaveintoa
filter (or any module) because the module will have limits beyond which it will introduce a
type of distortion known as clipping. The usable range of most modules before clipping is
approximately +15 to —15 volts. The following example will demonstrate clipping and
then show a technique for avoiding it. The technique is known as offsetting and will be dis-
cussed thoroughly in Chapter 5.

EXPERIMENT #29A: Clipping

Needed: multiple; positive DC voltage

Patch an AF sine wave to a multiple. Patch two multiple outputs to two audio in-
puts to a low-pass filter. Open the filter all the way. Patch the VCF out. As you raise
the firstaudio attenuator into the filter, you will hear the original AF sine wave. As
you raise the second attenuator, you will hear the same frequency sine waye
added to itself. If you used the technique of adding voltages shown on page 18
you would find that the effect of adding a wave to itself is to produce a wave of
the same frequency and twice the amplitude. The difference is graphically
demonstrated in the diagram below; a is the original wave, b the wave added to
itself. The p-p amplitude of the doubled sine wave is 20 volts but, since the wave
voltage fluctuates between +10 and —10 volts, no clipping occurs.
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Patch +10 volts to an audio input to the filter. The effect of this is to offset the
already amplified sine wave shown in b by an additional +10 volts. You have
added +70volts to whatever appears at the filter audio input. The entire wave has
been raised +10 volts. This is graphically demonstrated by part ¢ of the diagram.
Since the filter clips at +15 volts and the sine wave now rises to +20 volts, clipping
will occur. As you raise the attenuator over the audio input into which you have

(V3

+10vDC -—%&-9

patched the +10 volts, listen for a difference in timbre. The wave will not sound
merely like a louder sine wave; you will hear harmonics being added. Since the
VCF cannot accept signals that have a higher total voltage than +15 volts without
clipping, the additional voltage is lopped off by the filter's limit. The result is
graphically shown in this diagram:
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The effect is to make something like a quasi-square wave out of the input sine
wave and, since a square wave has certain harmonics associated with it, a timbral

change will be perceived.

Clipping is one of various types of distortion. There is nothing wrong with itand it
may be used effectively in various ways. The important thing is to be aware of it.

Any time you input waves into the audio inputs to the filter whose combined
voltage exceeds some voltage (typically either +15 or —15 volts), you will have
clipping. Thus merely inputting two unattenuated sawtooth waves fully would give
you a +20 voltinputand cause clipping. The effect here would be to causea more
hollow sound, because the resultant quasi-square wave would have fewer har-
monics than either of the component sawtooth waves. (In case you are thinking
you will almost always have clipping, that's what attenuators are for. Although a
given wave may have pOSSIbIe p-p amplitude of 10 volts, you can input that wave
into the filter and then attenuate the amplitude down to anything you want.)

Just as you can cause positive or negative clipping by adding a positive or negative

voltage to an audio input to the filter, so you can abate clipping by using a voltage to offset
the combined audio voltages.
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EXPERIMENT #29B: Abating clipping

Needed: multiple; negative DC voltage

Patch an AF sawtooth into the muiltiple; come out the multiple with two patchcords
to audio inputs to the filter. Now you've effectively got a sawtooth wave into the
filter whose voltage range is from 0 to +20 volts, and clipping occurs.

Patch —10 volts to another audio inputdo the filter and slowly raise the attenuator
over that input.

@jﬁiw

-IOVDC

You are inputting negative voltage to the audio mixer to the VCF. When —5 volts
have been input, the sawtooth wave will have been offset 5 volts (will have gone
from a to b in the following diagram).

The p-p amplitude of the sawtooth hasn’t changed, but its relative position within
the filter has and clipping no longer occurs.
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Although atypical, there’s no reason you can’t input an LF wave into an audio input
into the filter. The effect it has will depend on the voltage characteristics of the input LF
wave, but the general effect is to increase or decrease the voltage of whatever other wave(s)
have been input into audio inputs to the VCF, in proportion to the voltage change of the LF

wave.

EXPERIMENT #30: Voltage-controlled distortion

Needed: multiple

Going through the multiple, input one AF sine wave into two audio inputs to the
filter. This will effectively give you one sine wave whose p-p amplitude is 20 volts,
varying from +10to —10 volts (diagram a). Now input a slow LF sawtooth wave in-
to an audio input to the filter. The effect will be to slowly raise the voltage level of
the sine wave. When the sawtooth has reached half of its maximum voltage (i.e.,
+5 volts), the total positive voltage in the filter will be +15 volts and clipping will
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-10
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+10 +10
(o) (@)
-10
c d.
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begin (diagram b). Clipping will continue as the sawtooth goes through its final 5
volts, reach a maximum (diagram c), and then instantaneously stop as the saw-
tooth drops to 0 volts (diagram d), beginning its cycle again.

Just as you can control a VCO with an LF sine or triangle wave to impart vibrato, so
you can control the VCF with an LF sine or triangle wave to impart timbral modulation.
This is the primary reason that many synthesizer manufacturers pre-patch a sine wave to
a control input to the filter. As the LF wave controls the filter, the F; rises and falls at the
frequency of the LFO, by an amount determined by the setting of the control attenuator
into the filter. The timbre gets brighter or duller as harmonics are added or subtracted.

In addition, different effects will occur depending on the setting of the resonance
slider. As Q becomes higher and higher, the rising and falling F will cause the filter to ap-
proach and recede from oscillation, thereby emphasizing different harmonics.

EXPERIMENT #31: Timbral modulation

Patch any AF wave into an audio input to the filter. Patch the filter out.

Set an LF sine wave to oscillate at about 3 Hz., the Fc at 1 KHz., the control at-
tenuator into the filter at a level of 1, and the resonance attenuator closed.
Become acquainted with the basic effect of timbral modulation.

L4

D

Now methodically vary allfour parameters (the VCO'’s frequency, the initial F, the
control attenuator setting, and the resonance attenuator) to experience many dif-
ferent possible effects of timbral modulation.

In Experiment 22 you learned that inserting a dummy plug in the KBD CV input to
the filter stopped the filter from tracking the KBD. Patchable synthesizers do not limit
you to either no filter tracking or tracking at 1 volt/octave.?? In a given situation you might
want filter brightness to change but more slowly:than the 1 volt/octave change of a VCO.23
What is needed is an attenuator between the KBD CV output and the input by which the
keyboard controls filter tracking at the 1 volt/octave rate.

EXPERIMENT #32: Filter tracking at rates other than
1 volt/octave

Patch a complex AF signal into the filter. Open the filter and patch the filter out.
Assuming your synthesizer has a pre-patch that allows for filter tracking of the

22 Some hard-wired synthesizers have a switch that allows filter tracking at rates other than 1 volt/octave—e.g.,
the Multimoog, whose switch allows filter tracking at either .5 volt or 1 volt/octave.

23 For example, in a certain frequency range the timbre of a bassoon follows the pitch at a rate of about .7
volt/octave. If synthesizing a bassoon, you would want similarly to attenuate filter tracking.
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keyboard, play the keyboard to familiarize yourself once again with the sound of
the filter tracking at a rate of 1 volt/octave.

KBD - >—7£—>

Since in this experiment you want the keyboard control voltage to control the
ﬁlte\&’f:brightness at a lesser rate than 1 volt/octave, dummy out the pre-patched
KBD CVto the filter and patch the KBD CV output to an attenuated control voitage
input to the filter. With the attenuator all the way closed, the filter will not track the
keyboard at all; all the way open it will track the keyboard at 1 volt/octave. Atany
point in between it will track at a rate less than 1 volt/octave.

What if you wanted the filter to track at a rate greater than 1 voit/octave? Use the
regular pre-patch to give you 1 volt/octave tracking and a patchcord from the
KBD CV output to an attenuated control voltage input to give you additional
voltage to thefilter every time you play the keyboard. This gives a very “hot” sound
to a lead synthesizer line.

KBD

EXPERIMENT #33: Percolator

Needed: trigger output jack

Finally, here’s a cute little patch that illustrates maximum stable resonance, the
point just above which the filter starts to oscillate.

Trig

KBD |

F.:800 Hz.

Make the filter oscillate ata frequency of about 800 Hz. by using the resonance at-
tenuator asin previous experiments. Slide the resonance attenuator slowly to the
left, just to a point where the VCF no longer emits a pitch but where if you nudged
the resonance attenuator just the slightest bit to the right the VCF would begin to
oscillate. This is the point of maximum stable resonance, the point beyond which
adding any resonance at all will cause the filter to oscillate.

At this pointitthe filter receives any trigger (section IV-E of this chapter), it will 0s-
cillate fora few cycles and exponentially decay. A simple way to inputa triggerinto
the filter is to patch the trigger output to any audio input to the filter. If you do so

VCF: max stable Q
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and play the keyboard (which should act as a control voltage to the VCF), you will
get the famous “percolator” sound. Note that the higher the frequency at which
the filter oscillates, the shorter and more percussive the event.

What is happening here is that the noise in-
herent in the filter is being filtered. Since the
filter is highly resonant, a trigger allows the

noiseinthe narrow pitchzone aroundthe Fsto
pass. The trigger inputs energy which dis- [\ ﬂ /\ n
U U UV T V[\_AA &

sipates exponentially. This is called a damped
waveform. It's like giving a child on a swing a
sudden push and then walking away. This is a
form of pitched noise, of which you will learn
more in Chapter 5. DAMPED WAVEFORM

lll. THE VOLTAGE-CONTROLLED
AMPLIFIER

The first thing to understand about a VCA is that it does not amplify in the
traditional sense of the term: the output of a VCA is not greater than the input. In fact,
with one exception,?* the greatest output the VCA can deliver is a voltage equal to that of
the audio input.

We typically have a VCA in the audio path to control the gain (generally to shape the
volume) of the audio signal. Depending upon the control voltage input to the VCA, the
shape of the audio signal output from the VCA will be changed. The ratio of output to in-
put is called the gain of the VCA, so the greatest gain possible with a VCA is a gain of 1.0,
also called unity gain.? Unity gain says that the ratio of output voltage _ L0

: input voltage -

In fact, as you will see, in almost all cases the gain factor of a VCA will be less than
unity gain. Since a VCA does not amplify, its purpose might be clearer if it were called a
voltage-controlled attenuator. Its primary purpose is to allow the amplitude of the total
instantaneous voltage appearing at the CV mixer to determine the output amplitude of
the audio signal appearing in the audio mixer at that instant. How it does this will be dis-
cussed shortly.

Like the VCF, the VCA has separate audio and control voltage inputs that are
summed in separate audio and control voltage mixers. The instantaneous sum of the
signals appearing at the audio inputs appears in the audio voltage mixer; the in-
stantaneous sum of the control voltages appears in the control voltage mixer. These two
sums are then sent to a multiplier, a special submodule within a VCA (and the unique cir-
cuit in a VCA) that multiplies the sums of the instantaneous voltages in the audio and
control voltage mixers and outputs a final voltage that determines how much and at what
rate the VCA opens.

Just as with the VCF, no signal will pass through a VCA ifitis completely closed. The
only way a VCA opens is if some positive control voltage appears in the control voltage
mixer. If the sum of the total voltage appearing in the CV mixer is either zero or negative,
the VCA will not open and no signal appearing at the VCA’s audio inputs will pass through
the VCA. Thus, if the module is being used, the general way the VCA works is that the

24 Tf +10 control volts are input to the exponential control input, the output may well be above +10volts; it may
even exceed +15 volts, the limit which most VCAs can accept as total input signal before clipping results.

% The VCA supplied with Moog modular systems (No. 902) has a gain factor of 2.0.
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audio signal is constantly present in the audio mixer; whether it passes through depends
upon whether a positive control voltage appears in the control voltage mixer.

A. Inverting Audio Input

Audio inputs to VCAs are attenuated so you can allow all or only a part of each audio
signal into the audio mixer. Note that in Figure 3-11 one audio attenuator has a (+)
associated with it while the other has a (—). The first audio input is typical, but the other
one is an tnverting input. Any audio signal input into this jack will be totally inverted
before reaching the audio mixer. Synthesizer VCAs frequently have one inverting audio
input. The properties of inverters will be discussed in Chapter 5. For now you should know
that totally inverting a wave has the effect of reversing its voltage polarity at every point.
Thus a sawtooth wave that originally looked like that in Figure 3-12a will, if input into an
inverting audio input toa VCA, look like Fig. 3-12b when it reaches the audio voltage mix-
er to the VCA. The aural effect of mixed waves that are out of phase may be changed
because of the inversion (remember Experiment #11B). For example, if you were to add a

+10 0

FIG. 3-12
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sawtooth to itself you would normally expect the output to be a sawtooth of twice the
amplitude (twice as loud—remember diagrams a and b in Experiment #29A).

EXPERIMENT #34: The inverting audio input to a VCA

Needed: multiple

Patch an AF sawtooth into the multiple; come out of the multiple with two
patchcords and patch one into each audio input to the VCA. Set the gain control
(which generally supplies +10 control volts) all the way to the right and patch the
VCA out. ¥

Open the attenuator over the positive audio input. Thisisthe original AF sawtooth.
With the experience of the diagram in Experiment #29A, you would think that rais-
ing the other audio attenuator would double the amplitude, and thus the volume,
at the VCA output. Slowly raise that second audio input attenuator.

The volume decreases rather than increases and, if you’re careful, there will be
one point at which the sound disappears altogether. At this point the signals
cancel each other out.

G=1.0

Just as the oscillator coarse frequency attenuator is a source of +10 control volts for a
VCO, just as the filter coarse frequency attenuator is a source of +10 control volts for a
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filter, so the gain (G) attenuator associated with the VCA is a source of +10 control volts
for it. When that attenuator is all the way off, it supplies no control voltage to the VCA; all
the way open it supplies +10 control volts. Voltage varies between 0 and + 10 depending on
the setting of the gain attenuator. You heard the effect of that constant control voltage in
the previous experiment. Without it there would have been no positive control voltage ap-
pearing in the VCA’s CV mixer, and no matter how many sawtooth waves appeared at the
audio inputs there would have been no output from the VCA. Any voltage it supplies to the
CV mixer will be added to any other control voltage coming into the other control inputs.

B. Two-Quadrant Multiplier

A VCA is sometimes referred to as a two-quadrant multiplier. In the chart shown
here, voltage in the VCA’s audio mixer is plotted against control voltage.

audio (-) audio (+)
control (+) ’ control (+)
audio (—) ‘ audio (+)
control (-) control (-)

In the upper right-hand quadrant both audio and control voltage are positive, and the
VCA will output. Even if the audio voltage has a net negative value, the VCA will
output so long as the control voltage is positive; this is represented by
the diagram in the upper left quadrant. No matter what the audio
voltage polarity, there is no VCA output if the control voltage is
negative (the two lower quadrants). Since the VCA outputs only two of
the four quadrants, it is called a two-quadrant multiplier.

As usual, voltages input into control inputs may be LF waves. The
type of output from the VCA will depend on the nature of the voltage
change of the LF waves in question. With no other control voltage a
positive-going LF sawtooth, gradually rising from 0 to +10 volts, will
slowly openthe VCA toits maximum and then instantly close it, begin-
ning the cycle again. You would hear whatever had been input into the -
audio mixer to the VCA rise in volume as the LF sawtooth wave, func-
tioning as a control voltage, gained amplitude and fell to 0 volts. If the
control wave has a negative component (e.g., a typical sine or triangle
wave, which fluctuates from +5 to —5volts), assoon as that wave hits 0
volts and starts to go negative there will be no output at all from the
VCA. o

Verify this for yourself by inputting any AF wave into an audio in-
put to the VCA and an LF sine or triangle wave into a control input to
the VCA. Raise the attenuators over both inputs into the VCA as well
as the attenuator out. The sound rises and falls during the first half of
the wave’s cycle, but there is no sound at all during the negative half.

However, remember that what determines if there is any VCA
output is not that a component of a given control voltage is negative,
but rather the total instantaneous control voltage in the VCA’s CV
mixer at any given moment. Thus if you were to open the gain at-
tenuator halfway, the CV mixer would start with +5 volts already in
it. Then as the sine or triangle went from —5 to +5 volts, the total Moog Model
voltage in the CV mixer would go from a minimum of 0 volts (when 902 VCA
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the LF wave was at —5 volts it would be added to the +5 already in the CV mixer) to +10
volts (when the LF wave was at its maximum of +5 volts that would be added to the +5
volts already in the mixer). Since total control voltage appearing in the VCA’s CV mixer
would vary from 0 to +10 volts, there would be a continuous VCA output except for that
instant when the total CV was 0 volts. Opening the gain attenuator just a little more
would give you a continuous VCA output. Try it.

Thus the fact that any individual control voltage is 0 or negative does not
automatically mean there will be no output from the VCA; it is the total net control voltage
in the CV mixer to the VCA at any given instant that will determine if the VCA opens at all
and, if so, how much.

EXPERIMENT #35: Understanding a VCA

Patch an AF sawtooth into an audio input to the VCA, and an LF square wave
(whose frequency should be about 1 Hz.) into the linear control input to the VCA.
Open all appropriate attenuators and listen to the output. You will hear the saw-
tooth for a given time (about half a second) and then you will hear silence for an
equal time, as the LF square wave drops to and remains at 0 volts.

The two waves—the AF sawtooth and the LF square—might be shown as in Figure 3-
13a and 3-13b. (Note that these are not to scale, as a might be 500 Hz. while b is only 1 Hz.
For this purpose scale is not needed.)

+10
(o} a
v 1
o R
L
T
S
0 b.
0 /\/\ /m M M c.
FIG. 3-13

The VCA outputs only when there is positive control voltage in its CV mixer (Figure 3-
13c). This is what is meant by the statement earlier that the primary purpose of the VCA is
to allow the amplitude of a control voltage to determine the output amplitude of an audio
signal.
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Figure 3-14 is one final example. When the attenuator over the linear control input is
halfway up the control voltage is halved (b) and the VCA output (c) is directly propor-
tional to the control voltage. Note that even though the input audio voltage remains con-
stant, since the control voltage has been halved the VCA output is halved (when there is
any output at all). If the control voltage were input into the exponential CV input rather
than the linear, the VCA output would still be dependent upon the amplitude of the
control voltage input, but the output would be 10 db/control volt instead of in direct
proportion (see part C).
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FIG. 3-14

C. Linear and Exponential Control Inputs

Just as the circuitry for the attenuator over one audio input is different from that for
the other (because the other inverts the audio signal), the circuitry of VCA control inputs
frequently differ from each other because one of the two typically includes an exponential
converter. Patchable synthesizer VCAs typically have both linear and exponential control
inputs. No matter what the original shape of the CV waveform entering an exponential
control input, it will be altered by the exponential converter and appear as something else
in the CV mixer to the VCA. An example: If the CV appearing at the exponential control
input were originally a positive-going LF sawtooth (Figure 3-15a), it would appear as in
Figure 3-15b by the time it reached the CV mixer to the VCA. It has been exponentially
converted. As a practical matter this will generally mean that it has been delayed at the
beginning and accelerated at the end of its cycle (an exponential curve generally is slow at
the beginning and rises rapidly toward the end; see Figure 3-16).

FIG. 3-15

The exponential input-is of importance because our perception of change in loudness
is exponential rather than linear. Figure 3-16 is a graph of the effect of the linear and ex-
ponential control inputs to the VCA. Recall from Chapter 2, section III-C, that when a
control voltage is input into the linear control input the VCA opens in direct proportion to
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that control voltage; when input into the exponential mode, the VCA opens at the rate of
10 db/volt.
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There is a considerable difference in perception of the rate that volume increases or shape
changes?® between these two modes, as Experiment #36 shows.

