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FOREWORD

The success of Yamaha's DX7 is one of those enigmas that makes perfect sense—sort of. The in-
strument is currently the best-selling synthesizer of all time, vet it is also one of the least usar-
friendly machines on the market, Its sound is so popular that it is precariously close to cliche-
hood, yet the majority of people playing the instrument find it so difficult to program that an entire
cottage industry has sprung up dedicated to selfing DX patcbes and DX prograrming aids. Even
now, three years after its release, people are having a hard time learning their way around it, yet
there’s no end in sight to the momentum of its popularity.

If you have one of those love/hate relationships with the instrument — you lnow, you love its sound
but you curse a lot because you don't know an operator from a rate scale—then Howard's book
shorald help clear up the confusion.

Some bald-headed wise old monk probably said something tike, “The path ko knowledge is a diffi-
cult one, “at one time or another, and that certainly apphies to knowledge about the DX7?. Learning
its ins and owts won't be easy, but it's not impossible. This book may not reveal the hidden paths to
truth, justice, and the American way, but it goes a long way towards unlocking the secrets of the
DX7.

Dominic Milano
Editor, .
Keyhoard Magazine

AUTHORS NOTE: After receiving this foreword from Dominic, 1 shelved my plans to add a seven-
teeth chapter, tentatively entitled “Truth, Justice, and the American Way”.
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INTRODUCTION

hwﬂaﬂm‘?anmhaCmﬁonmhasedumnahmehmuspecﬁngmbﬁcasymhesizerﬂm
mﬂddmngethemmseofmdemmﬁm“ismrhhe,ofmurse.msthemdelﬂﬂ?. and, for
the Brst time ever, digitnlaudiosynﬂtesiswasmdemihbkmmemusicianatamasonablepﬂce.

Prior to the unvedling of the DX7, the anly two digital synthesizers commonly in use were the
Fairlight Computer Musical Instrument and the Synclavier - and both of these formidable machines
had Est prices in excess of $30,000 and were obviously out of the financial reach of most musicians.
Furthermore, both of these systems offered literally thousands of cortrols, commands, and config-
urations, making them far too complicated and not neazly enough “user-ifiendly” for most of their
intended market,

The DX7 changed all that. Its Hst price was a very modest $1,9¢5, and when you bought the ma-
chine you also received, as a bonus, data cartridges containing no less than 128 very attractive and
usable sounds. Contemporary musicians took to this device like the proverbial ducks took to water.
In no time at all it seemed as if every keyhoard plaver owned one despite the fact that for nearly 2
year in most major cities you couldir't find one for love or money (in an industry where list price
rarely hag any real meaning, the DX7 was actually sold everywhere at its list price, NONDIS-
COUNTED, ior moere than a year after its miroduction). [n New York City, for example, only one of
the major music retailers was able to get DX7s at all, and the waiting list at one time was actually
mere than eight months!

In any event, by hook or by crook {or, much to Yamaha's dismay, by gray market), in what seemed
to be 1o time at all, DX7 abounded, in every recording studio, in every rehearsal hall, in every
keyboardist's living room... if the machines reproduced themselves, they couldn't have done
miich better,

‘There was a problem, however. Due to the very sketchy docurmentation originally provided by
Yamaha, combined with the fact that the DX7 used a synthesis system never before seen, nchody
seemed to know how to actually work the darned things! Oh, people found the on/cff switch and
the output jack, alright, but short of endlessly using the 128 cartridge sounds (the “presets”), peo-
ple were not generally using the machine to anywhere near its actually vast capabilities.

As of this writing, some three years later, the situation has not really improved appreciably, An up-
graded version of the preliminary manual has been released by Yamaha, and a book or two have
made appearances, but all of these seem to be of limited value to the average user. The difficulty
lies in the fact that, first of all, the DX7 at first glance seems unassuming and many people have
trouble accepting the idea that so very many controls and parameters are actually available to the
user. Secondly, the system used by the DX7 and its later cousins (the DXs, DX1, DX5, DX21,
DX27, DX100, TX7, and TX rack), called digital FM, is so radically different from previously used
systems, that people have had problems assimilating and utilizing its many unique features. Digital
FM (short for “frequency modulation”) demands that you analyze the sounds you work with tc a
far greater degree than was previously required. It is difficult, if not impossible, to use by musi-
tians who have not taken the time and trouble to familiarize themselves with basic acoustic princi-
ples and audio theory. Thirdly, because this is a purely digital system, some small degree of com-
puter literacy is required in order to fully understand the workings of the system, And, lastly, those
128 presets, for the most part, really do sound good, reducing the incentives for people to learn to
make their own sounds or even modify pre-existing ones. Commercial enterprises have sprung up,
allowing users who don't feel confident programming their own machines to purchase ready-made
sounds. The sum of all of the above means that, even today, most DX7 owners are no closer to
knowing how to use theit machines then they were three years ago when the instrument first
appeared,



And that’s where this tutorial comes in. This book is dedicated to the principle that it makes no
sense to spend $2,000 on a machine that you basically only know how to turn on and off! Com-
puters such as the DX7 have become a big part of most people’s lives but it’s important not to lose
sight of the fact that we are still the computer’s master. Yarnaha has tdken the time and trouble to
provide DX7 owners with a phenomenally large arvay of tools to control the actions of the machine,
arxd we are wasting a lot of the instrument's potential if we don’t thoroughly familiarize ourselves
with them.

L&emostmnsicﬁns,myﬁmtmumMsyn&esizemmmemmmthﬂﬂmgbmkmmewiy
1970's. It seemned to me that the only way to reaily master that machine (which was ahsoluely
primitive cornpared to the DX7), was to lock myself in a room with it for a month or so and wrestle
with it (all of this figuratively, of course - for those of you with a mental picture of a man with a
beard emerging from a room with a MiniMoeog in a headlock, forget it!). Ten years later, with a de-
cade of experience as a session synthesist, session programmer, clinician, consultant, salesman,
and teacher behind me, this seemed again the only way to master the DX7, And that's pretty much
what 1 did, with the advantage that by now | knew enough people in the industry to annoy with
endless questions and to receive imvaluable feedback and instruction from. When I felt confident
enough to actually impart this information to others, the opportunity arose to organize and teach a
course in the operation of this machine at the Public Access Synthesizer Studio in New York
(PASS), where | am currently serving as Project Director. At the urging of several students, I be-
ganhlate]BSStowtthefu]lcwmecurricuhminwﬁﬁng, and this book is the uitimate result of
that effort,

Here then, is the plan of action: We will begin, first of all, with a grounding in basic audio theory. [
strongly recommend that all readers at least peruse, if not digest Chapter One thoroughly, Even if
you feel knowledgabie it: this topic, you should read this chapter anyway, as the terminology and
jargon covered therein will be used thronghout the entire book. Secondly, we will cover in depth
the actual digital FM system used by the DX7?, including a description of ALL the switches and con-
trols available on the machine, with practical exercises in their use offered throughout. Next, we
will offer a discussion of MID], the standardized digital interface used by the DX7 and all other
modern symthesizers. Following the MIDI chapter, we will cover several advanced DX7 program-
ming techniques, and offer an examination of other DX7like devices made by Yamaha, Finally, the
Appendices will provide severl important references and listings of DX7-compatible MIDI devices.

Most of the time while reading this book you will probably find it necessary to have 2 DX7 within
easy reach. The enclosed sound sheet contains examnples of sounds you should be hearing at var:-
ous points as you do the exercises included here. We recormmend that you immediately copy this
onte a cassette for ease of use, and so it will also be helpful to have a cassette player handy. As this
book is based upon the actual course taught at the Public Access Synthesizer Studio, it is meant to
be very much a “hands-on” experience. I suggest you therefore prepare your hands for some seri-
ous synthesizer tweaking!

Throughout, I have attempted to make things as non-technical as pessible. The emphasis is on use
of the rnachine above all. It is the author's sincere hope that the information gleaned here will
sparkthecreationdmammmnrsoundsneverbehrehemﬂnnthisplanetofours!

Howard Massey
June 1586



CHAPTER ONE:
BASIC AUDIO THEORY

What Is A Synthesizer?

snlalerasiomachhestoshareintheglory!ﬁeseinshumentsducreate

their sounds electronically and not physically but they allow no significant con-
trols eo the user,

Within this broad definition there are two different types of synthesizers: ana-
log and digital. These two breeds are as di&rentasthepmrbialapples and
Otanges in the way thay operate, Basically, anaiog synthesizers create their
sounds by manipulating electrical voltages whereas digital synthesizers are es-
sentiaily computers which evolve sounds by manipulating numbers.

Nmnbers??Huwcanwehearnumbers?AJhwme.ifmu will, to answer your
rhetorical question with another question; Huwcan‘arehearvnltages? Before
wejmnpr'ghthwithacﬁscussionddigital (wlﬁchaﬂera]!isthesystemthe

DX7 uses) it will be helpful to gain 2 rudimentar}rmderstandingof
how analog systems work.

What Is Analog?

The word “analog” itself simply means “Tke” or “sirilar to". The best way to
understand bow analog systems work is to examine bow a very common home
analog system, like the standard record plaver, operates,

If you are not a Tibetan monk sitting on top of a mouzntait, you probably own
or at least have at some time yseq & Coninon garden variety stereo system
with record player. Odds are you slap a record on weekly, daily, or maybe aven
hourly (1) without ever thinking about what is physically occurring, and that's
fine, because it creatas jobs for people like me!
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Okay, let’s continue on with eur tracing of the jowrney as Bruce Springsteen’s
voice travels from the grooves of his latest platinum offenng o your eager
ears. The cartridge sends it’s electrical signal down the wires of your tone arm
and out the record player into your amplifier (or receiver, if it happens to have
a radio attached), where the sound is simply amplified, or in plain English,
made louder. If the amplifier is a good one, that's about all it will do, and if it's
not such a good one it may add various kinds of distortions to the sound, but
we won't concern ourselves with that. This amplified signal then travels out of
your amplifier/receiver down the speaker wires to your speakers (or head-
phones, which really are no different from small speakers).

A speaker is just a box with two magnets inside it. One of the magnets is actu-
ally an electromagnet and it is mounted firmly on the back wall of your speaker
box and the other magmet is sort of suspended in mid-air nearby, attached to a
paper cone. The electromgnet is going to be receiving the electrical signal
from the speaker wire and wilt alternately become magnetized and dernagne-
tized as the electrical signal moves forward and backward (remember, this
electtical signal is an ANALOG of the otiginal needle movements). As this
fixed electromagnet goes through its paces it will alternately attract and repel
the floating speaker. Because the floating speaker is attached to a paper cone,
these small movements back and forth will translate themselves into lavger
maovements of the cone, which will cause air to be pushed back and forth,

This movement of alr eventually reaches our ear, and our eardrum is designed
to sympathetically vibrate accordingly. These internal vibrations are transmit-
ted to our inner ear where a series of physiological events transform thesa
movements back into an electrical signal. This electrical signal travels through
your netve fibers and up into your brain where you finally perceive ail of these
various convelutions 2s a sound: At last, Broooooooaoca!!

Let’s review what's happened: Our signal has undergone four separate trans-
formations. We started as physical motion (the needle bouncing around), con-
verted ta analog electrical (inside the cartridge), converted to analog magnetic
(inside the speaker), back to physical {the movements of the speaker cone),
and once again back to electrical (in our inner ear). We can trace back still fur-
ther if we like, to the recording process itself. The sound actually began with
Brooococe himself singing into a microphone in a recording studio somewhere
in Hackensack or thereabouts. So the sound obviousty began life as physical
motion, air being moved by Brooooce’s vocal chords. The purpose of the
microphone was similar to that of the record player cartridge; to convert physi-
cal movement into an analog electrical movement. This electrical signal {con-
taining of course the same type of movements as the original physical source)
travels down wires into 2 mixing console where it is processed in a number of
ways and then enters a tape recorder. The record head of the tape recorder
converts this electrical signal yet again to a magnetic signal which can be en-
coded on tape. The tape is played back and the playback head converts it back
again to electrical! (Stick with it, we're nearly done...) In the cutting room,
this electrical signal from the tape playbeck is fed to a cutting lathe which then
reconverts it back to the physical motion of a needle cutting a groove in a lac-
quer plate, This lacquer plate will eventually form the template for the record
you finally purchase and play.

It's fairly complicated, but the point is that the ungmlsoundmevery case yn-
dergoes many conversions before you finally get to hear and enjoy it. The im-
portar thing to understand is that all of these conversions are ANALOG, that
i3, the original qualities of the sound are in all cases preserved as nearly as
possible. When you analyze things this way, it's really pretty amazing that your
records actually sound something like the original performance!!

S0 where has all this gotten us, in terms of synthesizers? Well, analog syn-
thesizers work in a very similar fashion to a record playerexceptﬂmmey
start at step two, not one. Instead of beginning fife as a physical motion, analog
synthesizer sounds actually begin as an electrical signal. This signal will still
kave to travel down some wires into and through an amplifier and into some
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speakershmﬂerﬁorustnhearit.Thediﬁerencethenisso]elythatﬂmsound
Oﬁginatesasanelectricalaigmlnfsomekind.

What Is Digital?

yuumiglirightﬁlﬂybemoyedthatrmpmsumgmuaskedﬂusquesﬁon
whereinfactlhavemwoefhmingifyoudidornat.Sony, but you'll just
havetoalluwmesompoeﬁclicense} When somebody uses the word “digi-
tal” a little Light bulb should S‘wiﬁchonmeryou:hudandmushouldimmdi-
ately think “computer” becayse thase wmﬂsarevimuﬂyssmmwmous.Adigi-
tal synthesizer, as mentioned earfier, i 8 computer that can ereate sounds by

have the ability to hear nurmbers, But we have saeq that by using various con-
Version processes we can hear voitages. Therefore, digital synthesizers need
to be able to convert the numbers theygenetateintowltages 8o that we can
perceive them as sounds, and this is accomplished by using a clever little
microchip called a digital-to-analog converter, or “DAC" for short. All digital
synthesizers contain a DAC; otherwise we couldn't hear the sounds they cre-
ate. How does this DAC convert numbers into voltages? Well, fet's presume,
for example, that our computer is generating the following numbers:

0)21416»396»4' 2£J'204l£r'&'&41'2

tooutputabmdmfwrylargenumbers very quickly, we would get a spike in
theWH:age.hnthermrds.theDACis“]oDﬁng”atthenumbersfedtoitand

AMPLIFIER
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What Is A Sound?

We can define a sound as amything that our brain perceives as a direct result of
air moving our eardrum.” Sounds obviously can come in an enarmous variety,
from the sweet tones of a violin to a jackhammer, from the hum of a motor to &
crack of lightning, from a swallow to 2 cough. We can categorize sounds as be-
ing musical or nonmusical, koud or soft, gentle or harsh. In all instances, how
ever, we can otly perceive sounds if air hag somehow been moved (oy the
originating object itself or by a loudspeaker emulating the movement of the
originating object). Furthermore, this movement of air must occur in a fairly
regular (“periodic”) back-and-forth manner, or in “waves”.

No matter bow many different sounds there can be {and the number is cer-
tainly infinite}, there are surprisingly only three ways of describing a sound
and for the purpose of this book we will refer to these as the THREE
PARAMETERS OF SOUND.

The Three Parameters of Sound:

1) Volume
2) Pitch (or lack of pitch)
3) Tonal quality

ALL sounds, regardless of their origin, can be described with these
parameters and these parameters only. Every sound has a particular Joud-
ness, or volume (the two terms are not technically synonymous, but for the
purposes of this book we will assume that they are). Every sound has a par-
ticular pitch, and every sound has a particular kind of tonal quality. What's
more, EVERY sound ALWAYS has all three of these qualities. There is no
sound that has a particular volume and pitch, but no particular tonal quality.
There is nc sound that has a particular tonal quality and pitch but no particular
volume. Furthermore, (and this is an extremely important point), as a rule, all
three of these parameters typically CHANGE over the duration of the sound.
Understanding these principles is really the key to understanding
audio synthesis of any type.

We have seen that the synthesizer by definition will normally aliow us a certain
degree of control over shaping the scund we create. That means that we need
to be able to control each of these three parameters if we are to be in the
driver's seat. All synthesizers worthy of the title, be they analog or digital, will
allow you these controls to some extent. The DX7 will allow us particularty
fine control, but the point is that everything we wil be doing from bere on in
will relate back to these same three parameters.

Jargon:

Every type of specialization has a jargon associated with it, and the area of au-
dio synthesis is certainly nc exception. Jargon sometimes serves merely as an
ego device, in order to keep “cutsiders” outside, but sometimes jargon exists
to makte definitions more precise. Synthesizer jargon is largely a mix of these
two, but the purpose of this book is to make all of you outsiders “insiders” and
so wherever possible we will identify jargon as such and give you “plain Eng-
lish” translaticns. Besides, once you know the jarpon, you'll not only be able to
impress your friends but you'll be able to make them feel like “outsiders” too!
(and the circle goes ‘round and ‘round...)

Synthesists refer to “volume” as amplitude; they refer to “pitch” as fre-
quency; and they refer to “tonal quality” as timbre. The first two are techni-
cal terms and the third is a musical term, but all three are universally used.
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The Oscilloscope:

For the purposes of this chapter nothing could be more useful than a device
called an “oscilloscope”. An oscilloscope is basically a television-type receiver
into which we can feed an audio signal; in short, it enables us to literally look
at a sound. Unfortunately oscilloscopes are rather too large and expensive to
be packaged inside this book and so we will have to make do with the following
diagrams and a good sense of imagination: (See Figure 1-2.)

The oscilloscope plots the sound fed into it on 2 graph superimposed on a TV
screen. It measures the amplitude, or volume, of the sound over time; basi-
cally we are looking at the way a sound changes wolume over time, and typi-
cally over very short periods of time (usually a second, a tenth of 2 second, or
even a hundreth of 2 second).

Amplitude:

The height of the wave is its AMPLITUDE. A car horn at a distance of two
inches (very loud!f) might look like this: (See Figure 1-3.)

whereas the same car horn (Le., same pitch and tonal quality) at a distance of
two hundred feet (much quieter) might look like this: (See Figure 1-4.)

Note that nothing about the wave, except it's height, changes.

The amplitude or volume of a sound is normally measured in “decibels”, or
“db" for short. A smgle decibel is roughly the smallest umit of volume change
that the human ear can detect, and sounds londer than about 180 degbels
generally cause physical pain and/or damage (keep that in mind next time you
are tempted to stick your head inside a PA bin at a rock concert!!)

It should be obvious that all sounds al ways change ampitude during their
duration; after all, no one has yet invented a perpetual sound that lasts forever.
Furthermore, every sound always eventually changes to an amnplitude of 0
db (in plain. English, every sound eventually ends!).

Frequency:

The substitution of the word “frequency” for “pitch” is actually a very logical
one, as the pitch of the sound is represented on the oscilloscope by how fre-
quently the wave reoccurs, In other words, the more waves we have within a
given time period, the higher the pitch, or frequency, of the sound. Each time
a musical sound goes up an octave, its frequency doubles; that is, we have
twice as many waves occurring in the same time period, The sound of a pianc
playing Middle C might look on an oscilloscope like this: {See Figure 1-5.)

whemasthesamepianopimngCabmeh«ﬁddleCnﬁghtlookﬁkethis:{See
Figure 1-6.)

Of course in these particular examples we are presuming that the piano plays
these notes at the same volume both times. Each time a musical sound goes
down an octave, it's frequency is halved, so the same piano now playing C be-
low Middle C would look like this: (See Figure 17)

Notice that regardless of the height or shape of the wave, we always observe
“hills” and “valleys”, that is, an up portion followed by a down portion which is
the direct inverse of the up portion. If you take the up portion, or “ill”, and
fiip it upside down, it will lock just like the “valley”. This makes perfect sense
in light of the fact, as we stated eartier, that sound always travels in repeating
waves. We call ane "hill” plus one “valley” a cycle, since they are always in-
separable. If we then measure how many cycles occur in every second of the
sound's duration, we can then make ar accurate accounting as to the sound’s
FREQUENCY. (See Figure 1-8.)

SOUND
SOURCE| AUDIO

SIGNAL

OSCILLOSCOPE

Figure 1.2

Figure1-3

Figure1-4

Figure 1.5



18 / The Complete DX?

+

0
Figure 1-6

+

1]
Figure 1-7

+ & 1 CYCLE

HII.

0

) VALLEY
Figurel.8

The unit of measurement used to describe frequency is the “Hertz”, or Hz
for short. A sound that generates, for example, exactly one cycle of waves per
second i3 said to have a frequency of one Hertz. Therefore, if we speak, of a
sound having 2 frequeficy of, say, 100 Hz, what we are saying in plain English
is that this sound generates one hundred complete wave cycles per second. A
shorthand term for describing 1000 Hertz is the *“KiloHertz", or kHz for
shont.

Human beings have 2 particularly wide range of perceiving different frequen-
cies, We can typically hear sounds having frequencies as low as 20 Hz, and 28
high as 20,000 Hz (20 kHz). That is not to say that sounds don’t exist above
and below these frequencies - they do, but most humans cannat hear then,
Soamnds within the range of human hearing are said to be in the andible range,
and this is generally taken to be in the 20 to 20,000 Hz area, Sounds below the
audible range are called subsonic and these are frequencies which we can
sometimes feel, but generally not hear. When you listen to most kincs of mu-
sic at high volumes {such as at a live rock concert) you will often experience
the phenomenon of feeling your chest pounding. This is caused by subsonic
range vibrations which actually are making your body vibrate. Sounds also ex-
ist above the audible range, and these are termed supersonic. Many animals
are able to hear subsonic and/or supersonic frequencies. This is the way dog
whistles work, for example. When vou blow into the dog whistle you hear
nothing but your dog certainly does. [Maybe it even sounds like Brococe to
them! Sorry about that...)

In any event, most synthesizers will allow you to work with not only gudible
frequencies but with subsomic and supersonic ones as well, The need for this
may not seem obvious now but will become more clear as we delve further
into the operation of our DX7, Bear in mind, again, that the frequency of most

sounds generally changes somewhat (often. only slightly) during the duration
of the sound.

Timbre:

This is the tricky one of the three to understand. Amplitude and frequency, af-
ter all, are pretty straightforward: it's very easy to conceptualize these terms
from everyday experiences. But when it comes to tonal quality, or tirbre,
well, it all seems so subjective. ..

Fortunately, everything in audio theory is logical and highly mathematical (this
is, after all, why computers are so good at synthesizing sounds). We have seen
that both amplitude and frequency can easily be measured in real numbers
and, believe it or not, $0 too can timbres.

Let's explore this with a simple example. Suppose you wall into a rocm and
you have somebody play, say, ‘A" above Middle C on a piano that just happens
to be sitting in a corner. This particular piano has just been tuned so you can
be certain that the note you are hearing has a frequency of 440 Hz (‘A440” is
used as a reference tuning for most instruments and it simply means that the
A above Middle C is tuned until it sends out a basic frequency of 449 cycles
per second),

Okay, now you're hearing this note and suddenly (like a Hitchcock moviel) the
lights go out. Before you can do anything about it, somebody else walks in,
this time with a flute, and begins playing the same note. Right on the heels of
the flutist is someone else with a guitar, and then another musician with a sax-
aphone, and one after another they all begin playing the same note, A440,
Let's take this improbable scenario one step further and add that all four of
these musicians are so adept at their particular instruments that each one is
playing their A440 at exactly the same volume.

S0 here you are in this darkened room listening to first a piano, then a flute,
then a guitar, and then a saxophone, all playing exactly the sarpe note (same
frequency) at exactly the same volume {same amplitude). Even if our musi-
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cians try to get tricky and begin playing their A440's ot of order, it's pretty
obvious that neither you nor anyone else is going to be fooled. It's £asy to tell
the differenice between a pianc and a flute and a guitar and a saxophone, even
with the hights out. Why is this? Because every instrument has a characteristic
TIMBRE,

How do we define the characteristic tinbre of a sound? There are DO URits of
measurement as there were with amplitude and frequency but instead we will
see that timbre is in fact frequency-related. When the bizarre example we just
Bave was presented, we told you a little white ke, and that LWL {technical jar-
gon for Little White Lie) was that each instrument was playing a frequency of
440 Hz. In fact no acoustic instrument can create a sound that consists of only
one frequency. ‘To explain this more clearly, let’s examine further just what
happened when our pianist plaped his A above Middle C: the string in question
began vibrating as soon as it was hit with the piano hammer. These string
vibrations, first time around, looked like this: (See Figure 1-9,)

As you can see, the string begins moving back and forth, 440 times per sec-
ond. 3o far, $0 good. But what happens when the string vibrations reach the
back of the sounding board? Well, now the string begins rebounding back to-
wards the front of the board, again 440 times per second. But don't forget that
the original movements continue throughout, and so the patterms crisscross,
causing a simultaneous vibration of twice the frequency, or 880 times per sec-
ond. (See Figure 1-10,)

This process repeats itself when the string once again reaches the front
hoard, now causing a third vibration of 1320 times per second, and yet again at
the other end, causing 4 fourth vibration of 1760 times per second, and on and
on until eventually the string rans out of energy and stops vibrating altogether
{in other words, when the amplitude drops to 0). These secondary vibrations
are called the OVERTONES of the sound, and it is the type and quantity of
these overtones that determines a sound’s TIMBRE.

The initial frequency we started our string vibrating at (440 Hz in this exam-
ple) is called the FUNDAMENTAL frequency. Overtones such as those
described above whose frequencies are simply whole number multtples of the
fundamental are called harmonic overtanes, or HARMONICS for short.
Thus, the second harmonic of any sound will always be the octave of that
sound (remember, every time you go up an octave you double the frequency).
Sotoovﬁﬂtheﬁ:urthhammnjcbedouhlethatofmesemnd. and the ejghth
double that of the fourth. In other words, the second, fourth, eighth, six-
teenth, and thirty-second harmorics (we rarely hear beyond this point, for
reasons which will soon become apparent) are all OCTAVES of the fundamen-
tal frequency.

But what about the other harmonics? Well, as luck would have i, the entire
western musical system is based upon these overtones, which all are bleasing
musical imtervals of the fundamental. For example, the third harmonic is a2 mu.
sical fifth higher than the second, and the fourth harmonic is a musical fourth
higher than the third. These relationships are important to be aware of when
working with an FM system such as that provided by the DX7.

When we beard that first M40 coming from the piano in the darkened room,
what we were in fact hearing was a composite of many different frequencies
blended together in a particular way, as follows:

Harmonic Relationship Frequency(Hz)
First Fundamental 440

Second Octave (8va) 880

Third Fifth (8va) 1320

Fourth Octave {16va) 1760

Fifth Third(16va) 2200

BACK OF THE
SOUNDING
BOARD,

FIANO
HAMMER

STRING IS VIBRATING 440 TIMES
< PER SECOND

FRONT REAR

Figure 1.9

BACK OF THE

FIANO SOUNDING
HAMMER

STRING IS VIBRATING 880
PER SECOND

o ——
FRONT
Figure 116
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etc., ete. In fact, we were hearing these additional overtones right up until the
point where we couldn't hear any more! If you keep multiplying 440 on and cn
eventually you'll hit the number 20,000 and, remember, urnless your name is
Fido, you probably can't hear anything above that frequency anyway. Unless
your fundamental is an extremely low note it's rare that you will be able to
hear anything higher than the thirtieth or perhaps thirty-second harmonic.

The imporiant point to remember is that arnytitme you bear any natural sound
at all (and most electronic sounds), you are never hearing just a single fre-
quency, but instead a composite sound composed of many frequencies
blended together in a particular way. It is the type of blend which tells your
brain what kind of Zmébse you are hearing,

I'm afraid we now have to complicate matters a bit further again as we inform
you that in all ikelihood when we heard our phantom pianist play the A440 we
also probably heard a certain amount of, let’s see, 3215.7 Hz as well. Also
probably a certain amount of 602 Hz, and, um, 14,9875 Hz teo. These num-
bers abviously have no mathematical relationship at all to our fundamental of
440 but nonetheless they were probably there due to the physical abnormali-
ties of the instruments. These oddball overtones are called DISHARMONICS
(or ENHARMONICS) and are always present to some degree in all acousti-
cally (and often electronically) generated scunds.

It is the relative amounts of harmenics versus disharmonics that determines
whether we consider a sound to be MUSICAL or NONMUSICAL, Musical
sounds, such as our piano, flute, guitar, or saxophone would produce would
certainly have much higher proportions of harmonics than disharmorics, hut
those sounds produced by jackhammers, coughing, wind, or motors humming
will generally contain proportionally more disharmonics. The speaking voice
has more disharmonics than the singing voice. A classical guitar will contain
more harmonics than an electric guitar through a fuzz pedal. Generally, any
saund which has a determinable pitch is considered musical and will usually
have a basically harmenic avertone content, whereas sounds with no discerna-
ble pitch (most percussive scunds, for example) will have a greater dishar-
monic content.

To finally get to the point, the reason we were able to tell the difference be-
tween our four phantom instruments {even in the dark) was because each in-
strument had a particular OVERTONE CONTENT; that is, each one had a
cartain amount of each particular harmonic and also certain amounts of partic-
ular disharmonics. These relative amounts not only allow us to tell the differ-
ence hetween different instruments but also between different types of the
same instrument and even two supposedly “identical” instrutnents. When
listening to pianos, the overtone content will allow us, for example, to distin-
guish between a 9" Steinway and a 6’ Steinway; or between a Steinway grand
and a Steinway upright; or between a Steinway upright and a Baldwin upright;
or aven between two Baldwin uprights manufactured the same day, standing
side by side!

If all of this weren't mind-boggling enough, let's again remind you that timbre,
as with the other two parameters of sound, ALWAYS changes, and usually
quite drastically, aver the duration of the sound. A very common experiment
in college-level electronic music courses is to have students record the sound
of a single piano note on tape and then splice out just the very beginning {or
“sttack™ of the sound. When you listen back, your piano sounds nothing at all
like a piano; in fact, it sounds much closer to an ongan. The acoustic piano is
one instrurnent which has undergone severe scrutiny by acoustic scientists
and has been proven to generate one of the most complex sounds in exis-
tence. During the few seconds that we hear a single piano note, researchers
have discovered that literally thousands of timbral changes cccur. Take this
along with the amplitude and frequency changes which are simultaneously oc-
curring and you will realize why - advertising claims notwithstanding - no
manufacturer has yet produced a synthesizer that comes even close to
recreating the sound of a real acoustic piano. No computer exists yet which
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can make all of these calculations gquickly enough to actually reproduce this
very complicated series of events.