EXPERIMENT #36: Linear vs. exponential control inputs
to a VCA using an LF wave

Inputan AF sawtoothinto anaudioinputofthe VCA.
Use as your control voltage a slow LF sawtooth.
First input this LF sawtooth to the linear control in-
put to the VCA, open the attenuators including the
one to the mixer out, and listen to how the volume /.. AMPLIFIERS
increases.

Now repeat the experiment inputting the LF saw-
tooth into the exponential control input to the VCA.

Listening to the difference between these two inputs
should help you understand the graph in Figure 3-16.
Did you notice how volume increased evenly when the
LF sawtooth was input into the linear mode and slowly
at first and rapidly later when it was input into the ex-
ponential mode?

Here’s another way to help you understand the
differences in these two control inputs. Figure 3-17is a
kind of inverse graph of Figure 3-16, in which change in
db is plotted against change in voltage for both the
linear and exponential control inputs. The straight line
in Figure 3-17 indicates a slope of 10 db/volt, the rate at
which control voltages input into the exponential mode
of the VCA will open the VCA. The linear input, con-  Aries AR-343 Dual VCAs

26 The idea of the VCAs being used as a module to shape a sound will become clearer after a discussion of
envelopes and envelope generators in the next section of this chapter.
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versely, opens the VCA much faster than the exponential.2’ At +2 control volts into the ex-
ponential input the VCA has opened a total of 20% of the VCA’s dynamic range;28 in the
same time a control voltage input into the linear input has opened the VCA almost 90% of
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its dynamic range. In other words, the linear input gives a very uneven distribution of the
VCA’s opening in terms of decibels—that is, in terms of what we hear. To obtain a
perceptually even distribution of volume change, use the exponential input.2°

EXPERIMENT #37: Linear vs. exponential control of a
VCA using an envelope generator

VCA

ADSR

KBD

Initially patch the ADSR output into the linear control input of the VCA and listen
with awareness to the nature of the sound as you depress a ke y. Then, keeping all
other parameters exactly the same, close the attenuator of the linear control in-
put, patch the ADSR output to the exponential control input of the VCA, and listen
with awareness to the nature of that sound.

Are there any differences? Can you describe them?

#7 If you’re wondering why the slope of the exponential input looks linear and of the linear input looks exponen-
tial, consider what is being plotted against what. If the exponential input opens the VCA at a constant rate of 10
db/volt and you plot db against voltage, you can’t get anything except a straight line as the slope. The linear in-
put opens the VCA in direct proportion between a given control voltage and an output voltage. That was plotted
in Figure 3-16. The slope of the linear input looks “exponential” when plotting input voltage against gain
(rather than output voltage), which is what Figure 3-17 does.

* The dynamic range of many VCAs, the range between its minimum and maximum output, is approximately
100 db, about the same as the dynamic range of a symphony orchestra.

» Notwithstanding the above, in many applications it would be more musically effective to inputan ADSRtoa
linear rather than an exponential control input to a VCA. Experiment for yourself.
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When setting up a patch that uses the VCA, always make an A-B comparison
between the linear and exponential modes. The sound will generally be perceived as more
percussive, louder, and shorter in duration when put through the exponential mode than
when input through the linear.

Y

D. Tremolo

Although amplitude modulation is discussed in some depth in Chapter 6, one special
type of AM will be demonstrated here. It is commonly known as tremolo and consists of
controlling the dynamic range of an audio signal with an LF sine or triangle wave. We have
already heard this type of control; when applied to a VCO it was called vibrato, when ap-
plied to the filter it was called timbral modulation.

EXPERIMENT #38: Tremolo

Needed: +5 VDC

Patch any AFwave into an audio input to the VCA, and an LF sine or triangle wave
into the linear control input. Because you don’t want periods of silence, offset the
control signal by setting the gain attenuator of the VCA halfway open. After
opening the appropriate attenuators, experiment with different frequencies as
well as different attenuator settings into the VC4 for the LF wave.

IV. ENVELOPE GENERATORS (EG)

ENVELOPE

How is it that when you hear a tuba play alow C and you hear a piano
play a low C you can tell that one note is from a piano and one from a
tuba? After all, they are both playing the same note.

One reason is that the different shapes of the piano and tuba
encourage different resonant frequencies and thus accentuation of
different harmonics. Another, perhaps more important, reason is
the difference in “shape” of the sound. Your ears receive musical
“cues’’ about the nature of asound. For example, a pitch from a tuba
takes about one-fifth of a second to reach full amplitude, while a
pitch from a piano takes only a millisecond or so to reach full
amplitude. The initial portion of a musical event—the time it takes
to reach maximum amplitude—is called the attack stage. Even a
trained musician might be hard-pressed to tell the difference
between a tuba and a piano playing the same note if he or she could
not hear the attack of the note. The first two milliseconds are
crucial in identification of a sound. Aries AR-312

Envelope generators (sometimes called contour generators or  Envelope Generator
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transient generators) typically are of two types: ADSR and AR.3° They provide the ability
to give shape to any voltage-controlled parameter. A graphic representation of the shape of
the parameter is called its envelope; since the ADSR and the AR create envelopes, they are
called envelope generators. The shape of the envelopes created by the envelope generators
is determined by the position of the attenuators on the ADSR and the AR. The envelope
generators fire when they receive a gate signal from any of a number of devices on a syn-
thesizer (see section Il of Appendix A), the most common being the keyboard. Although
they should be used as any voltage is used, the most typical use of an envelope generator is
as a control voltage to a VCF or a VCA.

A. Envelopes

An LF square wave as a control voltage to a VCA causes an output from the VCA that
is instantaneously high and then instantaneously low (Experiment #35). As was said in
section IIT of this chapter, the instantaneous control voltage amplitude determined the
instantaneous output amplitude of the audio signal input into the VCA. A graph of the
output amplitude (in volts) vs. time for Experiment #35 would look like Figure 3-18.
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A graph of the way a parameter varies over time (the “time domain”) is a visual
representation of its envelope. The horizontal axis on such a graph always represents time:;
if we speak of an amplitude envelope we generally mean the way VCA output varies
over time. Figure 3-17 is an amplitude envelope where the control voltage into the VCA is
an LF square wave. A filter envelope and a pitch envelope show respectively how the Fe
and frequency vary over time. The envelope will always be represented diagram-
matically as the total of the instantaneous control voltages to the parameter. If the total
of the instantaneous control voltages is simply an LF wave, as in Figure 3-18, then the
envelope for that parameter will have the same shape as the LF wave.

Figure 2-7 in Chapter 2 showed the effect of an LF sine wave controlling a VCO; since
it is a graph of how a parameter (frequency) varies over time, we can show its pitch
envelope (Figure 3-19).3! Individual envelopes have discrete beginnings and endings;* in
order to show a beginning and an ending, choose the lowest voltage as the point to start.
Figure 3-19 gives the same information as Figure 2-7; however, it starts at the lowest
voltage (output in frequency) rather than the point of 0° phase.

% However, there are several other configurations. Many Moog products and the Oberheim SEM provide only
one attenuator for both decay and release time. The Korg MS-20 and E-mu Module 2350 offer initial delay
times before the attack stage (effectively five-stage envelope generators). E-mu, Aries, and Serge-Modular of-
fer voltage control of the timing and sustain parameters on their four-stage envelope generators.

3! Technically these pitch envelopes would be correct only for linear (rather than exponential) control inputs;
this liberty is taken for the purpose of teaching pitch envelopes.

32 Exceptions: when playing in the ““single” triggering mode (see part F of this section); when retriggering oc-
curs before the last stage of a prior envelope is completed (see part E of this section).
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Figure 3-20 is an example of a filter envelope whose initial F is 10 Hz. and whose
control voltage is a +10 volt LF sawtooth wave.
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FIG. 3-20

As shown in Figure 3-18, the envelope of a parameter controlled only by an LF wave
will look like that LF wave itself.

B. The AR Envelope Generator

Although LF waves help create certain effects, oscillator-produced waves are limited
in their shapes and therefore in their effect as control voltages. No matter what its fre-
quency or amplitude, a square wave is still going to be instantaneously high and low. How

much more interesting sounds would be if we could further vary the shapes of the voltages
we use to control voltage-controlled devices!
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That, of course, is exactly what envelope generators do. Although the most common
uses of envelope generators are to control a VCF and/or a VCA, their most important
aspect is the life they impart to events, hopefully making them interesting and realistic.

Figure 3-21a shows a typical envelope created by an LF square wave. In a given
application the sound might be more interesting if we could vary the rise and fall times to
those shown in Figure 3-21b. That envelope indicates that it takes some time for the
amplitude to reach its maximum voltage and some time for it to fall to zero, instead of its
doing both instantaneously. The input audio signal gradually rises and falls in volume.
This demonstrates the primary characteristic of the AR generator. It serves as a source of
control voltage with manually variable individual parameters—that is, the rise and fall
times (Attack and Release times) can be varied by the attenuators on an AR generator.

a. b.

\Y \
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FIG. 3-21

EXPERIMENT #39: Introduction to envelope generators
as control voltages

Setup the patch shown here. Make sure both AR attenuators are all the wa ydown
(or to the left): setting 0,0—see page 5.

KBD ——T

Depress a key.

As you will learn later in this section, the keyboard can supply a gate signal to all
envelope generators. Once you raise the control attenuator into the VCA that has the AR
patched intoit, all the AR needs to begin functioning is to receive a gate. Yousignal it with
a gate when you depress a key. ‘

On both the AR and ADSR the attenuators are in minimum position when they are all
the way down, maximum when all the way up, and at various midpoints in between.?? Since
the AR attenuators were at setting 0,0 in the preceding experiment, both attack and

% If you are using a synthesizer with rotary (round) attenuators, minimum is all the way to the left, maximum
all the way to the right.
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release time characteristics were minimum—that is, the time
they took to complete was the absolute minimum of which the
AR is capable. A minimum attack time is essentially in-
stantaneous. As soon as the gatesignal isreceived, the parameter
being controlled by the AR (in this case amplitude) takes the e . L
minimum time to reach the voltage allowed by the control
voltage attenuator. ’

With a minimum release time, as in Experiment #39, as soon as the AR fails toreceive
a gate signal (when you stop depressing a key), the parameter being controlled by the AR
instantaneously returns to its original position.

Redo the previous experiment with the following
difference: Set the attack attenuator to its maximum
position (setting 4,0).

Depress a key.

[

The time the control voltage now takes to reach its maximum is the longest it can be
with the AR generator. Since the release time attenuator is at a minimum, as soon as you
let go of the key the control voltage instantaneously goes low; with no control voltage the
VCA shuts down and the audio signal (in this case, noise) that is always present in the
audio mixer of the VCA has no way to be output.

Redo the previous experiment with the following
difference: Put the attack attenuator at minimum and
open the release attenuator all the way to maximum
(setting 0,4).

Depress a key.

Since the attack attenuatorisat a minimum, attack time will be instantaneous; since
the release attenuator is at a maximum, the release stage will take the longest it can, sup-
plying slowly diminishing control voltage to the VCA. The sound slowly dies away.

Redo the previous experiment with the following
difference: Open both attack and release attenuators
to their maximum positions (setting 4,4).

Depress a key (which you should hold for a short while
to get the effect).

The horizontal line in the envelopes indicates the levels at which the control voltage
sustains after it has reached its maximum. On typical ARs voltage always goes to +10
volts. On voltage-controlled parameters +10 volts is virtually always enough to sweep the
entire spectrum of the parameter.?* If you want the AR generator to sustain at a voltage
less than +10 volts you must attenuate it via a control voltage attenuator. (Experiment
440).

3 410 control volts will raise an exponential VCO from 20 Hz. to 20 KHz.; it will raise an F.. from 10 Hz. to 10
KHz; it will open a VCA from —100 db to unity gain; it will sweep a voltage-controllable pufse width from one
end of its duty cycle to the other.



EXPERIMENT #40: Sustain attenuator for an AR
envelope generator

Set up the synthesizer as shown here:

AR

AR: 4,4

KBD

Open the control attenuator into the VCO all the way.

Depress a key.

In this configuration the AR generator will very slowly outputa control voltage that
will raise the pitch of the VCO. Since the attenuator is wide open, the frequency of
the VCO will go all the way up and out of the range of hearing. The AR generator
always goes to +10 volts. By lowering the CV attenuator into the VCO, you can
keep the same attack and release settings but have a maximum effective voltage
of anything you want.

Set the CV attenuator such that the pitch of the VCO will rise one octave, two oc-
taves, and four octaves when a key is depressed. When you have done this, the
AR voltage that controls the VCO will be reaching a maximum of +1, +2, and +4
volts respectively.

By now you can see how the AR is replacing the LF waves we have been using for
control voltages up to this point. An envelope generator creates a control voltage with
certain parameters that are manually variable. On an AR those parameters are the attack
and release portions, which create an envelope that has many more musically interesting
possibilities than those created by periodic LF waves.

C. Timing Signal #1: The Gate

The AR (and the ADSR) must have some kind of signal indicating when to begin
controlling a parameter and when to stop controlling it. Since this signal indicates a point
in time to begin and another point in time tostop, itis called a timing signal. The two types
of timing signals envelope generators use are called gates and triggers.

A gate is simply an on-off signal. In order tostart, an envelope generator must receive
a gate signal, in the same way that an automobile engine must receive a signal from the ig-
nition. Conversely, unless a gate signal is received by an envelope generator, it either will
not start or, if it has already started, will shut down at a rate determined by the release
setting.

Figure 3-22shows a typical AR envelope and associated gate signal.

g o N

I Gate |

wn—~r

FIG. 3-22
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The AR starts as soon as it receives a gate signal (e.g., from a keyboard), opens at a rate
determined by the attack attenuator to a level of +10 volts,3® and begins to close at a rate
determined by the setting of the release attenuator as soon as it no longer receives a gate
signal.

Since a gate signal is an on—off timing signal, a gate can come from an LF pulse. An
LF pulse is either high or low, so it can signal an envelope generator to start when it is high
and stop when it is low.

EXPERIMENT #41: LF pulse gating envelope generator

gate

AR:0,0

JL

Patch an LF pulse into the gate input of an envelope generator. Patch any AF
signal or noise into an audio input to the VCA. Set both AR attenuators at
minimum and open the other attenuators.

The AR will go on and off at a rate determined by the frequency attenuator of the
LFO. If that frequency is low enough, you can raise the attack and release to any -
point and hear the AR generator start and stop opening the VCA.

Any signal that has a fast rising edge, a sustained duration, and afalling edge canbe a
gate. Thus an LF pulse wave can be a gate but an LF sine wave, with no sharp edges, can-
not function as a gate.

The most common source of gate signals is directly from the keyboard. Every time a
key is depressed, the keyboard outputs at least one control voltage (which is frequently
pre-patched to each VCO and to the VCF) and two timing signals, a gate and a trigger3®
(the gate being typically pre-patched to both envelope
generators, the trigger to the ADSR only), all of which

may be available at external jacks. Whether these & =

keyboard outputs are all used depends on your need,

but they are available each time a key is depressed. KD Gate >
Another source of gates on many synthesizers Trigger J

is a “Manual” button, located near the envelope -

3% Moog and Korg products have negative-going gates; there is a 10-volt output when no key is pressed down,
0-volt output when a key is pressed and a shorting-trigger (“‘s-trigger’) is activated, shorting the normally high
gate to ground.

36 Moog keyboards do not output triggers because Moog envelope generators (even ADSR) don’t use triggers.
The discussion in part E of this section about how an ADSR must receive a trigger to function as a four-stage
envelope generator does not apply to Moog products.
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generators. Depressing this button provides a gate to the envelope generators that starts
when the button is depressed and stops when it is releasad.

D. The ADSR Envelope Generator

An ADSR (ADSR stands for Attack, Decay, Sustain, and Release) is a more complex
envelope generator than an AR, because it has four variable parameters instead of two.
The Attack and Release parameters of the ADSR function exactly as they do on the AR.
The Decay parameter controls the timing of a voltage fall after the attack to a variable sus-
tain level. The attack, decay, and release are timing, not voltage, parameters. Sustain sets
the voltage level at which the ADSR will output a voltage once the attack and decay stages
have completed, for as long as a gate is received; it is variable up to +10 volts.

+10 D

1 2

Gate —I

Trigger

FIG. 3-23

Figure 3-23 shows a typical ADSR envelope and its relationship to a gate and a
trigger. The gate has the same function with an ADSR as it does with an AR: it tells the
envelope generator when to start and stop. The ADSR will begin firing the instant it
receives a gate signal and will stop when the gate is no longer received. The ADSR will in-
stantly go to its release stage at whatever point in the cycle the gate stops.

As with the AR, in the attack stage the voltage always goes from 0 to +10 volts, the
position of the attack slider determining only the time it takes to make that journey.
Voltage decay will take any time from instantaneous to several seconds, depending on the
position of the decay attenuator. The decay will be to a voltage determined by the position
of the sustain attenuator. That attenuator does not determine how long the sustain lasts—
it is not a timing attenuator, as are all the other attenuators on an ADSR. How long the
ADSR ““fires” is determined by how long the gate lasts (e.g., how long a key is pressed
beyond point 2 in Figure 3-23). If the gate should stop at point 1 in Figure 3-23, the ADSR
would bypass both the decay and sustain stages and go directly to release. The envelope
would then be like that in Figure 3-24a rather than that in Figure 3-23.

FIG. 3-24

If the gate should stop at point 2, then the envelope would look like Figure 3-24b. It is only if
the gate stops at point 3 that the envelope will look and sound like that in Figure 3-23.
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EXPERIMENT #42: The effect of ADSR
attenuator settings

KBD

Set up the patch shown here. Initially, set the ADSR to 4,4,2,4. Depress a key. The
amplitude envelope sounds like this:

N

Since the parameter being controlled by the ADSR is amplitude, the volume will
take maximum time to reach +10 volts; it will then take maximum time to decay to
the sustain level, which is about +5 volts. When you release the key, the ADSR will
take maximum time to go from the level sustained to 0 volts.

Now set the attack attenuator to minimum, the total setting being 0,4,2,4. Depress
a key and hear the effect of the envelope below.

e

Hit a key and instantly let it go, as though you were
playing staccato. Although the attack stage will com-
plete since it is virtually instantaneous, no other stage
will get a chance to finish and the effect will be to go
immediately to the release stage. This is an example of
the ADSR firing until the gate signal stops, at which
point it goes directly to its release stage.

Set the attenuators to setting 4,0,2,4. Depressing a
key (or pushing the Manual button) supplies a gate.
The ADSR takes maximum attack time to getto +10
volts, but since the decay attenuator is at 0 time, there
is no decay. As soon as +10 volts is reached, the
ADSR goes from the attack to the sustain portion of its
cycle.

Try slider setting 4,0,0,4. Now the sustain attenuator is
in its minimum position, a sustain of 0 volts. As soonas
the attack portion is completed, the ADSR output
drops to 0 and there is no voltage to release from. The
effect is the same as if the release attenuator were all
the way down. If sustain is 0, release will have no effect
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unless the ADSR stops receiving a gate before the
sustain stage takes effect. In that case release will
immediately take effect (see Figure 3-22).