We have seen that when we observe a sound on an oscilloscope, the height of
the wave tells us of its amplitude, and the nuraber of waves OCCUrTINg per sec-
ond tells us of its frequency. How can we tell anything about its timbre? The
timbre of 2 sound will be reflected in the SHAPE of the wave on the oscille-
scope. Sounds which are smooth and gentle will have smooth and gentle
shapes, such as this; {See Figure 1-11.)

On the other hand, sounds which are harsh and raspy will have jittery and
fairly ‘rregular shapes, such as this: (See Figure 1-12.)

The oscilloscope cannot provide us with as accurate a means of defining the
timbral parameter as it it does amplitude and frequency, but, as we see, it
does help give us a clue as to the tonal quality of the sound we are observing;
and, perhaps more importantly, in the way this tonal quality changes over the
duration of the sound.

Tt cannot be stressed enough that a clear understanding of these three
parameters, what they mean, what they are, and what they contribute to a
sound, is vital in the understanding of how any synthesizer works., REFER
TG THIS CHAPTER often as you work your way through the rest of this book
because it is all toc easy to get wrapped up in the technicalities of synthesis
and to lose sight of the fact that at all times you are manipulating one of these
three parameters!

AND NOW, BACK TO SYNTHESIZERS:

We began this chapter with a brief discussion of analog synthesizers and their
system of creating sounds, Analog synthesis is often referred to as SUR-
TRACTIVE SYNTHESIS because the electronic components respansibie for
generating the original signal (the oscillztors) present complex timbres at the
outset. These complex timbres then pass through filtering devices that are
used to remove undesired overtones. Hence the term “subtractive” since we
always create scunds in analog synthesizers by REMOVING overtones.

Digital synthesizers, on the other hand, can sometimes be capable of doing
exactly the opposite, in which case they use the method of ADDITIVE SYN-
THESIS, The additive digital synthesizer (such as the Synclavier or Fairlight)
will allow us to specify a fundamental frequency and then direct it to add over-
tones of particular harmonics (and sometimes disharmonics) in particular
quantities. This methed allows us to literally build sounds from scratch. The
DX7 is capable of some limited additive synthesis but this is not the main
method used b it.

An additive synthesis system will typically also allow the user the option of
SAMPLING sounds. “Sampling” means that we can Lterally feed into our
computer any real sound, be it live on microphone or from tape or record, and
the computer will do a high-speed analysis of the sound fed it, in terms of its
amplitude, frequency, and timbre (and how these parameters change gver
time). Once this analysis is cotplete (a process that only takes a second or
two) it is generally a simple matter for the computer to recreate the sound us-
ng 1ts additive synthesis skills, and play it back for you at whatever pitch you
desire. Instructions as to which pitch you wish to hear are usually relayed sim-
ply by playing the appropriate note on the keyboard. The original sound, of
course, has to be fed into the computer as an electrical signal, and the internal
device that converts this electrical signal into usable digital code {(binary num-
bers} is the opposite of our old friend, the DAC: this is an Analog-To-Digital
converter, or ADC for short, Essentially (and greatly simplified), if vou plug an
ADC imo a DAC, you brave the makings for a sampling system: (See Figure
1-13.)

i

TIME
Figure 1-11
y }

TIME
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.
Frgure 1-12
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Although.as stated earlier, the DX7 does have some limited additive capabib-
ties, it does not have an ADC capable of receiving audic input onboard and so
you cannot sample sounds on a DX7, nor, as of this writing, on any of the
Yamaha DX or TX devices. The main method of synthesis that our DX7 em-
plovs 38 something called Digital FM (short for Frequency Modulation). In-
stead of merely adding waves of different frequency and amplitude together, as
additive synthesizers do, this system “collides” waves together. This means
that we will not hear both of the colliding waves mdmdually, but instead we
hear the composite result of this collizion. Of course, since we are talking
about a digital, and not analog, system, there are no actual waves colliding at
all. Instead, the microprocessor aboard the DX7 has been trained to quickly
compute *“What-would-happen-if” calculations. We abstractly give the com-
puter input as to what kinds of waves we wish to theoretically collide, and the

DX7 provides for us what would have been the result if these waves had actu-
dlly existed.

This computer program was developed in the late 60's/early 70's by a team of
coruputter scientists headed by Dr. John Chowning at Stanford University's
Digital Music Lab. Back in the prehistoric (by synthesizer standands) days of
the mid-7s the Yamaha Corporation quietly purchased the patent outright and
spent nearly a decade developing and refining the system into the modern
DX7 Although frequency modulation as a means of modifying sound has

been a stapie of analog synthesizers for many years, what sets our DX7 apart
from all of its anoestnrszsmatltmcurpo:'atesFM digitally and as its primary
basis for generating sounds. The DX7 system is proprietary and for any
other mamifacturer to use it (such as Synclavier) a royalty to Yamaha rmust be
paid. For this reason, learning the DX7 system will be of little or no wse to you
when you encounter any ather type of synthesizer. It's an amazing machine -
and it tives in a world of its own!

Which Is Better - Analog or Digital?:

I'll bet a lot of you synthesizer owners out there skipped ahead to this section
once you looked at the table of contents! I'm sorry to disappoint you but there
unfortunately is no answer to this question. “Better” is too subjective a term,
and what I might consider “better”, vou might consider “expletive deleted".
The only statement that can fairty be made is that the two systems are qualita-
tively different.

Analog systems work with electrical signals which are notoriously unreliable
and distorted. We don't notice changes in electrical signals in our daily lives
because they are generally minute, but these small imperfections translate
directly to true distortions when dealing with sound. Of course, you shouldn't
think of the word “distortion” in a necessarily negative way because all acous-
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tic instruments and sound sources always produce sound which is distorted
sumehow, There is no such thing in the real world as a perfect sound. Every
Stradivarius has a flaw, and s0 too does every Stratocaster (even the vintage

ones!)., It is precisely these small and unpredictable distortions which lend 2

very “human”, or “warm" sound to most good analog synthesizers.

On the other hand, digital machines don't suffer from the same kind of distor-
tions. Because we are making sounds out of numbers, it doesn't matter what
the temperature is, for example: the number 3 i8 still the number 3, It is not
trie to say that digital synthesizers canrot distort - they do - sometimes on
purpose, sometimes not - but in general they will deliver much purer, cieaner
sounds than analog. Some critics of digital sound use the term “sterile”; some
critics of analog sound accuse it of being “rmuddy”. The dehate rages on...

Digital machines are newer and so have greater noveity value at the moment.
The word “digital” itself is a buzzword. Analog synthesizers have been around
since the 1920’s, and their modern voltage-controlled versions since the
1950's. Al too often the public confuses newer with better (talk to anyone who
went out and purchased an 8-tmack cartridge player ten years ago}. Digital is
cbviously here to stay, and the Yamaha digital FM systems are probably the
most pewerful and exciting synthesizers commercially avallable at the mog-
ment, but I for one do not believe that analog is ever going to be completely
replaced. Fortunately, digital and analog synthesizers tend to complement cne
another - what one does well, the ather doesn't, and vice-versa. For axample,
dor't hold out too much hope for your DX7? to produce big, lush string ensem-
ble sounds - even though You can get those easily from even the smallest ana-
iog systems, But on the other hand, don't expect to be able to get much of a
Fender Rhodes sound from even the largest of analog systems - though your
DX7 or DX9 can do that without even blinking.

In general, analog systems are very good at generating lush, warm, powerful
sounds; whereas digital systems excel at clean, pure, erystalline sounds. They
can emulate each other to a certain degree but each excels at something
difierent. The best sofution? Buy one of each|

You think I'm kidding, don't you? Before 1982, I would have been. Today, I'm
not, thanks to the advent of MIDI. MIDI is a topic that will be covered in detaii
at the end of this book but for now we can just explain that MIDI is a language
that allows different synthesizers - even radically different ones made by differ-
ent manufacturers, to work fogether with each other and with most standard
computers.

It’s fairly obvious that digital synthesizers can commupicate with COmMpLters
(since they are, in fact, computers themselves), but how can analog systems
“talk” to computers? The answer comes from DAC’s cousin, APC. The rela-
tively low cost of this compenent has encouraged virtually all analog syn-
thesizer manufacturers in recent years to include anboard computers in all
their machines, These computers have nothing at all to do with the generation
of sound (if they did, the systems wouldn't be analog any more} but they act
mstead as silent watchdogs, keeping track of where all the voltages are traval-
ing, and how. Once a sound is set 1up on the analog machine, the ADC can
comvert all the various routings into a digital code which can then be stored in
the memory of another digital device called g “programmer”, This program-
mer can then recall and re-set-up any sound in it's memory by simply routing
all the analog voltages in the way that it remembered them as having been.
The first so-called “programmable” analog synthesizer appeared in the Jate
s (that's how new the technology is) and today al analog machines now are
of this variety. Remember - even though these socalled “hybrid” syn-
thesizers have computers on board, they are NOT digital synthesizers.

In any event, because today ALL synthesizers of every variety, digital and ana-
bog, have computers onboard, they all have the capability to communicate with
one another and with central computer terminals. The standard for commumi-
cations is MIDI, The applications are enormous. If you are sericusly involved
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in synthesizers you will Probably want to own both digital and anaiog systems,
and then simpiy hook them together with a MIDI cable.

For now, though, jet's Just concentrate on the DX7 and learn how we can uge
this amazing machine to its fullest capablilities.



CHAPTER TWO:
THE FRONT PANEL AND
MODES OF OPERATION

Let’s begin our discussion of the DX7 with an examination of the physical lay-
out of the instrument. All of the operations of pragramming the machine are

performed on the two sliders and forty-two membrane switches on the front
panel, which is laid out as follows: (See Figure 2-1.)

YAMAHA >~

Figure2-1

Going from left to right, here's what we see: First of all, the volume control
slider - it's operation is fairly straightforward, but bear in mind that the DX7
outputs a pretty low level signal and so for best signal-to-noise ratio (that is,
maximum DX7 sound and minimum noise), it is advisable to usually keep it at
or near the top of its range (just be careful that your amp is initially set at a
fairly low volume before you do this!).

Immediately to the right of the volume slider is a set of three controls; a slider
and two switches, which are together labeled Data Entry. We will use these to
send commands and numbers (“data”) to the DX7 - in other words, this is the
area where we will be able to “speak” to the computer. A more detailed dis-
cussion of the Data Entry section will follow later.

Next, we see a series of eight membrane switches, arranged in two rows of
four each. The middle two switches in each row are green and the others are
of various colors. These switches are actually color-coded and the reasons for
the specific colors chosen will soon be apparent. The bottom four switches
are referred to as mode select switches by Yamaha. These are used to deter-
mine the operation of the set of thirty-two membrane controls on the right
side of the machine, and their operation will be covered in detail shortly.

The next thing we encounter is an LED/LCD display. LED stands for “Light
Emitting Diode” and is the small electronic component giving us the red, one-
or-two digit number on the left side of the display. The meaning of various
LED numbers will be explained shortly. To the right of the LED is an LCD, or
Liquid Crystal Display, similar to that seen on many digital watches, The DX7
LCD can display up to two lines of 16 “characters” - letters or numbers - each.
Taken together, the LED/LCD display is the area where the computer
“speaks” to us. In this area, our DX7 will be able to show us information about
the sound we are currently using, and also to occasionally ask us questions or
inform us of operations the machine is performing,
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Figure2-3

Finally, on the far right-hand side of the instrument are a series of thirty-two
membrane switches. These controls perform a multitude of functions, de-
pending on the most recent mode select switch (remember them?) pressed.
Basically, the DX7 needed a whole lot more than just thirty-two main controls;
it actually requires more than 168! The engineers at Yamaha no doubt felt that
presenting the public with a machine with over 168 switches would not exactly
help sales, and besides, providing all those switches would have been prohibi-
tively expensive. Instead, using common digital design concepts, they gave us
thirty-two switches, but made each of these switches a multi-function switch.
In plain English, a multi-function device is simply one which can perform
several different functions, depending on what “mode” the machine is in. The
“mode” is simply a particular way that our computer can operate. This is de-
termined by a special group of devices called - you guessed it - “mode select”
switches,

Let's look at the thirty-two multi-function switches a little more closely: (See
Figure 2-2.)

Figure2-2

You'll notice that each membrane switch has something written over it in
blue; something written under it in brown; a number written on it in white;
and a small character (letter or number) lurking inside it in black!

The key to using these switches is to be certain at all times whether they are
active for their blue functions, their brown functions, their white functions, or
their black characters. Each switch can only be active for one of these things
at any one time. Again, the controls which determine this are the mode select
controls, the bottom row of the eight switches on the left-hand side of the
front panel.

We mentioned earlier that the mode select switches are color-coded, and it
should now start to become obvious how this works. The bottom left-hand
switch, labeled “EDIT", is blue. Pressing this activates the thirty-two main
switches for their “blue” functions, the “EDIT PARAMETERS". The bottom
right-hand mode select switch, labeled “FUNCTION", is brown. Pressing
this activates our thirty-two main switches for their “brown” functions, the
“FUNCTION CONTROLS". Finally, beneath each of the two middle mode
select switches (which are labeled “memory select” and are colored ordinary
green) is a white bar, labeled “PLAY", Pressing either of these two activates
the thirty-two main switches for their white numbers, and puts the machine in
“PLAY” mode. The black characters inside the main switches are only used
for naming sounds, and we will describe their use later in the book.

To summarize: the DX7 has three main modes of operation: EDIT, FUNC-
TION, and PLAY. Each time we enter a different mode, the thirty-two main
switches become activated for a different function; their blue, brown, or white
ones. For the purposes of this book, we will refer to these thirty-two switches
according to their specific mode of operation: for example, “edit switch #31"
means main switch number thirty-one, activated in EDIT mode (for this par-
ticular example, “Key Transpose”). (See Figure 2-3.)
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Play Mode:

The simplest mode of operation is the one all DX7 owners become immedi-
ately famibar with: PLAY mode. This mode of operation allows us to access
and hear the sounds contained, in the form of digital data, inside the memory
of our machine or its memory cartridges (more about these later).

“Memory” is a term that requires some definition. Computers are able to
“memorize” information by storing large amounts of binary numbers (zeroes
and ones) representing this information in coded form within a series of elec-
trical switches. Essentially, switches are quickly being turned on and off:
wherever a switch is left on, the computer recognizes a “one” and wherever a
switch is left off, the computer recognizes a “zero”. Because a computer
memory circuit typically contains many thousands, if not millions, of these
switches, large amounts of encoded information can thus be stored. This infor-
mation may be in the form of instructions to tell the computer what to do at all
times (program instructions) or it may simply be “voice data”, that is, numbers
which will eventually be translated by the DAC into a particular sound,
Microprocessors (logic circuits) inside the actual computer are able to utilize
this data in memory to perform computing operations. The memory circuits
inside the computer may be capable of keeping their switch positions intact if
somehow electrical power can be supplied to them even though the computer
itself is turned off. This protective auxiliary power is normally supplied by
small batteries, called “back-up batteries” which usually have a long life - five
years or more. Alternatively, the data stored in these switches can be stored
“off-line” - outside the computer, in devices like tape, floppy disks, or special
data cartridges. The computer can mechanically retrieve this data (“read” it)
by many different means.

Our DX7, we know, is itself a full-fledged, card-carrying computer and it uti-
lizes both internal and off-line data storage. These storage units are commonly
lumped under the umbrella heading of memory. The DX7 thus has both infer-
nal and external memory. The internal memory is a large memory circuit in-
side the machine protected by a back-up battery, so it can “remember” data
even though the DX7 itself may be off. The external memory can be in several
different formats, but the most commonly used is that of data cartridges. The
two mode-select switches which put the DX7 in PLAY mode allow us to
specify whether we wish to access data stored in the internal memory or in
cartridge memory. (See Figure 2-4.)

Figure2-4

A good way to think of memory is to picture a hotel lobby. Behind the hotel
desk we see a series of pigeon-holes, used to store messages and keys for
guests. A “memory slot” is equivalent to one of these pigeon-holes, with one
main difference. In our hotel lobby, any number of messages, or data, can be
stored in each slot; but in our computer, only one “message”, or piece of
data, can be stored in a slot at any one time. If you tell the computer to put
data into a particular slot, it will be happy to accomodate you (provided you fol-
lowed the correct storage procedure) but it will also remove and throw away
whatever “message” was previously in that slot. This means that you will have
to be extremely careful when storing data in various memory slots because
the computer will ALWAYS have to destroy whatever was previously in that
slot - and it will do it automatically.
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Figure2-6

The internal memory of the DX7 has thirty-two slots, or pigeon-holes, in
which to store data (actually, there are thirty-three, but we'll get to that thirty-
third one later). We can access this information and hear the sounds the data
will create (“read” the data), or we can replace it with new sound data,
(“write” data) in the internal memory.

The cartridge memory which the DX7 uses comes in two different formats:
RAM (for Random Access Memory) cartridges, and ROM (for Read Only
Memory) cartridges. RAM cartridges work much like the internal memory -
you can read the data stored in them and you can write new data to them.
ROM cartridges are different, however, in that you can only read data stored
in them. You cannot write data on a ROM cartridge.

In order to get data from a cartridge, we will need to insert it gently into the
provided slot on the right side of the instrument. Always have the front label,
the one that says “DX7 Voice ROM” or “DX7 Data RAM", facing you so you
can read it without doing a headstand. This will insure that the cartridge is in
the right way around. In NO event should you ever force a cartridge into the
slot: if it doesn't go in easily, you're doing something wrong. (See Figure
2-5.)

When you purchase your DX7 you will normally receive two different ROM
cartridges, numbered “one” and “two” if you've bought a Japanese machine,
and “three” and “four” if you own an American machine. (It’s easy to tell
which you have: look in the back, near where the power cord is. If you see the
words “100 volts”, you've got a Japanese machine. If it says “120 volts” it's an
American machine.) Each of these ROM cartridges contains 64 different
sounds, organized in two sides of 32 each, the “A” side and “B” side. You
choose which side you wish to access by flipping the small switch on the rear
of the ROM cartridge: (See Figure 2-6.)

The “A/B” switch can be flipped at any time, whether the cartridge is seated
in the machine or not.

The ROM cartridges contain sounds which are called presets, because they
have been pre-programmed by someone employed by Yamaha. While many of
these sounds are quite good and quite useful, we should not lose sight of the
fact that these sounds did not come down from the heavens but were actually
created by mere human beings. The fact that, for reasons described earlier,
the DX7 is not the simplest of synthesizers to program, explains why an undue
reliance has been placed on these 128 sounds by DX7 owners everywhere.
We can easily, however, modify these presets to taste, or even create brand
new “presets” from scratch with the multitude of controls provided on this in-
strument, and that, after all, is the reason for this book in the first place. If all
that were involved in using a DX7 were calling up presets, people like myself
would have to find a new line of work!

In any event, entering PLAY mode on our machine is a very simple operation:
press either of the two green “memory select” mode select switches (the ones
with the white “play” bar underneath) to activate our thirty-two main switches
for their white numbers. These switches will now allow us to select and hear
any of the thirty-two sounds stored in the internal memory, any of the thirty-
two sounds stored in the RAM cartridge, or any of the thirty-two sounds
stored on either side of the ROM cartridges.

Whenever we are using one of the three main modes of operation on our DX7,
the top line of our LCD display tells us precisely which mode we are in. In
play mode, the top line will always read either “INTERNAL VOICE” or
“CARTRIDGE VOICE” depending on whether we are accessing the internal
or external memory. In addition, the LED display will always output the »num-
ber of the memory slot we are currently listening to. In these ways the com-
puter is “communicating” with us and letting us know that it is correctly
responding to the commands we have issued.
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Inurdertoactuaﬂyhearthesmmdcreaﬁedbythedatayaumad. you will need
to not enly select the mode but also to select the number with one of the
ﬂﬁny—tmmajnmm}ms.ﬁwuchm:gemdesﬁnmmmmwmmmidge
play.arvice-vezsa.yuuwﬂlneedtopressanumberswitchofsonwldndhor-
der to be able to hear the sound. Until you hit this second switch, the previous
sound stays in the DX7, Try ith

EXERCISE 1
Playing back an internal sound: {S¢ee Figure 27)

MEMORY SELECT

INTERNAL CARTRIDGE

Lp213|415]6[7]8 2110{11]12{13[14]15[16

1819120921 22123124125 26 27] 28]29] 3031132

INTERNAL VOICE |—— ! KEYBOARD
17| NT 17

Figure2-7

L) Press the internal memory Play mode select switch,

2} Press any one of the thirty-two main switches,

3) OBSERVE: LED displays the number of the sound you have
selected,

4) OBSERVE; Top line of L.CD reads INTERNAL VOICE. Bottom
line of LCD reads INT, followed by the number of the voice, fol-
lowed by the name of the voice,

5) LISTEN: The sound you selected is there!

6} TRY: Selecting each of the thirty-two sounds stored in your DX7's
nternal memory.

EXERCISE 2
Playing back a cartridge sound: (See Figure 2-8))

MEMORY SELECT
INTERNAL CARTRIDGE

PLAY 12345678910111213141516

18 1912021122 23[24[25] 26]27]28]29] 30] 31 32

CART VOQICE KEYBOARD
17| cart 17

Figure 2.8
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1) Insert a cartridge (ROM or RAM) into your DX7 cartridge slot.
Press the cartridge memory play mode select switch.

2} Press any one of the thirty-two main switches,

3} OBSERVE: LED displays the number of the sound you have
selected.

4) OBSERYE: Top line of LCD reads CARTRIDGEVOICE. Bottom
line of LCD reads CRT, followed by the number of the voice, fol-
lowed by the name of the voice.

5) LISTEN: The sound vou selected is there!

6) NOTE: If you were previously playing internal voices and then
went to this exercise, you had to follow hath steps 1 and 2 above in
onder to actually see and hear the cartridge voice.

7) TRY: Selecting each of the thitty-two sounds stored on your RAM
cartridge (if you're working with a brand new RAM cartridge there
won't be anything there yet. Don't worry, there will be soon enough!).
If you haven't already done so, TRY selecting each of the 128 presets
stored on your two ROM cartridges (doo’t forpet the A/B switches on
the back of the cartridges!).

The Edit Buffer:

A couple of pages back, you may remerber a somewhat teasing mention of a
“thirty-third" mternal memory skot. Where is this elusive bit of memory and
how can we access it with only 32 switches? you may well now be asking.
Here's a simple experiment to answer both questions at once:

EXERCISE 3
Discovering the edit buffer:

1} Put a ROM cartridge in your DX7.

2) Select cartridge play mode using the proper mode select switch,
B Select a wice from the cartridge at mndom. Any one will do.

4) Play the keyboard. The soumg you selected should be there.

5) Now remove the cartridge.

6} Play the keyboard agam. LISTEN, Amazmgly, the same soundis
still in the machine even though you removed the cartridge!

What's goitig on here? We were able to hear the sound you selected because
our DX7 read the data from the ROM cartridge. When the ROM cartridge
was phyzically removed from the machine, however, somehow the DX7 was
still able to access its data. Or was it?

The answer to this mystery is the presence of a wonderxful little piece of DX7
memory called the edit buffer. This is our “thirty-third” internal memory slot
and the way it works is this: Whenever you go into play mode and select a
sound from any memory source, internal or external, the DX7 will not actu-
ally give you the sound. Instead, what our clever little computer does is - at
very high speed - make a copy of the sound we've picked and puts that copy in
the edst buffer.

You can think of the edit buffer as being a kind of scratch pad, a place where
you can mess around with the sound to your heart's contert, secure in the
knowledge that at no time are you actually doing anything to the sound itself,
The original i3 stll residing securely in whatever memory slot it was stored in.
The only thing you are altering is a copy of that sound.

ANYTIME YOU DO ANYTHING AT ALL ON THE DX7, YOU ARE Al-
WAYS WORKING IN THE EDIT BUFFER. Always. That means that you

are never ever working with the sound you select, only a copy. This allows
you to alter and medify sounds in your DX7 to any degree without ever alter-
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it, even if the DX7 has been turmed off in the interim. That's because the
back-up battery in the instrument which is protecting its memory slots is also
protecting the current function control settings. This could be a good thing,
but most of the time it's just a pain in the proverbial expletive deleted.

Let’s see how this works. Chapter 13 contains a detailed explanation of all the
function controls but for now let’s just work with one, the Master Tune Adjust
control.

The function control parameters, as you 1o doubt remember, are colored
brown and are lecated underneath each of the thirty-two main switches, Un-
derneath switch #1 we see the words “MASTER TUNE ADJ", written in
brown. Eureka! In order to activate this switch for its tuning capabilities, we
will, of course, first have to press the FUNCTION mode select switch, Once
this is accomplished, we can change the overall tuning of the machine by sim-
Ply entering data into the computer, in this case by moving the daig entry
shder:

EXERCISE 4:
Adjusting the master tuning: (See Figure 2-9,)

FUNCTION
SPACE Ti JOBE | EG COPY
2314|535
MASTER POLY/MONO ‘\
FUNCTION CONTROL
TUNE ADJ MASTER TUNE ADJ
\ DATA ENTRY
A oFr on
Figure2-9

1) If you're not too happy with the sound currently in your machine,
CALL UP a new one by entering play mode and selecting a voice ei-
ther from your machine’s internal memory or from a cartridge.

2) Enter function mode by pressing the function mode select switch,
3) Press switch #1.

4) OBSERVE: LED does not change. The red number currently dis-
played is the number of the sound you are fistening to, regardless of
whether it carne from the internal or the cartridge memory,

5 OBSERVE: Top line of LCD reads FUNCTION CONTROL (this
is the main mode you are in), Bottom Lne of LCD reads MASTER
TUNE AD] (the function parameter yon have selected).

6) MOVE the data entry skider. As you are doing so, play a note on
the keyboard and LISTEN to the pitch change. Now play a chord,
NOTE that all the notes change precisely the sarne way. The RANGE
of the data entry slider is about plus or minus a semitone (that is, a
hal-step). NOTE that the data entry swifches (the "“ves™no” buttons)
have no effect at all on the tuning.

7y CALL UP a different sound by reentaring play mode and selecting
anew number from the main switches. Play the keyboard and NOTE
that this new sourd is tuned to the same reference as the previous
one. This is because all function controls are global commands.
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There is no reference tone easily accessible on the DX7 to tell us whether or
natthemhineishlstandardcomenhmm,g,ﬂmtisMiddleA = Ad40,
Whmahateﬂsusﬂ;attheﬂ}(?winbeatthismncmmnﬁngifmedétaenmr
Mrismmedmﬂmhalﬁmypoint. T!ut’saﬂwellandgnodemeptthatas
yuu'wpmbablynoﬁcedthemismhdemdanykindmteﬂuswhm%mat
the pohﬂ.Aﬂwecandmsappmﬁnnte.byeyg.So.ifthemsternm-

In general, though, it's better to tune your DX7 to someone else's instrument
than vice-versa, simply because of this lack of reference.

Another anomaly of the function controls is that when leaving function mode
and re-entering play mode, the data entry slider remains active for the last
function control you were using. This can be particularly problematic if you are
not aware of it! For example, suppose you're Playing a concert with your DX7,
and hours before yoir're due to £0 on stage you and your group do a sound
check, Because your guitar plaver has a fin ear, tuning is always a sore point.
After much ado, everyone is finally in tune; you've set the tuning of your DX7
at about the halfway point so you're sure you and everyone else is it tune, so
you've gone back to play mode and selected the first sound you'll be using.

Right, so you go off and have dinner with your friends, confident that tonight,
at last!, the band will at least be in tune. You teturn to the gig, and, a minute
before you're due to start the set, some bozo comes gver to you and your just-
tuned DX7 and says, “Hey, what 2 neat machine! What does this little gizmo
do?", as he proceeds to move the data entry slider up and down. You may not
realize it now but your DX7 has just been put completely out of tune, because
the last function control you were using was MASTER TUNE ADJUST. Even

Let's try it ourselves: Redo Exercise 4 above, and this time, after vou've
selected your new sound (step?).mﬂvethedataentryslider.PIayafewuotes
aswudosomdobsemthatmesﬁderisindeeddmngimthenuﬁngofme
machinemnthuughynumnolongerhfunctiunmode.

Eh:m]m’slogicheﬁnddo&ngﬂﬁs(andﬂﬂsmdonepmmsefuﬂy, though not
vﬁxﬁcﬁvely)mthaﬂlﬁsnuﬂdhﬂpefuﬂymakemeDX?mureuseﬁﬂhﬁve
Derfmmancesituﬂtions-thatﬂleremuldbeﬁmesynuwuuldwanttorapidly
change a function control without having to reenter function mode. This, of

be useful to some, My personzl feeling is ﬂmtﬁmahawuuld'have been better
oEtohmaeleﬁﬂaisideainthecirtularﬁle.Justbemmofit, S0 you don't get
caught short.

Finally, whenever you return the DX7 to fnclion mode from any of the other
main modes, our smart nﬁm’apmcessorwillalv.q.rnutomﬁcaﬂym!lup the
ﬁmuﬁmpmnﬂumummkhgwﬂhhst.%igaqseﬁglfeﬂmmthat

Although T don't advise it just yet, imveterate skipper-aheaders can refer to
Chapter 13 for a detailed explanation of all the fnclion controls,
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ALG 5 111111 OP1

Figure2-10

Edit mode:

The parameters activateg in edit mode are those things which actually make a
sound on our DX7 a sound. In other words, we can select “E.PIANG 1" (the
Fender Rhodes scund) from our ROM cartridge and a moment later select
“FLUTE 1". Obwiously, everything sounds totally different. Why is this? Be-
cause each of the two sounds has totally different EDIT parameters. EDIT
parameters ars not global commands; they are very much woice-specific.

In the other modes we have discussed, we have observed that the top line of
our LCD constantly informs us of which mode we are in, and the same is
true of EDIT mode, although not in such an cbvious way. Press the edit

switch on your DX7. The top line of your LCD should look bke this: (See Fig-
ure 2-10.)

Looks like hieroglyphics at this point, doesn't it? We will see in Chapter Four
exactly what “ALG", “111111" and "OP” mean, but for now let’s just state that
WHENEVER you select edi? mode, this is what will appear on the top lne of
your LCD. Yarnaha could have simply put the words “Edit Mode” or “Edit
Control” up there, but the thought was that, while manipulating EDIT
parameters, you will want to have some basic mformation about the sound
available to you continuocusly. Limited by the size of the LCD display, they
chose to give us these mysterious (but not for much longer!) symbals instead -
and they do prove useful most of the time.

Let’s try using one of the simpler edt paremelers to see how it works. The
bulk of this book will be devoled to explaining in detail all of these controls but
we can jump right in with something called “Key Transpose™.

All of the keys on the DX7 are, to the central microprocessor, nummbered:
that’s, after all, the only way a computer can think. The bottom “C” on the
keyboard is called C1, and the uppermost “C" is C8, with all the other keys in
between similarly designated. Middle “C", then, would be C3: (See Figure
2-11.)