Try attenuator setting 0,0,4,4. Since attack is at
minimum, it will be instantaneous, but since sustain is
at maximum, there can be no voltage decay. The
voltage sustain is at maximum and voltage cannot
decay to maximum. Any time sustain is maximum, the
decay attenuator has no effect.

Keeping the attenuators setat 0,0,4,4, play a series of notes rapidly. Note that you
are beginning a new envelope before the old one has completed (because of the
long release setting). This is called re-triggering and is one of the cases in which
each individual note does not have its own envelope.

Finally, try an ADSR setting of 0,0,0,0 into the exponential control input to the
VCA, for a clicking sound.

This has been just an introduction to the possibilities of an ADSR envelope
generator. Just keeping the different attenuators of the ADSR on either0, 1, 2, 3, or 4 (i.e.,
not including intermediate points like 1'%), there are 625 different settings possible (5¢).
Take some time now to experiment with other settings. When you hear a sound, draw the
envelope created and describe to yourself what is happening.

E. Timing Signal #2: The Trigger

A trigger is any signal used to start the operation of some device. The most common
use of a trigger is to start the attack cycle of an ADSR.3” The ADSR will function if there is
no trigger, but it will function as a three-stage envelope generator rather than a four-stage
envelope generator; in that case, the setting of the decay attenuator will serve as though it
were an attack setting. Since sustain is variable, the “attack’ won’t always go to +10
volts. It will go to whatever level the sustain attenuator is set at within a time period set by
the position of the decay attenuator. Thus with no trigger the ADSR would function as an
AR with variable sustain.

EXPERIMENT #43: ADSR as three-stage envelope generator

Needed: multiple B
Set up the synthesizer as shown.

gate

LFO:.03Hz.
JL > frig ADSR: 0424

Y

37 Examples of other uses of a trigger: to ring a VCF (Experiment #33), to start and stop a sequencer, and to
determine oscillator synch/reset functions.
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The LF square wave should be very LF.

Patch an LF square wave into the multiple; bring one patchcord outofthe muitiple
and into the gate inputand another into the trigger input to the ADSR. The effect of
this is to provide both a gate and a trigger to the ADSR from the LF square wave.
The envelope looks like this:

Now remove the patchcord between the multiple outputand the triggerinput. The
ADSR now receives only a gate signal from the LF square wave. Listen again.

The entire attack stage has been bypassed. The setting of the decay attenuator
becomes the length of time the ADSR will “attack” to reacha maximum voltage as
determined by the sustain attenuator setting. The ADSR settings are 0,4,2,4.
When the ADSR received atrigger, itbegan aninstantaneous attack, a slow decay
to a voltage level of about 5 volts, and then slow release. Without the trigger, the
decay setting (which is at 4) becomes the time for the attack. Thus there is a very
slow attack, which goes not to +10 volts but only to the level at which the sustain
attenuator is set. The envelope now looks like this:

+9 /—\

(@]
Without a trigger the ADSR functions as an AR with variable sustain. Instead of
always going to +10 volts, it can vary between 0 and +10 volts.

n=--—0<

Any signal with an extremely fast (essentially instantaneous) rise time can function
as a trigger. If you looked at a series of triggers on a superb oscilloscope they would look like
Figure 3-25.

FIG. 3-25

The critical elements are that the rise time be essentially instantaneous and that the
signal reach a particular voltage threshold (generally +10volts). If a pulse wave servesasa
trigger, everything that the pulse does after the initial rise is irrelevant. The duration of
the pulse doesn’t matter. The internal circuitry of the ADSR needs only the rise time; if
this rise time is fast enough and high enough, the ADSR will allow the signal to be a trigger
and ignore everything that happens to the signal later. Thus a pulse wave can be both a
trigger and agate. How long the gate lasts will be determined by how long the pulseis high.

As with a gate, the most common source of triggers is the keyboard. There is almost
always an internal patch of a trigger from the keyboard to the ADSR; every time a key is
depressed, the ADSR receives a trigger. This may or may not be used (it is obviously not
used, for example, if the ADSR is not in the patch), but it is always available. Since the
requirements of a trigger are an instantaneous rise time to some positive voltage, any LF
pulse can serve as a trigger. A Manual button also typically has a trigger hard-wired to
the ADSR. Pushing it gives a trigger to the ADSR and, for as long as you hold it, a gate to
both envelope generators (see Experiment #A-3 in Appendix A).
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F. Single and Multiple Triggering

Envelope generators receive triggers from keyboards in one of two ways: by either
single or multiple triggering. By far the more common is multiple triggering, wherein in-
dividual timing signals are supplied to the envelope generator every time a note is pressed,
evenif othernotes are being pressed and it’s a one-voice synthesizer.

Remember, from footnote 36, that Moog envelope generators don’t need to receive
triggers in order to fire and behave like 4-stage envelope generators. Since they do not
receive triggers, when a keyboardist plays most Moog products its envelope generators
will “see” only one long gate and not refire unless the keyboardist takes her or his finger
completely off the key for a time, no matter how short, between every note. The fingers
need to learn a different style of playing on a Minimoog than on an Oberheim OB-1 or an
ARP Solus. -

Some synthesizers, like those in the KORG PS- series or the ARP 2600, have a switch
that allows the user to select either single or multiple triggering.

EXPERIMENT #44: Types of triggering

Set up the same patch as in Experiment 42, but use an AF wave as your audio
signal. If your synthesizer has only one voice, hold down one key and play other
notes simultaneously. If you hear individual envelopes, the keyboard is multiple
triggering, if you hear only the original envelope, it is single triggering.

If your keyboard offers single triggering, note that the musical effect of single
triggering in this experimentis similar to legato—one obvious attackand a subse-
quent series of notes perceived to be within the “umbrella” of the first note. (See
Section IV in Appendix A.)
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G. Exercises and Applications

Before we proceed to exercises and applications, some basic review may be helpful.
Envelope generators typically function as any control voltage does. They can, by voltage
control, raise® the frequency of VCOs, raise the F of a VCF, open a VCA, sweep a pulse
width, or control any other voltage-controllable parameter at rates determined by the tim-
ing attenuators and to a voltage level determined by the sustain attenuator and the at-
tenuator into the module being controlled. The importance of envelope generators to syn-
thesis cannot be overemphasized. Because of the great control flexibility they provide,
many synthesists say they would like to have as many envelope generators as all their other
modules combined.

EXPERIMENT #45: Envelope generator review

Set up the patch as shown.

F.:100 Hz.
KBD ADSR :432]

Press a key and, as you listen to the effect, verbally describe exactly whatis hap-
pening.

Here is a narrative description of what happens when a key is pressed, but don't
read this until after you have tried to give your own description.

When the key is pressed both timing signals, a gate and a trigger, are in-
stantaneously sent by the KBD to the ADSR. The gate tells the ADSR to begin
operating, the trigger tells it to function as a 4-stage envelope generator.

The only module being controlled by the ADSR is the VCF. Since the level of the
control attenuator into the VCF is 2, both the voltage to which the attack travels
and the sustain stage will be attenuated. Instead of going to +10 volts, the attack
will go only to about +5 volts. Since the initial Fn is about 100 Hz., the filter will
slowly (attack setting is 4) open to about 3200 Hz. (footnote 3 in this chapter). Dur-
ing that stage, noise of higher and higher frequency will be heard. As soon as the
attack is completed the filter will begin to close at a rate set by the decay at-
tenuator (level 3—a slow decay) to the voltage level set by the sustain attenuator
and the control attenuator. The sustain attenuator is atlevel 2 (about +5 volts), the
control attenuator is at level 2 (allowing about half the control voltage into the
VCF), so the filter will remain open with about 2 or 3 control volts getting to it (Fs of
about 400-800 Hz.) until the key is released. At that point the Fg returns to its
original starting point (100 Hz.) at a rate determined by the release attenuator
(level 1—a fast release).

There are several parameters that will affect the output of a module controlled by an
envelope generator:

38 Envelope generators can also lower these parameters if inverted; see Chapter 5, section II-C.
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1. The envelope generator timing and level settings.
2. The level of the control attenuator into the module.

3. The initial setting (e.g., initial F. or initial gain) of the module. (See Section V in
Appendix A.)

While you have this particular patch set up on the synthesizer, take note of the
changes in sound that occur as you vary the ADSR parameters. With the ADSR at
1,2,3,2, input a pulse or sawtooth wave into an audio input to the filter and vary both the
initial F;, control and the control attenuator into the filter. You will get different “brass”’
instrument sounds, depending on the initial CV setting of the VCO. A 100 Hz. pulse with
an ADSR setting of 0,1,2,3 will give a primitive electric bass. Try an AF sine wave, an
ADSR setting of 1'4,2,4,2'%, a low control attenuator level, and a little timbral modula-
tion for a flute effect.3®

Experiments 46 to 54 are generalized, with a basic description of what occurs and the
expectation that you will spend much time becoming acquainted with the various pos-
sibilities within each experiment.

EXPERIMENT #46: Control of several modules by
envelope generators

VCF\/ ’\ﬁ@ >vVC

ADSR AR lin
/[\3 N
KBD ~

Set up the typical live rock performance patch diagrammed above.

In this patch the filterand VCA envelopes can be different. Begin your experimen-
tation by setting the AR at 00 and note how abrupt the sound is. To soften the
sound a bit open the AR attenuators to 11 (Chapter 1, paragraph 15).

Begin to listen to sounds differently. Ask yourself what happens to the pitch, the
timbre and the volume ofa given sound—an acoustic instrument, a natural sound
from your environment, a sound you make. How would you set the envelope
generators and what parameters would they control in order to reproduce those
sounds?

EXPERIMENT #47: Two signal paths using different
envelopes

Envelope generators allow you to input one signal into a VCF, anotherinto a VCA,
and to hear both as distinctly separate. The patch below is an example of a “bass
and strings” patch in which, because the attack of the ADSR is fastand of the AR
very slow, the signal input into the VCF will be heard and finished before the

3 The Source Book of Patching and Programming from Polyphony is available. See (11) in Bibliography.
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“strings” input into the VCA is even heard. If you play fast, all you will hear is the
“bass”; if you hold a key down, the “strings” will come in.

e

A%

1 ADSR

@

o) B 5
%b ’D g

(\J:LOW AUDIO FREQUENCY
. /l AND _J_L: THREE OCTAVES
L AR lin HIGHER THAN M\

ADSR: 1,232
KBD T a4 AR 44

Note thatin this patch the “bass” comes outthe rightside and the “strings”the left.
They could just as easily be mixed instead of having this binaural effect.

EXPERIMENT #48: Pitch envelopes

Most acoustic instruments have some frequency change within each note. For
example, a string .goes slightly sharp immediately after it is plucked and then
returns to its original frequency. It is the simulation of just these subtleties which
creates realism in synthesis.

The settings of the A, D, and R attenuators will determine the time the VCO takes
to make the pitch changes; the amount of those changes is determined by the
level of the control attenuator into the VCO. The pitch that the VCO holds until
released is determined by the sustain attenuator.

In the patch shown here, pitch, timbre, and amplitude are all controlled by the
ADSR. Experiment with many different settings and conceptualize to yourself
what’s going on.

Remember that you could open the control attenuator into the VCO to a level of Va
or Y2, into the VCF to a level of 3, and into the VCA to 4. Thus the same envelope will
create different control effects on different modules.

ADSR

KBD




EXPERIMENT #49: Complex envelopes using more than
one envelope generator per voltage-
controlled module

KBD

The two envelope generators are controlling a VCO in the above patch only as an
example, because we perceive changes in pitch more easily than timbral or
amplitude changes. The effect of having both attack attenuators at different set-
tings is notto change the total time it takes for the attack stage to take place. What
the two attacks do is create the possibility of an attack time to a given voltage and
then a drop, butthen another attack as the second envelope generator continues
with its attack. This technique is discussed in some detail in Chapter 4, section A,
because it gives you the possibility of an envelope more complex than that of the
ADSR. You can have an attack, a decay, another attack, decay, sustain, and
release. If you have two or more ADSR envelope generators, the resultant
envelope will be even more complex. The levels of the control attenuators will be
critical here. Experiment with different envelope generator attenuator settings as
well as different control attenuator levels; then go on to controlling other modules
with two envelope generators. Remember that the outputs of those envelope
generators are available elsewhere (for example, via patchcord and a multiple
you can still control any voltage-controllable parameter with these same
envelope generators).

EXPERIMENT #50: Envelope generator control voltage
with other LF control voltage of a module

Since each of the principal voltage-controlled modules has a control voltage mix-
er, you can combine various control voltages to have different effects.

KBD |
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The patch shown here is meant to be a general one, with you deciding which LF
wave and which ADSR attenuator settings to use. Atany given instant the sum of
the LF wave voltage, the ADSR voltage, the initial F. voltage, and the KBD CV into
the VCF will determine the Fg.

As an example, an interesting combination of envelope and LF voltage into the
VCF is shown in the following diagram.

Needed: inverter

RR r ADSR: 1234
AR: 14
_[—L: 3 Hz,

VCEF : max.stable Q

The effect here will be akin to an echo, because the long release is interrupted
about three times a second by the inverted LF square wave.

¥
EXPERIMENT #51: Envelope generator control of pulse width

g5

PWM

ADSR

ADSR: 323%4

KBD |

If you open the control attenuator for pulse width modulation over level 3, you will
drive the duty cycle of the pulse over 100% and hear nothing.

As you will hear upon setting up this patch, controlling the pulse width with an
envelope generator is tantamount to causing a change in timbre.’As the control
voltage output by the envelope generator changes, the pulse width varies. This
produces different harmonics, each different pulse width having its own
characteristic timbre (Experiments #8 and 9).

EXPERIMENT #52: ‘Staccato” and “legato’ reversed

Envelope generators deserve a great deal of experimentation—they are so
versatile. The patch shown here illustrates the kind of thing you’ll run across ifyou
experiment on your own in depth.

The ADSR settings are the critical aspect of this patch. If you press a key and hold
it down, you expect the note to sustain, but in fact you get a staccato; the initial



VCF

ADSR
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decay goes quickly to 0, and sustain and release don’t appear at all. If, instead,
you hita key quickly, like a normal staccato, the sound will die out for a long time,
legato. The decay goes immediately to the long release.

EXPERIMENT #53: Waveshaping

Although you can modify and control the various waves output from VCOs, there
is not much opportunity actually to create initial waves of different shapes (and
therefore different timbres) on most voltage-controlled synthesizers. However,
when you gate an envelope generator with an AF wave you can create different
waveshapes, which may then be further processed if you desire.

ADSR

AF L

You will find that different timbres are created depending on the settings of the
envelope generator attenuators. Note the use of an AF wave as a controller and
an envelope generator as a signal generator!

EXPERIMENT #54: Delayed vibrato

VCA 7 ADSR: 4424

f\): 6 Hz

ADSR

P

KBD

The LF sine wave will begin controlling the VCO once the attack stage of the
envelope generator has reached a certain level. The delay is proportionate to the
attack time. The attenuator level setting (V2) is critical.
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chapter four

Three Approaches
To Synthesis

I. SIMULATION OF INSTRUMENTS

It is relatively easy to imitate an instrument in such a way that a listener would be
able to identify the instrument as a simulated tuba or clarinet. It is quite difficult to
simulate an instrument with real accuracy. A primary reason for this difficulty is the com-
plex way in which the harmonics of acoustic instruments vary over time. Figure4-1isa
diagram of the manner in which the first twenty harmonics of a bowed violin vary in the
first 3/10 second.! The first harmonic (the fundamental) is at the rear and the twentieth
harmonic at the front. Note that virtually none of the harmonics has a smooth or typical
ADSR-type envelope. Indeed, the fundamental has more than ten rises and falls (excur-
sions) within the first 1/10 second. Only the most complex modular analog synthesizer
would have the capability of creating such a complex envelope, and that envelope is only
one of twenty necessary to create the harmonics in correct proportion to each other.

It might seem hopeless to aspire to create fine instrumental sounds, and yet there is
no denying that many analog synthesists create superb instrument simulations with a
synthesizer as relatively simple as a MiniMoog or an ARP Odyssey. Here are some hints as
to how they do it, and how you can do it too.

1. Be a good listener. Do you really know what the instrument you wish to simulate
sounds like? Certainly you can distinguish a trumpet from a guitar, but to do a credible
simulation of a trumpet you must become intimately involved with it. You must have

I Reprinted from Computer Music Journal, vol. 1, no. 2,1977, “‘Lexicon of Analyzed Tones” by J. Moore andJ.
Grey, by permission of MIT Press. Copyright © The Massachusetts Institute of Technology.
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listened to a trumpet with awareness. You may think you know what a trumpet sounds
like, but unless you have listened with an ear to synthesizing it you haven’t analyzed a
trumpet sound rigorously enough.

To listen analytically with awareness, you must be able to describe the instrument’s
changes over time in pitch, timbre, and loudness. In so doing you will necessarily describe
the instrument’s envelope contours. Identify the instrument in a classical setting, in arock
setting, avant garde, solo. If possible take a portable cassette deck to the music depart-
ment of a local college and ask a student who plays the instrument you want to synthesize
to play for you while you tape the sound. Ask the student to play staccato, legato, high and
low registers, and any or several pieces in her or his repertoire.

If you can’t find a musician to help you, buy The Instruments of the Orchestra, a
splendid two-record set on Vanguard (VSD 721/22) performed by the first desk men of the
Vienna State Orchestra, with narration by David Randolph. Each orchestral instrument
is demonstrated with regard to range, tone color, special characteristics, in typical solo
passages and with the full orchestra. The set is especially helpful for understanding the
limits of the various instruments.

2. In your initial experience with the synthesizer (and this might take years rather
than months), you will probably find that the sound you have created is something like the
instrument you want but not as true as you would like it to be. Allow yourself to create a
caricature of the instrument rather than a perfect instrument. You wouldn’t expect to pick
up a trumpet and play it well within a few months; don’t be less rigorous with the syn-
thesizer.

If you are dissatisfied with the sound you have, ask yourself what’s wrong with it. If
you were making soup and you didn’t like it, you might narrow the problem down to: it
needs salt. The way you know it needs salt is that you know the qualities of salt and what it
will do for your soup. If you don’t like the sound because something wrong has happened
within a given period of time, change only that portion of the result you didn’t like in that
period of time. The primary reason you must be a good listener is that you must be able to
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say what ingredients make up the sound you’re trying to simulate and analyze and then
correct that which does not satisfy you.

One of the things you will hear if you listen to acoustic instruments is noise. A violinist
puts rosin on the bow and drags it across the strings and it makes noise; a tuba player blows
air into the instrument and that makes noise. Beginning synthesists attempting to
simulate acoustic instruments commonly achieve a much “cleaner” sound than areal in-
strument can produce. Try using small amounts of noise to control a VCO or VCF, or as an
audio input to the VCF.

3. Memorize the following: The basic waves from which simulated bowed strings
and brass instruments are created are sawtcoth and rich harmonic content pulse waves.
Pulse waves with a duty cycle of 20-40% are valuable for creating double-reed instruments
and plucked strings (use envelope generator control of pulse width for those plucked
strings). Try a flute using either a sine wave or two sawtooth waves, heavily filtered, one
tuned an octave higher than the first (because of the importance of the second harmonicin
a flute). Saxophone and acoustic piano are very hard to simulate because of the unusually
complex nature of their harmonlcs.

4. Table 4-1 gives the pltch range of all the orchestral instruments. To imitate an

TABLE 4-1*

THE INSTRUMENTS OF THE ORCHESTRA

Their fundamental frequency ranges and the approximate range of their harmonics—

The black part of each bar indicates the fundamental frequency range of each instrument,

and the gray part of the bar, the range of the significant harmonics of the instrument.
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instrument effectively, you must play within its pitch range. Generally, tune a VCO such
that the lowest note of the keyboard corresponds to the lowest note of the instrument. That
will give you maximum playing flexibility. However, if the passage you are to play has a
small pitch range (about an octave), tune the lowest note you will play to the middle of the
keyboard for convenience.

You may find that you have synthesized a believable instrument within a given pitch
range (an octave) but that it loses credibility outside that range. Analog control voltages
tend to be precise over arange of about an octave; with more than that they are less precise.

5. Know the material you are going to play. Be aware of the context in which the piece
will be played. Is the patch you have created right for the type of instrumental passage
called for? If the score calls for playing legato and you are using multiple triggering
(Chapter 3, section IV-F), or for a fast meter and your attack times are slow, you won’t get
the effect you want. Everything must be tempered by what is to be played.

6. Each instrument tends to emphasize certain harmonics, but the harmonics
emphasized vary depending on the pitch the instrument sounds. For example, a French
horn playing D above middle C (294 Hz.) emphasizes the second and third harmonics. If
you simulate a French horn in that register (pitch range), set the VCF’s resonance at-
tenuator so that those are the harmonics emphasized. However, if the French horn were
playing an octave higher, it might not necessarily emphasize the second and third har-
monics. You will have to experiment to determine for yourself and decide which har-
monics should be emphasized for a given instrument in a given register. Table 4-2 lists
some examples of which harmonics particular instruments emphasize in a given register.?

TABLE 4-2

Instrument Pitch Harmonics emphasized
Viola 440 1strongest, also 2-6
Cello 220 1,2,3

Double bass 146 1-6, (3 strongest)
Harp 220 1 strongest, 2, 3
Clarinet 220 1 strongest, 3, 5
Flute 440 1

Oboe 523 1,2,5(2strongest)
Bassoon 175 3 strongest
Frenchhorn 294 2and3
B-flattrumpet 349 1and?2

Tuba 2383 1and2

Trombone 233 1,2,4

7. Ononeoccasion this was my train of thought asI synthesized a tuba:

Since a tuba is a brass instrument, I'll start with a sawtooth wave into my low-pass
VCF. Iput the VCO in the correct pitch range, having checked the material I'm go-
ing toplay. Table 4-2 gives me the formant of atubaso Iset the F, around the second
harmonic and play with the resonance control just a little bit to see if I like it.

The mouthpiece of a tuba is large and there ts a lot of tubing which the player blows
through to get sound. Therefore the attack time is going to be quite long, much
longer than for a trumpet, a brass instrument with relatively little tubing.

I set up some beginning ADSR settings: a long attack, some decay, sustain, and
release. The ADSR controls the filter. Now I ask what’s wrong. Did it start

? Charles D. Culver, Musical Acoustics, 4th ed. (New York: McGraw-Hill, 1956).
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realistically? No, the attack time was a bit fast, soIslow it down. Also I heara buzz-
ing that I don’t hear with areal tuba. The filter is opening too much, so I lessen the
amount of ADSR into the filter. I listen to the sound and define what is wrong with
it. Then I correct that and nothing else.

Lessening the ADSR doesn’t make the sound better as I had thought it would, so I'll
lower the intitial filter cutoff frequency. Now the attack soundsrealistic. The sound
has a buzziness now when it sustains so I lower the sustain level on the ADSR.
That’s better; in fact, it’s far too good. A real tuba player puts wind into his instru-
ment. I put a small amount of noise into the VCO. I try a small amount in the filter.
It’s very subtle, hard to pick out, yet I think this has added to the realism of the
patch.

AsIlistentoarealtubaplayerIcandistinguish the player from the horn, soit occurs
to me to control the filter with two envelopes—one will be the player and one the
horn.

The particular synthesizer used offers one ADSR and one AR envelope generator.
Since I've been using the ADSR for the horn, I add AR control to the filter for the
player. That doesn’t sound right no matter how I set the attenuators so I reverse it,
letting the ADSR be the player and the AR the horn. I give the AR a long attack
time and the ADSR very short parameters, about 1',0,0, just enough to put a lit-
tle additional “bite’ at the moment the player blows through the horn. The AR is
heard long after the ADSR has shut down.

Since I know that one of the uses of a lag processor is that it can function much like
an AR envelope generator (Experiment #61), I substitute that for the AR. This frees
the AR to do something else in the patch if that’s required. This is thrifty use of the

modules available. I've got a tuba sound that works fine and I'm using only one
VCO, the VCF, the ADSR, and the lag processor.

In this example I used two control voltages to control the VCF and didn’t usea VCA at
all. In another patch I might use one control voltage to control both the VCF and VCA. In
general, I want to use the least number of modules consistent with obtaining the most
realistic sound.

This example is not necessarily the “right” way to create a tuba sound. It is the way I
did it on a particular occasion. There is more than one way tosimulate a given instrument.
I might do this differently another time. You might do it differently.

8. Reverberation helps create a more ‘“natural” ambiance for almost all
instrumental simulation patches. Always experiment with adding Reverb as the last
module sparingly, when you have a patch with which you are otherwise satisfied.

9. Although all the hints in this chapter are important, I want to particularly
emphasize the importance of keyboard technique. No matter how good the patch s, if you
play a violin like a piano it won’t sound right. Nuance is that degree of control which anin-
dividual performer brings to the instrument. It is what distinguishes a Horowitz or a
Perlman from a journeyman pianist or violinist. In terms of expressivity it is everything. It
is one reason that Jan Hammer’s MiniMoog sounds so much like an electric guitar.?
Another reason is that Hammer plays characteristic guitar riffs.

10. The patches and brief descriptions below are meant as starting points. Because
no two models of synthesizer sound exactly alike or have exactly the same control sen-
sitivity, you will have to listen, work, and spend the time necessary to create effective in-
strument simulations on your synthesizer.

3 See Chapter 5, footnote 9.
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These patches are tailored to synthesizers that have only VCOs, a low-pass VCF,
VCA, keyboard, LFO, and an AR or ADSR envelope generator. The more other modules
(particularly filters and controllers) and outboard devices (like graphic and parametric
equalizers) that you have available, the more you increase the possibilities for realism.

Figure 4-2a is the basic patch for brass; someone listening would think it sounded
something like a trumpet. Figure 4-2b is a refinement. Note the settings in the latter for the
ADSR controlling the filter: 34,0,0,0, with control level of 134 . The effect is to cause the
filter to open very quickly a discernible distance and then immediately close. However,
the filter doesn’t close, because the AR is still opening it. The total effect is to create a
“bite,” an immediate attack followed by a second attack. The first represents the person
initially blowing into the trumpet, the second the horn itself.

N N Initial vco frequencies = 400 Hz.
AR = 1%,2%
Initial VCO frequencies: 400 Hz. Initial Fc = JZOO s
AR: 1% 2 TRANSPOSE DOWN FOR ADSR = %,0,0,0
fitial Ee 2 200 iz TROMBONE AND TUBA slight delayed
ADD PORTAMENTO FOR TROMBONE vibrato
b
a. .

FIG. 4-2. Trumpet (and brass in general)

Note also the slight use of noise to create the imperfections referred to earlier, and the
use of a slight delayed vibrato.

Use a transpose switch (if your synthesizer has one) and transpose down two octaves
to get an initial tuba or trombone sound. Use portamento (Chapter 5, section III-B) with
the trombone.

Initial VcoO frequencies: 700 Hz.

Initial F, : 8 KHz,
AR : 1%, 1%
AR ) LFO : 3Haz
U ” : 25%
_J Fe = 4KHz.
KBD Q = MEDIUM

FIG. 4-3. Violins

When a violin is played a bow is drawn over strings that come over a neck onto a
tailpiece. Since the strings are in a somewhat curved configuration, the bridge rocks im-
perceptibly on the face of the violin, causing the strings to move and create a vibrato. Thus
there is a vibrato even if the performer does not consciously create one. The vibrato that is
consciously created is a second vibrato. Create the first vibrato by slightly detuning the
two VCOs causing a slow beat frequency. The second vibrato is created by an LF sine wave
controlling a VCO. It does not control both VCOs because that would mean both violins
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always have the same vibrato, which is not what happens. This way a vibrato will be
perceived but it will be just a bit different from the no-vibratosound coming from the other
violin (VCO).

Since the bow hits the strings and then comes away from them, we will use just a
simple AR envelope for amplitude. The setting gives a slight attack and release.

The patch in Figure 4-3 succeeds or fails by the nuance given by the player. You can
accent anote by rapidly inserting and deleting an additional vibrato. You’ll play different-
ly if it’s a solo violin.

Lower the pitch range and initial filter cutoff frequency for the sound of a viola; lower
them even more for a cello. Generally the larger the instrument the longer the attack time
and less natural the vibrato.

Figure 4-4 shows the basic patch for the electric bass.*

Initial

Initial VCO frequencies = 50Hz

F. =100H:
, ADSR : ¥ 111
_‘—4 -
KBb TRANSPOSE 2 OCTAVES UP JL = 25%

FOR BEGINNINGS OF
ACOUSTIC GUITAR

FIG. 4-4. Electric bass

b
>
W4
Y—>2>
VCO's : unison
Vol aamrs ADSR AR LFO: 30 Haz.
N ADSR:0,4,0, %
AR: 00
KBD Fc: 10 Hz.

FIG. 4-5. Amplified electric lead guitar

The patch in Figure 4-5 is for amplified electric lead guitar. Keyboardists are used to
playing laterally; that is the physical limitation of a keyboard. The physical limitations of
a guitar are very different because of the way the frets are constructed and the tuning of the
instrument. Furthermore, the lead guitarist doesn’t play the same notes or riffs that a
pianist does. Rock and other guitarists play diatonic scales, harmonic and melodic minor
scales, and blues scales. Just as with a violin, pitch bend and vibrato are important ways of
adding realism to a guitar patch, but they are employed very differently. Since the
guitarist stays on one string and on the same fret when either bending a string or adding
vibrato, the realistic way to add vibrato with an electric guitar patch is to use pitch bend
only. To go slowly down in pitch, stay on the same note and change pitch with the pitch
bend. In fact, pitch bend is the only keyboard control to add expressivity with this patch.

+ See Roger Powell, “Synthesizing a Bass Tone,” Contemporary Keyboard, October 1981, p. 66.
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A guitarist bends a string down and plays either a half or whole note below the note he
or she ultimately 1ntends to sound. The guitarist will also play a minor third up and
“between the notes.” These changes should use only a pitch bend device.

The 30 Hz. LFO in the patch adds “distortion’ to this electric guitar patch.®

SOUND EFFECTS®

THE GENERAL STRATEGY FOR SPECIAL SOUND STRUCTURES

The general strategy given below is a step by step procedure that will not guarantee
that you will get the sound you need, but it will almost always give you a reasonable
start. Basically, the steps are to first get the time structure, then the major sound
component, followed by a major refinement, and then a number of lesser
refinements.

STEP 1—TIME BEHAVIOR: The first step is to provide the necessary
control for the time behavior of the sound to be produced. This may seem simple
and obuvious, but what may not be so obvious is that it must be done first. For exam-
ple, if you are going to produce thunder or gunshots, you can probably guess that
you start with white noise, but if you try to refine the basic sound without providing
the proper envelope, you will be in for a surprise. Things sound very different under
different envelopes. Thus you need to set up an envelope generator to give short
envelopes for gunshots, long envelopes for thunder, and there are cases where you
need periodic envelopes. In such cases, an envelope generator can be periodically
triggered, or a periodic waveform can be used to control a VCA.

STEP 2—MAJOR SOUND COMPONENT: The second step is to deter-
mine the major sound component and place it under the previously determined
envelope. In many cases, you will use as the major component either a perfectly
periodic waveform, or white noise. However, one must be prepared to use other ma-
jor components such as heavily modulated waveforms. For effects that employ
relatively long envelopes, you will be able to work at the basic sound as a static
waveform and then try it under the envelope. In the case of short envelopes, youwill
have to work with the major component already under the envelope. In such cases,
even if the effect is not to be periodic, it will be useful to employ periodic triggering
during setup as this frees both hands for the manipulation of controls. When the
proper combination of major sound and envelope are chosen, you can then switch
back to single event envelope triggering. Thereis probably no single or best solution
to the major sound component selection problem. You will find several possibilities
and should write them all down in case something doesn’t work well later and you
have to backtrack.

STEP 3—MAJOR REFINEMENT: Upon completion of steps 1 and 2, you
will have an effect that is probably close to what you want, or at least you have an
idea as to the best you can do at this point. The next step is to make a major refine-
ment. This step is majorin that it will set the effect youintend to create apart from a
larger group of possible effects. Yet it is a refinement—something important and
yet possibly subtle, and it may take a lot of work to get it. There are many ways of
getting this. Careful listening to the real effect and intelligent experimentation are
probably the best ways, yet one should not be afraid to try things that seem unlikely
if it does not mean tearing down all that has been accomplished so far. At the
completion of this step, a listener should be able to say “Yes, that’sa Itisnot

 For another  interesting discussion of imitative and non-imitative synthesis and how to synthesize
percussion, see Jim Aiken, “Modular Synthesizer Effects,” Polyphony, May/June 1981 and July/August
1981.

® This entire subsection is reproduced from Electronotes, no. 80, pages 3-6, with the kind permission of its
publisher. Bernie Hutchins. For more on Electronotes see the Blbhography
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necessary that he say “That’s a very good __,"”’ but only that he has a good idea
what you are trying to make.

STEP 4—LESSER REFINEMENTS: This step ts rather obvious in what it
is intended to accomplish. We want to make the additional refinements that will
make the effect all the more useful and professional. While these minorrefinements
may be the most difficult, they are the most rewarding as they make a good job bet-
ter. You can work on them with the knowledge that you have made a good cake, and
even if you don’t decorate it nicely, it is still a good cake. Very likely, you will find
many possible minor refinements, and these should be carefully recorded, espe-
ctally if you have to sell the sound to a buyer. His idea of a good may not be the
same asyours. It won’t help you to know that youonce made it a little different if you
don’t have the faintest idea how you did it. Always keep good records of how special
effects were created.

HELICOPTER SOUND

A couple of years ago a student was studying helicopter noise and just for fun we
decided to see if we could learn anything about helicopter noise by trying to syn-
thesize it. We will use this as our first example.

In the first place, we have to know exactly what we are trying to synthesize. A
helicopter far in the distance has a very different (thump-thump-thump) sound
than one close by, which contains the thump, but also a “swish’ of the rotor blades
and engine noise. To make the example more general, let’s suppose we want the
helicopter to fly up from far away and then go off again.

In step 1, we determine time behavior. The dominant time behavior has two
aspects. First there is that of the distance of the helicopter. In the case where the
helicopter comes closer, the overall amplitude increases, but more importantly the
rotor swish and engine noise become apparent. The second aspect of the time
behavior is periodic thumping sound as the rotor blades rotate. Thus we have the
periodic thumping that is present in all cases, and other effects which will come in
with one or more envelopes that represent a single flyover. It is natural to suppose
that the flyover envelopes should control one or more VCAs, but another possibility
can be suggested based on the physics of sound propagation. Why is it that we hear
only the thumping when the copter is far away? Because the air attenuates high
frequencies more than low ones, and there is more air further away—you say. Thus
we can consider a greater distance through the air to correspond to a low-pass filter
with a lower cutoff frequency. Thus we may want touse a VCF as a means of shifting
the major and lesser components of the overall sound. This is just something we
want to keep in mind at this point.

Instep 2, we set up the major sound component. This is the “‘thumping’’ of therotor
blades. A little bit of experimenting will convince you that white noise confined to
periodic bursts will give the general sort of effect we need. The setup of this diagram
can thus be considered as our step 2 helicopter:

+5 vDC

NV : 11Hz.
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At this point, we can experiment with the offset of the VCA, which determines the
relative duration of the noise pulses, and the frequency of the oscillator, which cor-
responds to the rotational rate of the rotor blades. This done we have a pretty good
helicopterin the distance and we can make it fly a little closer (but not too close) by
stmply changing the overall amplitude of the noise thumps.

The third step is to make a major refinement, which in this case has to be to add in
the engine noise. We could have considered the rotor “swish,”’ but we do not expect
to hear the swish without the engine running, so we do that first. If we think about
how a standard piston type engine works, we can guess that the sound will be a rapid
sertes of pops corresponding to exploding fuel in the cylinders. In fact, if you
experiment with the waveforms you have available, you will find that the sound is
most realistic if you use a pulse waveform (in the range of 80 to 150 Hz.) with afairly
short (10% say) duty cycle. Also, it helps if you use a little modulation of the pulse
train. The modulation frequency should be the same as the “thump”’ (rotorrotation
rate) frequency, and you may find that you prefer pulse-width modulation to fre-
quency modulation in this case. In either case, the modulation should be quite
small, or else you start to produce science fiction helicopters.

The fourth step is to add the lesser refinements. In this case we want to add in the
swishing effect of the helicopter rotor blades. We know that in general wind-like and
swishing effects are obtained by bandpass filtering white noise. This is what we will
try here. We then have to consider such things as the bandpass frequency, the Q,
and any modulation of the bandpass frequency. Here is where a good deal of
experimentation is required, but there are a few things that we can work out ahead
of time based on physical intuition. If the swish is produced by the blade, then we
expect that the swishing sound will be a little different depending on the distance
from the rotor hub because the blade is moving faster the further out you go.
Furthermore, we expect some sort of Doppler shift because part of the time the
blade is moving toward us and the other part of the time it is moving away. Of
course, the opposite sides of the rotor move in opposite directions, but there is an
overall shifting effect that is probably very complex if it were fully analyzed. In any
case, we will try to use the VCF to simulate the overall effect. It is also possible to
consider the use of variable phase shift networks, and even a VCF providing a fre-
quency modulated “whistle” can be used, although these are probably to be
considered additional lesser refinements.

The second diagram shows the overall setup used to simulate the helicopter sound.
Here we have used the major sound and major refinement as discussed above. The
lesser refinement (swish) is accomplished by using voltage-controlled  on the
bandpass VCF. This lesser refinement is interesting because in some ways it seems
to do the whole job. It does sound like a helicopter locates somewhere. However, if
you try to make the copter fly away by lowering the output level, you will soon see
that it is not realistic because there is no attenuation of high frequency components.
In practice, the individual components input to the mixer are adjusted separately.
Then a satisfactory mix of these components is set up to simulate the helicopter at
its closest approach. Then the flyover is simulated by raising and then lowering the
cutoff frequency of the final low-pass VCF. An ordinary AR type of envelope can be
used here if the time constants are fairly long, or the filter can be controlled with a
manual knob, a keyboard, or aribbon controller. [See Glossary for definition of rib-
bon controller. ] Of course, when the final patch is set up and working, you may still
want to make some adjustments of the patch parameters to get exactly what you
want.

Two tmportant points can be seen from this example. First, the combination of
modulesused (e.g., two VCFs) may be quite different from the combination used for

b g
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musical sounds. Secondly, the modules are controlled in many cases by what would
be considered secondary control in musical sounds. In this example, the VCO is
controlled in a PWM‘mode and the first VCF in a Q mode, unlike the usual pitch
control modes in musical examples. These two facts should not seem strange when
we consider that we have gone from the synthesis of musical sounds to a more
general type of sound. We therefore must be careful not to restrict ourselves to the
musical way of doing things when we are trying to produce special effects.