Dt
C#l

G5
F#5| A#5

1

Tiir

BS
G5
A5 C6

Figure 2-11

The “Key Transpose” edit parameters allows us to shift the tuning of the entire
sound (oot all sounds, just the particular one you are EDITING - remember,
these are votce-spectfic commands, not global ones) to any imterval you would
ke, within a range of four whole octaves!

This parameter is located above main switch #31, in blue, and, of course, in or-
der to activate this switch for this parameter, we will have to press the EDIT
mode select switch, Having done that, we will be able to enter data directly
from the keyboard (not to confuse you, but this is the only EDIT parame-
ter that does not accept data from the data entry section! Sorry ‘bout that!).
Let's do it with the “E.PIANO I” {Fender Rhodes) preset (ROM LA1 if you
have a Japanese machine, and ROM 3A-8 if you have an American one).
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EXERCISE 5:
Key transposition: (See Figure 2-12.)

EDIT!
COMPARE
H 11 ALG 5111111
12| 13] 14| 15[ 16 MIDDLE C = I
28] 29| 30 32 FINGER HITS
ALGS 111111 MIDIEE D KEY
“- MIDDAEC =3
Figure 2-12

1} Insert ROM cartridge t (or 3) into the provided slot.

2} Put your DX7 in cartridge PLAY mode by pressing the “cartridge™
memory select switch,

3) CALL UP the “E.PIANQ 1" sound by pressing main switch 11 (i
you're using ROM 1) or 8 (if you're using ROM 3).

4) OBSERVE LCD confirming that you are in CARTRIDGE PLAY
mode and that you have “E.PIANO 1" in the edif buffer. Play a scale
on the keyboard to confirm it to your own ears! (AUDIO CUE 54).

5 Put your DX7 in EDIT mode by pressing the EDIT mode sefect
switch.

6) Select the “Key Transpose™ parameter by pressing main switch
#31.

7) OBSERVE no change in the LED; it shoudd still read “11" or
“8"{depending upon whether you used ROM 1 or ROM 3).

8) OBSERVE top ine of LCD shows “ALG 5 11111)", This is zn indi-
cation that we are in EDIT mode. Bottom line of LCD reads “Middie
C= {3 This tells us the obvious, that Middle C on our keyboard has
been numbered C3 by the computer. We can, bowever, CHANGE the
value of Middle C and make it equal to ANY OTHER NOTE, within a
range of frve octaves, by following this procedure:

9) Press “D” above Middle “C" on your keyboard.

10) OBSERVE that the bettom line of the LCD now reads “Middle C
= 3"

11) LISTEN: Play the same scale as in step 4 above, and NOTE that
the entire sound has been raised, or transposed up, a full tone! (AU-
DIO CUE 5B).

12) DO IT AGAIN: Since you are already n EDIT mode, there is
no need to press the EDIT muode select switch again. Simply press
switch # 31 again and press any other note on the keyboard. The first
note you press will not make a sound: this is because it is simply en-
tering data into the computer. OBSERVE that whatever note you
press, within the range £1-C5, is immediately entered into the bot-
tom line of the LCD. You can now play the keyboard to your heart's
content and NOTE that the sound has indeed been TRANSPOSED.
Entering a note above “C5” will simply result m a “Middle C = C5"
entry as these notes are not recognized as valid transpositions.
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This #s a wonderful tool that will, in effect, allow you to be 2 musical idiot
while pretending proficiency! No msult whatever is intended, as I firmly place
myself in that category. The clever use of the KEY TRANSPQSE parame-
ter will allow you to play any song in any key at all INSTANTLY, as long as
you can play it in the key of C (for those of you reading this out there who are
not musically iaclined, the key of C is the one with no black notes in it; by far
the easiest). It also means that the next time your singer wants to try “Bomn
Th Run” (back o Bruce again) in the key of F# minor, you, the DX7ist in the
band, can do it a lot mere easier than those poor primitive folks with the gui-
tar or bass in hand, who have to first try and remember which fret F#is
again! (No insuit intended here either, I have no idea which fret it is myselfl)

Remember, our friend the edif buffer has alloweq us to fool around with this
sound and change the value of Middle C several times without actually al-
tering the sound itself! To restore the “E.PIANO 1” sound back to its
original tuning, all you have to do is re-enter PLAY mode with the modz select
switch, and CALL UP the sound once again, I'll pause bere while you try it
and prove to yourself that you have not in fact altered “E.PIANO 1” in any per-
manent way...

Back so soon? Good... hopefully the edit buffer has saved vet another DX7
owher from a fate worse than death! The only tricky thing about the KEY
TRANSPOSE parameter is that if you use it a lot, you may end up witha
memory full of sounds which are all in different keys. We'll see later how we
can help matters by cataloging scunds intelligently.

Before you move on, it will probably be a good idea to spend 2 little time
reviewing this chapter with your DX7 close at hand in order to get thoroughly
comfortable with the concept of selecting different modes and activating the
main switches for the parameter you wish to adjust. So far, we've anly exam-
ined two, the “Master Tune” fiznction parameter, and the “Key Transpose”
edit parameter. You can experiment with others as you like - there is no way to
barm the machine by doing so - but at this point most of the other parameters
may make little or no sense. When vou feel comfortable with the front panel

and the modes of operation, read on, as we examine just how the DX7 makes
sounds.

SWITCHES AND CONTROLS COVERED IN CHAFTER TWO:

SWITCH PARAMETER COMMENTS
INTERNAL PLAY Sets DX7 to play mode; Main mode select switch
Memory Select calls up internal voices
CARTRIDGE PLAY Sets DX7 to play mode; Main mode select switch
Memory Select calls up cartndge voices
ROM CARTRIDGE A/B  Selects ‘A’ or 'B' side of

ROM cartridge
FUNCTION mode select  Sets DX7 to FUNCTION mode  Main mode select switch
Function 1 Master tune adjust
EDIT mode select Sets DX7 to EDIT mode Main mode select switch
Edit 31 Key wansposition

Range C1-C5



CHAPTER THREE:
THE OPERATOR

The heart of the DX7 is a device callad the OPERATOR, This is a software
component® which contains everything necessary to produce a sound, and it

is laid out like this: (See Figure 3-1.)

The sound source of the DX7 is the box in the middle, labeled "OSCILLA-
TOR". Before we talk about what the oscillator is and does, we should first de-

fine “sound source”. In EVETry acoustic instrument we have learned that the Oscillator
sound must originate from Something physically vibrating, and that “some-

Amplifier

thing”, be it a string, a reed, or & skin, is the sound source . In an anakog syn-
thesizer, the sound source would be an electronic component, called an aseql-
lator, which generates a periodic moving, or “oscillating” electrical signal, But
ina digital synthesizer such as the DX7 we have learned that our sound source
must be a device which regulariy - petiodically - generates NUMBERS. And
that is precisely what the oscillator inside the operator does - it is specifically a
digital oscillafoy, which means that it is a namber generator. This is where our
gound begins life,

Envelope
Generator

Inside the OPERATOR we have two other comnponents which will process the Figure 3-1
numbers generated by the oscillator, and they are, respectively, the amplifier
{specifically, a digital amplifier), and.the quapemmivr (again, a dlg:tal

How does this work? Well, let's suppose that our oscillator is repeatedly send-
ing the following stream of numbers to our amplifier:

0,2,46,810,86,4,2, 0,-2,4,-6,-8, 10, -8, -6, 4, -2

The amplificr may be instructed (by us, naturally) to tmultiply all of these num-
bers by a factor often, changing them to:

01 z:ll 40! mr Bﬂ, ms 80' 60! 40! 20: 0: '20| '401 "B'Dr '301 ']-mr _Sol '601 '40;
-20

oritnﬂgiﬂnnﬂﬁplyﬂmmbyatenth. changing them to:
0.2, 4,6 810 .8 6 4,.2,0,-.2,-4, -5, -8, 10, -B, -6, -4, -.2

In the first instance, of course, we increased the value of these numbers,

and in the second instance we greatly decreased their value. Sending larger

numbers to the DAC would result in 3 wave of higher amplitude, hence more

;replume. Sending smaller numbers to the DAC would result in the opposite,
55 vlume.

* this means that the operator doesn’t actually exist physically, just theoreti-
cally. The best thing vou can do s forget 1 just said that!
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Figure 3-2

The function of the amplifier, then, would seem to be that of controlling the
volume of the sound we hear coming from our DX7 and this is sometimes,
but not always, true. This is another mysterious statement we will be explain-
ing shortly. In any event, remember that volume, like the other two
parameters of sound, ALWAYS changes over time and you will understand why
our amplifier needs to constantly receive instructions from the enpelope
Zeneralor.

An envelope generator is a device in a synthesizer which allows the user to ef-
fect a change over time to one or more of the three parameters of sound.
Again, the DX7 being a digital synthesizer, our envelope generator is a digital
device; that is, it is issuing software instructions to the amplifier. Essentiafly,
what it is doing is telling the amplifier how much to change the numbers be-
ing fed it by the oscillator, and when to make these changes. If we coukl
translate these commands inte something resembling English, it is as if the
envelope generator (or EG for short) is continually barking at the amplifier,
“oat louder! now get softer! slowly!! more slowly!! now louder again! faster!!l”,

Of course there is no evidence that the EG has the personality and charm of a
Marine Drill Instructor, but somehow it wouldn't surprise me.., since it issues
commands constantly and receives absohte obedience from the amplifier it
is controlling.

And this is actually all there is to the OPERATOR, just these three compo-
nents: osovllator, amplifier, and envelope generator. The catch is that there
would be no point in having them at all if we, the human beings in charge,
could not tell ther what to do, and we accomplish that via the DATA INPUTS.

Data Inputs:

There are three basic types of instructions, or commands, we need to send
the operator, and they are set up as follows: (See Figure 3-2.)

First of all, the EG is telling the amplifier what to do, but how does it know
what to tell the amplifier? It does because we give it instructions, via the EG
DATA INPUT, and it then passes these commands on, We will be devoting an
entira chapter later {(Chapter Nine) to the operation of the EG and the data we
input to it, but for now just be aware that this input exists.

Secondly, we need to give instructions to the oscillator; specifically, to tell it
what freguency to run at and what type of §mbre to emulate, These commands
are routed via the PITCH DATA INPUT and the MODULATION DATA IN-
PUT, respectively. BOTH of these commands are routed directly to the os-
cillator. Keeping in mind that our digital oscillator is in fact a nomber genera-
tor, wa can see that the modulafion datz tells it what sequence of numbers to
generate (as the changes in the stream of numbers will be interpreted by the
DAC into waveshape changes) and the piich data tells it how quickly to gener-
ate these numbers repeatedly (as the speed with which the pattern is
repeated will be interpreted by the DAC into waves generated per second, of
frequency).

We must, at all times, send the operator both EG data and pitch daia. Other-
wise, our amplifier would not know how much signal to pass and our oscillator
would not know how often to repeat its numbers. However, it is not atall
necessary to send modulalion data to the operator. If no instructions are sent
to this input then the oscillator will simply generate a predetermined stream of
numbers which will have the effect of causing the DAC to generate a pure fun-
damental frequency, with ne overtones.

In Chapter One we pointed out that no acoustic sound exists which does not
have overtones to some degree, However, our DX7, not being an acoustic in-
strument, can generate a particular kind of wave, called a sine wave, which
consists solely of fundamental frequency. The sine wave, then, is the only
sound in existence which has no overtones. If our operator receives no in-
structions via the modulation dada input, the only kind of wave it can generate
15 4 BITE 'Wave.
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The timbre of a scund, you will remember, is reflected in the wave shape, N
and if you dook at a sine wave on an oscilloscope, it looks like this: (See Fig-
ure 3-3.)

Note that the sine wave is smooth and gentle, alternating between positive and
negative movements. It's easy to see how our digital oscillator can generate

ﬂ:iswave:aﬂithatodoissendtheDACaregu]arstreamnfnumberswhich 0
start at zero, slowly get bigger, just as slowly retumn to zero, and then £0 nega- TIME
tive the same way, j.e.:

01 2' 4| 6! 8! 1'-0: B: 6- 4- 21 0; ‘25 '4p 'ﬁr "8- ']-Ur 'Bb -ﬁ. '4p '2
or
0, 5000, 10000, 15000, 10000, 5000, 0, -5000, -10000, -15000, 10000, -5000,

Of course, the wave generated by the second example would be much Figuere 3.3
lnuderthantheoneintheﬁrstexample.huttheywmﬂdhothhaveﬂwsame b
shape, {that is, #mbre), like this: (See Figure 3-4)

Remember that what the DAC is doing is “graphing out” the numbers it
receives!

In succeeding chapters we will talk about specific ways of entering data into
these inputs - but for now, just be sure you understand WHAT these inputs
are and HOW the numbers entered there will affect the sound. 0

Prepare yourself for a shock time:

With this single component, the OPERATOR, the DX7 provides us with a
very elegant system which allows us to completely shape and control the
sound we generate. Relating back to the three parameters of sound (as we of- B 4
ten will), we can see how this works: The EG data input allows us to control
the volume, or amplitude of the sound, znd to change it over time, The pitch

e =~ 15T EXAMPLE
== INDEXAMFLE

data input allows us to determine the pitch, or frequency of the sound; and Figure 3-4
the modulation data input allows us to specify the timbre we wish to hear. It’s

very complete, and it’s very neatly packaged. INPUT
Now comes the shocker: The DX7 actually provides us with SIX operators,

all of which are completely independent of one another! That means that each

one of our six operators has its own oscillator, its own amplifier, and its own O > 0“'1’.”‘
EG; and furthermore, that we can input completely different sets of instruc- - Amp

tions to each regarding amplitude, frequency, and timbre. This may seem a bit
mind-boggling but it is this fact which explains the enormous range of sounds
that can be coaxed from this one instrument, Other Yamaha digital FM E.G.
machines provide varying numbers of operators, from the four available on the
DX9, DXZ, and DX100, to the forty-eight {?) avaiiable on the TX8I16 rack.
The Qutput Signal: Carriers and Modulators: ! '

INPUT INPUT

By lesuing commands to each operator through its data inputs, we have Figure 3-5
shaped a signal which will eventually contribute to the final sound we hear.

The end result of all of these manipulations is that we derive some kind of out-

put signal from the operators. Be sure that you cleatly understand the differ-

ence between input signals and output signals: (See Figure 3-5.)

Now that we've got some an osfpuf from our operator, what will we do with it?
The answer is that we have two options at our disposal and we will have to
pick one or the other,

Theﬁmtuptionisobvious;mcansendtheoutputsignaltotheDﬂC.inwiﬂch
case we will be able to hear the sound: (See Figure 3-6.)
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Figure 36

If we decide to do this with a particular operator, then digital FM jargon dic-
tates that we call this operator a CARRIER. A carrier, by definition, is any
operator whose output goes to the DAC.

On the other hand, we can decide not to send the cutput to the DAC but in-
stead directly to the modulation dats input of another operator! (See Figure
37)

PITCH

PITCII

\ -
QUTPUT
)osc AMP OUTPUT OSCIL AMP >
/ EG. EG.
MODULATION 3 ¥
T E_G_| E.Gl
MODULATOR
Figure 3-7

If we decide to foliow this second option, then the operator in question is
called a MODULATOR. A modulaior, by definition, is any operator whose
output goea to the modulation input of another operator.

THERE IS NO DIFFERENCE WHATSOEVER BETWEEN A CAR-
RIER AND A MODULATOR APART FROM WHERE THEIR OUT
PUT IS SENT!

Why would we want to plug one operator into another like this? The fact is,
this happens to be the only way that modulation data can be inputted to an
operator. The sole reason for the modulator's existence, then, is to permit the
carrier to generate complex timbres because if no modulation data is
present, the only wave that can be produced by an operator is a sine
wave. We will see shortly that while sine waves have their uses, it is easy to
get sick of them rather quickly. To summarize; CARRIERS produce the actual
scunds, and the timbres that they produce are determined by the actions of
the MODULATORS. This one sentence pretty nearly summarizes the whole
system of digital FM synthests.
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The only question remaining is, how do we know which operators are being
used as CARRIERS and which ones are being used as MODULATORS? Fur-
thermore, how do we know which MODULATORS are plugged into which
CARRIERS? The answer to that question is the ALGORITHMS.

Algorithms:

An algorithm is a computer term referring to a mathematical way of solving a
problem. On the DX7, the algorithm is a means of configuring operators
in order to generate a particular sound.

We are provided with thirty-two different algorithms on this instrument and.
as no one at Yamaha expected users to memorize each of them, diagrams il-

lustrating these thirty-two configurations are located on the front panel of the
DX7 itself: (See Figure 3-8.)
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Figure 3-8

The diagrams themselves are extremely simple to understand and interpret,
once you learn this basic principle: whichever operators are being used
as CARRIERS are always on the bottom row. Those operators being
used as modulators are stacked above the carriers, and vertical lines will al-
ways be present to indicate which modulators are plugged into which carriers.
All six operators are simply numbered one through six for purposes of identifi-
cation (they are all actually identical), (See Figure 3-9.)

The above is a diagram of Algorithm #5 (check the front panel of your DX7 to
confirm this). As you can see, in this configuration, operators 1, 3, and 5 are
being used as CARRIERS, and operators 2, 4, and 6 as MODULATORS. Fur-

thermore, we see that operator 2 is modulating operator 1, 4 is modulating 3,
and 6 is modulating 5.

—=
Let’s take a look at another algorithm, the simplest one of all, algorithm #32: ) 4 6
(See Figure 3-10.)

[ -
In this configuration, all six operators are on the bottom row. That tells you
that all six are being used as CARRIERS. Therefore, if we select this al- 1 3 5
gorithm for a particular sound, we know that we can derive up to six different T I
pitches (simultaneously, from one key!) at six different volumes, but that ALL 3

SIX TIMBRES WILL BE IDENTICAL SINE WAVES. Contrast this with al-
gorithm #5, which we examined above. Choosing that algorithm would allow Figure 3.9
us to generate a sound with up to three different pitches (again, from one key) o

at three different volumes, but with THREE DIFFERENT COMPLEX
TIMBRES, since each CARRIER has its own MODULATOR attached. Let's
examine a few more algorithms: (See Figure 3-11.)

This algorithm (#16) has only one CARRIER, operator 1, receiving modulation
data from five separate modulators, operators 2 through 6. Moreover, MODU-
LATOR 4 iis actually modulating MODULATOR 3 as 6 is 5! The reasons for
this may not yet be apparent but we will be covering these so-called “stacked”
algorithms in depth later on. Sometimes, the opposite may occur, with more
than one CARRIER being modulated by a single MODULATOR: (See Fig- 2 3 3005 E,::l
ure 3-12.)

Figure 3-10
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as well as CARRIERSs 3, 4, and 5 all being modulated by MODULATOR 6.
This mezns that using this configuration will allow us to generate one complex
timbre of any pitch and volume (from the system of operators 1 and 2) and ap-
parently three other sounds of varying pitch and volume but SIMILAR
2 3 5 TIMBRE from the system of operators 3, 4, 5, and 6 since all the CARRIERS
here are receiving modulation data from the same MODULATOR (operator
€). We'll learn later on that this isn't exactly the case, but you get the picture...
/ The important point is that whenever you select an algorithm, you are simply
1 telling the DX7 how you wattt it to configure the various operators - which
| ones are to be ysed as CARRIERS, which as MODULATORS, and where the

This algorithm (#22) has CARRIER 1 being modulated by MODULATOR 2;
T

modulation signals should be routed.

16 Probably the most common question [ am asked by DX7 owners is, “how do [

Fizure 3.11 know which algonithm is best for a particular sound?”; or, more precisely,
bk “which algorithm is the best for a string/orass/flute/woodwind/Star Wars

sound?”, The answer, unfortunately, is that there is no answer. Mast al-

gorithms will work for most sounds most of the time. Why then do we have so
many available?

What the software engineers at Yamaha have done is provided us with just
about any configuration you could possibly need for specific effects. We will
examine many of these effects in the pages to come, The process of selecting
the “best” algarithm for a particular sound is 2 fairly tnexact one. What you
1 q 4 5 will have to do is eliminate particular alporithms which appear to be unwork-
able for your specific application and create a shortlist of algorithms which look
as though they might work. Then it's just a matter of making an educated
guess and just choosing one. If it turns out, after twealdng your sound for a
22 while, that you've made the wrong choice - no problem. The DX7 allows
you to change algorithins at any point! Furthermorz, if you do change al-
gorithms, the only thing that will be changed is the configuration - none of
Figure 3-12 your data entries will be lost. As we get further into the actual programming
operations of the machine we will explain further the various erfteria for
selecting or eliminating particular algorithms in specific situations.




CHAPTER FOUR:

VOICE INITIALIZATION

There are two basic methods of generating a sound on the DX7. First of all,
¥ou can create a sound “from scratch” by manipulating the veice-specific edit
parameters in various ways and sending data inputs te the six operators, Aker-
natively, you can work with one of the preset sounds, the ones on your ROM
cartridge, or presets you get from other DX7 cwners on RAM cartridges, and
maodify one of these sounds to meet your special needs.

There is no secret to the fact that the latter method is the one used by most
DX? owners most of the time; it’s easier to start with a sound that's close to
what you need and simply tweak it til) you're satisfied with the result. How-
ever, the cruel fact of the matter is that it is impossible to purposefully make
changes to a sound i the DX7 unless you have a ciear idea of how the sound
was created in the first place. [ wholeheartedly endorse the concept of
modifying preexisting sounds on the DX7 in order to accomplish a particular
result. But given this unfortunate fact of life, plus the idea that there wil be
times when there is no preset avajlable that will be even close to what you
want, we do need to leamn how to create sounds “from scratch™ on this in-
strument.

There is a wonderfully fast and simple procedire available on the DX7 which
aﬂwsustomsdth?edithuﬁer(justthe edit buffer! w}dchmeqnsthatw

a begimning stage - putting the machine in neutral, as it were, This procedure
is called VOICE INITIALIZATION and it enables the DX7 user to establish
a completely controllable and completely predictahle environment in which to
begin generating a sound.

Before we actually inéfialize our DX7, we should preview what will ococur. First
of all, and perbaps rnost importantly, whatever sound happens to currently be
in the edit buffer (that is, whatever sound ¥ou are cutrently hearing), will dis-
appear and be replaced by a single sine wave. Second of all, the DX7 will auto-
matically place you in edst mode, allowing you to begin changing these
parameters. Thirdly, each one of the various edit parameters will immediately
have a number plugged into it - and that particular number we call a DE FAULT
setting, Defiruclt is simply a computer term for a condition that exists when the
compuier is first tumed on, The DX7 does nat actually default or power-up

because the back-up battery prevents it from doing so and instead keeps the
most recent data in the edit buffer. This is the reason why vou always bear the LFO

lastmundyouwemplayhgwhenemrynuﬁrsttumonﬂ:eDX‘?,andwhythe
LCD display always shows you the most recent mode and parameter you were
using, The way to defeat all this and to get the DX? to default itself instead, is

SPEED

by using the VOICE INITIALIZATION procedure,

A glance at ynurﬁ'ontpanelvdﬂshawyuumatﬁmcﬁons“ﬁtch#lo(ﬂmtis,
main switch #10, in function mode) reads “VOICE INIT”: {See Figure 4-1))

10 o

Pressing this switch will inform the computer that we wish to inifiglize,
Remember, initializing will not change any of the sounds currently in memory
in any way, shape or form! The presence of the edit buffer ensures that. With
this safely in mind, let's do it:

YOICE INIT

Figure 4-1
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Exercise 6
Voice initialization:

1) No matter what mode vour DX7 is currently in, ot what sound is in
the edit buifer, press the FUNCTION mode select switch, and then
main switch #10.

2) OBSERVE: LED has same number as was previously there,

3) OBSERVE: Top line of LCD reads “FUNCTION CONTROL"; bot-
tom line reads “VOICE INIT?

4) NOTE: Cur DX7 is asking us a question. Depending on the param-
eter we select, this may be a yes-no question, as this one is; or it may
be an on-off question; or it may not ask a question at all and simply re-
quire that we enter a number. Since this particular parameter requires
4 Ye3-1H0 ansIwer.

5) Press the “yes” button in the data entry section.

6) DBSERVE: Bottom line of LCD now asks "ARE YOU SURE?".
The DX7 is asking for confirmation that you want to pursue this proce-
dure, Since we do,

7 Press the “yes” button in the data entry section once again.

8) OBSERVE: The LCD tells us that we are now in Edit mode; the
top line reads "ALG x 111111 and perhaps “OP x" as well. The bot-
tom line may have any edit parameter displayed.

9} LISTEN: Play the keyboard. No matter what sound you had in the
DX7 previously, you should now hear only a single clear tone (AUDIO
CUE 8A). This tone is a sine wave.

10) NOTE that as you play different keys on the keyboard, the sine
wave plays different pitches, and that you can play chords of up to six-
teen notes at any one time.

What's happened here? Let's examine this procedure, step by step. First of all,
we had to put the DX7 mto fitnchion mode n order to start the initiakzation.
This makes sense since you can initialize at any time, no matter what you
are doing on the machine. Initializing doesn’t harim the DX7 at all and you can
do it as many times as you like and whenever you like. Since fiuncion controls
are global commands, it's logical that this procedure come from that mede.

Why did the DX7 ask “ARE YOU SURE?"? This is actually a typiczl computer
procedure. Whenever you direct a computer to undertake a severe change in
course, like telling it to initialize itself, it will normally 2sk for comfirmation that
this is in fact what you want it to do. Initializing the DX7, while totally harm-
less, is a fairly drastic procedure. What you are in fact instructing the com-
puter to do is change 3 great many things at once - all the edit parameters.
After all, if you, for example, had the “E.PIAN(C 1” sound called up prior to in-
itialization, we know that the reason we heard the sound of a Fender Rhodes
is because all the edit parameters had particular numbers plugged into them.
Immediately after initializing, the sound was changed COMPLETELY to just a
single sine wave. The explanation is that all the parameters were changed at
once.,

After we reassured the DX7 that Wice Initialization was in fact what we
wanted it to do, we were antomatically taken out of fisnetion mode and put
into edit mode. This is logical, because the DX7 knows that the only reason
for initializing is to create a sound from scratch, and that presumably we will
be altering one or more of these edit parameters m order to concoct some-
thing more interesting than just 2 single sine wave.

Our instrument now has a particular set of default numbers plugged into all of
its edit parameters. What are these numbers? Well, most of them are zeroes:
most things on the machine are simply turned off, We will be taking note of the
various defaults as we encounter them in this hook, or for those of you who
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can'tmil.youcantumtoAppendixB.Theimponmmmundemandis
that every time you initialize, ail of the edit parameters default ex.
actly the same way. This means you can initialize your DX7 today, tomor-

fauhnumbemmteredhtothemastheydnmmsiswhatwemnwhm ALG SELECT
wemn:ahcmmvhgomelmaoonmleﬁelymnmﬂedemimmnem~mucan
pmdictmadvancepmdselywhichpnmneterswﬂllmmwhmwhesbecause 7 7

everytime they will reset themselves the same way. This is the beauty of us-
inglbiceluiﬁalimﬁonwhencmaﬁnga sound from nothing - you know just
what’s going on in the machire at all times. MODE TIME

We can now begin to make some sense of the odd messages on the top line of
aur LCD. When manipulating edit parameters, probably the most important
thing you need to know is which algorithm you are working in. In edit mode,
theupperlefthandcmnerdmeIEDwiﬂalwaysshmvyuuwhichonewu're Fi 42
using, and as we can see, right now the DX7 teils us “ALG 1", This is the de. Wnre
Jault for the algorithm select parameter. Whenever you initialize, the

DX7 puts you into algorithm 1, whether you want to be there or not.

OK, let’s suppose you don't want to be in aigorithm # 1. We can tell the com-
puter that we wish to change algorithms simply by pressing edit switch 7
which is labeled “ALGORITHM" and is your algorithm select switch. (See
Figure 4.2.)

Let's do it:
Exercise 7

Changing the algorithm:

1) If your DX? isn’tsﬁ]lsetﬁ'omtheendofExerciseﬁ, initialize it by
redoing that exercise now,

2) Check to see that you are in edif made . If you have successfully in-
itialized, that’s just where you should be!

3) Press main switch 7, (Since we are already in edsf mode , it will acti-
vate for its "ALGORITHM™ patameter.

4) OBSERVE: Top line of LCD should currently read *ALG 1 111111"
The bottom line of LCD should read ‘ALGORTTHM SELECT"

5) NOTE: This is a parameter which does not Tequire a yas-no nor
on-off answer. Instead we are being asked to enter 3 mumber from 1
to 32 (since there are only 32 different algorithms). We can do this in
the data entry section by using the “yes” - “ng” switches, which will
act 10 mcrement or decrement the curyent number by ones, or by us-
ing the data entry slider, which will simply increase or decrease the
current number quickly. Therefore,

6) Press the data entry “yes” button once. As vou do so, OBSERVE
the top line of the LCD, You should see the “ALG 1" change to an
"ALG 2". Now press the “no” button and OBSERVE the ‘ALG 2
change back to “ALG 1",

7) Now move the data entry slider. As you do s0, OBSERVE the
‘ALG" number change rapidly or slowly, up or down, depending on
bow you move the slider. If the slider was at Or near its top position
when you began this step, OBSERVE that as 8007 as you moved it to
any shight degree, it immediately became activated and the LCD num-
ber “jumped” to a value correspending to the positian of the stider.
This effect will be true of ALL parameters we seek to change with the
data entry shder as it will always need some small degree of move-
ment in order to become activated,

8) Hold down a note and LISTEN as you make these algorithm
changes again (AUDIO CUE 7A). NOTE that the sound does not
change pitch or imbre, but that it does occasicnally change in poleme,
and that these changes occur in REAL TIME; that iz, as you are mov-
ing the stider, you hear these changes occur simultaneously.
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Each time you saw the “ALG" number change in the upper left-hand corner of
the LLD, the DX7 was instantaneously reconfiguring the six operators accord-
h\gmthethirtgntmdiagmmonthemachme.NubEthatmmatterwhatm
de, you CANNOT enter a mumber greater than 32 nor less than 1. That's be-
cause our DX7 has been instructed by the friendly folk at Yamaha that there
are no more than these 32 algorithms available, and that they are numbered
one through thirty-two. Again, bear in mind that changng the afgorithm is
something that you can do at any titne - the computer really doesn't care how
many times you change your mind, or when.