I1l. SYNTHESIS AS A MEDITATION

Until now we have, of necessity, approached synthesis from a rational, analytic
viewpoint. In order to produce a sound, we consider the way pitch, timbre, and amplitude
vary over time. This is the Western, scientific approach: Divide something into its
constituent parts and you will be able to define and reproduce it. It is one approach, a good
approach, but not the only approach.

Once you have learned the principles in this book so well that they have become a part
of you, you are ready to approach the synthesizer with “beginner’s mind.” This is a Zen
concept: If you have become an “expert,” then you “know’” what can and cannot be done
and therefore limit yourself. The beginner’s mind is empty, free of the habits of the expert,
ready to accept, to doubt, and open to all possibilities.

This approach to the synthesizer is intuitive, nonlinear, a cybernetic meditation.
The synthesist can become indistinguishable from the machine and the music. The in-
strument becomes an extension of the person. Your hands move and you have a broad idea
of what will happen when you control or modify a module with another module, but you are
not going anywhere. There is no goal. Sound happens. When the process has reached
completion you know and you stop. The entire process becomes a gestalt rather than a
series of independent actions.

A sound or series of sounds may have been created which do not require your active
participation; you can “turn off your mind, relax and float downstream.” Another patch
will require a constant active interaction between you and one or more of the synthesizer
modules and you become a part of, indistinguishable from, the music. Some time later you
realize you have been in a trance-like state of consciousness, but at the time “you” did not
exist. Such moments are grace.

By its very nature little can be written about the meditative approach to synthesis. It
is real; it is valid; and it is an experience you can have if you open yourself to it.

102



chapter five

More Synthesizer
Modules

Synthesists frequently use modules other than the basic ones discussed in Chapter 3.
Some, like mixers and attenuators, are found on all synthesizers; others, like a noise
source, ring modulator, and sample and hold, are on many synthesizers; still others, like a
lag processor and envelope follower, are generally found only on modular synthesizers.

The modules described in this chapter are grouped either as the noise generator (the
only signal generator other than a VCO), or as modifiers and controllers, which is the way
in which these modules typically function. However, in a given patch a module may func-
tion atypically; for example, Figure 4-2b shows a noise generator, typically a signal
generator, functioning as a controller. Keep in mind that there is nothing sacred about a
module’s being defined by its typical function.

I. NOISE AND THE NOISE
GENERATOR (NG)

You have already been minimally introduced to the noise generator (primarily a
signal generator), since it has been used in various experiments. In Chapter 2 it was
defined as an oscillator that generates all frequencies simultaneously. Actually white
noise occurs when at any given instant all voltages are present but their amplitudes are
random. There is equal energy for each Hz.

Figure 5-1 is a graph of white noise. It indicates the presence of all voltages whose

amplitudes vary randomly.
' Listen to white noise by opening the appropriate noise attenuator(s) and patching
the NG directly out.
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If the probability of hearing any frequency is the same as that of hearing any other
frequency, why do we perceive white noise as having the highs predominate over the lows?
You can verify that this is true by varying the “color” (or spectrum) attenuator and hear-
ing what noise with low frequencies accentuated sounds like.

The answer is as follows. The hearing range of humans is about 20 Hz. to 20 KHz., a
span of ten octaves. As shown on page 33, the first six octaves contain a total of about 1260
Hz.: the next four octaves contain about 19,000 Hz. If we arbitrarily say that the first six
octaves are low and the next four are high, there is much more energy—about 19 times as
much—in the higher four octaves than in the lower six octaves. The lower octaves con-
tain far fewer frequencies than the upper ones. Thus even though it is true that in white
noise there is an equal probability of any frequency be-
ing heard, we hear the highs more because there are 19
times as many high frequencies that might be present
as low frequencies.

Pink noise is created when there is equal energy
per octave. Pink noise is created if sufficient high
frequencies are filtered from white noise such that
each successive octave would have half the energy that
it previously had. The color or spectrum attenuator is
actually a filter whose slope is —6 db/octave.! Filtering
even further, creating ‘‘red” noise, creates more energy
in the lower octaves than in the higher; this is experi-
enced as a low rumbling noise.

White and pink noise are typically used to provide
percussive and wind-like sounds as audio signals, and
to provide a random voltage source as either a
controller or input to a sample and hold module.

Pitched noise is obtained by using a noise
generator while utilizing the ability of a filter’s
resonance circuit to emphasize one very narrow band
of frequencies; since all frequencies are present in
noise, one band of frequencies will be emphasized with
a highly resonant filter. E-mu Module 2400 - Noise Source

! The slope of a color attenuator can besaid tobe —6 db/octave if one is measuring voltage, as we have elsewhere
in this book: if one is measuring power, the slope would be —3 db/octave.
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EXPERIMENT #55: Pitched noise

KBD

All you need do in this patch is vary the position of the resonance and initial Fg
attenuators, the ADSR attenuator into the filter, and (if you like) the ADSR settings
to get different examples of pitched noise.

Noise is, of course, very important in the creation of percussive sounds, drums of all
kinds, cymbals, gongs, and the like. Perhaps the simplest experiment involving noise and
the filter is the familiar surf or rocket sounds created by the patch in Figure 5-2; vary all at-
tenuators of the noise generator and the initial F, and resonance attenuators.

VCE

FIG. 5-2

If you control a high-pitched VCO with noise, a timbre is created which can then be
otherwise modified to create interesting sounds. This is not pitched noise, but rather the
control of a high VCO frequency by noise—many frequencies which (for practical pur-
poses) occur simultaneously.

Another reason to control a VCO with noise arises when simulating acoustic
instruments (see Chapter 4, section I).

Noise can be filtered, and used in conjunction with a pre-amp and envelope follower
as a source of random control voltage (see Figure 5-3 and section 3-E of this chapter).

FIG. 5-3

This is particularly effective with low-frequency ‘“‘red’ noise. Many modular
synthesizers have a slow random voltage output associated with their noise generator.
This produces a control signal whose energy is greatest in the 1 to 10 Hz. range. A slight
amount of slow random modulation in an acoustic instrument simulation adds warmth.
A slow random output attenuated to a range of +1 volt controlling an AF VCO would
cause the VCO to “slip and slide” over a two-octave range at a rate of about 7 Hz. (the fre-
quency of a normal vibrato).
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Il. SIGNAL MODIFIERS

A. Mixers

A mixer is a device that allows one to combine : DUAL MIXER
otherwise independent signals of varying levels into one
(or more) final signal output from the mixer. In the
experiments you have already done you have mixed
signals many times. Examples are Experiments #28,
12, and 29, where you added signals to themselves,
added signals from different VCOs, and added a
negative offset to abate clipping, respectively.

By way of review:

Every VCO has a control voltage mixer that has
several inputs and one output. If the mixer had three
control inputs it would be called a “3 by 1”” mixer (writ-
ten 3 X 1). Typically two of the VCO’s inputs would
have attenuators associated with them (attenuated in-
puts); one input would be unattenuated (the one with
keyboard control voltage pre-patched to the VCO).
Note that with each VCO the output of the control
voltage mixer appears as the instantaneous frequency
of the VCO.

A VCF has two mixers associated with it: an audio
voltage mixer, with attenuated inputs and one output,
and a control voltage mixer, one of whose inputs is
generally unattenuated (with a keyboard control
voltage pre-patch). To use the VCF module merely asa
mixer, input the signals to be mixed into the audio in-
puts to the filter and open the filter completely, letting
all the input signals pass. Inputting them into the
control inputs would only allow them to control the
filter.

Similarly, a VCA has an audio voltage mixer and a Aries AR-323 Dual Mixer
control voltage mixer associated with it. Generally, all
inputs are attenuated. You can use the audio inputs to mix two signals; the signal input in-
to one jack may be inverted. If you will not otherwise be inputting control voltage, open the
gain attenuator to fully open the VCA, and the mixed signals will be available at the out-
put.

MIXER A MIXER B

EXPERIMENT #56: Examples of uses of mixers

Remember that a VCF has two mixers associated with it: an audio voltage mixer
and a control voltage mixer.

KBD
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More Synthesizer Modules 107

In the first diagram, a pulse wave and a sawtooth wave from the same VCO are in-
putto the audio voltage mixer of a VCF. Raising one attenuator or the other gives
you either audio wave. Raising both attenuators mixes the two waves, adding
their voltages at every instant, and creating a third wave that will have its own
unique timbre. Thus you canchangethetimbre of youraudio signalin realtime by
merely raising or lowering the attenuators. You can also change the timbre by
moving the pulse width attenuator associated with the pulse wave.

ADSR ‘]
In the second diagram, raising the control attenuator over either the ADSR or the
LF sine wave will give you a certain effect; raising both of them will give you their

combined effect and, of course, raising one more than the other gives different
effects.

You can combine the examples shown in the two diagrams for even more timbral
flexibility (see section V in Appendix A).

KBD

You cannot use either a multiple or a “Y-cord” (a patchcord with two inputs and one
output) to mix signals. Both of these devices will give you the average rather than the sum
of the input signals.

B. Attenuators

An attenuator is a type of voltage multiplier. It can be thought of as in Figure 5-4,
where V] is the input voltage and V) is the output voltage. The value of Vg will depend on
the gain factor (the position) of the attenuator, which cannot be more than 1.0. Thus any
voltage input to the attenuator can only be cut—never boosted.

FIG. 5-4

Although audio and control inputs on synthesizers generally have associated
attenuators, most outputs have no attenuators.

To attenuate an unattenuated input or output, use a “floating attenuator,” an
attenuator chat has specific outputs so that it can be used between two other given points
where an attenuator is needed.? (See section VI in Appendix A.) Floating attenuators are
available only on quasi-modular and modular synthesizers.

A floating attenuator may also be used to attenuate external devices input to the
synthesizer. For example, take the output from another synthesizer through a floating at-

2 Aries offers a module called a “hex attenuator,” which is really six independent floating attenuators for use
with their modular systems.
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tenuator and send it to the left side, put your synthesizer signal through the right side, and
create a binaural effect (Figure 5-5).

Other Synthesizer L

(A

FIG. 5-5

C. Inverters

An inverter is a negative voltage multiplier; the gain factor is always —1 (Figure 5-6).
Therefore, every input value is output with reversed polarity (see, as an example, Figure
3-11). If the input to an inverter is a symmetrical wave (i.e., sine, triangle, or A-C square

wave), the output signal is 180° out of phase with the input signal (see section VII in
Appendix A).

Vi > >_Vp

FIG. 5-6

EXPERIMENT #57: Keyboard inversion

You can invertthe keyboard control voltage, which will cause the keyboard to play
like a reverse keyboard.

(4

KBD

As a variation on the first diagram, keep the inverted keyboard as you have it, in-
serta dummy plug into the KBD CV input of another VCO, and tune three VCOs to
unison. Now if you play the keyboard, one VCO will change pitch normally as the
keyboard changes at the rate of 1 volt/octave, a second VCO will remain constant
since the KBD CV has been dummied out, and the third VCO will be reversed,
tracking at the rate of —1 volt/octave.
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EXPERIMENT #58: High-pass filter

If your patchable synthesizer has only a low-pass filter, you can “kluge” a high-
pass filter (see page 58) by mixing a filtered uninverted signal with a nonfiltered

inverted signal.

There are two signal paths in the diagram. The upper is Straightforward; noise is
patched into the VCF and the VCF is patched out.

The other signal path is obtained by patching the NG output to an inverter input
and the inverter out. The only tricky part is when you open the latter attenuator
out. Do it slowly and at one point you will hear the low frequencies drop away.
That's the point to stop raising that attenuator. If you raise it even more, the low
frequencies will come back.

What’s happening is that the signal passing through the filter, when mixed with its
inversion, cancels out (page 68). This leaves only the high frequencies of the in-
verted noise coming from the mixer output.

Try this with audio frequencies from a VCO to hear other possibilities.

A\

EXPERIMENT #59: Inverted control voltages

An LF square wave when applied to a control voltage input of a VCO will cause the
VCO to alternate frequencies in proportion to the amplitude of the LF wave and
the attenuator setting into the VCO. When the square wave is low, you will hear the
original VCO frequency; when high, the higher frequency (Experiment 17).

You can invert the LF square wave, which would cause the VCO to alternate
between its original frequency and a lower frequency, since the inversion would
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cause the LF wave to vary between 0 volts and some negative voltage. Try the
patch shown here.

AV
N

> -1

Any control voltage can be inverted and used to control any voltage-controllable
module. However, you'll have to understand what's happening or you may
become confused. For example, if you control alow-pass VCF withan inverted LF
positive-going sawtooth wave, the VCF will have to be open to start with. If itwere
closed, then the sawtooth would begin there and gradually close it even more.
Since the F was sub-audio to begin with, closing the filter even more would not
have much result.

Start with differentinverted LF waves controlling a VCO, since the changes will be
most readily perceivedthere; then go to the VCF, VCA, pulse width modulation, or
any other voltage-controllable module you have available.

D. Lag Processor (LP)

A lag processor modifies (causes changes in) both audio and sub-audio (control)
signals. When an audio signal is input, a lag processor acts as a filter (which may be
voltage-controlled) whose slope is —6 db/octave and whose range of F;’s typically varies
from a maximum of about 1600 Hz. to a minimum of some low frequency. Any audiosignal
input will immediately have its higher harmonics attenuated at a rate of —6 db/octave, a
much shallower slope than the —24 db/octave slope of a typical low-pass VCF (see Figure
5-7, and Experiment #A-5 in Appendix A).

—24
db/ oct.

FIG. 5-7

It is the shallowness of its slope that makes the lag processor a viable processor of sub-
audio signals (better than a deep-sloped VCF), because it will still pass LF signals
relatively strongly. When an LF signal is input, the processor slows down all sudden
changes, creating a different shaped LF wave, which will yield different results as a control
voltage. Figure 5-8 shows the lag processor’s effect on LF pulse and positive-going saw-
tooth waves. Because sine and triangle waves have almost no harmonics (in their AF) or
sudden changes (in their LF), you would generally use a lag processor with pulse and saw-
tooth waves, or with any control voltage that has a vertical (instantaneous) component
(like a gate).
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EXPERIMENT #60: Lagged control voltages

An LF square wave controlling a VCO will cause the VCO to change pitches in-
stantaneously. In the above patch the pitch change will be the same, but the time
taken will not be instantaneous. The more the LP attenuator is open, the more
pronounced the time lag will be. Figure 5-8a shows what’s happening to the LF
wave controlling the VCO and accounts for the difference in rate of pitch change.

EXPERIMENT #61: Lag processor applications

The first patch shown will cause any sudden changes in the envelope to be
lagged. This is another way to create different envelopes in real time. Instead of
changing ADSR attenuators in live performance, just open the LP attenuator.

KBD

Say you need something like an AR but no envelope generator is available (they
are busy elsewhere in the patch you’re working on). If you patch the keyboard
gate to the lag processor, the sudden changes as the gate rises to +10 volts and
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falls from it will be slowed; the effectis to make an AR control voltage (see Figure
5-8a) without using your AR module.

KBD

E. Pre-Amp (PA)

A pre-amp is the only module that normally amplifies on a synthesizer (a VCA really
being a voltage-controlled attenuator—see page 66). Although most synthesizer modules
operate in ranges of voltages, many external instruments that you may want to interface
with synthesizers operate in terms of millivoltages (thousandths of a volt). Their output
needs to be boosted before they can work well with a synthesizer: thus the pre-amp.

A pre-amp typically has a range switch associated with it which determines whether
the incoming signal will be multiplied 100, 10,000, or 1,000,000 times (boosted 20, 40, or 60
db). Within those ranges there is an attenuator which will allow more or less amplification
of the externalsignal. If you don’t know the output of the external signal, it’s best tostart in
the lower ranges and work your way up; that way you won’t run the risk of blasting and dis-
torting if you put a strong signal into the pre-amp input.

Although the pre:amp will typically be used with external microphones or
instruments, there is no reason it can’t be used with a synthesizer’s own internal signals as
an input, particularly if the signal input is a control signal.

EXPERIMENT #62: The pre-amp as control voltage
processor

(AW > PA

X 40 db

In the simple patch shown here the sine wave will be amplified until it begins to
distort; more distortion will make it more and more a square wave (see, for
instance, diagram c in Experiment #30). Using it to control a VCO will give a trill
instead of the vibrato you would expect from an LF sine wave.



EXPERIMENT #63: Voltage-controlled distortion #2

We heard in Experiment 30 one example of voltage-controlled distortion. Here
are two others, this time using the pre-amp. In the first diagram the VCA is closed

when the LF sawtooth is at 0 volts.

VCA W
X 40 db
/I ‘ lin

Asitrises, the VCA opens and the AF sine wave is allowed to pass to the pre-amp.
After a certain point the sine wave becomes more and more clipped, giving

voltage-controlled distortion.

In the second diagram the LF sine is gradually distorted under control of the LF
sawtooth, and the output used to control a voltage-controllable parameter. You
might want to try diagramming the interaction between the sine and sawtooth
waves where the sawtooth has a lower frequency, the same frequency, and a
higher frequency than the sine wave, using the techniques shown on page 18.
Note also the inputting of an LF wave into an audio input to the VCA.

Typically, however, you will use the pre-amp with an exter-
nal signal in one of two ways: the synthesizer will modify the ex-
ternal signal, or the signal will control one or more synthesizer
modules via a derived control voltage. We will deal here with the
first of these, since the second will require the envelope follower,
discussed later in the chapter.

When you use the synthesizer to change the perceived sound
of an input signal, treat that signal exactly as if it were the output
of a VCO. In other words, if you want to modify the timbre, input
the signal into an audio input to the VCF (Figure 5-9a); to change
the amplitude or shape, use an audio input to the VCA (Figure 5-
9b) together with an envelope generator. Remember when we dis-
cuss ring modulation that an external signal can be an input.
Since I don’t know what, if any, external signals you have
available for synthesizer processing, you will have to experiment
for yourself here.
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FIG. 5-9
F. Multiple

We have already used a multiple, a series of jacks wired in parallel, on many
occasions. Use the multiple any time you need to route one output to more than one input
and pre-patches can’t help. Once an output is patched into any multiple jack, that output
is available at all other multiple jacks. Do not use a multiple as a mixer.

G. Reverberation

Reverb is used to give music a more ambient feeling that, for various reasons, might
not otherwise be there. Generally it is best used sparingly.

Typically you might use reverb as the last signal processor before the signal is output
(e.g., Chapter 4, section I). Just open the reverb attenuators to taste. However, a reverb
can also be used as an intermediate signal processor in a chain of processors.

EXPERIMENT #64: Reverb as an intermediate signal
processor

DC

KBD |
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As you play successive keys, the reverb will hold some of the old pitch, even after
you play a key with a new pitch. The reverb “stores”the sound. Even ifyou play the
same key over and over again, certain harmonic changes will take place, yielding
a qualitatively different sound than if reverb were not in the patch.

H. Ring Modulator (RM)?

A ring modulator, so called because early versions had a configuration of diodes
within the module in the shape of aring, is a voltage multiplier (as is the VCA) which will
have an output with negative control voltage as well as positive. There must be signal pre-
sent at each of two inputs for there to be an output. As long as both inputs have some
voltage other than 0, there will be an output; if either input has 0 voltage for an instant,
then for that instant there will be no ring mod output.

When both inputs are AF waves, the ring mod multiplies the fundamentals and
harmonics of the input waves and outputs the sums and differences of all their frequency
components. The input signals themselves are suppressed. (A more detailed description of
how the ring mod does this multiplication of frequency components will be given in
Chapter 6, when amplitude modulation—of which ring modulation is a form—is dis-
cussed.) This results in the typical “clangorous’ ring mod sound.

EXPERIMENT #65: The ring modulator

/1

MAL
4

KBD

Experiment with different sound textures and densities by varying the frequen-
cies of the two VCOs. If the RM on your synthesizer has a switch indicating “AC”
(called “Audio” on the ARP 2600) or “DC” coupling, the switch should be in the DC
position. Play the keyboard.

If you would like to hear the texture a little less dense, use a square wave (which
has only odd harmonics) instead of a sawtooth.

? A ring mod will be designated by this symbol in block diagrams:

s

* The equation to determine output voltage is: Vot = Vi X vy /3
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The simplest RM output you could have, where both inputs are AF, would be if two
sine waves were input. You can get one sine wave by putting a VCF in oscillation
(see Experiment #27) and use that and an AF sine wave from a VCO as the other.
Since the sine waves have no harmonics, all you’ll hear will be the sum and differ-
ence frequencies of the sine waves themselves.

A dense RM output would result if you used two AF sawtooths as your inputs.

The patch shown in Experiment #65 is the standard RM sound. However, if you have
access to its inputs, the RM is a very versatile module; producing clangorous sounds is

just one of the various functions it can serve.

One of the most useful of these functions is that the RM can be a VCA. When both
inputs are AF (as in Experiment #65), a modulation timbre is perceived as the output;
when one input to the ring mod is LF and the other is AF, an audio frequency being
amplitude-modulated by a control voltage (like a VCA) is perceived. Just treat one RM in-
put as an audio input and the other as a control; it doesn’t matter which is which. The ring
mod should be “direct coupled” when being used as a VCA; any associated switch should

be in the DC position.

EXPERIMENT #66: The ring mod as VCA

Set up the patch shown in diagram a. Review the effect of an LF sawtooth
controlling a VCA.

AT,

Instead of having both oscillators as inputs to the VCA, have them both go into a

direct-coupled ring mod, as in diagram b.

DC

N\
F 4

/] b.

There should be no difference in the quality of the sound output between the VCA
andthe RM. When an LF wave that has a DC component(like a positive-going 0 to
+10 volt sawtooth) is one input to the ring mod, and an AF signal is the other input,
the ring mod will act exactly like the VCA. You can think of the LF wave as asource
of “control” voltage, although with the ring mod it’s just as accurate to say that the
AF signal is “control” (!).

Now change the LF wave to an envelope generator output, as in diagram c. Play
the keyboard.
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The ring mod still outputs the same as if it were a VCA. The envelope generator
outputis the equivalent of an AC wave witha DC component (see, e.g., Fig. 5-13).
It constantly varies between 0 and +10 volts. So long as the “control” voltage has
a DC component, the ring mod will function as a VCA.

Substitute for the envelope generator an LF sine wave, as in diagram d. Before
listening to the output, think about what you would expect it to sound like.

——>

Y | d.

You might expect the volume of the AF signal input to the ring mod to rise and fall
during the positive half of the sine wave’s cycle and to output nothing during the
negative half. Afterall, that’s what the VCA would do (see Chapter 3, section IlI-B).
Now listen to the ring mod output. The sound rises and falls in volume but stops
altogether only when the sine wave is at 0 voltage.

Thering mod, unlike the VCA, will output the AF signal even ifthe “‘controlvoltage”
is negative. The ring mod is a four-quadrant multiplier (see section III-B in Chapter 3). It
will not only output if the control voltage has a net positive value, it will also output if the
control voltage has anet negative value. The only time the ring mod doesn’t output is when
one of the inputs is at 0 voltage. Thus you hear the AF signal at all pointsinthe sweep of the
sine wave except when it hits 0 volts. Note that the sine wave is at 0 volts twice every cycle.

Having two VCAs makes some wonderful effects possible, as Experiment #67 will
show.

EXPERIMENT #67: Voltage-controlled stereo pan

With this patch the audio signal will shift from one side of the stereo field to the
other, at whatever speed you want. In addition you can voltage-control it, so thata
higher voltage (e.g., playing a higher key) will speed upthe pan, alowerone slow it
down.

The NG attenuators are opened, noise gets to an audio input to the VCA and out
the left output. The gain attenuator of the VCA is halfway open, allowing a bias of
+5 voltsinto the CV mixer ofthe VCA. The audio signal (noise) is split to one input
of the ring mod as well.

117



@——@—)vu
DC

MIX

+5VDC

The critical signal in this patch, however, is the LF sine wave. It is also split,
controlling the VCA and going through an inverter to the ring mod. To do this, you
will need to put the LF sine wave through a multiple. The ring modis DC. Keyboard
control of the LF sine wave is patched from the KBD CV output to an unattenuated
input of the LFO.

Let’s analyze the patch. The LF sine wave will raise and lower the control voltagein
the VCA’s CV mixer from +5to —5 volts, butsince there are already +5volts there
from the gain attenuator, the VCA will go from +10 to 0 volts; thus it will open all
the way and close, but it will not be silent for half the time as it would be if the LF
sine wave had not been biased up by the +5 volts from the gain attenuator.

The LF sine wave is inverted, so when it is high (i.e., when itis at +5 volts and the
VCA is wide open) the ring mod will be receiving —5 volts; this would normally
allow signal to pass through the ring mod, since it passes negative as well as
positive control voltage. However, the ring mod has a +5 volt bias added to it, so
the net voltage reaching the ring mod when the VCA is wide open is 0. At Ovoltage
the ring mod outputs nothing. "

Conversely, as the LF sine wave reverses itself, going through a 180° phase shift,
the VCA will close (sine wave goes to —5 volts offset by the +5 volts from the gain
attenuator) and the ring mod will have maximum output (+5 volts from the sine
wave plus (+5) volts from the DC offset). Thus as the VCA closes, the ring mod
opens. During intermediate points in the cycle both the VCA and the ring mod will
be opened or closed to varying degrees.

Since the ring mod is patched to the right side of the stereo field and the VCA to
the left, they will create a stereo pan effect. Adding keyboard control of the LFO

allows the stereo pan to be voltage-controlled, faster as you play higher (and
increase the frequency of the LFO), slower as you play lower on the keyboard.

This general patch, using an LF sine wave to control a VCA and its inversion to
control a ring mod (or another VCA), is extremely useful anytime you want to pan from
something to something else.

EXPERIMENT #68: Voltage-controlled mixer

This patch is quite similar to the previous patch, except that the audio signal has
changed. Treating the ring modas a VCA, you have two VCAs input to a mixer with
control over the individual amplitudes of each signal, in this case a voltage-
controlled cross-fade between the sawtooth and the square wave.
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It you listen to them separately, you can’t hear thattheiramplitudes are varying in-
versely, butthe LF sine wave increases one as the other decreases at a rate thatis
voltage-controllable. The cross-fade is between two waveforms of the same VCO.

The square wave is input into a filter that is highly resonant—just short of max-
imum stable resonance. This is only so that you can better distinguish the square
wave from the sawtooth when listening.

With some slight variations of the patch in Experiment #67, the ring mod can
function as an electronic switch.

EXPERIMENT #69: The ring mod as electronic switch

KBD

+lOovDC

There are only three changes between the patch shown here and the patch in
Experiment #67. Since to get an electronic switch effect we want a sudden
switching instead of agradual cross-fade, usean LF square wave instead ofasine
wave. Since it will send the VCA from 0 to +10 volts, no initial gain is required;
close that attenuator. When the voltage is 0 the RM outputs nothing, but at that
instant the pulse at the VCA goes to +10 volts, so the VCA outputs and the RM
shuts down. The converse is true and when the RM goes to +10 volts the VCA
control voltage is 0 volts. Changing the pulse width of the LF square wave will
result in more time spent on either the VCA or the ring mod.
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You could also try this with an LF sawtooth controlling the VCA and an inverted
and biased sawtooth controlling the ring mod.

Because of its ability to pass negative voltage, the ring mod can function as an
inverter. Just input whatever signal you want inverted and a steady negative DC voltage.

EXPERIMENT #70: The ring mod as inverter

L > X

The patch is quite simple. Normally an LF square wave controlling a VCO would
make it rise to a different frequency and fall to its original frequency at a rate
determined by the frequency of the LF wave and to a depth dependent upon the
level of the CV attenuator into the VCO. Those are true here also, but because the
LF wave is multiplied by a constant negative voltage, its functions as an inverted
LF wave, lowering the frequency of the AF VCO. Naturally you can use the ring
mod as an inverter in any situation; justinput negative DC voltage as shownin this

diagram.

|. Balanced Modulator

Some ring modulators (e.g., Emu, ARP 2600) have a switch indicating either “AC”
(audio) or “DC” coupling; that switchis a complex device. Any wave can be considered to
be an AC wave with a DC component? (page 125). Here’s an example of what that means.
You know that an LF pulse from a VCO output generally varies from 0 to + 10 volts. That
pulse wave is the same as an AC pulse which has had added to it a bias of +5 volts. Figure
5-10a shows a typical pulse wave; 5-10b shows an AC pulse wave as explained insection III-
A of this chapter. If we add to that AC pulse wave a bias of +5 volts, we have asanetresulta
typical positively offset pulse wave (as in Figure 5-10a); we have raised (biased) it up +5
volts. Most unmodified pulse waves generated by synthesizers are AC pulse waves and a
bias (DC component) of +5 volts. Similarly most unmodified sawtooth waves generated
by synthesizer VCOs are AC sawtooth waves and a bias of +5 volts.

When a ring modulator is A-C, the DC component of the wave isremoved. The effect
‘s to make a balanced AC wave out of the originally input wave. Sometimes you may heara
ring modulator referred to as a “halanced modulator’; actually it is best said to be a
balanced modulator when it is AC (acoustically coupled), the steady-state DC component
is removed from any input wave, and a “balanced” AC wave results therefrom. If the

5 If the wave varies from, say, +5 volts to —5 volts, it has a DC component of 0 volts.
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module on your synthesizer is called a “balanced modulator,” it probably is permanently
AC-coupled and always removes DC components from input signals.®

EXPERIMENT #71: Balanced modulator

+DC _f}[\”

This brief experiment works if you have either a balanced modulator or a ring
modulator with a switch that allows AC-coupling.

An AF sawtooth and positive DC are the two inputs. When a ring modulator is DC
(direct-coupled), the AF sawtooth is output. On a balanced modulator, one with
AC-coupling, the steady-state DC component is removed; thus one input has a
net voltage of 0 and there will be no output.

Behind some ring or balanced modulator inputs are capacitors which have effect only
when the modulator is AC-coupled. The two capacitors (one behind each input) are the
primary electronic parts responsible for the removal of the DC component of any input.
They do not necessarily remove the DC components either instantaneously or simulta-
neously; the time they take to remove the DC component is called the “time con-
stant” of the capacitor. Sometimes the time constants of the two capacitors will differ;
this means that the DC component of one input will be removed at a different rate of time
than the other, depending upon whether a wave with a DC component is input to one jack
or the other.

® Manufacturer nomenclature about ring- or balanced-modulators is somewhat confusing. Their important
similarity is that they are both four-quadrant multipliers. Aries’ balanced modulator is only direct-coupled;
the ring modulator on the ARP 2600 can be either, depending on the setting of a switch. If in doubt, input a
positive DC signal into the module; if there is an output then the module is DC (see Experiment #71).
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EXPERIMENT #72: Differences in balanced mod inputs
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Firstinput the AF sawtooth into one input of the balanced mod and the gate to the
other input. Play one note and listen to the decay of the note. It takes a certain
time. Now reverse the inputs, so that the AF sawtooth is input into the other jack.
Play one note. The decay of the second note may be different from the decay of
the first, since the time constant of the capacitor behind one jack is frequently dif-
ferent from that of the capacitor behind the other jack.

Let’s review what’s happening in Experiment #72. A keyboard gate signal looks just
like an LF pulse wave (see, for example, Figure 3-20). When you depressed a key in Exper-
iment #72, the keyboard gate was sent to one input of a balanced modulator. The keyboard
gate is DC (Figure 5-10a); the first thing the balanced mod circuitry does is remove theDC
component of the gate, making it balanced AC (Figure 5-10b). However, as you hold the
key down, the balanced mod still detects DC, the steady + or — 5 volts being held (shown
in Figure 5-10b). At that point the capacitors remove the DC at arate determined by their
time constants, so the keyboard gate envelope becomes like that in Figure 5-10c.

Did you notice that the balanced mod output not only when you depressed a key but
also when you released the key? If not, go back and observe that this is true. The reason for
this is that once the LF pulse (the keyboard gate) becomes AC-balanced, the balanced
mod treats both positive and negative halves equally, each instantaneous voltage change
(each depression and release of akey) yielding a voltage that because of the time constant,
has an instantaneous attack and a slight decay. Thusit is possible to use the balanced mod
as a quasi-envelope generator. Think of the envelope created by this “envelope generator”
as having a fixed attack and decay—the time constant of the capacitor behind whichever
input you are using.

Of course, a balanced mod may be used with two LF waves as inputs to serve as a
further processor for a control voltage (see Figure 5-11).

FIG. 5-11
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When using a ring mod, it’s a good idea to experiment with the switch (if yours has
one) in both the AC and DC positions, as well as toreverse the inputs. You may get four dif-
ferent effects, and one may be more suitable for your needs than the others.

We have seen that the ring mod can be a modifier whose output is clangorous tones; it
can function as a VCA, an inverter, an electronic switch, and a quasi-envelope generator.
You will probably find other uses for it as well. It is possibly the most versatile moduleon a
standard synthesizer.

lll. CONTROLLERS

A. DC Voltage’

Any voltage that does not alternate between two voltage levels (for example, a steady
+4 volts or a steady —6 volts) is DC. Many patchable synthesizers make available sources
of DC voltage, typically with an associated attenuator, so that the user has available
sources of either positive or negative DC voltage from 0 to +10 volts (seesection VIIIin Ap-
pendix A).8 The most common sources of DC voltage are the coarse frequency attenuators
associated with VCOs and VCFs, and the gain attenuator associated with a VCA.

Since the output of voltage-controlled modules on a synthesizer varies in some
proportion to the input control voltage, having these positive and negative voltages
available widens your possibilities of control. For example, in Experiment #6 you lis-
tened to the harmonics of a sawtooth wave. At the end of that experiment you applied
negative DC voltage to the LFO, which had the effect of substantially slowing down the
wave being generated by the LFO. Since it was already generating “a very low-fre-
quency sawtooth wave,” the negative voltage allowed you the flexibility of slowing the
wave down even further. Experiment #10 is another example of this use of DC voltage.

An extremely important function of DC voltage sources is offsetting waves, raising or
lowering a given parameter of a wave. In Experiment #28 you added +10 volts to an audio
input tothe VCF, which already had a 20 volt p-p sine wave input. The effect was to change
the position of the wave in the VCF, causing clipping at the filter and an attendant timbral
change. In Experiment #38 you added a +5 volt offset to the VCA so that the VCA would
not shut down when negative voltage was being input by the controlling sine wave. The
offset came from the gain attenuator of the VCA. In Experiment #29 you used a negative
offset to abate clipping.

Just as amplitude (Experiment #38) and timbre (Experiment #28) can be changed by
offsetting, so can frequency be offset with very useful results for live performance.

EXPERIMENT #73: Real-time chord changes with a one-
voice synthesizer

In this experiment we will set up a patch that will allow you to change from any
chord to any other chord almost instantaneously. The chords we’ll use will be C
major to F major, but they could be any chords.

Tune three VCOs to C, E, and G respectively. We're going to set up frequency
offsets such that the C will remain the same, the E will go to F, and the G will go to
A simultaneously upon moving the attenuator, allowing +DC to control two
VCOs.

7 Do not confuse DC (direct-current) voltage with a DC (direct-coupled) four-quadrant multiplier.

8 Other sources of DC voltage include the gate signal from a keyboard, sample and hold, and 0 or 100% duty cy-
cle pulse waves. Any horizontal line in the diagram of a voltage indicates the presence of DC.
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In the tirst diagram, a patchcord goes into a multiple from a source of +DC. From
the multiple come two patchcords going to attenuated CV inputs of VCO-2 and
VCO-3. If there is one, open the attenuator associated with the +DC all the way, so
that +10 volts DC are available. Listen now only to VCO-2. Slowly raise the at-
tenuator over the CV input to VCO-2. The frequency of VCO-2 slowly rises
because you're inputting positive control voltage. Since thatinput control voltage
does not vary, the frequency of VCO-2 will not vary except when you raise the at-
tenuator into VCO-2. Stop raising that attenuator when the pitch of VCO-2 has
risen from an E to an F.

Now listen only to VCO-3. Allow positive control voltage to be input until the pitch
has risen from a G to an A. Leave both control attenuators where they are. Close
the attenuator associated with the +DC. Now raise the three VCO attenuators into
the mixer. You hear the C major chord. Open the attenuator associated with the
+DC all the way. You hear an F major chord.

Naturally, you could use this method on any two chords where the second is
generally higher than the first (because you only have access to positive control
voltage). If the second chord varies lower (say from C-E-G to B-D-G), you would
follow the same procedure but use negative DC voltage. Try that.

If you have access to two multiples, you can set up the patch shown in the follow-
ing diagram, which will allow you to shift both up and down: up by opening the at-
tenuator associated with the +DC voltage; down by opening the attenuator
associated with the —DC voltage. Of course, opening both would give you still
another chord.

S
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Perhaps the most important use of offsetting is in relation to LF control voltages. A
wave is AC if the sum of all its instantaneous changes through one cycle equals 0 volts.
Thus a sine and triangle wave as generated by many VCOs (varying from +5to —5 volts) is
AC. Awaveis DC when there isnovariation in voltage as, for example, a constant +5 or —4
volts. All other waves can be viewed as AC waves with an added DC component and called
offset AC waves. In Experiment 38 you added a DC component (a steady +5 volts) to an
AC sine wave to create an offset sine wave. Since the DC voltage was +5 volts, the wave
became a positively offset sine wave (Figure 5-12a). Five volts was added to every portion
of the wave. Had the added voltage been —5 volts, the wave would have been a negatively
offset sine wave (Figure 5-12b).

+10
Y
(o]
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a —-10 b
FIG. 5-12

EXPERIMENT #74: Creation of a positive offset

It you were to control a VCA with an AC sine wave, the VCA would have no output
for half the time—the time the sine wave was negative. However, if the sine wave
fluctuated from just above 0 volts to +10 volts, the VCA would output the audio
signal all the time.

First setup the following patch and verify for yourself that in this configuration the
VCA outputs signal only half the time.

(\J ||n

Now open the gain attenuator associated with the VCA halfway. Typically this at-
tenuator makes available a maximum of +10 volts, so opening it halfway makes
available +5 VDC. As Figure 3-10 shows, the voltage from the gain attenuator is
mixed with any other control voltage input to the VCA. Thus the LF sine wave
voltage is being mixed with a steady +5 VDC. You will hear the audio signal input
to the VCA more and more as the LF sine wave goes from its original —5 to +5
volts to a more absolutely positive voltage sweep (i.e., 0 to +10 volts). When you
have mixed the LF sine wave with +5 volts DC, the wave will fluctuate from a bit
more than 0 volts to +10 volts and there will be no silent moments from the VCA.
You have offset the LF sine wave with +5 volts DC, creating an LF wave such as
that in Figure 5-12a.
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Table 5.1 shows some possibilities for offsetting waves. You might try creating some
of these and using them to control other voltage-controllable modules.