Why do we hear only a single sine wave when we initialize, and why does it
sometimes change in volume, but not pitch or timbre, when we change gl-
gorithms? Again, the answer lies in the defaut settings being provided for us.
Whenever we are in edit mode, the center of the LCD top line tells us the sfz-
tus of the operators; specifically which ones are on and which ones are off,
This is referred to as the aperator status display, and it consists of six "1”s or
“0"s, in any combination. A 1" indicates that a particular operator is &on and
a “0” indicates that it is off. Therefore, a display of, for example, “111000”
would mean that operators 1, 2, and 3 were on, and that operators 4, 5, and 6
were off. Each of our six operators can be switched on or off like light bulbs, at
will. This means that if you are not using a particular operator at a certain
time, you don't have to see it or hear it at all; and conversely, if you want to
hear a single operator or groups of operators, you can easily do so. The edit
switches we use to turn operators on and off with are switches 1 through 6,
happily labeled “OPERATOR ON-OFF”, Each of these six switches is as-
sociated with a particular operator, i.e. switch 1 with operator 1, switch 2 with
operator 2, etc., and each time you depress one of the switches the operator
will flip on or off, depending on its current status.

Let’s see how they work:
Exercise 8

Turning operators on and off:

1) Inifialize your DX7 and leave it in algorithm #1.

2) OBSERVE the top line of the LCD, which reads ‘ALG 1 1111117
and maybe “OP x".

3) Press main switch #1. Since we are already in edit made, this
switch Is now activated for its “OPERATOR 1 ON/OFF"” parameter,
4} OBSERVE the top line of the LCD. The center of the line, the
operator status display, now reads “011111", indicating that operator 1
is now off,

3) Press main switch #1. Since we are already in edif mode, this switch
i8 now activated for its “OPERATOR 1 ON/OFF” .

4) OBSERVE the top Ine of the LCD. The center of the line, the
operator status display, now reads “011111", indicating that opera-
tor 1 is now off.

b) Press main switch #1 again. OBSERVE that the operator status
display now reads “111111" again, showing us that operator 1 is back
Ot again, )

6) Repeat steps 3, 4, and 5 above, this time using main switches 2, 3,
4, 5, and 6. OBSERVE that each of these switches controls an as-
sociated operator, and that toggling the switches (that is, pressing
them repeztedly) turns them cn or off.

Whenever you initialize, the defizselt for the operator on-off status is all opera-
tors on. That's why, whenever you initialize, the: top center line of the LCD
will read “111111", So far, so good. But this still doesn't explain why we are cnly
bearing a single sine wave and why the volume sametimes changes as we
change algoritams. Well, let's see just what each of the six operators is con-
tributing to the overall sound we are hearing:
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Exercise 9
Listening to the individual operators:

1) Initialize your DX7 and turn off all six operators by pressing each of
the “OPERATOR ON/OFF” switches (edit switches 1 through 6)
once. (You may find that the quickest way to accomplish this is to
slide your fingertip across the six switches. Go ahead, indulge
yourself,..)

2) OBSERVE the operator status display which should now read
]‘mlfv

3) Press main switch #1 once to change the operator status display to
“100000". This indicates that the only operator we are hearing is
operator 1.

4) LISTEN as you play a few notes. You should be hearing the same
sine wave as before,

5) Now turn operator 1 off by pressing edit switch 1 again, and turn
operator 2 on by pressing edit switch 2 once.

6) OBSERVE the operator status display which should now read
Ilolm”l

7) Play a few notes and LISTEN. No sound? Don't worry, your DX7
isn't broken.

8) Repeat this procedure for operators 3, 4, 5, and 6, LISTENing to
each of them on their own in the same manner.

What conclusion can we reach? Obviously, we can only hear operator 1 for
some reason. When we first initialized, the DX7 turned all six of its operators
on, yet we now know that we were only hearing operator 1. Why should this
be? Well, maybe the answer lies in the algorithm. We've found that the defauit
for this parameter is algorithm 1. Aha! Maybe that's it: after all, in algorithm 1,
four of our six operators are being used as MODULATORS, and remember,
you can NEVER hear modulators, since they don't send any signal to the
DAC. (See Figure 4-3))

Well, let’s see if our theory is correct. Repeat Exercise 9 above, but this time
right after initializing, select algorithm #32 (if you don't remember how to do
this, refer back to Exercise 7 earlier in this chapter). Algorithm #32 doesn't
have any modulators, only carriers: (See Figure 4-4,)

If you've just redone Exercise 9 with algorithm #32 then you already know the
bad news: we were wrong. Even though we now had all six operators sending
their signal directly to the DAC, we still were only hearing operator 1. The real
solution to this mystery lies in edit switch 27, labeled output level. (See Fig-
ure 4-5.)

This switch allows us to independently control just how much signal leaves
each of our six operators. This is the first parameter we have encountered
which is operator-specific; that is, each operator can have a totally different out-
put level if we so desire, and so for the first time we can explain away the
“OP” that you may have occasionally noticed in the upper right-hand corner of
the edit mode LCD display. Calling up such a parameter allows us the oppor-
tunity to view and/or change the setting for each operator individually. In or-
der to cycle through the various operators we use the blue Operator Select
switch at the upper right-hand corner of the eight switches to the left of the
LED/LCD. (See Figure 4-6.)

When we call up the “output level” edit parameter, the DX7 will allow us to
enter a number from 0 to 99. 0 is the minimum output level (equivalent to no
output) and 99 is the maximum output for any operator, under all conditions.
Let’s try it out:

ALG. #1: -?il Operators
2,4,5&%6
5 are
modulators
2 4
1 3 only
:I operators
1 and 3 are
carriers
Figure 4.3
ALL SIX OPERATORS ARE
CARRIERS
1 2 3 41153 6
Figure 4-4
OUTPUT LEVEL
-
27 .
AMP
Figure 4.5
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Exercise 10
The output level parameter:

1) Inttialize the DX7 and select algorithm #32 by using the algorithm
select switch (edit switch 7).

2} Torn off operators 2 through 6, using the operafor on/off switches.
3) OBSERVE operator status display reads “100000",

4} Press main switch #27, Because we are already in edit mode, that
switch is currently activated for its "OUTPUT LEVEL” function.

&} OBSERVE that LED does not change - it, still displays the oumber
of the kst voice you called up on the machine. OBSERVE that the up-
per right-hand comer of LCD reads “OP 17: since operator 1 is cur-
rently the only operator turned on, that is the one we are viewing.
OBSERVE that the bottom line of the LCD reads “OUTPUT LEVE
= 89", NOTE that 99 {maximum) is therefore the deferui! vaiue for
the output level of operator 1 - in other words, whenever we initialize
our DX7, operator 1 will automatically be given maximom output,

6) Play a few keys and LISTEN. NOTE the vohume of the sine wave
you are hearing,

7) Go to the data entry section, and using the yes-no buttons or the
data entry slider, change the output level of operator 1 to 85. OB-
SERVE that as you do this the bottom line of the LCD changes to
eventually read "OUTPUT LEVEL = 85"

8) Play a few keys and LISTEN. NOTE that the sine wave you are
hearing is considerably lower in volume,

9) Change the output level of operator 1 to a new value of 0. Play a few
keys and note that the sound is now gone altogether,

10) Restore the output level of operator 1 back to its default value of
99,

11) Turn operators 2 through 6 back on using the OPERATOR
ON/QFF switches. OBSERVE that the operator status display now
reads “I11111" again. NOTE that the bottom line of the LCD still reads
“OUTPUT LEVEL = 99", since we are still VIEWing operator 1.
Let's look at operator 2 how:

12) VIEW operator 2 by pressing the biue “OPERATOR SELECT™
switch once. OBSERVE as you do so that the “OP 1” in the upper
right-band comer of the LCD changes to “OP 2". OBSERVE that the
default value for the output level of operator 2 is O

13) VIEW operator 3 by pressing the “OPERATOR SELECT” switch
again. NOTE its default output level setting. Repeat this step for
operators 4, 5, and 6, and NOTE their defult output level values
(they will all be 0 as well),

14) TRY turning various operators on and off selectively and changing
their output levels, LISTENing as you do so. NOTE that the output
level parameter does not change in real time, meaning that you
do not hear the volume change occur as you are entering the new
data. Instead, you must retrigier the operator by pressing the key on
the keyboard a second tiree in order for that new data to be assimi-
lated by the operator.

OUTPUT LEVEL IS IN FACT THE ONLY PARAMETER ON THE DX7
THAT DOES NOT CHANGE IN REAL TIME,

What have we learned from all this? The reason we were only hearing opera-
tor 1 even though all six operators were turned on, REGARDLESS OF AL-
GORITHM, is because when we initialize, operator 1 defaults to an output
level of 99 (maximum volume) whereas the other five operators default to an
output level of ¢ (minimum volume). In other words, our clever little
micropracessor has set things up so that, even though all six operators are ini-
tially on, we are only getting signal from one of them (operator 1), Having an
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operator on with an output level of zero is like switching your stereo amplifier
on but turning the volume contral to zerg - jt doesn't matter how good the rec-
ord you have spiming is, you won't hear anything * '

OK, that answers onie of the questions. What about an explanation for why the
volume sometimes changes as we change algorithms? This is-an aasy ane.
Different algorithms, as you will shserve from the diagrams on your machine,
have different numbers of CARRIERS. The DX7 automatically adjusts the
relative volume of each carrier, according to the algorithm, so that the total
volume of the signal leaving the synthesizer rematns more or less constant,
That means that operator 1 in algorithm #16, for example, will have twice the
volume of that same operator 1 in algorithm #3; three times the volume of the
same operator 1 in algorithm #5; and six times the volume than i it were in al-
gorithm #32. (See Figure 449)

#16 | #3 - 75 37
Y]] 3 6 —
' 2 4 6
2 3| | s z 5
112|3[4|5]s
1 3 5
1 1 4 ]
T E SIX CARRIERS AT
ONECARRIER AT | TWOCARRIERS AT | [IREE CARRIERSAT)  STX CARRIERS
100% YOLUME 1/2 VOLUME EACH 173 VOLUME EACH 1/6 VOLUME EACH
Figure 4.7

Singe in the above exercises we now know that we were only hearing cperator

1 after all, this explains the changes in volume as we selacted various different
algorithms,

We've just had our first exposure to the “OP” digplay in the upper right-hand
corner of the edit mode LCD. This may not always be present, however, Put
your DX7 into edit mode and call up the “algorithm select” parameter (edit
switch 7). Note that the upper right-hand corner is now blank. The absence
of an “OF” in the LCD tells us that we are viewing a parameter that is not
operator-specific, such as “algorithm select” - after all, you can't put some
operators in one algorithm and others in a different oue at the same time - we
can only work with one algorithmatatimeaudwhenmselectaparﬁcu]aral—
gotithm, all 8ix cperators are configured in that particular manner. Ancther
hon-opetator-specific parameter that we have already worked with i “Key
pose”, which, of course, affects the entire sound and not just particular
operators within the sound. To summarize, if you see that “OP” in the display,
the DX7 is telling you that the parameter you have selected car be individually
adjusted for each operator {in other words, it is operator-spectfic). If the “OP”
isfit thete, then the pararmeter you have selected affects all operators equally.

Of course, if your parameter ig operator-specific, then you use the OPERA-
TOR SELECT switch to both view and change individual operators. This
switch is “intelligent” in that it atways skips whichever operators are turned
off. Therefore, if you have, for example, turned off operators 2, 4, and 6 with
the OPERATOR ON/OFF switches 2, 4, and 6, then your status display would

* When you store a sound in the DX7's memory (either imternal or RAM car-
tridge), the operator on-off statuses are not memorized: all operators will au-
tomatically be turned ON - eveq those you had tured OFF when program-
ming the sound. Therefore, the only way to positively ensure that a sound will
have particular operators inactive is to set those operatar’'s QUTPUT
LEVELS to 0 before storing.
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read “101010” and pressing the OPERATOR SELECT switch would only allow
you to view operators 1, 3, and 5. Those operators that were off would be
passed over. Try it! K, on the other hand, operators 1 and 6 were the only
opetators switched on, the OPERATOR SELECT switch would onty
between those two operators (try this, toa). This provides you, the DX7
programmer, with a terrific time-saving feature, since you can selectively view
and alter operators. It's a good idea in general to get in the habit of turning off
whichever operators you are not working with at any particular time - this may
save you from ever accidentslly altering the wrong operator, and in any event
will always make programuming the machine go much faster (an important con-
sideration in a place like a recording studic with a budget-conscious producar
breathing down your neck!)

Let's continue now with a closer look at the workings of CARRIERS, Initialize
your DX7, select algorithm #32, and read on...

SWITCHES AND CONTROLS COVERED IN CHAPTER FOUR:

SWITCH PARAMETER COMMENTS

Function 10 Voice initialization Resets DX7 to defaults

Edit 7 Algorithm select Range: 1-32

Edit1-6 Operator on/off

OPERATOR SELECT View and/or change Toggies only between
specific operations operators switched on

Edit 27 Output level Range: 0- 99



CHAPTER FIVE:
THE CARRIER

In this chapter we will be examining the actions of carriers alone: that is, oper-
ators serding output signals to the DAC that are not themselves receiving
modulation data from modudators. As we have: learned, the only kind of wave
that such an operator can generate is 2 pure sine Wave, containing no over-
tones. Sine waves are used in all types of digital synthesis (additive as well ag
FM) as building blocks from which to make complex sounds. While a single
sihe wave on its own is fairly uninteresting, combinations of sine waves of
different frequency and amplitude can make for useful and realistic sounds,
Combining sine waves together st a common output is essentially the way that
addiitve digital systems (such as the Faiclight CM! or Synclavier) generate
sounds, and, as has been mentioned, the DXT7 is also capable of sore limited
additive capabilities, In this chapter we will examine these capabilities, and in
the next chapter we will apply this information to the true DX7 sound genera-
tion system, digitel FM.

We will be working exclusively with algorithm #32 in this chapter, and so gl-
though our six carriers willnotyethereceivingany modulation data, we know
that we will have to send them hath £G and pitch data. The EG data is
defaulted to a simple on-off configuration® when gur instrument is injtialized,
50 we won't be concerning ourselves with that just yet. However, the pitch in-
put data is of great importance - so we']] start with the four switches that con-
trol this information: (See Figure 5-1,}

These switches (obviously all edit parameters) are, from left to right:
EDIT SWITCH # PARAMETER

17 Mode/Sync

18 Frequency coarse
19 Frequency fine
20 Detune

All four of these switches are Iabeled on the DX7 under the somewhat mis-
leading umbrella, “Oscillator” (ool at the line above the blue edit parameter

Of course, it's fair to surmise that the keyboard also has gomething to do with
it, but we'll s00n see that that's nat always the case.

Put your DX7 into edit mode (if its already in edit mode, don't hit the edit
mode select switch again) and press main switch #17 {now activated for its
MODE/SYNC function). In ail probability, you will see the following display:
(See Figure 5-2.)

If instead you see the words “FIXED FREQUENCY" in the bottom fine of the
LCD, simply press the “Yes” button in the data enfry section and it will revert
to the illustration ghove.

*that i3, maximum volume immediately when a key is depressed and mini-
mum volurme immediately when it is rejeased. See Chapter Nine for more in-
formation on this.

OSCILLATOR

Mode/  Freq. Freg,
Syne Coarse Fine Detune

17 18 10 20

G H I J
Range Pich Amp EG Bias
Modulation Wheel
Figures-1

ALG1 111111 OP1

Figure5.2



52 / The Complete DX7

What do the words “FREQUENCY (RATI0)” mean? Obviously, our computer
has no way of telling that a C# is a C# or that a G is 2 G on the keyboard: com-
puters can only “think™ i numbers. As we discovered in Chapter Two when
we used the Key Transpose function control, all of the keys on our keyboard
are in fact numbered, from C1 to C6. Each of these key numbers are as-
saciated in the computer’s memory with a particular frequency, in Hz; for
example, A3 (middle A) with 440, Whenever you press middle A, then, the
computer quickly looks up a little table in its memory and generates the num-
ber 440. This number is called the frequency number. The next thing the DX7
will do is look up another number, called the rafio sumber, and it will automat-
ically multiply the two, The end result of this calculation is the final fre-
quency that we hear, Therefore the display “FREQUENCY(RATIQ)” should
be interpreted in the aigebraic sense, with the parentheses indicating the mul-
tiplication function {remember, in high school algabra, when you wanted to
multiply 2 by 2, you would write it out 2¢2). Hopefully, you came up with 4 as
the angwer. If not, please return this hook immediately for a refund?).

Where does this ratio number come from? From us, natch. How do we see
what it is and/or change it? That's precisely what edit switches 18, 19, and 20
are for. Let's begin by finding out the default value for these switches. When
you snitiziize, all six operators have the same default values for these
parameters, so if we view one, we know what they all are. Let's do it:

EXERCISE 11
Default pitch data values:

1) INITIALIZE your DX7 and select algorithim #32. (if you're not sure
how to do this, refer {0 Exercises 6 and 7 in the preceding chapter).
2) Using the operator on-off switches TURN OFF operators 2
through 6. OBSERVE that the operator status display in the LCD
reads “100000".

3) Press main switch #17 (MODE/SYNC). NOTE that the “OP” in the
upper right-hand corner is “OP 17, We are now only going to be able
to view operator 1, since it is the only operator on. OBSERVE that
the bettom line of LCD reads "FREQUENCY(RATTO)", This is the
default value for this parameter for all operators.

4) Press main switch #18 (FREQ COARSE). OBSERVE that the bot-
tom line of LCD reads “F COARSE = 1.00". This is the defez!t value
for this parameter for all operators,

5) Press main switch #19 (FREQ FINE). OBSERVE that the bottom
line of LCD reads “F FINE = 1.00", This is the defzuit vatue for this
parameter for all operators,

6) Press main switch #20 (DETUNE). OBSERVE that the bottom
line of LCD reads “OSC DETUNE = 0". This is the dafault vahue for
this parameter for all operators.

7) If you are the disbelieving type {or if vou were born in Missouri),
TURN ON the other five operators and view these same four
parameters for each of them in turn. NOTE that they have all
defaulted to the same values as operator 1.

Before we find out how we can change this ratio sntember, we should stop and
think about what the "FREQUENCY(RATIO)” made really means. What the
DX7 is actually telling us is that the operator in question will track (respond
to). the notes we play on the keyboard. In plain English, this mode indicates
that the operator will play different pitches as we play different notes. When
we first initialized and listened to that single plain sine wave, we found that that
was iroe; tinkling the notes to “Strangers In The Night” (I've decided to stop |
picking on Bruce) did in fact allow us to hear that melody. The other option to
this parameter is called “FIXED FREQUENCY” and if we sclect that, then
our operator will ignore the notes we play on the keyboard and will simply out-
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put a particular fixed frequency no matter what notes we play. We'll explore
that other option shortly, The other cperation of edit switch 17, the “SYNC”
parameter is of little consequence and will be covered at the end of this chap-
ter. For now, let’s get & bit further mio FREQUENCY(RATIO),

Exercise 11 has shown us that the ratio nurnber defaults to exactly 1.00, for
every operater. This means that, no matter which operator we are listening to,
if we play a middie ‘A, cur DX7 will lock up the freguency number 440 and
multiply it by the rafo number 1,00, resulting in the output of & sine wave of
exactly 440 Hz (440 x 1.00 = 440). Of course, we will be able to change the
ratio number, Edit switch 18, FREQUENCY COARSE, allows us to change
the ratic number by whole numbers. Multiplying a particular fundamental fre-
quency by whole numbers, remembet, gives us the karmonic overtones of that
frequency. Therefore, this parameter will allow us to step through the har-
monic series for any particular note:

EXERCISE 12:
Frequency coarse parameter;

1) INITIALIZE your DX7 and select algorithm #32. TURN OFF all
operators except operator 1.(“100000™)

2) VIEWing operator 1 {which is automatic since it is the only opera-
tor ON}, press edit switch 1B (FREQUENCY COARSE) and
OBSERVE that the rafto ntonber is at its delault value of 1.00. Play a
short, recognizable sequence of notes (i you don't know “Strangers
In the Night” then most anything else will do) on the keyboard (AU-
DIG CUE 12A).

3} Using the “yes” button in the data entry section {(which will act to
increment this value i steps of whele numbers), CHANGE the rahio
ntember to 2.00. OBSERVE that bottom Iine of LCD now reads “F
COARSE = 200",

4) Play the same series of notes on the keyboard and LISTEN. Your
melody has now been raised an octave! (AUDIO CUE 12B) Since

the rafio number has been doubled, all the notes have gone to their
second harmonic, which is an octave higher, For example, playing
middle ‘A" on the keyboard now results in an output of 880 Hz (440 x
2.00 = 880).

5) Continue playing the same sequence of notes, and as you do so,
CHANGE the value of the ratio number to 3.00. LISTEN and note
that the notes have now heen transposed up another musical fifth (to
the third harmonic). (AUDIO CUE 12C) NOTE that this change oc-
curred in real fime, as you were playing the notes. Since we are not af-
fecting output level, this parameter will change in real time.

6) Hold down a single key on the keyboard and use the “yes” button
in order to slowly CHANGE the sefio number upward tll you reach
the maximum value of 31.00. LISTEN as you: do so0 (AUDIO CUE
12D}, and NOTE that all of the resulting transpositions are musically
refated to the original pitch: after all, we are stepping through the har-
monic overtones, At the maximum value of 31.00, the DXT ts actually
multiplying the notes you play by 31, and so if you are holding down a
high note, it may well be supersonic at this point. NOTE that using
the data entry slider will mitiate the same changes as the “yes” but-
ton, but more rapidly.

7} Now reverse course and use the “no” button in order to slowly re-
turn the ratio number back to 1.00, LISTENing as you do so (AUDIO
CUE 12E). NOTE that below 1.00, you can lower the matio number to
its minimum of 0.50, thereby lowering your note to an octave below
where you started (remember, halving the frequency drops it an oc-
tave). NOTE once again that moving the data entry slider will change
these values quickly, and also in real Bme, as before.
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It may occur to sorne of you that the results we receive from this exercise are
extremely similar to those we enconntered from working with the Key Trans-
pose parameter (Exercise. 5, Chapter 2). How do they differ? The Key Trans-
pose allowed us to transpose an entire sound, and, since it was an edit parar-
eter, it was most definitely vorce-spectfic. However, the Frequency Coarse
parameter takes things a step further; it is aperator-specific, so we are chang-
ing the tuning of particular operators within the total sound. This will allow us,
by using additive synthests methods, to actually create a complex cotnposite
sound out of several, differently pitched, simple waveshapes. Therefore, we're
now ready to create our first real sound on the DX7:

EXERCISE 13
Creating a sound using additive synthesis:

1) INITIALIZE your DX7 and select algorithm #32. TURN OFF
operators 2 through 6 (operator status = “100000").

2 VIEWing cperator 1 (which is autematic since it is the only opera-
tor ON}, press edit switch 18 (FREQUENCY COARSE) and OB-
SERVE that the rafio ssumber is at its default value of 1,00, Fiay a few
notes on the keyboard to confirm that operator 1 has output level, and
press edit switch 27 (QUTPUT LEVEL) to visually confirm that fact.
3) TURN OFF gperator 1 and TURN ON operator 2 only (“010000"),
Since this is now the only operator on, the upper right-hand corner of
LCD should read “OP 2", Play a few notes on the keyboard. You
should not be hearing anything! Press switch 27 and OBSERVE that
the output level of operator 2 is defaulted to 0. CHANGE the output
level of operator 2 to 99, Play a few notes and LISTEN - it should be
there!

4) Press edit switch 18 again and CHANGE the rafic number for oper-
ator 2 t02.00. LISTEN and note that the operator is now an octave
higher (second harmonic).

5) TURN ON operator 1 again (“110000"). Play a few notes and LIS-
TEN. You should be hearing two sine waves playing tagether in oc-
taves (AUDIO CUE 134). The fact that we are hearing both sine
waves mixed together at the same outpat gives the result of a single
complex sound. This is the way that additive synthesis works.

6) TURN OFF operators 1 and 2 and TURN ON operator 3. Operator
status display should read “001000", CHANGE the cutput level of
operator 3 from its default of O to a new value of 99, CHANGE the ra-
tio number for operator 3 to 3.00. Play a few notes and LISTEN. The
operator is now playing every note at ite third harmoenic - an octave
and a fifth higher!

7) Selectively TURNING QN and OFF operators 1, 2, and 3, LIS-
TEN to the following combinations: operators 1 and 3 (AUDIO CUE
13B); operators 2 and 3 (AUDIO CUE 13C); and, fnally, all three
operators together (AUDIO CUE 13D). Starting to sound familiar?
The Hammond argan creates its sound by combining together sine
waves of vatious harmonic frequencies. Our DX7 is obwviously able to
simulate this method digitally.

8) TURN OFF operators 1, 2, and 3; and TURN ON operator 4
{“D00100"). Set operator 4 to an output level of 99 and give itan F
COARSE value of 4,00 (fourth harmonic = two octaves higher). Flay
a few notes on the keyboard to confirm this.

9 Using the same procedures, TURN ON operators 5 and 6 one at a
time, setting both to an output level of 99 and setting the ratio numbet
for operator 5 to 5.00 (the fifth harmonic) and operator 6 to 6,00 (the
sixth harmonic). LISTEN to each operator independently as you do

90,
10) Finally, TURN ON all six operators and LISTEN to the composite
result (AUDIO CUE 13E).




The Carrier /55

1) EXPERIMENT by changing the ratio numbers for vatious opera-
tors to different harmonics and by altering the output levels of differ
ent operators in order to achieve different blends. NOTE that nften
even small changes to either of these parameters will induce large
changes in the overall sound,

sounds are usually derived from simple sine waves, The trick is in combining
several sine waves of different pitch and volume in order to create an interest-
ing composite whole. In doig so, we have stumbled on one of the most im-
portant CARDINAL RULES of programming the DX7:

CARDINAL RULE 1: CHANGING THE OUTPUT
LEVEL OF A CARRIER WILL ALWAYS RESUIT IN A
CHANGE IN VOLUME.

Throughout the course of this book, we will probably be repeating this so
manytinmsthat:muwﬂlbesickofbeaﬁngiﬂBut this Cardinal Rule - and just
aﬁewolhers-isreaﬂythekeytounderstandjngmmpmgmmtheDXZ
Remember, wewamedyuuwaybackinChapterOnethateveryﬂﬁngwedom
pmgl‘amnﬁngsynthesiaersrehtesbackmﬂwmreepmmetersofsound-md
we've just learned how to control one of thern.

The output level control, then, can be thought of as a mixer. This is the way
that we can control the volume of various parts of our sound - if the operators
in question are CARRIERS (we'll see i the next chapter that modulators dor't
respord the same way).

Ohay, back to the various pitch data input controls. We've seen that the FRE-
QUENCY COARSE control allows us to change the ratio number in whole
number increments, But what if that's not what we need? Suppose, for exam-
ple, that we wanted a ratio number of 1,257 Or 97877 Or any other non-
whole number value? We can accomplish this with the FREQUENCY FINE
control - edit switch 19, This parameter will always allow you to as much as
nearly double whatever ratio number you currently have set, in fractions of
whole numbers. Its range is determined by the value of the FREQUENCY
COARSE control, For example, if F COARSFE - 1.00, then the range of the F
FINE controlis 1.00 to 1.99, in increments of 0.1, On the other hand, if F
COARSE = 2.00, then the range of the F FINE control is 2.00 to 298 In
increments of 80.2, An F COARSE of 3.00 will vield an F FINE range of 3.00
to 5.97 in increments of £0.3, and so on. Try it

EXERCISE 14

The frequency fine control:

1) INITIALIZE your DX7 ard set it to algorithm #32. TURN OFF
operators 2 through 6 (“100000™). Play 2 few notes and LISTEN. You
should be hearing a singje sine wave, mmhlgﬁ‘omoperatnrlonly
{AUDIO CUE 14).

2) Press edit switch 19 (FREQUENCY FINE parameter), and, using
the “yes-no” buttons or data entry slider, change the value of F FINE
to 1.50,

3) Play a few notes on the keyboard and LISTEN. The operator is
now playing a musical fifth higher than it was previously® (AUDIO
CUE 4B)

* For those of you who aren't sure why this should be, here's the ex-
phmﬁup: The third harmenic (a ratio nu;nber_uf 3.00) is an octave and



56 / The Complete DX7

VAVAY

i # 440 CYCLES/SEC.

Figure5-3

0L

. Q 439 CYCLES/SEC.

Figure 5-4

THICK LINE = 440 Cycles
THIM LINE = 339 Cycles

Figure5-5

4) CHANGE the F FINE value to 1.99. Play a few notes and LISTEN.
The operator is now playing &nearly (but not quite) an octave higher
than originalty. (AUDIO CUE KC)

5) Return the F FINE value to 1.00 and press edit switch 18 (FRE-
QUENCY COARSE). CHANGE the F COARSE value to 2.00. Play a
fow notes and confirm that it is now a perfect full octave higher. (AU-
DIO CUE D)

6) Press edit switch 19 and CHANGE the F FINE value through its
full range - 2.00 to 3.98. OBSERVE that it makes these changes in
increments of 0.20. As you are doing so, play a few notes on the key-
board and LISTEN (AUDIQ CUE 4E). NOTE that FREQUENCY
FINE, tike FREQUENCY COARSE, changes in real kme.

7) EXPERIMENT by setting the F COARSE of operator 1 to various
other vatues and menc}nngingtheFFINEvalue.Trydoingﬂlesame
with the other operators and Lsten to the composite resutt of setting
more than cne operator to various non-whole ratio numbers - the
results will probably be more than a littie cacophonous since we are
blending disharmonics rather than hasmonics. Bear in mind that the
entire purpose of the FREQUENCY FINE parameter is to allow you
to set an operator o a &disharmonic frequency.

One byproduct of the FREQUENCY FINE control is that by using i
at all, you will be changing the various FREQUENCY COARSE values
available to you - they will no jonger just be whole number values, Try
changing one of the operators to 3 F FINE value of 163, for example.
Now go back to the F COARSE control, and using the “ves” button,
step through the various increments available. You'll be surprised to
see that it does not offer you the values of 2.63, 3.63, or 4.63; but in-
stead gives you the strange options of 3.26, 4.89, and 6.52. These
values aren't quite so mysterious when you realize that 1,63 times
200 equals 3.26; that 163 times 3.00 equals 4.89; and that 1.63 times
4,00 equals 6,52. In any event, if it appears at any time that the F
COARSE coutrol is not giving you whole number values, simply go to
the F FINE control and move the data entry slider down to its Jowest
position. That will drop the F FINE value to be exactly equal to the F
COARSE value and things will cperate normally.

The Detune Control

In order to understand the workings of this control, we need to discuss the
acoustic phenomenon of bealing. Whenever we hear two sounds simultane-
ously of nearly, but not exactly, the same frequency, we will encounter this ef-
fect. Let's suppose, for example, that we play A440 on a pi2no that's just been
tuned. On an oscilloscope, the wave might look something like this: (See Fig-
ure 5-3.)