TABLE 5-1
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B. The Keyboard

A keyboard is a separate module, just as a VCO or VCF is a separate module.
Virtually all of its associated controls make live performance in real time easier and more
exciting.

The first thing to be said about synthesizer keyboards is that they are voltage-
controllers; as such they can control any voltage-controllable module. Of course the most
common use is to control a VCO at arate of 1 volt/octave, but a keyboard could also control
the opening of a VCA, pulse width modulation, or anything else.

One-voice synthesizers (like a Minimoog, ARP AXXE, Yamaha CS-5, and KORG
MS-10) have keyboards that have either low- or high-note priority. If the keyboard is low-
note priority, the lowest note played determines what voltage gets from the keyboard to
the module being controlled. If the keyboard controls a VCO and you play a C major triad
(C-E-G), only the C will be sounded by the VCO, because only one control voltage—that
from the lowest note being played—is output by the keyboard. If your keyboard is high-
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note priority, the VCO would sound only the G. This is why one-voice synthesizers play
only one note at a time; they output only one control voltage at any given instant. (Of
course, that control voltage may be routed to many VCOs, sounding many pitches
simultaneously.)

Typically one or more keyboard control voltages are pre-patched to VCOs and the
VCF; in addition the keyboard control voltage may be available at an output jack on the
synthesizer and may be patched anywhere. The keyboard also outputs timing signals, a
gate, and (for all synthesizers except Moog) a trigger, each time a key is depressed; these
are typically pre-patched to the envelope generators and are available at gate and trigger
output jacks on quasi-modular and modular synthesizers.

With portamento (sometimes called “glide”) you can make notes glide to one another
instead of going in discrete steps. Typically when you go from playing one key to another
and another, the instantaneous frequencies created look like those in Figure 5-14a; when
portamento is used they become like those in Figure 5-14b. Portamentois like a lag proces-
sor for the keyboard. If your portamento has an off-on switch, it must be in the “on”’ posi-
tion to function. The portamento attenuator then determines how much glide there will be

L0~

FIG. 5-14
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(how much time it will take toreach the frequency of the key depressed). If you have theat-
tenuator in a certain position and the portamento switch is off, depressing a ““momentary”
button (should your keyboard have one) will allow you to have portamento at the rate
determined by the setting of the portamento attenuator just for the time you are depress-
ing the button.

A transpose switch allows you to instantly make the keyboard go either one or two
octaves up or down by flipping the switch in the direction indicated. Engaging this switch
either adds or subtracts (that is, offsets) 1 or 2 volts to the keyboard control voltage; if +2
volts are added to any note, it will sound two octaves higher (at a 1 volt/octave rate); —2
volts will cause a pitch to sound two octaves lower.

Pitch bend is arguably the single most important device by which synthesists express
themselves. A guitarist can bend a string; a trombonist has a slide. Now a keyboard player
can play “between the cracks,” bend a string (if a guitar-sounding patchisset up), createa
slide trombone, and obtain similar effects.

There are many kinds of pitch-bend devices standard on synthesizer keyboards. The
Mini-Moog, Moog Prodigy, KORG MS-10 and MS-20, and Sequential Circuits Prophet 5
and Prophet 10 have wheels; the PolyMoog and Yamaha CS- series have ribbon
controllers; the Oberheim OBX series and OB-1lead synthesizer use spring-loaded levers;
ARP uses both an exponential rotary knob (perhaps the least effective of these devices)
and a pressure-sensitive pad called PPC; KORG’s Sigma offers two joysticks with the pos-
sibility of controlling two parameters (like pitch bend and modulation depth)
simultaneously.

How to use a pitch-bend device effectively is not the subject of this book (but see
Chapter 4, section I). To play a lead synthesizer you must practice again and again until
you learn to use pitch bend to its greatest potential, (see section IX in Appendix A.)°

C. Sample and Hold (S & H)

In a typical S & H module, samples are taken of an input signal at a rate dgtermined
by a clock (an LF square wave) and are then made available at an output. The module
derives a control signal from the original input signal. The clock is typically hard-wired as
a sample command to the S & H. A block diagram of a typical S & H module would look
like Figure 5-15.

S+H)

JlL

FIG. 5-15

9 For a good introduction to pitch bending see the following columns in Contemporary Keyboard: Roger Powell,
January 1977 and May 1978; Tom Coster, May, June, and July 1979 and Synthesizer Basics, May and June
1979. Even more helpful is to listen to anything by Jan Hammer, generally agreed to be a master of pitch bend.
Listen to “Led Boots’ from Jeff Beck’s album Wired (Epic, PE 33849) and follow along with the transcription
on page 46 of the February 1977 Contemporary Keyboard. You might also listen to “Festival” from George
Duke’s album Follow the Rainbow (Epic, JE35701) and follow the transcription on page 92 of the October 1979
Contemporary Keyboard.
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Noise (a typical pre-patch) is a signal that consists of all SsH/ CLOCK
voltages occurring at random amplitudes. If it is the input being Lo HOr e
sampled, then at one instant a given voltage will be sampled and . d
at the next instant another voltage. Figure 5-16a represents a
graph of pink noise, 5-16b the sampling edge of the clock, and 5- s ‘j i 0s
16¢ the result when the clock samples noise. Let’s assume that the < G
voltages in Figure 5-16 are being used to controla VCO. Forexam-  ps .‘ ext @:“"
ple, at point 1 in Figure 5-16¢ the clock has sampled a voltage that R Souce
causes a VCO to output a frequency of about 100 Hz. and holds it
until the next pulse of the clock, at which time a voltage that
causes the VCO to output a frequency of 1000 Hz. is sampled and
. held until the next clock pulse, at which time a voltage that causes
the VCO to output a frequency of 10,000 Hz. is sampled and held,
and so on.

If noise is the input being sampled, the level attenuator of the
noise generator must be at least somewhat open. The level at-
tenuator of the S & H module will have to be at least partially

open, as will the clock rate attenuator (unless you want the sam-
pling rate to be very slow).
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EXPERIMENT #75: Sample and Hold

S+H

1,
CLK .

Since noise is the signal being sampled, the NG attenuators should be open. The
rate attenuator of the clock should be at level V2.

The noise input to the S & His sampled and a control voltage derived from that by
the S & H module. If, say, a voltage that would cause a VCO to outputa frequency
of 100 Hz. is sampled, that voltage is input into the CV input of the VCO, resulting
in the appropriate pitch output. If a voltage four times the first voltage is next
sampled, the subsequent pitch rise from the VCO would be two octaves higher
than the first pitch.

A more useful, if typical, application of the noise input to the sample and hold
module is to have the derived voltage control the filter.

S+H
N : - F.= 500 Hz.

%2 Q = medium
1
2

Set up the second patch shown here and hear the effect of the filter moving
instantaneously from one F¢ to another in a random manner.

CLK

You are not limited to having noise as the sampled input. Virtually any signal can be
input, as you can see in Experiment #76.

EXPERIMENT #76: Voltages other than noise as
sampled inputs

In this patch an LF sawtooth wave is sampled, the clockis running fastenough that
it catches many points of that LF sawtooth wave, and the derived control voltage is
used to control a VCO. You will need to experiment with the frequencies of both
the VCO and the clock to get the right combination so that the “staircase” effect

can be achieved.
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Try inputting other LF waves into the S & H module. Predict what the resulting
sound will be like (if you are using the S & H output to control a VCO) before you
listen to it.

Try inputting AF waves into the S & H module.

The level attenuator in the sample and hold module allows you to attenuate the
range, or width, of the input being sampled, causing a smaller variation of control voltage
to any given parameter.

EXPERIMENT #77: Attenuated sample and hold

Just to make the timbre more interesting, note that the audio signal is controlled
by an AF sawtooth wave. This type of frequency modulation will be discussed in
some depth in Chapter 6.

AF A

N S+H|

CLK |

Startwith the S & H level attenuator all the way closed. In this position no sampling
takes place. Slowly open that attenuator and note that sampling takes place
within a narrow range of voltages. As you raise the attenuator further and further
the band of frequencies becomes wider and wider.

With the S & H level attenuator all the way open, slowly close the S & H CV at-
tenuator into the VCO. The effect will be the same as lowering the level attenuator
in the S & H module. You have two opportunities to attenuate these control
voltages: either at the attenuator into the module being controlled or atthe S & H
module itself. If you attenuate atthe S & H, then allmodules controlled by the S & H
will be similarly attenuated.
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The output from sample and hold can be used to control any voltage-controllable
parameter. It can also be further processed before controlling any such parameter. For ex-
ample, since it exhibits sudden changes (represented by vertical lines when being
graphed) it can be lagged; it can be inverted; it can be mixed with other signals. The
modules on all synthesizers are part of a total gestalt and can and should be
conceptualized as interdependent.

EXPERIMENT #78: Recursive randomness

In the patch shown here we create random pitches and random envelopes;
however, the higher the pitch the shorter the event.

N > S+H

Noise is the input being sampled. The LF pulse supplies timing signals to the
ADSR and functions as a clock to the sample and hold module itself; therefore its
output must go to a multiple and then to the envelope generator input and the
clock input to the sample and hold. Set up some attenuator settings on the ADSR
and the rest of the patch is straightforward.

If you listen you will hear thatindeed the higher the pitch the shorter the event. Can
you describe why this is so?

The answer is that random voltages are controlling the clock so the LF square
wave is going to output random triggers which in turn cause the sample and hold
module to trigger itself randomly. Pitch of the VCO is random and envelopes are
triggered randomly, controlling the VCA. When the pitch is higher, that means a
relatively higher voltage has been generated by the LFO; the LF pulse moves
more rapidly ata higher voltage and thus the time of the eventitself will be shorter.

D. Clock

A clock may be an LF pulse or sawtooth wave with a general frequency range of
approximately .03 Hz. to 20 Hz. It is most typically a 50% pulse (i.e., square) wave. It may
be voltage-controllable. Its frequency is controlled by an attenuator. The clock output is
available on quasi-modular and modular synthesizers, and a patch from this jack directly
out will enable you to “hear” the clicks of the clock. There is typically an internal patch
between the clock output and the sample and hold module; in addition it is sometimes pre-
patched elsewhere (e.g., envelope generators). (See section X in Appendix A.)



E. Envelope Follower (EF)

An EF is a relatively simple device that derives a control voltage proportional to the
changing amplitude of an input signal. This envelope voltage accurately follows the
dynamic contour of the original audio signal. For example, the cymbal in Figure 5-17a,
when struck, will have an amplitude envelope that looks approximately like that in Figure

5-17b.

FIG. 5-17 b.

The circuitry in the EF will track that envelope, allowing a control voltage to open the
filter in proportion to the amplitude envelope of the cymbal. As soon as the cymbal is
struck, the filter will open wide, allowing the VCO signal to pass; the filter will then

gradually close as the cymbal’s amplitude envelope decays.

A pre-amp is frequently pre-patched to an EF input because the EF is typically used
with external signals. As you will now hear, it can also be used with a synthesizer’s own

signals.

EXPERIMENT #79: The sound ofa “Kluged phase shifter”

In this patch both VCOs are generating AF sawtooth waves that are closely, but
not exactly, tuned—perhaps a beat frequency of 1 Hz. To get the mixer output to
both an audio and a control input to the filter, you will need to use a multiple.

MIX

F.= 500 Hz.

Q=medium

KBD

The beat frequency of 1 Hz. is a sine wave, with fluctuating amplitude. The filter is
quite resonant, so any control voltage that sweeps the F¢ will produce a sweep
through the harmonics. Here the timing of the sweep is proportionate to
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amplitude changes in the harmonics themselves, by the beat frequency. The har-
monic sweep is notarbitrary, as it would be if you simply input the sawtooth waves
into the filter and swept the filter with an unrelated LF sine wave. In effect this
patch reinforces the entire spectral phenomenon of the beating sawtooths. A
given harmonic will be reinforced at the same time that it lies within a resonant
peak, exaggerating the effect of “phasing.”

You should be aware of at least one other use of an envelope follower—in making a
quasi-limiter, ensuring that the amplitude of an external signal does not exceed a certain
amount.

EXPERIMENT #80: A ‘“quasi-limiter”’

In the patch shown here, the EF detects the increases in the guitar's volume
(amplitude). The EF output is inverted and then used to control the VCA, whose
initial gain is .5. An increase in volume will mean a proportionate decrease in
control voltage reaching the VCA, which ensures that volume will not exceed a
given point (the point being the initial gain control setting).

GUITAR > | PA

F. Sequencers

All sequencers output control voltages and timing signals upon demand. In this
respect sequencers are like keyboards and can control voltage-controllable modules and
envelope generators. Unlike keyboards, however, sequencers store the information and
output it upon receipt of a trigger. This trigger is typically, but not necessarily, an internal
clock, generally voltage-controllable, which determines the rate at which the voltage and
timing signals will be output. Sequencers have been used to create some of the most inter-
esting and some of the most banal of synthesizer effects. Most synthesizer manufacturers
offer either analog or digital sequencers.

1. Analog Sequencers

On analog sequencers the voltages to be output are determined by the settings of the
many rotary knobs or vertical attenuators. Their voltage range is typically aminimum of 0
volts and a maximum of 2 to 5 volts. Zero volts is defined as the amount of initial DC
voltage input into the module being controlled by the sequencer.

EXAMPLE:

Assume the sequencer is going to control a VCO, whose coarse frequency at-
tenuator is set such that the VCO generates a pitch of 300 Hz.; 300 Hz. is then
defined as 0 volts, and the sequencer inputs as many volts in order from that point
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as are set up on its controls. If the sliders or

knobs were set such that each succeeding

one was a bit more to the right (or up), then

each step would output a bit more voltage

than the previous step. The sequencer

would generate a “staircase wave’ (see the

diagram). If that wave were used as a

control voltage to the VCO, it would

generate successively higher pitches until

the end of the sequence, at which point it would either repeat or stop, depending
on whether the sequencer was in the Run or Stop mode.

At the same time as the control voltage is output, a gate is available at a “gate out”
jack on the sequencer. Using that to control an envelope generator allows sound shaping
(Figure 5-18).

Analog sequencers generally have two control voltage outputs, which may be used in
series or in parallel. If used in series, the length of the sequence may be twice as long as if

CV.
SEQ. [Gate

FIG. 5-18
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used in parallel, but only one continuous control voltage is available. If used in parallel,
two modules may be simultaneously controlled with different control voltages. For ex-
ample, in the patch shown in Figure 5-19, if the controls of row A were set to increase
slowly (that is to generate a staircase wave) while the controls of row B were set to
decrease slowly, the pitch would rise as the filter closed. '

Analog sequencers frequently have “position gate” outputs: a gate goes high when
the sequencer arrives at the particular position, and is otherwise low. This allows for
various effects, one of which is to accent a beat. If the sequencer in Figure 5-20 were
generating an eight-step sequence, at the second, fourth, and seventh steps (positions) the
filter would open more than its initial setting, causing a perceived accentuation at those

T F.:10 KHz.

steps.
C.V.A.
C.V.B
SEQ. Gate
FIG. 5-19
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2. Digital Sequencers

The memory of a digital sequencer is a microprocessor rather than the mechanical
positioning of knobs or sliders; typically the memory has much greater capacity than that
of analog sequencers, up to thousands of steps in the sequencers built into the digital syn-
thesizers discussed in Chapter 7. The voltages may be fed into the digital sequencer in
real time directly from a keyboard. The sequencer remembers those voltages as numbers
and, using a digital-to-analog converter, outputs them as voltages upon demand. Digital
sequencers remember not only the voltages but also the exact rhythm in which they are
entered.

DIGITAL SEQUENCER

Computer Controlled

POWER

=Roland

C5Q-600

Roland Digital Sequencer CSQ-600
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Do not think that digital sequencers are ‘“better”’ than analog sequencers; they each
have advantages. Digital sequencers frequently have a volatile memory, which means
that they may “forget” everything as soon as the power is shut off; analog sequencers,
whose “memory”’ is the mechanical positioning of a knob or slider, “remember” with or
without power. Analog sequencers typically have many more inputs and outputs, and
thus more flexibility, than digital sequencers. '

The Roland MicroComposer and Emu Model 4060 Keyboard (and Model 4070 floppy
disk memory unit) are essentially very powerful polyphonic sequencers, capable of
controlling 8 and 16 simultaneous voices respectively. Sequential Circuits’ Model 1005isa
5-voice polyphonic sequencer that is intended to control a Prophet 5 synthesizer.
Oberheim’s DSX digital polyphonic sequencer can record up to 3000 notes polyphonic-
ally and in real time, with independently controllable gates and control voltages.
Microcomputers (Chapter 7, Section II) may also serve as sources of polyphonic control
voltages and timing signals and thus become powerful digital sequencers.'’

It is easy to fall into noncreative use of the sequencer because it is so easy toset up and,
at first, so impressive in its effect. One such cliche is simply to use the sequencer to control
a VCO. The sequence repeats itself rapidly and quickly becomes tiresome. Another such
use is as a “rhythm machine” that has no rhythm, using only an LF square wave as a clock.
Like a synthesizer keyboard, the sequencer requires considerable practice and experimen-
tation before it is thoroughly understood and put to best use.

G. Traditional Instrument-Type Controllers

Although most people tend to think of synthesizers as keyboard instruments, a
keyboard is only one type of voltage-controller. In the past several years controllers have
been invented so that musicians other than keyboardists may use synthesizers. These in-

10 See Roger Powell’s columns in the February, June, July and Sept., 1981 issues of Contemporary Keyboard.
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strumentalists require a synthesizer but don’t need to pay for a keyboard. The Oberheim
Expander Module, Steiner-Parker Microcon, Korg MS-50 and SMS Voice 400 are such
synthesizers and are frequently interfaced with nonkeyboard controllers (although they
may of course be interfaced with keyboards). The synthesizer from 360 Systems, the ARP
Avatar, Electro-Harmonix guitar synthesizer, Roland GR-500, and the KORG X-911 are
all monophonic guitar synthesizers that use a pitch-to-voltage converter to allow the
guitarist to control a synthesizer voice. Of the guitar synthesizers, only the Zetaphon from
HEAR and the Roland GR-300 are polyphonic.

1
do 00,

ELECTRO B HARNMONIX

LEVEL POLARITY

S NSTRUMF /

Tone

YonE ToNE
Te OISTORTION
GUITAR
5 s

ToNE
ELECTRIC
BASS o
=

TRUMPET VIOLIN FLUTE

3

ATTACK Tone
8 4

VOICE 400

PROGRAM SELECT

SMS Voice 400

(Photo by Helios Studios)

Korg X-911



140 Chapter5

The Lyricon from Computone is a windlike controller and looks much like a clarinet.
Computone has also recently introduced the “Humanizer,” a device that allows the syn-
thesist’s mouth to create envelopes for various parameters. The Electronic Valve Instru-
ment from Steiner-Parker has a brasslike control mechanism. The Synare 3 is a percussive
controller from Star Instruments. The Syndrum is available from Duraline (11300 Rush
St., South El Monte, CA 91733).