Now let’s wheel another piano into the same rocm, and this one hasn't been
tuned in quite a while, so it’s middle A is actually at 439 Hz. On the oscillo-
scope, it would look Iike this: (See Figure 5-4.)

Let’s get the two pianos next to each othe, stretch our arms out, and play
middie A on both pianos simnultaneously. The oscilloscope would actually show
a compasite wave, but if we use our imagination we can theorize that the two
waves together look something fike this: (See Figure 5-5.)

As you can see, there are areas where the two waves cross each other and
there are many more areas where they diverge. Because in our example the
two waves differed in frequency by exactly one Hz, the amount of time be-
tween each cross-over point will be exactly one secord, Each time they cross,
the sound will increase in volume because the two waves reinforce one an-
other. Each time they diverge, the opposite will happen. In short, we will bear
asoundthatpeﬁudicaﬂyhcreasesanddecreasesmme.orbears.m
difference, in Hz, between our two frequencies dictates how often the beat-
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ing occurs. It stands to reason, therefore, that the closer together our fre-
quencies are, the less frequently they beat. The further dpart they are, the
faster the beating (until, at a certain point, the beating disappears altogether
and we simply perceive two different pitches - remember. this is a phenome-
non that occurs only if the two seunds in guestion are very close to one an-
ather in frequency}. For example, an A440 together with an A439 will beat
once per second, whereas an A440 together with an A438 will beat twice per
second.

This is a technique commonly used by guitarists and bass players everywhere.
What these strange people will do (myself included - defnitely!) to tune their
instnm:entsupistoplaythesamemm-usuaﬂyasahamwnic-onmdiﬁer-
ent strings. They then change the tuning of ane of the strings, listening to the
beating, until it skows down and finally disappears. At that point, the two
strings are deemed to be perfectly in tune (Anybody ever hear the story abowt
mep:nﬂfmckerwhoﬁ:mﬂygnthisgiﬂtarhtune, s0 he welded the tuning
heads? Never mind...),

Beating is also used to great effect by analog synthesizers. In fact, this is the
main explanation for the rich, lush sounds that these instruments are known
for. Most of these instruments typically employ two or more analog oscillators
as their sound source, and, as we know, it is impossible to expect two voltages
to ever remain stable enough fong enough to avoid drifting, If voul tune two
analog oscillators to the “same” frequency, what you are actually doing is tun-
ing them to nearly the same frequency. Even then, the differences in fre-
quency between them will constantly be changing. Without the use of some
kind of electrical synchrenization circuit (which is comnmanly available but in-
frequently used), there is no way to get two analog oscillators perfectly in
tune with one another, The end result is that the analog synthesizer is usually
outputting signals that are beating in Varying interesting manners, and this is
what is largely responsible for their “warmth”
Acoustic instruments also beat most of the time. In the case of a piano, that’s
pretty obvious since each note has two or three strings, and the best plano
tuner in the world cannot (and wor't even want t0) get these strings per-
fectly in tune with one another. The point is that beatin g is an integral part of
most musical sounds in existence. Obviously, we want to be able to induce this
-in pur DX7. And here's where a potential problem arises, Unlike our analog
cousins, the DX7 has digital osciltators, This means that there is theoteti-
cally no potential whatever for distortions or drifting in the signal they gener-
ate. We will have to program these distortions, and, even then, they will be
“perfect” distortions - which means that it is practically impossible for a digital
synthesizer of any kind to exactly reproduce the unpredictable changes in
sound that an analog synthesizer generates. In return for this restriction, how-
ever, we lmow that we have much finer control over what we are actually do-
ing. There is a method on the DX7 for inducing beating effects - anditisa
much more precise method than any found on analog machines,

We've learned that in order to make a sound beat, we need ta generate two
very similar frequencies. Well, one way we could do that on the DX7 would be
0 use the FREQUENCY FINE centrol. This will enable us to gererate bwo
sine waves that are slightly out of tune with one another. If, for example, aper-
ator 1 is given a ratio number of 1.00 and operator 2 a value of 1.01, then play-
ing middle *A" on the keyboard will result in two sine waves, one of 440 Hz
(4403 1.00 = 440) and the other of 4444 Hz (440 x 1.01 — 444.4), resulting
it & beating occurring once per 4.4 seconds (4444 - 440 = 44). Let’s try an
mrtisafhatﬁrstaﬂawsustomnﬁrmthatmbeaﬁngommshtheiniﬁaﬁzed
state.andthenaliowsustosmupﬂwmmple above and hear the resuit:
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EXERCISE 15

Using the Frequency Fine control for beating effects:

1) INITIALIZE your DX7 and select algorithm #32. TURN OFF
operators 2 threugh 6 {operator status = “100000"). Play a few notes
andLlSTEN,conﬁrrningﬂmtynuareheaﬂngopemorL

2 Usingeditswitchesl’dlﬂ.andlB,OBSERVEﬂmtoperamrlisat
its default values; MODE = FREQUENCY(RATIO), F COARSE —
1.00, and F FINE = 100, TURN OFF operator 1.

3) TURN ON operator 2 only (“010000™). CHANGE its output lewel
from the defiault of G to a value of 99, using edit switch 27 and the data
entry controls,

4) Ushgeditswitcheslﬂ]B,and]ﬁ.OBSERVEﬂmtopemtotZisat
the same default values as operator 1. Play a few notes and LISTEN,
There should be no difference whatsoever in the sound between
operators 1 and 2,

5} TURN ON operator 1 (“110000") and play a few notes, LISTEN-
ingtothecompositereaultufopemtorslandmogﬂherMUDIO
CUE 15A). NOTE that, apart from an increase in volurne, there is no
perceptible difference between the sound of hoth operators together
and the scund of either alone. The overall volume has ncreased be-
cause the two operators are exactly in tune with one another and so
their waves are reinforcing at every point: (See Figure 5-6.)

'6) Using the OPERATOR SELECT switch, VIEW operator 2 and,
with edit switch 19, CHANGE its F FINE value to 1.01.

7} Hold down Middle A on the keyhoard and LISTEN (AUDIO CUE
15B). You should be hearing a composite sound of two sine waves
beafing against one another 4.4 times pat second.

8) Keeping all values intact, press and hold down “4” abave Middle A
and LISTEN (AUDIO CUE 15C). You should now be hearing a com-
posite sound of two sine waves beating against one another 8.8 times
per zecond! EXPERIMENT by playing and holding down some more
notes, individually, and in chords, and NOTE that, the bigher the note
you play, the famter the beating, and vice-versa. Alsg NOTE that each
octave higher produces beats twice as fast, and each octave iower
half as fast,

9) CHANGE the F FINE value for operator 2 to 1.02. Hold down a
noteandOBSER\?Ethztthebeatingisomuﬁngmommﬁdihr.Kaep-
ing the note held down, continue incrementing the F FINE value for
operator 2 unti] the beating disappears and you hear two very sour
netes! Reverse course and slowly decrease the F FINE value for
operator 2 back to 1.00 and NOTE thst the beating akmws down and §-
nally disappears altogether as we hear the composite result of two
sine waves perfectly in tune with one another.

So far, 50 pood. But the problem is, the FREQUENCY FINE control will al-
Iowustogetourtwnoperatomonlysodosetouneanotherhpitch.lfwe
couldsomehowgetthemdosersﬁﬂ..welmowthatwewnuldhearourbeath:g
occurting more showly, and this will often produce a very desirable warmth to
our sound. Fear nat, because the DETUNE contrul lets us do just that - itia
simply a finer fine tuning control!

WhatthedehmecontmldﬂesistobreakdownmemmﬂestFREQUENCY
FINE increment (which we have seen changes according to the FRE-
QUENCY COARSE value) into fifteen further increments! These are ar-
ranged as values of -7 to +7, with 0 as the center point: (See Figure 57)

DETUNING an operator to a negative vahie will ever so slghtly flatten its
note whereas changing it to a positive value will ever so slightly sharpeniit,
This is the reason why 0 has been provided as a center point - if vou dor't
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want a particular operator to be detumed at all, you just set the DETUNE
value to 0. As you might expect, thenutlalweddefalﬂtforthlsparametermﬁ
for all operators. Let’s try using it:

EXERCISE 16
The Detune Control:

1) INITIALIZE your DX7 and select algorithm #32. TURN QFF
operators 3 through 6 {operator status = “1100007).

2) Press edit switch 20 (DETUNE parameter} and use the OPERA-
TOR SELECT switch in order to VIEW operator 1. Confirm that the
default value for this is 0 (bottom line of LCD should read “OSC DE-
TUNE = 0"). Now TURN OFF operator 1 (“010000™).

3) Press edit switch 27 and CHANGE the cutput level of operator 2
from ite default of 0 to a new value of 99, enabling us to hear it.

4) Press edit switch 20 and CHANGE the DETUNE value for oper-
ator 2to "'+ 7" (bottom line of LCD should read “0SC DETUNE =
+ 7). This will have the effect of making whatever frequencies opera-
tor 2 outputs slightly more sharp than normal - bt not guite as much
as a F FINE setting of 1.01 would do.

5) Play a few notes and LISTEN, first to cperator 2 alone, and then,
using the OPERATOR ON/OFF switches, to operator 1 on its own
(AUDIO CUE 16A). You may not be able to tell any discernable differ-
ence between them since the change in pitch is very slight.

6} TURN ON both operators 1 and 2 (*110000'" and hold down 2
note on the keyboard. LISTEN! {AUDI0O CUE 15B) You should be
hearing the composite sound of two sine waves gently and slowly
beating against one another.

7} Holding down the same note, use the “no” button in the dakz entry
section to slowly decrease the DETUNE value for operator 2back
to 0. LISTEN {AUDIO CUE 16C). NOTE that as you approach 0 the
beating slows down and finally disappears altogether at the value of 0,
NOTE also that this parameter changes in real ime .

8) Keeping the same note held down, continue using the “n0” button
to decrease the DETUNE value for opemtorzi:t}tnitsmgamaenum
bers until yout reach -7 (LCD reads “OSC DETUNE = 7. LISTEN
(AUDIO CUE 16D) and NOTE that the audible result is the same as
in step 7 above. Whether we sharpen or fiatten one of the frequencies
doesn’t matter, so long as the difference between the two remains
constant (.e. 441 - 440 equals 1, as 440 - 439 also equals 1}.

9) EXPERIMENT by playing chords as well as single notes.
Femember that each note is beating at a different rate! (the higher the
note, the faster the beating) and so we derive strikingly beautiful ef-
fects (AUDIO CUE 16E). EXPERIMENT further by adding in various
other operators at the same F COARSE and F FINE values but at
different DETUNE values and NOTE that very complex and elegant
movements in the sound can be obtained in this manner.

Of course, the beatings we can generate using this control will be “perfect”
and unchanging effects, but with up to six different operators at our dispesal,
we can mask the regularity of this movement safficiently to emulate the un-
predictability of the analog synthesizer or the acoustic instrument. Beating is
by far cne of the most important effects we can use to "humanize” the sounds
we create ont the DX7. In general, it's sornething you de towards the end of a
programming session, but it's always worth trving and usually produces a
warnith to the sound which is desirable and difficult to achieve otherwise. Un-
like the analog synthesizer, however, we aren't forced to have it present if we
doro't want it - just set the DETUNE contro] to  and {apart from special cir-
cumstances to be revealed later) there will be no beating coming from your
DX7
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Fixed frequency mode

Earfer on, we mentioned that an alternative existed for the FRE-
QUENCY(RATIO) mode. In the FREQUENCY(RATIO) mode, the pitch we
hear changes as we play different notes on the keybeard because, even though
the ratic number retnains constant, the frequency number is continually being
updated and revised (by the action of us playing the different notes!). This al-
ternative mode is called FIXED FREQUENCY , and any operators put into
this mode will o longer generate ratio numbers, nor will the computer do its
multinlications. Instead, we will use the FREQUENCY COARSE, FRE-
QUENCY FINE, and DETUNE controls to designate 2 particular fixed fre-
quency at which the oscillator in question will generate its signal. This rmeans,
in plain English, that no matter what note we play on the keyboard, we will
hear the same fixed pitch. There are many potential uses for this effect, but
for those of you who are heavily into bagpipes, the first and most obvious is in
setting up drones (sometimes called pedal tones}.

Before we run an exercise showing you how to do this, let’s preview the
mechanics of bow we set the fixed frequency we require. Edit switch 17 will al-
kow us to put an operator into this mode in the first place, and edit switches 18,
19, and 20 together will actually determine the frequency. Edit switch 18, the
FREQUENCY COARSE control will, as its narne implies, set the coarse
range, either from 1 Hz to 10 Hz; 10 Hz to 100 Hz; 100 Hz to 1000 Hz: or 1000
Hz to 10,000 Hz. The four different set FREQUENCY COARSE vahies availa-
ble to us in fixed frequency mode are 1.000 Hz, 10,00 Hz, 100.0 Hz, and 1000
Hz. As you can see, when you cycle between these values (by pressing the
“yes/ng” buttons), we are simply shifting the decimal point.

Having set the coarse range, we can use the FREQUENCY FINE control to
zero in on the particular frequency desired, and the DETUNE control if we
wish to make further slight alterations to the pitch. NOTE that function con-
trol 1, MASTER TUNE ADJUST, will have no effect on any operators in
FIXED FREQUENCY mode.

EXERCISE 17
Fixed frequency mode:

1) INITIALIZE your DX7 and select algorithm #32. TURN OFF
operators 2 through 6 (operator status display = “100000™).

2) Press edit switch 17 once and, using the “ves” button in the data
entry section, change the MODE for operator 1 (the only operator
aon) to “FIXED FREQUENCY" (bottom line of LCD reads “FIXED
FREQ. (Hz)").

3) Press edit switch 18 (FREQUENCY COARSE) and OBSERVE
that the coarse range is currently 10 Hz - 100 Hz (bottom line of LCD
reads “F COARSE = 10.00 Hz), and that the current fixed frequency
is exactly 10.00 Hz.

4) Play a few notes on the keyboard and LISTEN. You should not be
hearing any sound. Why is this? Because 30.00 Hz is a subsosic fre-
quency, below the range of human hearing (see Chapter 1).

5) Pressﬂm"yes"buttanhthedatae:ﬂys&cﬁanmtochmge
the F COARSE value to 100.0 Hz. The range is now 100 Hz - 1000 Hz
and the current fixed frequency is exactly 100 Hz, now in the audible
range.

6) Play a few notes on the keyboard and LISTEN (AUDIO CUE
174). NOTE that you hear the same low tone, approximately A flat be-
low Middle A, no matter what key you press.

7) Press the “yes” button again and LISTEN (AUDIO CUE 17B) as
you play a few noles on the keyboard. Our range is now 1000 Hz -
10,000 Hz and our fixed frequency is now exactly 1000 Hz, NOTE that
we hear the same high-pitched tone regardless of which key we press
on the keyhoard.
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8) Press the "yes” button one more time and NOTE that the ange
ismow 1 Hz - 10 Hz, the fixed frequency is now exactly 1 Hz, and that
playing keys on the keyboard vields no sound (since 1 Hz is subau-
dio). Press the “ves” button two more times to return us to a range of
100 Hz - 1000 Hz.
9) Press edit switch 19 (FREQUENCY FINE), and, using the con-
trols in the data entry section, increase the F FINE value slowly. Hold
down: 4 note on the keyboard as you do so, LISTENing (AUDIO CUR
17C). NOTE that, while the pitch you hear sweeps smoothly, the LCD
slmwsusmﬂyparticularvaluesinﬂaerange 1000 - 977.2 Hz* Entera
value of 436.5 Hz in the F FINE parameter.
10) Press edit switch 20 (DETUNE) and, using the data entry con-
trols, enter a valye of +7 Cperator 1 is now outputting a fixed fre-
Euegcy of 436.5, sharpened slightly to nearly 440, LISTEN (AUDIO
UE I7D).
11} TURN OFF aperator 1 and TURN ON operator 2 {(“C10000™M,
Pmsseditswitch.??and, usingtheda!aenuyconmls. etiter an out-
put level of 99, enabling us to hear operater 2, Play a few notes on
the keyboard and LISTEN,
12} Press edit switches 17, 18, 18, and 20 in succession to confirm
that operator 2is at its default vahues (MODE = FREQUENCY(RA-
TI0), F COARSE = 1.00, F FINE = 1.00, DETUNE = ).
13) TURN ON operator 1 again (“110000™) and play Middle A on the
keyboard. LISTEN (AUDIO CUE 17E). There probably will be some
ing, since the two operators we are hesaring are close in fre-
quency, but not exactly in with one another, Operator 2is close to
440 Hz {dependmg upon the MASTER TUNE ADJUST setting) and
operator 1 is also nearly 440 Hz (4365, DETUNED up +7). the
beating is very rapid, go to the next step, otherwise skip ahead to
step 15.
M) Place your DX7 in function mode by pressing the “functign” key
in the mode select section. Press function switch 1 (MAS TUNE AD]).
Hold down Middle A op the keyboard and, using the data entry slider,
adjust the tuning until the beating slows down to its slowest point. Re-
turn the DX7 to edit mode by pressing the “edit” mode select switch,
15} Now try playing severa] different notes and a melody or two (AU-
DIO CUE 17F). LISTEN and NOTE that, while operator 2 pucks the
keyboard (since it is in FREQUENCY, (RATTO) mode), operator 1 is
playing Middle A as a pedal tone, providing a drone.,
16} Using the OPERATOR SELECT switch, VIEW operator 1.
Press edit sndtchl&andusathedataentrysliderto change the pitch
of the drone. EXPERIMENT with different pitches, and alse try

4365 or even 4.365 Hz!,

17} EXPERIMENT by adding in other operators and setting them to
various other fixed frequencies. NOTE that you can create chords
that drone (not just individual nctesty by using this technique.

18) EXPERIMENT by setting several operztors to the same fixed
frequency and then using the DETUNE control to create interesting
beating effects within the drone!

* Why these particular vahies? Because of size restrictions in the DX7 mem-

, only @ finite number of values can be offered to us; what Yamaha's soft-
vare engineers did was to divide the entine potextial F Fine range by the tota!
number of values available, and certain frequencies happened to fall at these
points. Oneunfortunatebypmductofﬂﬁsisthatwecannotacceasanmct
440 Hz frequency for reference tuning with this parareter,
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It wumdappearatthemomentt!mthavingthe option of subaudio fixed fre-
quencies is a waste and that is certainly true whet working with unmodutated
carriers only. We will see in the very next chapter, however, that

however, changes very drastically when we introduce MODULATORS mtothe
picture!

If you're ever in doubt as to whether a particular operator is in FRE-
QUENCY(RATIO) or FIXED FREQUENCY mode, there are three easy ways
to find out. First of all, you can listen to it on its ovwn by shutting off the other
operators and see whether playing different keys on the keyboard changes its
pitch (of course, this will only apply to CARRIERS since you can't ever hear
MOCDULATORS). Secondly, you can go into edit mode and press switch 17 -
the LCD will clearly tell you what mode your operator is . Thirdly, you can
go imto edit mode and select either switches 18 or 19 - FREQUENCY
COARSE or FREQUENCY FINE. Look at the LCD, If the number is followed
by a “Hz", then your operator is in FIXED FREQUENCY mode; if not, you're
in FREQUENCY(RATIO).

Oscillator Key Synchronization

This is far and awey the most inconsequential of all the edit parameters, but in
explaining it, we will need to for the first time discuss precisely how the DX7
is able to play up to 16 notes at a time. The obvious answer might be that the
DX7 actually has 96 (16 x 6} cperators. However, this is NOT the case. The
mechanics of how this polyphony occurs can be explained very simply.

First of all, we know that the DX7 is a computer, and that it is constantly nm-
ning thousands and thousands of computations. When we want to finally hear,
say, a Middle C of a flute sound, the DX7 has to come up with a mathematical
equation that will deliver just that. It can do all of ts computations in advance -
except for one final plece of the puzzle - and that is which note you wish to
hear. The DX7, after all, has no way of ascertaining that until you actually
press a key down on the keyboard. The microprocessor in the machine - the
central “brain” - receives this keyboard nformation a note at a time, even if
you play chords! This i1s OK because remember that computers are capable of
doing their thing at speeds so fast that these events appear simuiltanecus to
we mere mortals. As each note value arrives at the microprocessor, it
instantly completes the calculation and sends the resulting stream of numbers
on their merry way to one of sixteen tone generators in the instrument.
These tone gererators then relay the data on to the DAL, When the next set
of keyboard instructions arrive, if the first tone generator is still in use, the
micreprocessor simply shunts them to the next one, and so on down the Ene,
I all sixteen tone generators are in use, the frst one is reallocated for the new
data (meaning that the first note we plaved on the keyboard is robbed - thus
the term “woice robbing”, or last-note priovity) , and so on down the line. This
entire procedure is called voice assignment : (See Figure 5-8.)

TONE GENERATORS:

DAC
1 2 3 o 7 2 16
IST IRD ¢TH 0 Perr PreTh’
NOTE NOTI NOTE Tmm? nate| nNotE N

MIC ROPROCESSOR

ﬁ ﬁ fﬁ ﬁ imm (WHICH ARE BEING PLAYED)

Figure5-8
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All of which brings us to the point of this discussion: What is oscillalor key
sync? When you press edit switch 17 twice, you will see a new message in the
LCD. The bottom line will read “0SC KEY SYNC = ON” ior OFF). This pa-
rameter aliows us to specify for the DX7 how we would like it to output the
voice data to the DAC with each new key depression. If we set the oscillator
key synchronization ON, then each new set of data (that is, each voire), wil
always begin with the number zero and then go positive only, causing the
“wave” to always start at the beginning of its cycle, like this: (See Figure
5.9

Alternatively, if we set the oscillator key sync OFF, then each new tone
generator will simply pick up from where it left off Iast time it was in use, like
this: (See Figure 5-10.)

We turn the oscillator key sync ON or OFF by using the “yes-no” buttons
{which moonlight as “on-off” buttons - leck underneath them) in the data en-
Ty section.

What audible difference will we hear in having the OSC KEY SYNC on or of?
This is a very subtle effect, so in most cases, none. However, you may find
that having it OFF will make simulated acoustic instrument voices sound a Jit-
tle more natural, since each key depression will produce a wave starting at a
slightly different time. Having it ON will tend to sharpen the initial attack of
most sounds. But, for the most part, it will make kittle difference; that's why
Yamaha didn't even think it merited a switch of its own and instead “buried”
this parameter beneath the oscillator MODE switch {edit switch 17).

If you're interested in hearing the different effects of oscillator key synchroni-
zation, try initializing your DX7, select algorithm #32 and set the output level
of ll six operators to the maximum vahie of 99. Press edit switch 17 twice and
note that the initialization default for this (non-operator-specific) parameter is
OSC KEY SYNC = ON. Play a three-note chord on the keyboard (you'll hear
this effect better with low frequencies than with high ones, so play a low
three-note chord) and listen - notice that the sound is sharp and that no beat-
ing whatsoever is present since all six operators are tracking the keyboard
precisely the same way, and since all three tone generators are starting their
waves at the same time. Now use the "no” button to set the OSC KEY SYNC
= OFF. Play the same three-note chord again and this time notice that the
volume is now just a bit softer and that some gentle movements in the sound
can be detected. When the sync was ON, all three tone generators output
their waves perfectly in phase with one another {more about that in the next
chapter): (See Figure 5-11.)
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Figure 5-11
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When the sync was OFF, all three tone generators started their waves at
different times (actually at the point at which they last left off), s0 that they
were slightly out-of-phase (again, we'll get more into this in the next chapter),
accounting for the movement and slightly smoathed attack that we heard:
{See Figure 5-12.)

OSC KEY SYNC OFF;

— b T

UQUOOQJUDODODUDODqu’

TO DAC

TONE GENERATOR #1 TONE GENERATOR. #2 TONE GENERATOR #3

FROM MICROPROCESSOR

Figure 5.12

Summing up: One final word - in all the exercises in this chapter we
have been careful to work only in algorithm #32 since this is the only al-
gorithm with all CARRIERS. Whenever you work with algorithm #32 (and it
is untikely that you will use it much except for generating organ sounds) you
are not using dygital FM . Instead, we are using conventional digital additive
synthesis techniques, and greatly simplified, this is the way that all non-FM
digital synthesizers work. So even though you thought buying this book would
teach you only ahout the DX7, we are actually touching on other areas of
broader interest. Let’s leave simple sine waves behind now and move on to the
Wonderful World of MODULATORS and complex timbres.

SWITCHES AND CONTROLS COVERED IN CHAPTER FIVE:

SWITCH PARAMETER COMMENTS
Edit 17 (once) Oscillator mode FREQUENCY (RATIO) or
FIXED FREQUENCY
Edit 17 (twice) Oscillator Key Sync On - Off
Edit 18 Frequency Coarse Range 1.00 - 31.00
in FREQ(RATIO) mode;
Range 1.00 Hz-1000 Hz
in FIXED FREQ mode
Edit 19 Frequency Fine Range determined by
F COARSE setting
Edit 20 Detune Range -7 to +7;

0 is center point



CHAPTER SIX:
THE MODULATOR

We have learned that the sole purpose of having modulators is to allow us to
Zenerzate complex timbres - that i3, sounds with overtones, Algorithm #32,
which we examined in great detail in the previous chapter, allows to do all
kinds of wonderful manipulations - but in all cases, we were working with sim-
ple pine waves, sounds that had no overtones.

When we use modulators to cause other operators to generate overtones,
there are really only two things that we need to ask ourselves in order to de-
termine what type of sound we hear, and these two questions are:

1) What type of avertones are we hearing?, and
2) How many of each of these overtones are we hearing?

If we can answer these questions in advance, then we can completely control
and predetermine what type of sounds we will be creating. (Bear in mind,
again, that until we learn more about envelope generators and a few of the
other similar devices on the DX7, our sound is still not changing over time, and
this change in a sound is obviously an important facter. But let's take things
one step at a time. ..)

These two questions can further be described as gualitative and quanfitative
ones, The first question, “what type of cvertones?” is the gualtiative one, and
can be answered in a variety of ways. For example, we may be producing har-
monic gvertones exclusively, or disharmonic exclusively, or (more often,)
some cotnbination of both. Then, we will have to ask the question, “which
harmonics?”, or “which disharmonics?”, or “what combination of each?”.
These are all gualitative questions.

The second question is the quantitative one. Having somehow described
which overtones we are generating, we now need to determine how many of
each of these overtones we hear, relative to each other and to the fundamental
frequency.

As we saw in Chapter One, it is the type and amount of overtones that de-
termines a sound’s characteristic imbre , and so asking ourselves these two
questions first will allow us to selectively generate in our DX7 just about any
kind of timbre we can envision.

For each of these questions there is an associated parameter that will setve to
answet them, and these are as foliows:

1) We determine the type of overtones generated {the gualitative
question) by something called FREQUENCY RATIC . {Note: not
“FREQUENCY (RATTO)" - no parentheses used here).

2) We determine the relative amplitude (amount) of each of these
overtones generated (the granfifative question) by the QUTPUT
LEVEL of the MODIUTATOR .
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Let’s talk about the latter one first, as it's easy to understand. If our modulator

is somehow causing the carrier to

ral: (See Figure 6-1.)

Benerate overtones by sending it output sig-

Pitch Data

Modislation

PITCH DATA

Y

OSCILLATOR |

OUTPUT TO

'\\

AMFLIFIER

ENVELOPE
GENERATOR

MODULATHON
DATA

DATA

OSCILLATOR |~ g AMPLIFIER

[~
OUTPUT
\_+*

ENVELOPE
GENERATOR

y

DATA

Figure6-1

then, logically, the more cutput signal it sends, the more effect it will have -
the greater the amplitude of the overtones being generated. This is precisely
the way things actually work. And this brings us to another extremely impor-
tant CARDINAL RULE:

CARDINAL RULE TWO: CHANGING THE OUTPUT LEVELOF A
MODULATOR WILL ALWAYS RESULT IN A CHANGE IN TIMBRE

Specifically, a quantitative change i timbre: the greater the output level of
the modulator, the greater the amplitude of the overtones we are generating;
hence, the brighter the sound] The less the output level of the modulator,
the lesser the amplitude of the overtones: hence, the duller (or warmer )
the sound!

“menlteachmy[}}{?classhfmntofamomuftypical!ywnrldlyandex-
perienced musicians and DX7 owners ] usually insist that they write this rule
downandputasterisksallamundit!lmmotstressenomhhawimpurtantit
is to digest, understand, and thoroughly comprehend both of these CARDI-
NAL RULES - after all, that’s why they are CRs! (for those of you with short
memories, CARDINAL RULE ONE, as put forward in the last chapter, states
that wherever you change the output level of a carrier , you will induce a
chang;einvolume.ThisisequaﬂyaaimportantasCardinalMTm)

Now let’s go back and talk about the qualitative parameter - the mysteriously
previewed freguency ratio . In plain English, the frequency ratio is simply the
relative speed of the two operators involved. For example, is the modutator
traveling at exactly the same speed as the carrier? Is it traveling at twice the
carrier’s speed?? Or half its speed?? Or 14.23 times its speed??? {See Fig-
ure 6-2.)

ALG. #1;

FCOARSE

[ Jovs

REQ.# = 440 Ratio® = 1.00

FCQARSE

[18Jeory) o,

RECQL# = 440 Ratio? = LUV

DATA

MIDDLE A (440}

Figure6-2



The Modulator / 67

Intheahow:emmple,playm,ga “Middle A" on the keyboard will cause the
carrier to run at exactly 440 Hz, since its ratio number is set to 1.00; and the
modulator will also travel 440 times per second since it has the sane ratio
number. Playing the ‘4" below “Middle A" wilt similarly cause both of them to
nmatzﬂl.‘)Hz.Infact,pla}-inganynoteataﬂwillcamebothofthemtomel
il precisely the same frequency, since they have the same ratio number.
The frequency ratio is usually expressed as two numbers separated by a co-
hn,asinanya]gebmicmﬁo.memmﬁonwithdjgitalFMhmtmmemis
that the first number of the ratio represents the modulator . Hence, the fre-
quency ralto in the above example would be 7:1 .

On the other hand, suppose we were to double the ratio number for our
modulator only: (See Figure 6-3.)

F COARSE F COARSE 0
ALG.#1: |6 [LeTor2) 18 0Py DAC
FREQ.# = 440 Ratiok = @ Ratio# = 1.00
5 /
2] |4
[
1 3 DATA EGDATA EGDATA

MIDDLE A (440)

Figure 6.3

Playing “Middle A" on the keyboard would still cause operator 1, the carner,
to run at 440 Hz, since its ratio number is still 1.00, However, gince operator
2, the modulator, now has = matio nutnber of 2,00, it will now output a signal
SBGtimespersacond!Theﬁ'equeucyraﬁointhiscasewnu]dbesaidtube
2:1, If we reversed things so that operator 2's ratio pumber wers restored to
1.00, and operator I's changed to 2.00: (See Figure 6-4.)

FCOARSE F COAREE
ALG.#1: [6 [18 Joray [1] ccopny P
REQ# = 440 Ratio# = 1.00 FREQ.# = 440 Ratiok @
3 \ . P

2 4

1 3 {3 DATA

MIDILE A (440)
Figureg4

then our frequency ratio would now be 1.2 . Remember, the first number gl-
Ways represents the modulator , and the second, the receiving operator {in
this particular example, a carrier).

Frememymﬁoscmofcoumebeexpressedasdedmalshsteadufjustwhoie
mmbemFbrmmple.aﬁequencymﬁuuii&:lwmﬂdmeanthatourmdu-
H@rmﬂwayameﬁngdﬁaﬁmesfasterﬂnnthe.wﬂer.ﬂﬁ'equencymﬁo
dzz?muhmnﬂmtmecnnierwasalwaysmhg%ﬁmeshsterthan

the modulator (think about itf),
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" ¥ sawToOTIL RAMP)

For those of you who were never very good at math, this may be 2 little hit
problematic, but stick with it, because this is obviously a very important factor
in creating sounds on the DX7 ¥/hat we are saying here is that every time
you vary the relative speeds of the modulator and the carrier, you
will hear a totally different set of overtones . The enormous value of
this concept is that it allows us to construct on the DX7 virtually any kind of
waveshape!

Later on in this chapter we will be talking more about the concept of “fre-
quency ratio” and its importance in creating sounds but for now lets see how
we can use these two controls, the gualitative and the guenfilative | to make
some more new sounds.

Analog synthesizers, which use suhtractive synthesis systems, generate
timbres by starting with one or two fixed waveshapes and then temoving
whatever overtones are not desired. The fixed waveshapes used in analeg
synthesis are important to us because analog synthesizers have, after all, been
around a lot longer than the DX7; and traditional so-called “synthesized” or
“electronic” sounds have generally been constructed using these particular
waveshapes. The first standard analog timbre, the sine wave, is one with
which we have already become very familiar. Two others that we will wark
with now are called the sawinoth , or ramp wave; and the square wave. Keep-
ing in mind, of course, that the timbre of a sound determines it's wave
shape, let’s take a look at how these two waves appear on an oscilloscope:
(See Figure 6-5A and 8-5B.)

These waves have very different shapes because they have very different
overtone contents , or timbres . The sawtooth wave (sometimes called a
ramp wave) is very rich in harmonics, and actually containg all the harmonic
overtones, in slowly decreasing amounts. That is, it has a great deal of fim-
damental, foliowed by nearly as much second harmonic, followed by nearly as
much third harmonic, etc., ete., until we can't hear arty more. (See Figure
6-6.)

WAVE
Figure 6-54
I
o )
Y
Fipure 6-58
=
=z
—
()
=z
-
FUDAMENTAL

2 345 67 8 6 10111213 14 1516 17 18 19

Figure6-6

This wave, being very musical, contains little or no disharmenics. The charac-
teristic sound of the sawtooth wave is very bright and buzzy. This makes
sense since it contains many overtones, in large quantities (Rernember - the
greater the amplitude of the overtones, the brighter the sound, right?). Typi-
cally, sawtooth waves are used to generate the big, brassy sounds that analog
synthesizers are so renowned for.

Not wanting to be left out, the DX7 can also generate a sawtooth wave, and
quite easily, at that! There is a recipe we can follow, and it goes like this:

RECIPE: Set the frequency ratio to 1:1. Set the output level of the modulator
to maximum (99), Set in a cookie dish and bake well 45 minutes. Serves many.
(Sorry bout that! Ignore the last two sentences, and let’s get back to
hueiness...)
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Seriously, this is the recipe for generating a sawtooth wave on the DX7 and, in
just a moment, we'll run an exercise and try it. First, there must surely be
those among you who are wondering, Why? Why a sawtooth wave and not 2
grpmhdt] wave?? (somewhere out there, I know someone is frantically looking
up “grpkdtl” in a dictionary. For you, sir or madam: there is no such thing.}
What's 50 special about these particular settings (frequency ratio of 1:1 and
modulator output level of 39)?? For those who truly want to know, there isa
mathematical explanation, but you won't get it herel The theory of digital FM
to this degree is unfortunately well beyond the scope of this book. Dr. John
Chowning of Stanford University (the originator of the digital FM process) has
published many scientific papers in the Computer Music Journal and in several
Audio Engineering Society publications, which explain this and many other
bylaws of digital FM in great detail. I would steer any of vou who are interested
in such detailed explanations i that direction. But just as it is unnecessary to
understand the theory of combustion engines in order to drive a car, it is un-
necessary to understand these complex theorems in order to use a DX7. We'll
only be following a couple of these unsubstantiated recipes, so I ask your in-
dulgence, and just say (in the magic words of the music business) - trust ma!
They work!!

Now to run our exercise. For this exercise, and quite a few more to boat, we
will be worlang not with algorithm #32, aa in the past, but instead with the de-
fault algorithm, algorithm #1. (See Figure 67.)

Algorithm #32 is abviously unsuitable for our purposes here since it doesn't
provide us with atty modulators. All of the remaining 31 algorithms do but we
might just as well stick with #1, as it is where the DX7 puts us when we initial-
ize anyway. We will not concern owrselves with the right-hand stack of opera-
tors 3, 4, 5, and 6; but we will simply be using the system of operators 1 and 2:
{See Figure 6-8.}

As our diagram clearly indicates (and by all means check the algorithm dia-
gram on the machine itself to confirm that our diagram is correct!), in 2l
gorithm #1, operator 1 is a carrier, and operator 2 is being used as a modula-
tor, sending output into the modulation data input of cperatorl .
That means that a5 we increase the cutput level of operator 2, operator 1
will generate greater and greater amounts of overtones. What type of aver-
tones? In this case, all of the harmonic overtones, in 2 lineatly decreasing fash-
ion, since we will take care to leave both operators at their default ratio num-
bers of 1.00 (thus setting up a frequency ratio of, you guessed it!, 1:1). This
will cause us to generate a particular type of waveshape: the sawdpoth wave.

EXERCISE 18
Generating a sawtooth wave:

1) INITIALIZE your DX7 and CONFIRM that vou are in the default
algorithm, algorithm #1.

2) TURN OFF operators 3 through 6 (“110000™).

3) CONFIRM that operator 1 is at its default output level of 99, and
that operatar 2 is at it’s default owtput fevel of 0. LISTEN to the
single sine wave. {AUDIO CUE 184). Even though both operators are
&on, and even though operator 2 is modulating operator 1, since
opetator 2's output level is defaulted to 0, it is currently having no ef-
fect whatever on operator 1.

4} Using the operator select switch, VIEW the output level parameter
for operator 2 { =0). Slowly begin raising the daig enfry slider,
thereby increasing the value for this parameter. Make sure you keep
tapping a note on the keyboard as you do this as output leve] does not
change in real time (refer to Chapter Four if this doesn't sound
tamniliar).

ALG. #1; '{l— Operators
2,4,5&6
5 are
modulators
2 4] —
1 3| "enly
~d operators
1and 3 are
carriers
Figure6-7
b
ALG #1 .
5
2 1
4
n I
3
]
Figure6-8
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3) LISTEN (AUDIC CUE 18B). As you increase the output level of
operztor 2, the sine wave begins to change timbre , getting slowly
but steadily brighter , as more and more overtones are generated.
When you finally reach maximum output level (39), the sound is as
bright as it is going to get (AUDIQ CUE 18C). The wave you are now
listening to is a sawhnih wave!

6) EXPERIMENT by slowly reducing the cutput level of cperator 2
(AUDIO CUE 18D). NOTE that the sound gets warmer, as the har-
monic content of the sound decreases. Also NOTE that relatively kit-
tle change occurs with outpat levels of 0 to 50; as the numbers in-
crease, the change becomes more drastic. The change batween
output levels 90 and 99, for mstance, is far more noticeable than that
from 80 to 89.*

7} EXPERIMENT by restoring the output level of operator 2 to 99
and then slowly reducing the output level of operator 1 (AUDIO CUE
13E). NOTE that, following the dictums of Cardinal Rule 1, only the

volume of the sound changes, and that no timbral change whatever
OCCurs.

For those of you with prior experience in analog synthesis, you have just heard
something very similar to opening and closing an analog low-pass filter {this is
a filter that selectively removes overtones, from highest to lowest). Of course,
we're doing nothing of the kind, since the DX7 does not contain fillters of any
desctiption, but I for one find it amazing that two totally dissimilar systerns will
procduce exactly the same aural effect!

More importantly, we were able to hear just how changing the ontput levels
of modulators and carriers differs, When we altered the output of operator 2,
clearly the timbre changed, and in such a way that greater cutput level
resulted directly in a brighter sound. When e altiered the ottput of operator
1, clearly only the volurne changed, and in such a way that lesser output level
resulted directly in a softer sound. Very shortly we will be experimenting with
altering the qualitative factor, the frequency ratio, in order to hear different
(not just less or more) overtones, but first, let’s follow another recipe, this
time to build that good old analog standby, the square wave.

The square wave was not named by a beatnik in the early '60s, nor is it the
sound generated by Lawrence Welk's bubble-blowing machine. Instead, it is an
intevesting timbre which consists only of the fundamental frequency plus the
odd-numbered harmonics. For example, a square wave having a fundamental
frequency of 440 Hz will also contzin some 1320 Hz (the third harmonic),
some 2200 Hz (the fifth harmonic), and some 3080 Hz (the seventh har-
monic), etc., all in linearty decreasing amounts. Unlike the sawtooth wave, we
will not hear any 880 Hz (the second harmonic), 1760 Hz (the fourth har-
moric), or 2640 Hz (the sixth harmonic). (See Figure 6-9.)

HARMONIC CONTENT OF SQUARE WAVE

AMOUNT

FUND. 3 5 7 & I 13 1§ 17 19( HARMONIC NUMBERS)

Figure6-9
*This is because the output level is changing exponentially rather than
binearly. Chapter Twelve contains a detailed explanation of these terms, but
until we get to that pomnt, just take note of this phenomenon.
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Thismeans,ofmurse.matthesquamwawwﬂlsuundquitedif&remﬁﬂm
the sawtooth wave, and indeed it does - it has a peculiar hoflow sound,

o by the fact that it is literally missing harmonics. Again, we will hear kittle
or no disharmonics, since this is a very musical timbre. Square waves tend ta
smudwrychﬂneﬁsh.andaregemmnyusedhmmlogmmsmmm
woodwind or stringed sounds.

The recipe for generating a square wave on the DX7 is as follows:

RECIPE: Set the frequency ratio to 2:1 (modulator at exactly twice the fre-
quency of the carrier). Set the output level of the modulator to 71 . Voita! In-
stant square wave souffle!!

EXERCISE 19
Generating a square wave:

L) INITIALIZE your DX7 and TURN OFF operztors 3 through 6
("I0000™). Leave the machine in algorithm #1.

2) Press main switch 18 (F COARSE) and use the operator select
switch to VIEW the F COARSE value for opetator 2 (F COARSE =
1.00).

3) Using the “yed” button in the data entry section, CHANGE the F
COARSE value for operator 2 to 2.00. Operator 2 will now travel at
precisely twice the speed of operator 1 (which is still at its default F
COARSE setting of 1.00 - check to confirm) regardless of what key
you play.

4) PLAY a note on the keyboard and LISTEN (AUDIO CUE 194).
Even though we have altered the F COARSE value for operator 2, we
are still only hearing 2 single sine wave because operator s output
level is still at its default value of 0 (check to confirtn this).

5) Press main switch 27 and the operaior seledt switch, if necessary,
to VIEW the output level value for operator 2. {=0)

6} Using the data entry slider, slowly increase this value to 71, tap-
ping a note on the keyboard and LISTENing as you do so (AUDIO
CUE 19B). As in the last exercise, you cannot simply hold a note
down since output level does not change in real time. Once again, as
you increase the output level, the sound becomes brighter. At the ex-
act modulator output level value of 71, you are hearing a pure square
wave (AUDIO CUE 19C). LISTEN to the typical “clarinet-ish” type of
timbre.

7) EXPERIMENT hy increasing the value of operator 2's output
level above 71 (AUDIO CUE 18D). Once again, the sound becomes
brighter, since the amplitde of our overtones is increasing heyond
the paint typically found in a square wave. But NOTE that we are sl
only heating odd-numbered overtones; the quatity of the over-
tones does not change!

8) EXPERIMENT by decreasing the value of operator 1s output
jevel and NOTE that once again, only the volume of the sound
changes (AUDIC CUE 19E).

The fourth basic analog waveshape, the #riangle wave, looks like this on an os-
cilloscope: (See Figure 6-10,)

and has very little harmonic content: essentially just a bit of the third harmonic
and a pinch of the fifth, This wave generates a characteristic flute-like sound
and is typically used on analog synthesizers for {you guessed it!) flute-ish
sounds, We've seen that the square wave also contained the third and fifth har-
monics (albeit in much larger quantities) with no in-between harmonics (spe-
cifically the second and fourth). Logically, if we can reduce the relative
amounts of third and fifth harmonics in our squars wave and somehow get rid
of any harmonics above that point, we will be able to generate a triangle wave.
How do we accomplish this? By returning to our guaniitative control,

I J TRIANGLE WAVE

Figure 610
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Very simply, lessening the output signal from our modulator (nmning at twice
the speed of our carrier), will have the result of reducing the relative amounts
of the thind and fifth harinonic to the point where they emulate that found in
the triangle wave. If we diminish these relative amounts to the point where we
are only getting a very small quantity of the fifth harmonic, then all the har-
monics above the ffth will also be reduced in quantity to the point where
their contributions to the overall sound are negligible. The end result will be:
A triangle wave! (See Figure 6-11.}

RARMONIC CONTENT OF TRIANGLE WAVE:

AMOUNT

FUND. 3 7 a i3 15 17 18

Figure 6-11

The recipe, then, for generating a triangle wave on the DX7 is very simple:
make a square wave, and then reduce the output level of the modulator down
to about 45. You will hear a very flute-ish sound, and, on an oscilloscope, you
will see a very triangle-ish wave shape.

Before we leave this section, we should briefly touch upon another analog
phenomenon, and that is something called prlse width. The square wave is n
fact a particular king of wave called a pulse wave. This wave, a3 we have seen,
" only exists in a simple up-down fashion, as follows: (See Figure 6-12.)

up Remember that in these diagrams we are mapping amplitude (the Y-axis)
versus time (the X-axis). The pulse width control on an analog synthesizer al-
lows us to vary the relative amounts of time that the pulse wave spends m its
“ug" condition versus its “dawn” condition (while keeping the total time re-

] quiredﬁuronecompletecvdethesame).Foremnpb,mcanalberourpﬂse
wave o that & stays “up’ far longer than it drops “down™: {See Figure 6-13.)

Or we can do precisely the reverse: (See Figure 6-14.)

) ¢ DOWN A pulse wave that stays “up” exactly as long as it stays “down” is called a
square wave: (See Figure 6-15.)

Therefore, all square waves are pulse waves but not all pulse waves are square
Figure 6-12 waves (think about it!). In any event, when we “narrow” or "broaden” the
fuelse width by changing these relative times, what we are in fact domg is
changingﬂletimbre,andnotthepitchorvulunﬁufthesound.mmum-
3 tions above clearly show that at no time is the height of the wave changing,
" Novoe and at no time are we increasing or decreasing the total number of waves
generated per second.

Up How does the timbre change? Well, remember that our pure square wave

o (which can now be referred to as a 50% pulse wave; ie. 50% “up” followed by

50% “down”) contained only the odd-numbered harmonics. When we
change the pulse width, either by narrowing or broadening it, what we are do-

|. u ing is reintroducing those even-numbered harmanics that previously were

DOWN missing, as we reduce the number of odd-numbered barmonics, and of the

. ¢ fundamental itself, The end result is a striking timbral change, resultingin a

sound that gets progressively thinner and more nasal. Surprisingly, whether
vou choose to narrow or broaden the pulse width, the aural effect is the samel
That is, a 26% pulse wave (one that stays “up’ 25% of the time and “down”

Figure 6-13
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the remaining 75%) sounds exactly the same as a 75% pulse wave, A 10%
pulse wave sounds the same as a $0% pulse wave, etc., etc,

Ttis pulse width control is a powerful tool for analog synthesists, as it allows
them to further specify harmonic content even after they have selected an ini-
tial waveshape (if they have selected a pulse wave - this control has no effoct
whatsoever on the other analog waveshapes). For example, the 2nalog syn-
thesist might choose a 50% pulse wave for a clarinet sound, but a 35% pulse
wave instead for an oboe sound, and a 17% pulse wave for a mandolin sound,

On the DX7 we can also generate various different pulse widths, not with the
degree of cantrol found on an analog synthesizer, but enough to get by (after
all, with so many more timbres available in the DX7, it's unlikely that this will

worry too many people). The recipe for generating various pulse waves of
diffarent width is as follows:

RECIPE: Make a square wave (frequency ratio of 2:1 and modulator output
level of 71). Now change the ratio number of the carrier to any odd-number
(ie. 2:3, 2:5 2.7, 2:9, etc.).

As you raise the ratio number of the carrier, you will hear the sound become
thinner and more nasal. In fact, whenever you set up any kind of frequency ra-
tio where the carxier is travelling faster than the modulator, this effect, simi-

lar to the use of an analog high-pass fiter (that is, a filter which increasingly re.

mowves the lowest components of a sound’s harmonic spectrum), will result.
Here, what we are in fact doing is altering the pulse width of our square wave,
therefore changing the timbre of the sound. Let's try it:

EXERCISE 20
Generating different pulse waves:

1) INITIALIZE your DX7 and leave it in algorithm #1. TURN OFF
operators 3 through 6 (“110000".

2 GENERATE a square wave (f vou dor’'t remember how, refer to
Exervize 19 above).

3) LISTEN to the clarinet-like scund made by a 50% square wave
(AUDIO CUE 204).

4) Using the operaior select switch, if necessary, and pressing main
switch 18 (F COARSE), VIEW the ratio nurnber value for cperator 1,
(= 1.0}

5) Using the “yes” button in the datz exry section, CHANGE this
vale to 3.00, LISTEN (AUDIO CUE 20B).

6) Repeat step 5 above, this time changing the value to 5.00. LIS.
TEN (AUDIO CUE 20C).

7) Continue repeating step 5 above, each time changing the value for
aperator 1 F COARSE to another add number only {change to values
of 700, 9.00, 11.00, 13.00, 15.00, 1700, 1900, 21.00, 23.00, 25.00, 27.00,
29.00, and 31.00). LISTEN (AUDIO CUE 20D}, NOTE that as the
value goes higher, the sound gets thinner and more nasat, NOTE also
that at the very highest settings, disharmonics begin creeping in as
the scund begins kosing its overall discernible pitch, NOTE that at no
time do we hear volume changes.

8) EXPERIMENT. Restore the F COARSE value of operator 1 to
1.00, thereby restoring our square wave, LISTEN to confirm that.
Now try changing the F COARSE value for Operator 1 to even num-
bers (2,00, 4.00, 600, ete.). LISTEN (AUDIO CUE 20E). NOTE that
while the timbre does indeed change, it does not chanpe the same
wey as before, and that for each of the even numbered ratios, the
sound goes up an octave!

Now things are really starting to get interesting! Why did the sound jump up
an octave? Wel, let's look at exactly what we did: We began by changing the F
COARSE value for operator 1 to 2.00. The F COARSE value for operator 2
had previously also been set to 2.00. Therefore, our frequency ratio was 2:2,
which is exactly the sarne as 1:1% Remember, the frequency ratio is a

Figure 6-14

1CYCLE el

Figure 6-15
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relative number, and so what we heard when we changed the mtic to 2:2
was not a pulse wave at all, but instead z sawtooth wave an octave higher!
(Think about it, and it ill make sensef)

But something else strange is starting to happen. What we did in that last ex-
ercise was change the F COARSE value for our carvier. Didn't we learm in
Chapter Five that altering this number changes the pitch of the sound? We
did, but I also cautioned you at the end of the chapter that carriers behave
wwdiﬁaeﬁlymmodﬂatorsmpﬂggedhtothem!ﬁndhemismhic
evidence that this is indeed true.
Onoeynuphsgamodu]atorintoacarrier(hyvirtueofmstrucﬁngﬂmm[?m
giveyouana]gmithmwithsuchaconﬁgmﬁon),ymshouldmlmmerﬂink
about the modulators and carriers as separate entities, Instead, as we briefly
alluded to earlier in this book, you should think of systems. In Exercises 18, 19,
and 20, we were working with the system of operators 1 and 2, not just with
carrier 1 and modulator 2: (See Figure 6-16.)

With this concept firmly in mind, it would probably be a good idea to go back
and reexarnine the 32 different algorithms. Note, for example, that algorithm
45 (which we will soon be working with frequently) offers us three indepen-
dent systems: (See Figure 6-17)

as algorithm #1, for example, only offers us two: (See Figure 8-18.)
and algorithm £16, only one: (See Figure 6-19.)

Algorithm #32, of course, offered us six systems; each systetn being a simple
unmodulated carrier. With some other algorithms, it isn't quite so obvious.
How many systems, for example, are offered us by algorithm #20? (See Fig-
ure 6-20.)

The correct answer is two . Operators 1 and 2 are both being modulated by
operator 3, so altogether this viekds one system. Similarly, operator 4 is being
modulated by both operators 5 and 6, so they comprise another system. Let's
try one more: (See Figure 6-21.}

The correct answer for this algorithm (#24) is three . Operators 3, 4, and 5

areaﬂbeingmodu]atedbyupemtorﬁandsoaﬂtngethertheymmpﬁseone

gystem. 0peratom1and2aresimplvuumodlﬂatedcarriers.andeachcanbe
considered an independent system.

So, when dealing with a system of modulator plugged into carrier, it is clear
that we cannot initiate a pitch change by simply changing the pitch data input
to the carrier alone. We can't accomplish a pitch change by altering the pitch
data input to the modulator alone, either. So how do we accomplish a pitch

change to a syster? Simple. We change the pitch data input to both of them,
the same way .

This makes sense when you realize that altering the pitch of one or the other
alone actually upsets the freguency ratio: (See Figure 6-22.)

Changing the frequency ratio cannot and will hot ever cause a pitch change,
but instead a qualitative timbral change. By changing the pitch data mput to
both the modulator and cartier, equally, you maintain the current frequency
ratio; hence, only a pitch change occurs: (See Figure 6-23.)

After all, as we have seen, a frequency ratio of 2:2is the same as 1:1; sim-
larly, a frequency ratio of 4:2 is the same as 2:1, and so is B:4; 16:8; or
95.4:12.7 In each of these instances, we would be hearing a square wave at a
different pitch. Let's try it:
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EXERCISE 21
Altering the pitch of a complex timbre;

1) INITIALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 (“110000™), and GENERATE a square wave with the
system of operators 1 and 2. Hold a note down on the keyhoard and
LISTEN (AUDIO CUE 21A).

2) Press main switch 18 (F COARSE) and, while continuing to hold
the same note down, use the appropriate operator select and data en-
try switches to double the F COARSE walue for operator 1 only
from 1.00 to 2.00 {frequency matio is now 2:2) .

3} LISTEN (AUDIO CUE 21B). What you are currently hearing is a
quasi-sawtooth wave (since operator 2 output level is 71 and not 99),
an octave higher.

4) Continuing to hold down the same note on the keyboard, VIEW
operator 2 (using the operator select switch) and double its F
COARSE value as well, from 2.00 to 4.00 (frequency ratio is now 4:2).
LISTEN (AUDIQ CUE 21C). Since a frequency ratio of 4:2 is the
same as a ratic of 2:1, what you are now hearing is 2 square wave, an
octave higher. NOTE that we were abie to keer a note held down
throughout this procedure because we were changing pitch data input
values, which, unlike output level values, do change in real time!

§) Using the appropriate operator select and data entry switches,
redouble the F COARSE values for both operators 1 and 2 {fre-
quency ratio of 8:4). LISTEN (AUDIO CUE 21D). What you are now
hearing is the same square wave, up yet another octave. NOTE that
neither the timbre nor the volume of the sound has changed in any
way.

6) EXPERIMENT by setting different F COARSE and/or F FINE
values for operators 1 and 2, taking care to always insure an overall ra-
tio of 21 (in other words, always keeping operator 2 at twice the fre-
quency of operatar 1), LISTEN and NOTE that, regandless of the
specific values used, the timbre remains a square wave.

All of which brings us happily to Cardinal Rule 3:

CARDINAL RULE THREE: ALTERING THE PITCH DATA INPUT
VALUE FOR ONE OPERATOR IN A SYSTEM WITHOUT AFFECT
ING THE OTHER ONE EQUALLY, WILL ALWAYS RESULTIN A
TIMBRAL CHANGE ONLY. TO OBTAIN A PITCH CHANGE IN A
SYSTEM YOU MUST ALTER THE PITCH DATA INFUT VALUES FOR
ALL OPERATORS EQUALLY .

This Cardinal Rule, like the two others before it, is of great importance, Again,
it is my strongest advice that you eat, drink, sleep, digest, comprehend,
verify, and thoroughly understand this rule before proceeding any further.

So far, we have limited gurselves to working with only two complex
waveshapes, the sawtooth and the pulse, We've seen that setting up a fre-
quency ratio of 1:1 with the proper modulator output level (99) yields a saw-
tooth wave, and that setting up a frequency ratio of 2:1 with the proper modu-
lator output level (71) vields a square wave. But what happens if we setupa
frequency ratio of 3:17 Or 4:1?7 Or 27:12?? Well, obvicusly, changing the fre-
quency ratio will qualitatively change the type of overtones we bear, so each
of these manipulations will yeld a new and different waveshape. What are the
names of these various waveshapes? Well, they have no names! They're just -
well, new and different. Beyond the obvious recipes for typical analog
waveshapes lies the real strength of the DX7 - a doorway is opening up that al-
lows us to literally generate new timbres that simply have not previously ex-
isted! Remember toc that we are not limited to changing the modulator pitch
data input only - as we've just seen, changing this value for the carrier will also
initizte new timbres for which there are no names. Also bear in mind that set-
ting up a frequency mato of 4:1, for example, will vield an entrely different
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waveshape than z frequency ratio of 1:4. With a ratio number range of 0.50 to
neariy double 31.00 (61.69, to be exact), vou can see that the number of possi-
bilities, while mathermatically finite, are mdeed astranomicel iy size!

Let’s try running an exercise, firstly to exantine some of these different
timbres induced by whole-number frequency ratio changes (the neat exer-
dsewﬂldealwithnon-whule-nUmberc!mnges).ﬁmwﬂlmﬁoethat, as the
modulator and carrier get further apart from one another in frequency, rather
more disharmonics than harmonics begin to make their presence felt, This, of
course, will resuit in an apparent change in pitch as the sound becomes more
dissonant, but remember that timbre is itself a frequency-dependent
phenomenon, mdsuw!mtmarereaﬂyhearhgisatimhmlchange, albeit
one that sounds like a pitch change.

EXERCISE 22

Generating new complex timbres using whole-
number frequency ratio changes:

D INITIALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 ("I10000™), and, using the system of operators 1 and
2, GENERATE a sawtooth wave (if you don’t remember how to do
this, refer to Exercise 18 earlier in this chapter). Hold a note dowr: on
the keyboard and LISTEN (AUDIO CUE 224).

2) VIEW the F COARSE parameter (edit switch 18) for operator 2,
and, while continuing to hold the note down on the keyboard, use the
data entry slider to stowly increase this value through its varioas
numbers until you reach the maximum value of 31.00. LISTEN (AU-
DIO CUE 22B). NOTE that you can hear this change in real time
since we are not altering output level,

3} Restore the frequency ratio to 1:1 by returning the F COARSE
value for operator 2 to 1.00.

4) Using the operator select switch, VIEW the F COARSE parame-
ter for operator 1 , Hold down a note on the keyboard, and use the
data entry slider to alowly increase this value through its various
numbers until you reach the maximum value of 31.00, LISTEN (Al
DiO CUE 22C). NOTE that you are again hearing timbral change,
but that it is qualitatively quite different from what you heard in step 2
zbove.

5) EXPERIMENT by altering the F COARSE value for both opera-
tors ] and 2 in various ways, NOTE, for example, that setting up a fre-
quency ratio of 14:5 yields a very different timbre from that generated
by a frequency ratio of 5:14 (Try it!).

Of course, nothing in the DX? wotks by itself alone. We have seen time and
time aggin that the various parameters work in concert with one another to
produce the finished result of what you hear. You've certainly noticed in the
precedhgexerciseﬂmtnmningamodﬂataratwrylﬁgh&equend&sinduce
sounds that are unpleasantly dissonant and often overbright, Well, don't forget
that you can alter the guasfitative control ag well as the qualitative one at any
time. So, if the sound produced by the frequency matio of, say, 29:1 was ex-
tremely jarring to your ears, go back and reduce the output level of operator
2! All of sudden, that horrible 29:1 timbre becomes quite pleasant and musi-
cally usable! With this in mind, po back and repeat Exercise 22, and this time
alter the modulator cutput level (that is, operator 2) from time to tme as you
g0 through the various frequency ratigs.

We are certainly not limited to only working with whole-number frequency
ratios (i.e. 19:1, 15:2, etc.). The FREQUENCY FINE parameter will, after all,
pertnit us to set up non-whole-number frequency ratios. Using these types
of frequency ratios will allow us to generate maty more disharmonics than
harmonics, resulting in non-musical, or percussive sounds. Let's run an exer-
cise to try it!
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EXERCISE 23
Generating non-nrusical timbres:

1) INITIALIZE your DX7, leave it in algorithm #1, TURN OFF aper-
ators 3 through 6 (110000}, and GENERATE a sawtooth wave using
the aystem of eperators 1 and 2, LISTEN (AUDIO CUE 23A).

2) VIEW the F FINE parameter (edit switch 19) for operator 2.
(=1.00

3} Hold a key down on the kevboard, and use the data entry slider to
slowly CHANGE this value up to its maximum of 1.99, LISTENing as
you do so (AUDIO CUE 23B).

4) Return the F FINE value to 1.00 and press edit switch 18 (F
COARSE parameter). Use the “yes” button to change this value to
2.00.

5} Redo steps 2 and 3, this time CHANGING the F FINE value
slowly up to its maximmum of 2.98, LISTENing as you do so (AUDIO
CUE 23C).