Synare Il

IV. INTERFACING SYNTHESIZERS

You may have the opportunity to control two or more synthesizers from one
keyboard. For example, if one synthesizer has two VCOs, a VCF, a VCA, and two envelope
generators, you would be able to control four VCOs, two VCFs, two VCAs and four
envelope generators from one keyboard. The critical element is to have control voltage and
timing signals from the keyboard get to all appropriate voltage-controllable parameters.

If one keyboard is to control two synthesizers, the keyboard’s control voltage and
timing signals must be available at jacks. Patch the KBD CV output to a multiple; patch
the multiple outputs to (typically) the unattenuated control inputs of the “slave” syn-
thesizer’s VCOs and VCFs, (see section XI in Appendix A). Similarly, patch the
keyboard’s gate and trigger signals to the gate and trigger inputs of the “slave” syn-
thesizer’s envelope generator inputs.



chapter six

Basic Amplitude
and Frequency Modulation

I. INTRODUCTION

A wave is amplitude-modulated if its amplitude (or the amplitude of any of its
harmonics) is subjected to control voltage changes. You heard an example of amplitude
modulation in Experiment #4, when an AF wave was subjected to periodic control voltage
changes in amplitude by an LF sine wave. As the LF sine wave voltage varied, the
amplitude of the AF wave varied proportionately.

A wave is frequency-modulated if its frequency is subjected to control voltage
changes. You heard examples of frequency modulation in Experiments #16 and 17, when
AF waves were subjected to periodic voltage changes by an LF sine and an LF square wave
respectively, resulting in a vibrato and a trill. As the LF control voltage varied, the fre-
quency of the AF wave varied (at a rate of 1 volt/octave).

Although it is technically correct to say that a wave is amplitude- or frequency-
modulated when it is controlled by an LF wave, henceforth when we refer to AM and FM
we will mean the control of an AF wave by another AF wave. When it is AF, the ear can no
longer distinguish each individual cycle of the controlling wave. The result is an aural
illusion—the creation of sidebands!, which have the possibility of creating richly textured
timbres. Typically these sidebands will be additional frequency components which will
not have a harmonic relationship to one another (although when used in small amounts
they may increase the interest in harmonic music). However, there are certain ways to
create harmonically related sidebands. Thus AM and FM are important ways in which a
synthesist may create new sounds, frequently atonal, which may be further processed.

' You know that a moving picture is really a series of still pictures shown so quickly that the eye cannot detect
each individual frame. This creates the illusion of motion. Analogously, sidebands give the illusion of the crea-
tion of new tones, because the controlling voltage is moving too rapidly for the ear to distinguish each cycle.
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II. AMPLITUDE MODULATION

A. Using a VCA

EXPERIMENT #81: AM effects

aV, ] lin

Set the VCF to oscillate, so that the audio input to the VCA is an AF sine wave.

Initially seta VCO, acting as an LFO, atabout 3 Hz. As you listen you hear an audio
output proportional to the positive half of the sine wave’s voltage swing. There is
no output as the sine wave goes negative, because a VCA will not output if the
control voltage is negative.

Slowly increase the frequency of the LFO. As you approach 15 Hz. it will become
more and more difficult to distinguish individual oscillations from the LFO. Now
change the VCO's frequency to a low audio frequency. The sine wave from the
VCO now has a frequency of about 20 Hz. Slowly open the coarse frequency at-
tenuator. As the sine wave from the VCO (which was formerly acting as an LFO)
becomes AF, different sound qualities will be heard. Stop at different points as
you open the attenuator and listen to the many varied possibilities, depending on
the VCO'’s frequency. You are hearing the sidebands created by the modulation
of the oscillating filter by an AF sine wave from the VCO, together with the original
frequency of the VCF’s sine wave.

In AM and FM the signal whose amplitude is being modulated is called the carrier
(C), the modulating signal is called the program (P), and the resulting output is called the
modulated carrier. In Experiment #81 the signal from the oscillating filter was the carrier
and the signal from the VCO was the program, and the output from the VCA was the

modulated carrier.

While it may have seemed to you that the strange assortment of sounds you heard
performing Experiment #81 were random, they were in fact very specific and ascer-
tainable. When a pure signal (one with no harmonics—that is, a sine wave) amplitude-
modulates another pure signal, the modulated carrier has three components, whose fre-

quencies are C + P, C — P, and C. An experiment will make this more clear.
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EXPERIMENT #82: Creation of a harmonic timbre
by amplitude modulation

Set up the same patch as in Experiment #81; however, this time tune the os-
cillating filter to any easily heard pitch and the sine wave from the VCO a fifth
above it. Thus if you have tuned the filter to oscillate at middle C, the VCO is tuned
to G above middle C.
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Middle C (which is the carrier, C) has a frequency ofabout261 Hz. Gabove middle
C (the program, P) has a frequency of about 392 Hz. Thus if P amplitude-
modulates C, the frequency components of the resulting modulated carrier will
beC + P (261 +392 =653Hz.),C —P (261 —392 = — 131 Hz.)and C (261 Hz.). In
these calculations a negative frequency (like C — P) indicates that frequency
component is 180° out of phase with the other components. You hear it just as
audibly as ifit were a positive frequency (in this case of 131 Hz.) but if there were a
positive frequency component of 131 Hz. in the modulated carrier, the two com-
ponents would cancel.

We now have a modulated carrier which has frequency components of 131 Hz,,
261 Hz., and 653 Hz.; 131 Hz. is an octave below 261 Hz. (it is half the frequency),
653 Hz. is an interval of a tenth above middle C. (See page 94.) Thus you have a
timbre with frequency components of low C, middle C, and high E, a harmonic
timbre.

The level of the control attenuator allowing P to control C affects only the
amplitude (in this case, the volume) of the modulated carrier.

Here’s another example to solidify what has been said so far. What will the frequency
components of the modulated carrier be if you amplitude-modulate an 800 Hz. signal with
a 320 Hz. signal and both signals are sine waves? See if you can figure out the answer before
going on.

Answer: Since the 800 Hz. signal is being amplitude-modulated, it is C; since the 320
Hz. signal is doing the modulating, itis P. C + P =800 + 320 = 1120. C — P = 800 — 320 =
480. You would have a timbre consisting of three frequency components at 480 Hz., 800
Hz., and 1120 Hz.

Experiment #82 illustrates another important rule in timbral construction by am-
plitude modulation: Whenever C and P are tuned to aratio of integers, the frequency com-
ponents of the modulated carrier will be harmonic; conversely, if the ratio of C and
P is not one of integers, the frequency components will be inharmonic. Here are some ex-
amples to clarify this point:

EXAMPLE 1:

In Experiment 82 two oscillators were tuned a fifth apart. Their specific frequencies
were 392 Hz. and 261 Hz. The fraction 392/261 reduces to 1.5, whichis 3/2, whichisa
ratio of 3:2, a ratio of integers. The resulting modulated carrier had frequency com-
ponents such that the pitches heard were low C, middle C, and high E—a harmonic
chord.

If the frequencies of the carrier and program reduce to a ratio of integers, the
resulting chord will always be harmonic.

Many harmonic intervals createaratio of integers. Here are some examples:

Interval Ratio
octave 2:1
perfectfourth 4:3
perfect fifth 3:2
major third 5:4
minor third 6:5
minor sixth 8:5

major sixth 5:8
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This means that if C and P (which were a fifth in Experiment 82) were a fourth
apart, ora major third, orany of these intervals apart, the frequencies would always
reduce to a ratio of integers and the resulting frequency components of the
modulated carrier would be harmonic.?

Try repeating Experiment #81 with different intervals for Cand P as above.

EXAMPLE 2:

Suppose that C and P had frequencies of 217 Hz. and 86 Hz. respectively. The frac-
tion 217/86 reduces to about 2.52, which does not create a ratio of simple integers.
Therefore the frequency components of the modulated carrier will be inharmonic.
In fact they will be 303 Hz., 217 Hz., and 131 Hz. 303 Hz. is between D sharp and D
natural above middle C; 217 Hz. is slightly lowr than A below middle C; and 131 Hz.
is low C. The chord is inharmonic.

The simple amplitude modulation of one sine wave by another creates an
extraordinary number of possibilities for both harmonic and inharmonic timbral
construction. However, the plot (and sound) thickens when either C or P are waves that
have harmonics (higher-frequency components)—that is, any wave but a sine wave.

Let us suppose that in Experiment #82, P (the program, which had a frequency of 392
Hz.—G above middle C) had been a sawtooth instead of a sine wave. It would have had a
fundamental (first harmonic) of 392 Hz. and additional harmonics (of diminishing
amplitude) of 784 Hz., 1176 Hz., 1568 Hz., etc. In such a case the frequency spectrum of the
modulated carrier is not only C, C + P, and C — P; it would have also included C + each
harmonic frequency component of P. Continuing with our example, the frequency com-
- ponents of the modulated carrier would be:

C - 261 Hz.
C +P - 563 Hz
C—-P - °=181 Hz
C + P(2) - 1045 Hz.
C - P(2) -  —523 Hz
C + P(3) - 1435 Hz
C — P(3) -  —1174 Hz
C + P(4) - 1827 Hz
C — P(4) -  —1305 Hz

etc.?

The amplitudes of the additional upper and lower sidebands would diminish, because the
amplitudes of the harmonics themselves diminish, but their effect would surely be
perceived. Try substituting a sawtooth wave from the VCO instead of a sine wave in
Experiment #82 and hear the difference in the modulated carrier with all those additional
sidebands.

Of course there’snoreason that C can’t alsobe a sawtooth wave.

2 Recall that some companies manufacture VCOs whose control inputs have linear, rather than exponential,
sensitivity (Chapter 3, footnote 1). John Chowning, in an article entitled “The Synthesis of Complex Audio
Spectra by Means of Frequency Modulation” (Journal of Audio Engineering Society, vol. 21, no. 7, September
1973, p. 526) discusses methods of obtaining harmonic spectra by means of frequency modulation with os-
cillators whose control inputs are linear.

3 P(2) means the second harmonic of the program frequency. Since that frequency in our example was 392 Hz.,
P(2) would be 784 Hz. Similarly P(3) would be 1176 Hz., etc.
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In that case you would not only have all the frequency components shown in the table
above, but you would also have frequency components as follows:

Cl2)+P C(3) +P C(4) +P
C(2)~P C(3)—P C(4)—P
C(2) +P(2) C(3) +P(2) C(4) +P(2)
C(2) —P(2) C(3) —P(2) C(4) —P(2) etc.
C(2) +P(3) C(3) +P(3) C(4) +P(3)
C(2) —P(3) C(3) —P(3) C(4) —P(3)
C(2) +P(4) C(3) +P(4) C(4) +P(4)
C(2) —P(4) C(3) —P(4) C(4) —P(4)
etc. etc etc.

These frequency components would go on for all the significant harmonics of both C and P.
However, the amplitudes of the upper harmonics become so low that the additional energy
they add to the modulated carrier becomes negligible.

Redo Experiment #82, substituting various other waves for C and P. You will have
to use another VCO rather than the VCF (which only provides a sine wave to work
with). Become familiar with the broad palette of timbres available through amplitude
modulation.

B. Ring Modulation

Ring modulation is a particular type of amplitude modulation. The frequency
components of the modulated carrier depend not only on the nature of the input waves but
also on whether the modulatoris AC or DC. If it is DC and if C and P have DC components*
in them, then the modulated carrier will consist of the sidebands and both C and P
(remember that with a VCA only C was a component of the modulated carrier). If either C
or P is AC and the other is DC, then the modulated carrier will contain sidebands and the
otiginal frequency of the wave that has a DC component. If both C and P are AC, the
modulated carrier will have only sidebands; neither C nor P will be present in the
modulated carrier. It follows that the modulated carrier will always consist of only side-
bands when the modulator is balanced, since when in that position it eliminates any DC
component (makes a balanced AC wave) of any wave input into it.

C. Pulse Width Modulation

Pulse width modulation is a form of amplitude modulation; specifically, as pulse
width varies, the amplitude of different harmonics of the pulse become more or less at-
tenuated. Picture what happens as you manually sweep a pulse width attenuator from
10% to 50%:; the pulse starts out with every tenth harmonic missing. As you go toward 20%
every fifth harmonic becomes attenuated; when you reach 20% every fifth harmonic is
gone. You continue on towards 25% and every fifth harmonic returns but every fourth har-
monic becomes attenuated. As you go toward 33% every fourth harmonic returns but every
third harmonic is gone. Continuing on toward 50% every third harmonic returns but every
even harmonic is gone. Thus as you change pulse width you change the amplitude of each
harmonic of the pulse wave. If the changing of pulse width is done at audio-frequency
speeds, amplitude modulation timbres will be created.

* See page 120.



EXPERIMENT #83: AF pulse width modulation
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To setup the patch shown here, first get the filter to oscillate a sine wave. Listen to
that sine wave and, while listening, raise the control attenuator into the filter so
that the frequency of the sine wave goes lower and lower. It will go below
audibility. At this point raise the pulse width modulation attenuator into the VCO
(which is generating a 50% pulse—i.e., square—wave). If what you hear sounds
garbled, raise the CV attenuator into the filter even more, further slowing down
the LF sine wave, until you can hear the LF sine wave voltage-controlling the pulse
width of the VCO, slowly sweeping the pulse width from one end to the other.

Now slowly begin lowering the CV attenuator into the filter. The LF sine wave will
get faster and faster; at one point it will start creating sidebands. As you continue
lowering it, you will hear the same type of amplitude-modulation effects you have
been hearing using the VCA or the ring mod. The pulse is swept through its entire
width so rapidiy (at an audio frequency) that audible sidebands are created.

D. Timbral Modulation

You heard in Experiment #23 that you could voltage-control the F of a VCF with an
LF sine wave. As the F. varies, the amplitudes of different harmonics of input waves
vary. If, for example, a 100 Hz. sawtooth were input into a typical low-pass VCF with an
F¢ of 200 Hz., harmonic attenuation would begin at 200 Hz. and the harmonics would be
down 24 db at 400 Hz. However, if the F, were changed to 1600 Hz., harmonic attenua-
tion would not begin until that point. Thus filter modulation is selective amplitude
modulation of the harmonics of any input waves; if filter modulation occurs at audiofre-

quency rates, then amplitude-modulation timbres can be created.
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EXPERIMENT #84: AF timbral modulation

Y

Start with the frequency of the VCO and the F, both at about 2 KHz. and a VCOin
its LF range. Slowly increase the LFO'’s frequency; when it has reached its highest
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frequency in the LF range, put the range switch to audio frequency and move its
coarse frequency attenuator from lower to higher frequencies. A wide variety of
modulation timbres are created.

As before, the program signal need not be a sine wave. Try substituting more
complex waves from the VCO and hear how dense the modulated carrier
becomes.

Note also that increasing the resonance of the filter has the effectofaccentuating
certain harmonics, creating still different textures.

If the filter were oscillating, then amplitude modulation wou;d nolonger be taking
place. The filter would be generating a sine wave of frequency Fcand frequency
modulation would occur.

l1l. FREQUENCY MODULATION

The modulated carrier that results when an AF wave frequency-modulates another
AF wave is even more complex than when amplitude modulation occurs. Recall that with
amplitude modulation the level of P that was allowed to modulate C affected only the
quantity (volume) of the modulated carrier; it did not qualitatively change its nature. In
frequency modulation the amount of P allowed to modulate C (the modulation index)
qualitatively changes the nature (i.e., the frequency components) of the modulated
carrier.

EXPERIMENT #85: Frequency modulation

Onceagainthe VCFshould be in oscillation so thatone AF sine wave is frequency-
modulating another AF sine wave.

* As you slowly raise the attenuator into the VCO, you should hear two different
things happening: (1) the overall pitch will begin to rise,® and (2) additional fre-
quency components will begin to be added, creating a new modulation timbre.
Note that it is not merely that the modulation timbre gets louder; it actually
changes, the more program you allow to frequency-modulate the carrier.

Further experimentation will show you that the modulation timbre is affected by five
variables:

1. C’s initial frequency
2. P’s initial frequency

5 This pitch change does not occur if the VCO control input sensitivity is linear rather than exponential; see
footnote 2.
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3. C’s harmonic content
4. P’s harmonic content
5. The level of P allowed to control C (the modulation index)

In amplitude modulation only the first four variables will qualitatively change the
nature of the modulation timbre. In frequency modulation the fifth variable, the level of
P allowed to control C, creates even more complex timbres.

You will determine what musical value amplitude and frequency modulation have
for you. A modulated carrier can be and often is further processed. These timbres fre-
quently have no discernible pitch and are good source material for percussion instru-
ments, bells, airplanes, machinery, and other sounds whose waveshapes are nonperiodic.
Remember also that you are not limited to using VCOs for P and C; you could use your
voice, an instrument, a sequencer cycling at an audio frequency, noise, etc. As always,
experiment.



chapter seven

An Overview
of Synthesizers

Most synthesizers are completely built by manufacturers.! However, you should be
- aware of two other possibilities if you have a lot of time and a small amount of money: You
can build a synthesizer from scratch, if you understand some electronics theory, using cir-
cuits from Electronotes or The Engineer’s Notebook from Radio Shack; or you can build a
kit, available from Aries, EML, Paia, and Serge-Modular. In addition, E-mu offers sub-
modules and voice cards (the electronic components of a synthesizer) for the exper-
imenter. Godbout Electronics? and Blacet Music Research? also offer a variety of kits of
interest to the synthesist.

A word of caution: Do not judge synthesizers by the presence or absence of special
features. All other things being equal, the more “bells and whistles’ a synthesizer has the
more interesting it may be; but this does not mean it sounds good, and that is the most
important feature any synthesizer can have. Always listen to any synthesizer you are
interested in purchasing; do not be seduced by fancy features. The sound comes first.

I. ANALOG SYNTHESIZERS

Analog synthesizers consist of modules that generate continuous electrical signals
that are modified or controlled by other electrical circuits or signals to yield a desired
sound. They are contrasted with digital synthesizers, which store and return information

! Manufacturers’ addresses are listed in Appendix B.
2 Building 725, Oakland Airport, CA 94614.
318405 Old Monte Rio Road, Gurneville, CA 95446.
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through extremely fast manipulation of numbers. Four types of analog synthesizer are
available:

A. Preset Synthesizers

This class of synthesizer is generally used by the multi-keyboardist who wishes to be
able to switch easily from one familiar instrumental sound (preprogrammed at the fac-
tory) to another. It offers little flexibility but great convenience at a modest price. Typi-
cally it will have buttons that say “Clarinet,” “Banjo,” “Tuba,” and the like. It has few
traditional synthesizer controls. Examples are the ARP PRO/DGX, Minitmoog, KORG
KM500 MicroPreset, and various “‘string synthesizers’” (which are also polyphonic).

B. Hard-Wired Synthesizers

This group has the largest variety in that almost all manufacturers (except those that
offer only modular equipment) have several such nonpatchable synthesizers in their
product line. Hard-wired synthesizers are characterized by signal and control paths that
offer a variety of possibilities (that is, you may use one of several control paths offered) but
limit the user to those possibilities that the manufacturer has chosen toincludein the syn-
thesizer. Hard-wired monophonic synthesizers typically will have a signal path that can-
not be changed: one or two VCOs fed into a low-pass (and sometimes a high-pass) filter,
which goes to a VCA and then out. A keyboard, LFOs, and envelope generators are
available as controllers. These synthesizers may include some extra modules like sample
and hold, a noise source, or a ring modulator (which has two VCOs, or a VCO and noise, as
permane<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>