6} Return the F FINE value back to 2.00, and then the F COARSE
value back to 1.00 (in cther words, restore your sawtooth wave. LIS-
TEN to confirm this),

7) VIEW the F FINE parameter for operator 1.

8) Hold a key down on the keyboard, and slowly CHANGE the F
FINE parameter for aperator 1 up to its maximum value of 1.99,
LISTENing as you do so (AUDIO CUE 23D), NOTE that there is a
qualitative difference in the sound from that which you previously
heard in step 3 above (i.e., 2 frequency ratio of, say, 1.00:1.37
produces a very different Smbre from that of a ratio of 1.37:1.00. Bath
tirnbres, however, are largely disharmonic and therefore
non-musical).

9) EXPERIMENT with other non-whole munber frequency ratios by
altering the F FINE and F COARSE parameters for various modula-
tors and carriers. NOTE that any time a non-whole number fre-
guency ratic is set up, a disharmonic timbre results.

As with the previous exercise, rernember that we are here only manipulating
the qualitative control! Using the quantitative control, that is, changing the
output level of the modulator, will help make these jarring, disharmonions
sounds a lot eagier to take! Learn to balance the two controls in order to es-
tablish precisely the timbre you require.

Altering the FREQUENCY FINE parameter within a aystem, then, allows us
to generate disharmonic timbres. But what effect can we expect from the DE-
TUNE control, which, after all, is just a firer FREQUENCY FINE control?
The answer is, somewhat surprisingly, vety similar effects to that which we
encountered when detuning lone carriers!

Try setting up a frequency ratio on your DX7 of 1.01:1.00 (for simplicity, just
re-initialize, keep yourself in algorithim #1, and just use the system of opeta-
tors 1 and 2. Remember to raise the output level of operator 2 from its default
of O). Listen to the resulting timbre, and you will hear a beating effect very
sirnilar to that which we heard in Chapter Four. However, we are now obwi-
ously hearing only one wave, not two discrete sine waves. So what exactly is
beating? We had learned that m order to initiatz a beating effect we needed to
hear two or more frequencies that were very close to one another. Here we

. are only hearing one sound, Or are we?

Technically, we are. But the reality is that this one sound, our complex wave,
is composed of many different frequencies (the overtones), blended together.
This explains why we can hear beating within a single complex sound - we
are actually hearing the overfomes beating against one another!
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A frequency ratio of 1.00:1.00 generates the following set of harmonic over-
tones, resulting in a sawtooth waveshape: (See Figure 6-24.)

HABMONIC CONTENT OF SAWTOOTH WAVE;

H |

FUND.2 3 4567 89 1011 12 13 14 15 (HAEMONIC NUMBERS)

AMGUNT

Figure 6-24

Skightly shifting the tuning of one of the two operators, resulting in a frequency
ratio of 1.01:1.00, generates the same table of harmenic overtones plus a few
disharmonic overtones which are extremely close in frequency to the exist-
ing harmonics: (See Figure 6-25.)

AMOUNT

\
;
FUNDY 2¢ 3y 4y Sy 6y TyB goy 10y lly 124

1.01 202 303 404 505 606 707 808 S09 1010 11.11 1212 ( X FUNDAMENTAL)

Figure 6-25

Which causes a beating effect within the single complex sound! Using the
DETUNE parameter allows us to bring the frequency ratio even closer than
101100, say to 1.0O1 : 1.000 . This will result in the same effect, except
that the disharmonics generated will be even claser to the harmonics than
that in the previous example, hence a slower beating: (See Figure 6-26.)
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R
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Figure 626
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Let's try it:
EXERCISE 24
Use of the DETUNE control within a system:

13 INITIALIZE your DX7 and leave it in algorithm #1. TURN OFF
operators 3 through 6 ('110000”) and GENERATE a sawtooth wave
{refer to Exercise 18 if you don't remember how o do this}.

2} VIEW the DETUNE parameter (edit switch 20 for operator 2.

3) Using the data entry slider, CHANGE this value from its default of
0 to its maximurn value of +7.

4) LISTEN (AUDIQ CUE 24A). NOTE the speed of the beating.
NOTE also that this sound is very harsh. To make the sound warmer,
5) VIEW the OUTPUT LEVEL parameter for operator 2.
CHANGE this value to 90. LISTEN (AUDIO CUE 24B).

6) Go back to the DETUNE parameter for operator 2 . Hold dowm a
note on the keyboard, and, using the “no” button, slowly CHANGE
this value back to the center pomnt of 0, LISTENng as you do so (AU-
DIO CUE 24C). NOTE that the beating effect slows down and, at the
setting of 0, disappears altogether (at this setting, the frequency ratio
is once again exactly 1.00:1.00, and only harmonic overtones are
present).

7) Coutinue holding down the note and continue using the “no” but-
ton to CHANGE this vahe downward to its minimum setting of -7,
LISTENing as you do so (AUDIO CUE 24D). NOTE that there iz no
perceptable difference in the effect as from when you increased the
DETUNE value up to + 7, That’s because the only thing that matters
here is the relative offset, not the absolute values. Similarly, altering
the DETUNE values for operator 1 instead of operator 2 will have the
same effect, EXPERIMENT and try it!

Detuﬁing, then, provides us with one of the most powerful asémaling tech-
niques on the DX7, and we should explain what we mean by this term,

Digita] synthesizers have long had the largely undeserved stigma of being able
to only produce sounds which are considered “cold” or “sterile”. To a certain
degree this is true because, as we discussed in Chapter One, they produce
sounds which theoretically are distortion-free.*

Because acoustic instruments and acoustic sounds all have smail degrees of
random distortions present, the manufacturers of digital synthesizers have had
toprwideuswithvaﬁousmeansofdigitallyamwngﬂﬁsmdommss.m
various techniques and tools available for accormnplishing this on the DX7 are
nuretous, and I ke to refer to them as “animation’” techniques, since they
help to animate, or humanize, the sounds we generate. Inducing beating «f-
fects, whether by beating a carrier against another carrier (as we did in the
last chapter), or by beating a modulator against a carrier (or vice versa) is cne
of the most important animation techniques available to us. My general advice
is, once you've done just about everything you want to in creating a new
sowud,atleasttrysomedetmﬂngeﬁects.lt’sic:ingunthecake.butmored-
ten than not, it will add a dimensicnality to your sound that makes it far more
“real” We will discover as we examine the Yamaha presets, for example, that
themmveryﬁewoiﬂ:emwhichdonotusebeathﬂeﬁectstnsomedegree.

Just as we were able to beat two carriers producing simple sine waves against
one ancther, o, too, can we beat two catriers producing complex waves

*Thisisnotammﬂythecase,asemnmmnerakea&ym.mbimd
hiss or “fizz” that you occasionally hear emanating from your instrument as
ynuphyoeﬂainsnmdsishmnasaﬁashgmise,andﬂﬁsisessenﬁaﬂythe
result of our DAC not quite always being able to keep up with the millions of
numbers per second that our microprocessor is feeding it. These “left-over”
numbers are simply discanded and the aural result is 2 small amount of very
high frequency noise. A standard kow-pass filter is usually all that is necessary
to reduce this to accepiable levels,
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against one another. This involves shifting the pitch of one of two complex
waves, and results in a very beautifu] and pleasing effect: )

EXERCISE 25
Beating effects with complex timbres:

1} INITIALIZE your DX7, leave it in algorithin #1, and TURN OFF
operators 3 through 6 (“L10000). GENERATE a square wave using
the systetn of operators 1 and 2 {refer to Exercise 19 if you dor't
remember how to da this),

2} LISTEN to confirm (AUDIO CUE 254,

3) TURN OFF operators 1 and 2 and TURN ON operators 3 and 4
("001100"). OBSERVE the diagram for algorithm # and NOTE that
in this algotithm, operator 3 js a carrier being modulated by Operator
4 (don't worry about what sperators 5 and 6 are doing, since we've
&ot them switched off anyway).

4) Using the system of operators 3 and 4, GENERATE another
Square viave and LISTEN to confirm (AUDIQ CUE 25B), NOTE that
there is ne difference whatscever between this square wave and the
one you previously made with operators 1 and 2, Selectively TURN
ON and OFF each of the two systems to confirm this,

5) Keeping all four operators ON ("111100"), VIEW the DETUNE
parameter {edit switch 20) for operator 3 and CHANGE the valye to
+7. Remember that in order to initiate a pitch change in our soumd,
we must also change operator 4 in the same way!! Bearing this in
mind, CHANGE the DETUNE value for operator 4 algo to +7,

6) Play a few notes on the keyhoard and LISTEN (AUDIO CUE
25C). This is an extremely beautify] ffect!

7 Let's take things a step further and add in yet another detuned
square wave. NOTE that algorithm #1 will not permit us to accomplish

ready generated. With this in mind,

8) Press edit switch 7 (ALGORITHM SELECT) and CHANGE 1o
algorithm #5. TURN OFF operators 1 through 4 and TURN ON
operators 5 and 6 (“000011". Using this system, GENERATF an-
other square wave, LISTEN to confirm (AUDIO CUE 25D). NOTE
that, again, there is no difference at all in the quality of the square
vave generated by these two operators from that of the other
operators.

9 VIEW the DETUNE patameter for operator 5 and CHANGE this
value from its default of O to a new vahie of -3, Again, in order to initi-
ate a pitch change, we will have to change operator 6 in precisely the
same mantier. VIEW the DETUNE parameter for opetator 6 and
change it also to -3.

1) TURN ON all operators ("111111") and LISTEN (AUDIO CUE
25E). Very impressive chorusing, if [ say so myself!

1) EXPERIMENT by now offsetting various carriers against their
respective modulators - for example, change the DETUNE parameter
of operator 1 to + 5 (AUDIO CUE 25F) or of operator 4 to -6 (AU-
DIO CUE 25G). NOTE that as you thereby induce beatings within
the three square waves, the sound gets even richer and begins to take
on a stronger type of movement.

12) EXPERIMENT further by repeating the above exercise with
different complex timbres, balancing the qualitative and quantitative
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controls ta achieve unusual musical timbres. Also try the same with
non-musical timbres generated from non-whole number frequency
ratios. Finally, try it vet again with FIXED FREQUENCY complex
timbres. For example, to generate a square wave at a fixed frequency
of 436.5 Hz, set your carrier to a fixed frequency value of 436.5 Hz
and your madulator to a fixed frequency of 873.0 Hz {or as close as
you can get), thereby maintaining a frequency ratio of 2:1! Adjust the
modulator cutput level to 71 and you will have a square wave whose
pitch doesn't change as you play different notes on the keyboard. The
same detuning and beating effects can be incurred with fixed-
frequency complex waves as with non-fixed timbres. Try it!

We can generate other extremely interesting and beautiful animation effects by
sending a modulator’s output signal to two slightly detuned carriers, or by
sending two slightly detuned modulators’ output signal to a single cartier. Al-
gorithm #20 happens to conveniently provide us with both configurations in
one package: (See Figure 6-27.)

The first system gives us two carriers (operators 1 and 2) which are both be-
ing modutated from the same source, opetator 3. The second system gives us
two modulators (operators 5 and 6) which are both equally affecting a single
carrier {operator 4). Let’s find out what we get by detuning operator 2 shightly
telative to operator 1; and follow that by slightly detuning operator 6 relative to
operator &:

EXERCISE 26
Detuning with algorithm #20;

1) INITIALIZE your DX7 and, using edit switch 7, select algorithm
#20,

2} TURN OFF cperators 2, 4, 5, and 6. (“101000™)

3} Using operators 1 and 3, GENERATE 2 sawtooth wave (refer to
Exercise 18 if you can't remember how}. LISTEN to confirm (AUDIO
CUE 26A).

4) TURN OFF operator 1, and TURN ON operator 2. (“011000™)

9) Using operators 2 and 3, GENERATE ancther sawiooth wave.
LISTEN to confirm (AUDIO CUE 26B), NOTE that it sounds exactly
the same as the one generated from operators 1 and 3.

6) Now TURN ON operator 1 again (“111000™) and LISTEN (AUDIO
CUE 26C). What you hearing is two sawitooth waves, perfectly in tune
with one ancther, so they reinforce each other at every pomt and the
sound is simply a hit louder: (See Figure 6-28,)

7} VIEW the DETUNE parameter for operator 2 and use the “yes”
button to change this value to +7. LISTEN to the wnusual beating ef-
fect (AUDIO CUE 26Dj). This is being caused because we have
slightly aitered the frequency matio between operators 2 and 3, such
that it is no longer 1.00:1.00 but is in fact closer to 1.00:1.008 . This
means that not only is there heating occurring within the wave itself
(as the harmonic overtones beat against their close dishanmonic cou-
sins) hat that the overall wave generzted by the combination of opera-
tars 2 and 3 is beating against the pure sawtooth wave generataed by
the combination of operators 1 and 3. The aural result is a very deep
phase cancellation effect, as we hear these two waves periodically
reinforcing and cancelling one another. The speed of this movement is
determined by haw closely detuned our “renegade”™ wave (operators 2
and 3) is: (See Figure 6-29,)

B) Continue to hold a note down and, using the “no” button,
CHANGE this value slowly back down to 0 and then through the

negative values all the way to -7. LISTEN as you do so (AUDIO CUE
26E) and NOTE that, as you get closer to the 0 center peit, the
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speed of the beating slows down. Now let’s listen to the other system
in this algorithm: )

9) TURN OFF operatars 1, 2, and 3, and TURN ON operators 4 and
5. (“000110)

10) Using operators 4 and 5, GENERATE another sawtooth wive
and LISTEN to confirm (AUDIQ CUE 26F),

1) TURN OFF operator 5 and TURN ON cperator 6. (“000101")

12) Using operators 4 and 6 , GENERATE yet another sawtooth
wave and LISTEN to confirm (AUDIO CUE 26G).

13) Now TURN ON cperator 5 once again (“000111") and LISTEN to
the composite result (AUDIO CUE 26H). Because operator 4 (our
CarTicr) isbeingmdulatedtolhemaﬁmmndegreebytwu sepatate
modulators {operators 5 and 6) the sound will be unpleasantly aver-
bright and harsh, verging on distortion (). We can make this moch
tore listenable by using our front panet to

H) VIEW the OUTPUT LEVEL parameter {edit switch 27) for
operator 5 and CHANGE the value to 85, Now VIEW the same pa-
rameter for operator 6 and CHANGE it also to a value of 85. LISTEN
{AUDIO CUE 261 and NOTE that our sound is much warmer (as
lowering the output level of a modulator always will reduce the num-
ber of cvertones).

15) Now VIEW the DETUNE parameter for operator 6 and
CHANGE this value to + 7. LISTEN to this very unusual effect (AU-
DIO CUE 26]) and NOTE that it is very different from the effect we
heard previously from the other system in our algorithm. What we are
doing here is setting up a different frequency ratic for operators 4 and
6 than the perfect 1:1 ratic which exists for operators 4 and 5. This
new frequency ratio is in fact closer to 1.008:1.00 and will cause a
wave to be generated which has internal beatings due to the dishar-
monic overtones being very close in frequency to the harmonic over-
tones. When this already moving wave is output alongside a pure saw-
tooth wzve, the movements intensify and in fact simulate a “wah-wah”
type effect as we hear overtones going in and out of phase with one
another: {(See Figure 5-30.)

16) Continue to hold down a key and CHANGE the DETUNE pa-
rameter slowly back to 0 and through its negative settings, down to a
minimum of 7. LISTEN as you do so (AUDIO CUE 26K) and NOTE
that the speed of the beating effact skows as you bring &t nearer to the
center point of (.

17) EXPERIMENT with timbres other than the sawtooth wave,
which was picked here purely as a time-saving convenience, Also try
EXPERIMENTing with altering detuning settings within algorithm
#16, #17, or #18 {each of which offer three modulators sending output
into a single carrier) and algorithm #22 or #24 (which offer three car-
riers all receiving modulation data from a single modulator!).

We have seen that changing the DETUNE setting afters the apeed of the ef-
fact, but how would we alter the depth of the effect without changing the
speed? The answer, again, is simple and straightforward: simply lower the
output level of the “renegade” wave. If there is less actual audio signat coming
from this wave, then it will beat less severely against the unalteted wave, Try
it! Redo the above exercise, and lower the output level of operator 2in the
first gystem, and operator 6 in the second system, in order to lessen the over-
all effect, with no chengs in speed.

Being able to conjure up these phase cancellation or “wah-wah’ effacts on our
DX7 greatly expands the on-hoard power of the machine, but, perhaps more
importantly, offers us yet another means of reducing the shartlist of available
algorithms for a particular sound you have in mind. For example, if you feel
strongly you will need a “wah-wah” type of effect, you will need an algorithm
that provides you with at least two modulators feeding into a single carrier. If,
on the ather hand, you know that you will need the sound of several complex

= - sawtcath wave gener-
ated by system of OP 4-5
— = glightly diffarent wave

shape generated by sys-
tem OP 4.5,

Figure 6-30
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timbres beating against (and not pist within) one another, than you will need
two or more carriers, each with its own attached modulator {something like
what is provided by algorithm #5, which is in fact used more often than any
other algorithm in the Yamaha presets!). Asking yourself these types of ques-
tions, along with the “how many carriers do [ need?” question mentioned
previously, will help you to ultimately decide the best algorithm to use fora
particular situation.

Let's suppose, for example, that we wanted to make a sound that consisted of
a sawtooth wave, a square wave, and two detuned sine waves. What algorithin
woild we choose for this? At first glance, it may seem as if algorithms #21,
#22, #23, #29. or even #30 might work: {See Figure 6-31.)

ALG. #21 ALG. #22 ALG. #23 ALG. 429

| — | —

3 6 2 6 1] [s 4| [s
| |

1 lz][4a]]3 TEENTE 12114 s_] I_T_] ]_T_‘ [3]s

ALG, #30

Figure 6-31

A closer look at these diagrams, however, should show you that i tiis partic-
ular example only algorithm #29 will suffice. Algorithin #30 has the proper
number of carriers, but only ome of them {operator 3) has any modulators at-
tached. Algorithms #21, #22, and #23 disqualify because they all have modula-
tors feeding more than one carrier and there is no way we can direct a modula-
tor to send its signal one place and not another, This is a purposely simple
example, and often your choice will not be so straightforward but this will give
you an idea of the process imolved.

Anather very powerfal animating technique involves the use of fixed-frequency
mode with complex timbres. We have had some experience with this already
in Exercise 25, where you were asked to experiment by generating fixed-
frequency complex timbres and then slightly altering their tunings so as to
produce beating effects. However, we should devote some time now to more
closely examining the effects of fixed frequency on such complex timbres,
specifically those effects generated by gffsefs, that is, placing one of the opera-
tors within a system into this mode while leaving the other operator in its por-
mal frequency(ratio) mode.

First of all, what kind of effect will we initiate by placing a modulator in fixed-
frequency while leaving the carrier in frequency(ratio) mode? Surprisingly,
two different ones, depending upon whether the modulator is in a sub-audio
or audio frequency. If the modulator is outputting a sub-audio frequerncy, then
the effect will be exactly similar to that of feeding an analog LFO (low fre-
quency oscillator) control voltage into an audio oscillator. For thase of you un-
familiar with analog terminology, we are gaying in plain English that we will
hear slow, repetitive pitch change from this configuration. In the case of the
DX7, since our un-modulated modulator is only capable of generating a sine
wave, this periodic pitch change will be smooth, back and forth, in an up and
down direction AND IT WILL ¥OT CHANGE SPEED OVER THE KEY-
BOARD (since our modulator, in fixed frequency mode, is ignoring the key-
board), In other words, if you play “middle X* on the keybeard, you will hear
the pitch slowly rise above middle A and then slowly fall below middle A: (See
Figure 6-32.}
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Figure 6-32

Lat's try it:
EXERCISE 27

Repetitive pitch change with modulators in sub-audio
fixed-frequency mode:

1) INITIALIZE your DX7, leave it m algorithm #1, TURN OFF oper-
ators 3 through € (“110000") and, using the system of operators 1 and
2, GENERATE a sawtooth wave (refer to Exercise 18 if necessary).
2) Use the appropriate controls to VIEW the MODE cf operator 2
{edit switch 17).

3) Use the “yes” button to CHANGE this from the default of “FRE-
QUENCY(RATIO)" to a new value of “FIXED FREQUENCY",

4) VIEW the F COARSE parameter for operator 2 (adit switch 18)
and CHANGE this value to 1,00 Hz.

5) Play a note on the keyboard and LISTEN (AUDIO CUE 274). You
should be hearing 2 single sine wave, changing pitch once per second
(since operator 2 s at a frequency of 1.00 Hz}, Continwe holding this
note down for the remainder of this Exercise,

6) VIEW the F FINE parameter for operator 2 (edit switch 19) and,
using the data entry slider, slowly increase this value to its maximum
of 9.772 Hgz, LISTENing as you do so (AUDIO CUE 27B). NOTE that
as you increase this value, the speed of the pitch change increases.

7) Return the F FINE value to 1.00 Hz and VIEW the F COARSE
parareter again. Use the “yes” button to change this value to the
suiraudio frequency of 10.00 Hz,

8) VIEW the F FINE value for operator 2 and once again use the
data entry slider to slowly change this value up to its maximum of
97.72 Hz, LISTENing as you do so (AUDIOQ CUE 27C). NOTE that as
the frequency of operator 2 approaches the audio range (approx. 20
Hz), the repetitive change in pitch happens so quickly that it canmot
be perceived, and instead we begin to hear dissonant overtones.

Of course, if we continue in this manner, we will eventually bave operator 2
well up into the audio range and different things will start to happen, As we
started to hear in step 8 above, when the modulator goes into the faster audio
range, disharmonic overtones are generated and the sound becomes dis-
sonant and non-musical. Playing a series of different notes on the keyhoard
will produce different timbrea per note . This is because each new note on
the keyboard generates a different frequency ratio: (See Figure 6-33.)
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Figure 6-33

The effect generated here is very similar to that of an analog device called 2
ring modulator. A ring modulator is a component that adds frequencies to-
gether and also subtracts frequencies from one another. In analog sym-
thesizers, they are generally used to create dissonant, ringing effects, by in-
putting to it two andio signals of different frequencies (normally derived from
two analog oscillators). If, for example, vou feed in one wave at 300 Hz, and
another at 440 Hz, the ring modulator will output a signal of 740 Hz (the sum
of 300 amd 440) and another of 140 Hz (the difference between 440 and 300).
Neither 70 Hz nor 140 Hz have any whole-number mathematical relationship
to our starting frequencies of 300 Hz or 440 Hz, and so the cutput signal is
dissonant. Furthermore, if the input signals were complex timbres and not
iust sine waves, the overtones would alss sum and difference and we would
hear a complex output containing many disharmonic overtones. It should be
easy to see why setting up constantly different non-whole number frequency
ratios on our DX7 will vield a similar dissonant effect. Try redoing Exercise 27
above, but this time put operator 2 in the audible F CCARSE ranges of first

100 Hz and then 1000 Hz; and then try changing the F FINE parameter as
before.

But what if we put our carrier into a fixed-frequency mode? Again, the
results will be different, depending upon whether it is in an audible or sub-
audio frequency. Let's try it in an audible range first. A= you will see, the re-
sult i3 virtually the same as having our modulator in an andible fxed fre-
quency, a8 we are once agam setting up different frequency ratios per note.
The result is the same: a dissonant, ring modulator-iike effect.

EXERCISE 28
Generating dissonant effects by using a carrier in an
audible fixed-frequency mode:

1) INITIALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 {“1100007), and, using the system of operators 1 and
2, GENERATE a sawtooth wave,

2) Use the appropriate switches to VIEW the MODE parameter
(edit switch 17) for operator 1. Use the “yes” button to change this
value for operatar 1 from its default of FREQUENCY(RATIO) to
FIXED FREQUENCY. 3) VIEW the F COARSE parameter for
operator 1 (edit switch 18) and CHANGE this vaiue to 100.0 Hz
{which is in the audible range).

4) Play a scale on the keyboard and LISTEN {(AUDIO CUE 284).
NOTE that each note played produces a different dissonant timbre,

5) VIEW the F FINE parameter for cperator 1 and use the data en-
try slider to CHANGE this to a value of 436.5 Hz, Play a scale on the
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keyboard and LISTEN (AUDIO CUE 28B). NOTE that, again, each
note played produces a different dissonant timbre, dissimilar from that
which yout heard in step 4 above. '

6) x EXPERIMENT by setting operator 1 to different F COARSE
and F FINE values, taking care to keep it in the audible range (be-
tween 20 Hz and 20,000 Hz). For now, don’t go into sub-audic values.

Finally, what will happen if we put our carrier (operator 1 in this instance) into
a sub-audio fixed frequency? The logical answer to this question might well
be that we wouldn't hear anything , since our carrier is actually providing the
audio signal, and since a sub-audio signal is by definition outside the range of
human hearing. This may be the logical answer, but it is not the correct one.

In fact, what we will hear is one of the most beautiful animation techniques
available on this instrument. The explanation for this comes from the fact that
our digital oscillators inside our operators are in fact number generators (see
Chapter Three if vou don't rermember this). In order to generate a sine wave,
these oscillators must produce numbers which are both positive and negative:
(See Figure 6-34.)

If we set our carrier to a sub-audio fixed frequency, then it is slowly generat-
ing the same positive and negative numbers, over and over again, at a constant
slow speed. Our modulator, which we will leave in an audible range, and in
FREQUENCY(RATIO0) mode, i3 sending into our carrier a very high-speed
stream of numbers, hundreds or even thousands of times per second: {See
Figure 6-35.)

The end result is that our carrier slowly accepts and then rejects this
stream of numbers, resulting in a complex timbre being generated, followed by
the mirror-image of this timbre! (See Figure 6-36.)

We literally hear a complex timbre, foliowed by the inverse of this timbre,
slowly and gently, fiipping back and forth. The end result is a very beantiful
movement in the sound, not dissimilar to that created by a chorusing or flamg-
g device. Let's try it!

EXERCISE 29
Animating a sound by using a carrier in sub-audio
fixed frequency:

1) INITIALIZE your DX7, leawe it in algorithm #1, TURN QFF oper-
ators 3 through 8 (“110006™), and, using the system of operators 1 and
2, GENERATE a sawtoath wave.

2) VIEW the MODE pamameter for opetator 1 {edit switch 17} and
use the “yes” button to change this value firom the default of FRE-
QUENCY(RATIO) to FIXED FREQUENCY.

3) VIEW the F COARSE parametar for operator 1 and use the “no”
button to change this value from 10.00 Hz to 1.00 Hz,

4) Play a note on the keyboard and LISTEN (AUDIC CUE 294).
NOTE that the sound changes timbre once per second, since the fre-
quency of operator 1 is exactly 1.00 Hz. NOTE also that the sound,
being a sawtooth wave, is quite harsh. T make the sound warmer,

5) CHANGE the OUTPUT LEVEL {edit switch 27) for operator 2
to a value of 85, Play a note on the keyboard and LISTEN (AUDIO
CUE 29B} to confirm that the sound is less harsh.

6) VIEW the F FINE parameter (edit switch 19) for operator 1 and,
using the data entry shider, slowly CHANGE this upwards to its maxi-
o of 9.772 Hz, holding a note down on the keyboard and LISTEN-
ing as you do so0 (AUDIO CUE 29C). NOTE that as this value in-
creases, the speed of the efieci increases.

7} EXPERIMENT by creating different timbres and applying this ef-
fect to them.
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To surnmarize, then, we have covered six different asimafion techniques, all
of which help to add movement and “human-ness” to the scund, but all of
which have qualitatively different effects:
1) DETUNE a sine wave (carrier only) relative to another sine wave,
2 DETUNEamodulatorrelzm'eto its carrier (beating withina
single sound},
3) DETUNE a cotnplex wave (generated by a system ) relative to
another complex wave (this involved changing the frequency of both
the modulator and carrier in the same way, in arder to keep the fre-
quency ratios imtact).
4) DETUNE one carrier relative to another, both receiving modula-
tion data from the same modulator (as with the first system in al-
gorithm #20). This produces a characteristic deep phase cancellation.
5} DETUNE one modulator relative to another, both feeding modu-
lation data into the same carrier (as with the second systern in al-
porithm #20). This produces a charactenistic *“wah-wah'" type effect.
6) Put a carrier within a system into a sub-audio FIXED FRE-
QUENCY. This produces a characteristic choruging or flanging effect,
and is probably the most subtle of the techniques covered here.

In all instances except the last one, the depth of the effect can be lessened by
decreasing the output level of one of the affected operators. In the last in-
stance, you will probably most often use this effect on one system within an al-
gorithm that offers you another system which can be set up similarly but
without the sub-audio roode. This will allow the altered system to “bounce
off’ an un-affected system, thereby increasing the overall effect. In that case,
lowering the output level of the sub-audio carrier will induce a Jessening in the
depth of the effect,

Modifying presets:

Congratulations to those of you who have faithfully gotten this far, initializing

away and constantly creating sounds from scratch. As mentioned eartier, this

is not a procedure you will find yourselves doing often in practice. Most of the

time you will create the sounds you reguire by modifying a pre-existing

a!md. “'b now have amassed encugh information to try this procedure for the
t timie!

When you call up a preset sound, either from the internal memory or frem
some outboard memory such as a cartridge, the DX7 automatically copies
this data into your eds? buffer. How can we view and/or change this data? Sim-
ple - we need o press only one button, and that button is the edit mode select
switch.

Possibly the most remarkable thing about the DX7 is that it is absolutely in-
capable of keeping a secret! THERE IS NO WAY TO “PROTECT” A SOUND
IN THE DX7 FROM BEING SEEN BY THE WORLD AT LARGE! And cer-
tainly no way to protect it from being changed. Companies which sell sounds
for the DX7 do so at great risk, because first of all, once you have the sound,
you can find out exactly how It was made, and, second of all, you can copy
the data to your heart’s content: to other memory storage units for your DX7
and to ather DX7s. There is absolutely nothing the author of a sound can do to
prevent that. Copyright laws in this country, do, however, normally prohibit
you from using or resellmg a copywritten sound as your own. The legal entan-
glements of this are complicated and well beyond the scope of this book - just
bear in mind that the DX7 always allows you to see and learn from the
programming work of others!

Let’s take a Jook at a common preset, and experiment with making some use-
ful changes to it. Find the “E.FIANO 1" preset, either on ROM cartridge 1A-
11 or ROM 3A-8. Go into cartridge play mode and call up this sound. Now
press the “edit” mode select switch, and let's see what we have!
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No matter what parameter is currently dispiayed in the bottom line of vour
LCD, the top line will undoubtedly show you that this scund was created using

algorithm #5: (See Figure 6-37.)

Let's take a look at what frequency ratios were used in each of the three sys-
tems available i this algorithm. Press edit switch 17 and you will note that all
six operators are in FREQUENCY (RATTO) mode; to be expected, since
different notes on the keyboard produce different barmaonicus pitches. Press
edit switch 13 to see what actual ratios were used, Use the operator select
switch to view the values for each operator, and you will see the following ra-
tios: (See Figure 6-38.)

Now let’s see what the OUTPUT LEVELs were for each operator. Press edit
switch 27 to view this parameter, and use the operator select switch to view
the value for each operator: (See Figure 6-39.)

Of course, there are many more factors in play here which make this sound
what it is, but we will limit ourselves here to only those parameters we have
already covered. Suppose, however, you have an incorrigible urge to change
the sound a bit? No problem! The edit buffer insures that we can change away,
without actuzlly affecting the sound itself! Let's begin with the crudest change
imaginable, changing the algorithm! Remember, you can change algorithm at
any time, and when you do so, no other data is changed! So, for example,
if you're: curious to hear “E.PIANQ 1" in algorithm #16, press edit switch 7
(ALGORITHM SELECT parameter)}, and use the data entry slider to change
this value to 16. Play a note on the keyboard and listen - you should be hearing
a really horrible noise which doesn't sound anything like “E.PIANO 1". Try
going into different algorithms znd note that many of them produce enormaous
changes ta the overall sound.

Changing the algorithm is probably the grossest change vou can make to the

sound. Doing this is a fairly mindless exercise and will rareiy be of logical help
to you in modifying a sound (of course, there is nothing inherently wrong with
mindless exercises, after alt 8 million MTV viewers can't be wrung! Sericusly,
though, often just mindlessly changing algorithms will vield new and interest-
ing sounds and I don't mean to discourage you from doing it). However, more

often, changes to more subtle parameters will vield just the kind of modifica-
tions to the sound you require.

Let’s try one practical example. As nice as the *E.PIANO 1" preset is, a com-
mon complaint is that it doesn't “cut” enough - that is, mast people would Eie
the sound to be somewhat harder and brighter. This preset is meant to emu-
late the sound of a real Fender Rhodes pianc, and the Fender Rhodes is actu-
ally an acoustic instrument whose sound can be modified by certain physical
adjustroents to the hammers and metal tines which create the sound. In order
to "harden” the sound of a Rhodes, you normally raise the hammers higher so
that they strike the metal tines sooner; hence, a brighter, harder sound.

We can digitally simulate that effect in our DX7 and make the “same” change
to the sound of out Fender Rhodes as a real Fender Rhodes owner can. The
first step in modifying any preset, after entering edit mode to view the edit
parameters, is to listen to the contribution of each individual systern within the
algerithm, This is accomplished by selectively switching QFF operators. The
second step is to THINK about what parameter it is you want te change in or-
der to accomplish the desired result. In this instance, we wish to brighten
the sound, that is, to increase the number of overtones. We know that in or-
der to do this, we must increase the QUTPUT LEVEL of cne or more modu-
lators within the system. The question is, how do we know which modulators
we want to affect? The answer is usually provided by the first step. Listening
to each system individually will usually indicate to you which operator or oper-
ators ate the best candidates for a change. Let’s try it:

ALG 5 11il11 OF1

Figure 6-37
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EXERCISE 30
Brightening the sound of “E.PIANQ 1”:

1) Pat your DXY in cartridge play mode and callup the “E.PIANO I"
preset.

2) Press the “edit” mode select switch in order to VIEW and
CHANGE the edit parameters for this sound.

3 Top line of LCD shows us that algorithm #5 was used to Create
this sound. This algorithm provides us with three systems; operators
1 and 2, operators 3 and 4; and operators 5 and 6. TURN OFF opera-
tors 3 through 6 (“110000”) in order to hear the first syster on its
own. Play z note on the keyboard and LISTEN (AUDIO CUE 304).
This system provides the attack, or “tine” part of the sound,

4) TURN OFF operators 1 and 2 and TURN ON operators 3 and 4
(*001100") in order to hear the next system. Play a note on the key-
board and LISTEN (AUDIO CUE 30B). This systern sounds quite
different, providing the body of the sound.

5) TURN OFF operators 3 and 4 and TURN ON operatars 5 and 6
(“000011") in order to hear the last system., Play a note on the key-
baard and LISTEN (AUDIO CUE 30C). This system also provides
the body of the sound, similar to that of the second system. (See
Figure 6-40.)

6} TURN ON aperators 3 and 4 (*001111”) and play a note on the
keyboard, LISTENing as you do so (AUDIQ CUE 20D}, NOTE that g
certain amount of begting is present in this part of the overall sound.
VIEW the DETUNE parameter for operators 3, 4, 5, and 6, and

NOTE that operators 5 and 6 are heavily detuned (7 and +7, respec-
tively), relative to operators 3 and 4 (which are not detuned at all),

7) TURN ON operators 1 and 2 (“111111") and once again LISTEN to
the overall sound. Since we now know that the first system (that of
operators 1 and 2) was providing the “attack”, or "tine” part of the
sound, it is logically the OUTPUT LEVEL of operator 2 that we want
to increase,

B) VIEW the QUTPUT LEVEL parameter of operator 2, and using
the data entry slider, slowly increase this vahue from its present set-
ting of 58 up to a maximum value of 99. Since we are changing QUT
PUT LEVEL (which does not change in real time), you will have to
tap a note on the keyhoard as you LISTEN (AUDIO CUE 30E).

NOTE that at the uppermost values the sound is distorted and un-
pleasant. CHANGE this value to 86 for a realistic “hard” Fender
Rhodes sound.

9) EXPERIMENT by changing the cutput levels for operatars 4
and/or 6 instead of operator 2. NOTE that while these changes make
the sound brighter, the quality of the sound changes drastically and no
longer resembles a Fander Rhodes.

10) EXPERIMENT by changing the frequency ratios within the
different systers and NOTE that since this only initiates a quatitatioe
change in timbre, the result is not a brighter sound, just a different
sound,

The technique of modifying a preset is as much an art as a science but will
usually require you to translate a subjective audio requirement into a fixed
DX7 parameter change. In the example above, we wanted to “harden”, or
“brighten”, our sound, Since there are no “harden” or “brighten” parameters
on the DX7, we had to translate this desire into a command to “increase
modulator output level”, An examination of the contributions of individual gys-
tems within the overall sound showed us that system 1 was the system we
really needed to change, and so the finger was pointed at oparator 2 as the
likely recipient of that change!
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Okay, now that we've built a better (or at least brighter} render Rhodes, let's
try adding in one of our aniration techniques, The very last one we examined,
placing a carrier in a sub-audio fixed frequency, will work very well with this
sound, sirice we have two systems (that of operaters 3 and 4, and of operators
5 and 6) which are essentially the same. Remember, this particular effect will
work best when we can bounce it off of an uneffected system, in order to cre-
ate maxirnum phase and pitch shifts.

Since it's a carvier we need to change, our candidates are operators 3 and 5.
Which one is the better to use? That's a tough question, but I personally
would opt for operator 3, since operator 5 is already contributing some beating
effects to the overall sound (by reason of its detuning), Let's do it:

EXERCISE 31
Adding chorusing to “E,PIANO 1"-

1) REDO Exercise 30 through to Step 8.

2) VIEW the MODE parameter (edit switch 17) for operator 3. Use
the “yes” button to change this from FREQUENCY {RATIO) to
FIXED FREQUENCY.

3) Press edit switch 18 (F COARSE parameter) and change this
value to 1.00 Hz.

4) Press edit switch 19 (F FINE pararneter and change this value to
4.365 Hz,

3) Play a few notes on the keyboard and LISTEN {AUDIO CUE
31A). NOTE that the “E.PIANO 1" sound now has a chorusing effect,
6) EXPERIMENT by changing the F FINE value to higher or lower
speeds. NOTE that as you do so, the speed of the effect changes.
EXPERIMENT by lowering the OUTPUT LEVEL of operator 3.
NOTE that as you do so, the depth of the effect is Jessened,

Congratilations on making your first musically usefil modification 1c a preset!
In Chapter Eight we will have an epportunity to name and store this sound,
but first we must complete our discussion of the effects of modulators by dis-
cussing STACKED MODULATORS and THE FEEDBACK LOOP.



CHAPTER SEVEN:

STACKED MODULATORS

AND THE FEEDBACK LOOP

‘ﬁm'mpmbahlynoﬁcedhynmvthatmemaremxyalgoﬁthmsthatmideus
withmodulatorsmodulatingoﬂuermodulaturs.asmalgoriﬂ:mﬁ: (See Fig-
ure 1.}

ot algorithm #16: (See Figure %2.)

or algorithm #1, which actually provides us with a modulator (operator 6)
modulating another modulator (operator 5) modulating yet another modula-
tor {operator 4) before the signal finally reaches the carrier (operator 3)! (See
Figure 7-3.)

Tbesasymtemofmoreﬂmonemdulatorinamwarecaﬂeds&ukadnwdu—
lajors , or stacks for short. (Dr. Chowning himself refers to these as “cag-
cgdes".}“?ecanbestdemnbethepumosemdeﬂmtoﬁhesemksbynm-

ning an exercise. What we will do here istosta:toursehvesinalgorit}un#zs,
which looks like this: (See Figure *4.)

We'll bepin by using just operators 2 and 3, which comprise a single modulator-
CAITIET System , t0 generate a sawtooth wave. As we've learned in the previoug
chapter, we can change algorithms at any time, 86, having made our sawtooth
wave, we will next change over to algorithm #3, which looks like this: (See
Figure 7-5.)

AS you can see, in algorithm #3, operator 3 is still modulating operator 2, but
this time upemtorzisnolongeracarrierbmisinsteadcmlﬁguredasamther
modulator, affecting operator 1 (our carrier), When you change algorithms,
remember, all of your previous dataismtahed.andsoeventhoughommtnrz
is now a modulator instead of a carriet, it is atill a sawtooth wave, since gper-
ator 3 is still affecting it in precisely the satne way: (See Figure 7-6.}

By sending signal from the output of operator 2 to operstor 1, we are now
modulating our carsier with z sawtooth (complex) wave, instead of just a sim-
ple sine wave. The aural results will be strikingly different. Let's do it:

EXERCISE 32
Modulating with a sawtooth wave:

1) INITIALIZE your DX7, select algorithrn #23, and TURN OFF
operators 1, 4, 5, and 6 (“011000").

2) Using the system of operators 2 and 3, GENERATE a sawtiooth
wave and LISTEN to confirm (AUDIO CUR 325).

3) VIEW the OUTPUT LEVEL parameter of operator 2 and
CHANGE this value to 0. Since operator 2 is a carrier in this al-

NOTE ﬂmtewntlmughwecannownnlongerhearoperamﬂ.ﬁh
still 2 sawtooth wave since operator 3 continues to have an output
level of 99: {See Figure )

ALG, #3:
p—
3 6
l—
b
]
4
Figure 7.1
ALG.#16:
—
4 6
i —
2 3 5
]
1
Figure 7.2
ALG #1:

Figure7.3
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ALG.#23:
—
3 6 \\
1 2 4 5

Figure 7-4

ALG #3:
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Figure 7-6
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Figure 7.7

4) Press edit switch 7 (ALGORITHM SELECT parameter) and
CHANGE to algorithm #3.

9) TURN ON operator 1 (“111000™). Even though operators 2 and 3
are on, we wor't hear their effect since the output leve] of operator 2
has been reduced to 0. Examine the algorithm diagram and NOTE
that there is no way that opetator 3 can send any modulation data
directly to operator 1: (See Figure 7-8.)

6) Play a note on the keyboard and LISTEN (AUDIO CUE 32B) in
order to confirm that you are only hearing the sine wave generated by
the currently unmodulated operator 1.

7) VIEW the OUTPUT LEVEL parameter (edit switch 27) for oper-
ator 2, and, using the data entry slider, slowly increase this value 1p
to its maximum of 99, tapping a note on the keyboard and LISTENing
as you do so (AUDIO CUE 32C). NOTE that you cannat sitriply hold
a note down, as we are altering output level, which does not change in
real time,

What exactly did we hear? First of all, the overtones began appearing at 2
much eatlier point. By the time you had increased the output level of operator
2 to a value of 20 or o, several overtones had begun to make their presence
feit. Secondly, the sound got much, much brighter than anything we've heard
previously, to the point where it actually overloaded and distorted when the
output level was close to or at maximum. Of course, there was no reasen to
have to start in algorithm #23; we did that here just so you could demonstrably
hear that operator 2 had in fact been changed to a sawtooth wave, When
generating complex timbres with stacks of modulators, you can start directly
in algorithm #3, ar any other glgorithm, for that matter.

The sole purpose of these stacks, then, is to allow us to use complex waves
as modulating sources. After all, every timhre we've previously generated has
been a result of feeding a sine wave output into another sine wave. What we've
accomplished here is to feed a complex wave output (in this case a sawtooth
wave) into our sine wave: (See Figure 7-9,)

The advantage of using & complex wave as our modulating source is that it
enables us to generate gverbright, twangy, biting kinds of sounds on our
DXY, and, in large doses, distorted sounds. Crank the output level of opera-
tor 2up to 99, play a hot guitar lick on the keyboard, and you'll hear a nastier
fuzz guitar sound on your DX7 than you could ever hope to accomplish on the
cheapest (and most distorted) analog synth around!

Of course, we're not limited to just tsing a sawtooth wave as our corplex
modulating source. We can use any timbre we bike. Just for the sake of lustra-
tion, let’s run a quick exercise to generate a square wave as our modulating
BOUTCE:

EXERCISE 33
Modulating with a square wave:

1) INITIALIZE your DX7, go straight to algorithm #2, and TURN
OFF operators 4 through 6 (“113000™). Play a note on the keyboard
and LISTEN to confirm that all you are hearing is the single sine wave
being generated by operater 1 (AUDIO CUE 33A).

2) GENERATE a square wave in: operator 2 by setting the F
COARSE value of operator 3 to a value of 2.00, and the QUTPUT
LEVEL of operator 3 to a vahie of 71: {See Figure 7-10.)

NOTE that even though operator 2 is now outputting a square wave,
we cannot hear its effect on operator 1 since the QUTPUT LEVEL of
operator 2 is still .

3) VIEW the OUTPUT LEVEL parameter tor operator 2, and using
the data entry shider, slowly increase this up to its maximum vahue of
989, tapping 2 note on the keyboard and LISTENing as vou do so (AU-
DIO CUE 33B). NOTE that once again, the overtones appear at an
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earliat stage and that the sound becomes significantly brighter than ALDTT

that generated by a single modulator, _

4) EXPERIMENT by changing the frequency ratio between opera- 3

tors 2 and 3; between operators 2 and 1; between operators 3 and 1.

EXPERIMENT further by changing the outpus level of operator 3 as i
2
l
1

F(R) = L.OD

well as that of operator 2. NOTE that as higher frequency ratios are F(R} - 1.00
set, more distortions appear as we increase the disharmonic content.
NOTE also that this can be offset by reducing the OUTPUT LEVEL )~ 1.00
of either operator 2 or operator 3; and that each produces a qualita- '
tively different effect.

crithm, thare in 20

If you plan to generate a sound on your DX7 that is harpsichord-like, clavinet- %én%ﬁh%- -oper
itke, guitar-like, banjo-like, or any kind of twangy, sharp, biting sound, you will R all and 30 § e e, o
probably need a stack or two to accomplish this. Several algorithms, like #3
and #4, offer you two stacks, while others, ke #10 or #30, offer you one stack Figvre 7.8
pius several other systems, Since 2 stack by definition wilf consist of at least 3 gure
operators, and since we only have a total of six operators at our disposal, thera _
are no algorithms offering you more than two stacks. In any event, this is yet Previously:
another question to ask yourself when making a decision as to the best al \f*\’

gorithm to use for a specific situation. Since over half of the 32 available al-
gorithms do not contain stacks, then deciding that you need one will effec-
tively eliminate over half of the potential choices. Dor't waste your time trying 18/ "\ = complex wave
to make an accurate electric guitar sound, for example, with a single
modulator-carrier system - you won't be able to generate enough overtones to Now:

do it well. Only using a complex wave as a modulating source can accomplish \/\J
that, and that's precisely why stacked modulatoss are available 1o us.
= complex wave

Why would we ever need stacks of three modulators, as provided by al- ¥
gorithms #1, 2, and 187 We'll be able to better answer that question aftar we ll \f\l
discuss something called feedback . = more

The feedback loop: COMPpEx Wave

Fgure 7-9
In every one of the 32 algorithms in the DX7, we are provided with something
called a feedback Inop . Those of you with keen sensory apparatus (or those of s
you who are just plain observant!) may have noticed these funny little boxes
that are attached to at least one operator in every algorithm diagram, even FRI=200 |3 | N\ S ©Op=71)
though we have conveniently not said anything about themn up until now. Al- [
gorithm #1, for example, has its feedback loop on operator §: {See Figure

711,) =100 |2 N'I_I_m

This feedback loop is an alternative means of routing an operator's output ei-

ther to its own modulation input, or to the input of another operator stacked FR=100 1 | NS oram
above it, hence the term “feedback”.

Acoustic feedback is 2 phenomenon which occurs when a signal is re-routed,
or “fed back” into itself, as when an open microphone is placed in front of an
active loudspeaker: (See Figure 7.12.)

The output signal from the microphone goes into the loudspeaker, which
reproduces it. This reproduced signal is then picked up again by the open
microphone, and “fed back” into the loudspeaker: over and over again this oc- -
curs, until finally a characteristic squealing and howling is generated. Of ALG #1;
course, in our DX7 we are not dealing with audio signals of any type, since all

of our components are digital. The result of our DX7 feedback loops, then,
will be simply 1 allow a modulator to modulate itself , or in a flew al- 6| [~
gorithms, to allow a carrier to actually modulate a modulator stacked above FEEDBACHK
it! (Whew! Try saying that three times fast...) 5 LOoOP

We do not have the power to decide where the feedback locp will be: this is
determined by the algorithm we choose. Usually (but not always! - consult the 2 4
algotithm diagrams!!), the feedback loop is on operator § and it usualy is set l
to feed back into itself, as in algorithm #5: (See Figure 7.13.) ] 3

Figure?-10

Figure 7-11
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ACOUSTIC FEEDBACK LOOP
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Figure 7-12
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1 3 5
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WAVE
MOERE CDthLEX
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Figure 7-15

Sometimes, however, the loop specifies that operator 6 will nstead be the re-
cipient of modulation input fed back by a carrier below it, as occurs in al-
gorithm #6: {See Fig‘uren'i'-l‘l.)

In fact, the only difference between algonthm #5 and algorithm #6 is in the
feedback ksop! Obviously, we will hear qualitatively different aural effects from
each configuration,

Take a moment or two to reexamine the 32 algorithms, taking mental note of
where the feedback loop is placed for each one. Observe, for example, that
the only algorithm that contains a carrier feeding back into iteelf is algorithm
#32, which, after all has only carriers. In every other algorithm the feedback
loop terminates at a modulator .

Lat’s begin by examining the effect of a2 modidator feeding back into itself, as
with algorithm #5. i operator 6 is sending its output not only to cperator 5, as
the algorithm indicate s, but nto its own modulation data input, then it will ac-
tually have the effect of modulating itself! (among some irreverent DX7
programmers, this is known as the auto-erotic mode) This means that opera-
tor 6 will be able to turn itself into a complex wave, without needing another
rnodu}lator stacked above it, thereby “saving” you an operator: {See Figure
715,

In the case of algorithm #6, however, operator 6 instead is the recipient of sig-
nal outputted by operator 5 , sitting helow it! This means that the complex
wave produced as a result of operator 6 modulating operator 5 is then
returned , in varying amplitudes, to the modulation input of opezator 6,
causing it to output a more complex wave itself. This extra.complex wave is
then outputted again into operator b, and the whole process reoccurs again
and again. {See Figure %16.)

Exercise 34, below, will let us hear the qualitative aural difference between
these twe feedback routings.

We can control how much signal enters the feedback loop with edit switch 8,
labeled "FEEDBACK”: (See Figure 717.)

The range of this switch is 0 - 7; a value of 0 indicates that no signal is entering
this pathway, hence no feedback; a value of 7 indicates that maximum signal is
in this routing and feedback is maximized. In small doses (values of 1, 2, 3, or
4), the effect of the feedback loop is very similar to that of a stacked modula-
tor. In larger doses (values of 5, 6, or 7}, so much signal will be feeding back
that the sound will prossly distort and eventually break into white soise .

If you take all of the colors of the rainbow and mix them together, you get the
color white ; if vou take all of the audio frequencies and randomly mix them
together, you get white noise. White noise is useful for generating thoroughly
non-musical sounds such as handclaps, surf, wind, thunder, or engines,
helicepters, and jackhammers. Using the feedback loop in its higher settings
will allow us to generate white noise effects on the DX7; however, for other
reasons socn to be discussed, the DX7 is not a particularly good instrument to
use for these kind of effects. In any event, let’s try out the feedback loop and
hear its contribution to a sound. Note that the feedback loop parameter is not
operator-specific; the upper right-hand comer of our LCD will be blank and
the operator select switch will be inactive. This makes sense since, as we have
seen, we cannot specify which operator is to have the feedback loop - it is de-
termined for us by the algorithm we select.

EXERCISE 34
The feedback loop:

1) INITIALIZE your IX7 and select algorithsn #5. TURN OFF oper-
ators 1 through 4 (“000011").

2) Using the system of operators 5 and 6, GENERATE a sawtooth
wave, LISTEN to confirm (AUDIO CUE 344).

3) Press edit switch 3 to VIEW the FEEDBACK parameter. NOTE
that the defarnelt for this parameter is 0 (no feedback),
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4) Hold down a single note on the keyboard and use the “yes” button
to skowly increase this value up to its maximum of 7. LISTENing as
you do so (AUDIO CUE 34B), NOTE that the sound gets progres-
sively brighter, simulating ihe effect of 2 stack, until, at the highest
settings, it distorts and eventually degenerates into white noise (at a
value of N,

5} Restore the FEEDBACK value to 0 and press edit switch 7 to
VIEW the ALGORITHM SELECT parameter. CHANGE this to al-
gorithm #6.

6) Repeat steps 3 and 4 above, LIST ENing as you do so (AUDIO
CUE 34C). NOTE that, since in this algorithm operator 6 is not feed-
ing back into itself but is instead the recipient of aperator 5's output
signal, (See Figare 7.18,)

the effect is qualitatively different. In this configuration, the feedback
overtones appear earfier and distort maore quickly, producing a
“cleaner” type of white noise.

7) EXPERIMENT by using timbres other than a sawtooth wave, and
by trying the feedback loop in other algorithms, Try specifically using
algorithm #32, as this is the only algorithm with a carrier feeding
back into itself (NOTE that the aural results are particularty unspec-
tacular). NOTE that regardless of the timhre selected ot the al-
gorithm used, the feedback loop always has the aural effect of
brightening and/or distorting the overall sotnd. EXPERIMENT fug-
ther by calling up various presets in play mode , examining their feed-
back loop settings, and CHANGING them. LISTEN to the increase
in brightness as you increase the FEEDBACK value in all instances,

It should be obvious that the FEEDBACK loop can scmetimes be used as a
“phantom” seventh operator, since it can so closely simulate the effect of a
stack. For example, suppose you've created a gound on your DX7 using all six
operators in the configuration of algorithm #5, and you feel that it's lacking just
that extra bit of “bite”. You may already have the output levels of your modula-
tors at or near maximum, and the sound is still not cutting through enough.
Well, even if you look for another algorithm, one with a stack, you're unfor-
tunately out of luck because there are only six operators, and you're already
using them alll In this example, opening up the feedback loop already present
in operator & may well be all you need to do in order to complete the sound to
your satisfaction!

Even when, in the last Exercise, we used algorithm £#6 and raised the FEED-
BACK value to its maximum of 7, we didr't really come up with a very pure
white noise. Noise, by definition, should be completely pitchless, and you
probably noticed that quite a bit of the original carrier sine wave was still pres-
ent, We can increase the purity of the noise we generate on the DX7 (that is,
decrease the amount of the pitch component) by using stacks of three modu-
Iators, and this is the main use of such stacks.

ALG #6:
(MORE
COMPLEX
WAVE)
2 4 G *
1 3 5 A
{COMPLEX
WAVE)
Figure 7-16
FEEDBACK
8 g
Flgure 7-17
ALG 6
FEEDBACH
2 4 6 LOOP
- &
1 3 5
T 7T

Figure 7-18
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Here is a good method for creating pure unpitched white noise on the DX7,
using a stack of three modulators, and using a carrier in sub-audio fixed fre-
qeency mode:;

EXERCISE 35
Generating unpitched white noise:

1) INITIALIZE your DX7 and leave it in algorithm #1. TURN OFF
operators 1 and 2 (“001111").

2) VIEW the OUTPUT LEVEL parameter {(edit switch 27) for oper-
ater 3 and CHANGE it to a value of 99. LISTEN to the pure sine wave
(AUDIO CUE 354),

3y CHANGE the OUTPUT LEVEL of operator 4 tc a value of 99,
generating & sawiooth wave (remember, the frequency ratio between
operators 3 and 4 is already 1 : 1, since these are defaull values ).
LISTEN to confirm (AUDIQ CUE 35B).

4}y CHANGE the OUTPUT LEVEL of aperator 5 to a value of 99,
generating a distorted sound as a result of changing operator 4 toa
sawtooth wave and using that as a modulating scurce. LISTEN to con-
firm (AUDIQ CUE 35C).

5 CHANGE the OUTPUT LEVEL of operator & to a value of 99, in-
creasing the distortion present in the sound to a point where it is
generating noise. LISTEN to confirm (AUDIO CUE 35D). NOTE
that this noise is still firly pitched, and therefore not vet white noise.
6) VIEW the FEEDBACK parameter (edit switch 8) and CHANGE
it to its maximum vahse of 7. NOTE that in algorithm #1, the feedback
loop is set so that operator 6 (the top modulator in the stack) is feed-
ing back into itself, LISTEN (AUDIO CUE 35E) to confirm that the
pitch component in the noise has been greatly reduced, but is still
present.

7) Press edit switch 17 and VIEW the MODE parameter for operator
3 (the carrier), Use the "yes” button to CHANGE this to FIXED
FREQUENCY.

8) Press edit switch 18 and VIEW the F COARSE parameter for
operator 3 and note that it is currently 10.00 Hz, which is a sub-aucio
frequency. Leave it at this setting and LISTEN (AUDIO CUE 35F),
NOTE that the pitch component. has again been reduced but is still
slightly present.

9) CHANGE operator 4 also to FIXED FREQUENCY mode, and
VIEW its F COARSE value (which will be at the default of 10.00 Hz).
LISTEN (AUDIO CUE 35G). NOTE that we have again reduced the
pitch component.

1) Repeat step 9 abowe, for operator 5 . LISTEN (AUDIO CUE
35H) and NOTE that the pitch component is now entirely gone, and
that we have succeeded in generating pure white tioise.

1) EXPERIMENT by changing operator 6 {the top modulator) also
to a FIXED FREQUENCY of 10.00 Hz. LISTEN (AUDIO CUE 35I)
and NOTE that this produces g helicopter-like sound; mteresting, but
not white noise. EXPERIMENT further with other FIXED FRE-
QUENCIES for the various operators in the stack provided by al-
gorithm #1.

The reason why the DX7 is not generally very useful as a source for white
moise-based spunds is because the action of the Envelope Generators (see
Chapter Nine for a complete discussion of these hittle beauties!) have a ten-
dency to restore the pitch component when they undergo complex changes,
There is no doubt a mathematical explanation as to why this phenomenan oc-
curs, but, once again, it would be bevond the scope of this book to go into it.
Suffice it 10 say that generating typical white-noise effects, such as whip-
cracks, handclaps, snare drums, thunder, wind, and surf, are best left to ana-
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log synthesizers, which are usually much more successful at Renerating such

sounds, In any event, here's 3 diagram of what we constructed in Exercise 35;
{See Figure 7.19.)
_Ai{:'_ﬂ:__, FRy FEEDBACK - 7 (MAXIMUM)
~1.00 —# COMPLEX WAVE (O/P - 99)
F(R)
SWHZ [P | — /\/—n- MORE COMPLEX WAVE (Q/F = 59)
FIXED
OFF[ 2 Ctonz —> /\‘/ —#- DISTORTED COMPLEX WAVE
] D v
OFF =1
! 0HZ —_ /\/\'
PURE WHITE NOISE
(VP = 99)

Figuye 7.19

Now let's see how we can store some of the seunds we've been creating!

SWITCHES AND CONTROLS COVERED IN CHAPTER SEVEN:
SWITCH PARAMETER COMMENTS
Edit 8 Feedback Range O to 7;

Non-operator specific



CHAPTER EIGHT:
STORING SOUNDS

In the overview presented in Chapter Two we spoke of the different “memo-
ries”avaﬂabkhtheDK?-speciﬁ:aﬂy.ﬂwiMwmmy.mﬂthemrM@
memoty . When we discuss the MTD! interface in Chapter Fourteen we will
seeﬂmwecanalsomsswhatemrmemnryandmmrystomgedevices
available in virtually any computer as well. For now, however, we'll it our-
selves to just the two above-mentioned memories available on the DX7 itself,

Let's just do a quick review of the features of each kind of memory: the inter-
nal, the RAM cartridge, and the ROM cartridge:

1y Internal memory: 32 slots, data can be read or written to,

2) RAM cartridge memory : also 32 slots; data can also be read or
written to. _

3) ROM cartridge memory : 2 sets of 32 slots, each accessed by
“A/B” switch on rear of cartridge. Data can only be read. The infor-
mation stored in these cartridges cannot be overwritten.

Rather than simply discuss the overall procedure, it will probably be easier
(and certainly more fun) to actually store a sound we create. The sound we
store can be something we've built from scratch, via the voice initializtion
procedure, or it could be a sound we've modified (or even not modified) from a
preexisting one. Let's work here with a modification of a preset, Take a few
minutes to go hack to the end of Chapter Six and redo Exercises 30 and 3,
These exercises, you may remember, modified the “E.PIANO 1” sound found
on ROM 1411 or ROM 3A-8, adding extra brightness to the sound and then a
chorusing animation effect.

Got the modified sound in your edit buffer? Good - let’s Carry of...

The first thing you probably noticed when simply playing back scunds on your
DX7 is that every sound has a name. These names are for identification pur-
poses only and don't actually mean anything at all - you can, for example,
generate a fhite sound on your DX7 and name it “TURA”, or YOu Can generate
@ tuba sound and name it “FRED". Normally, of course, you'll want to givea
sourd a name that somehow identifies it, just for the sake of your sanity, but
the point is, you have the freedom to name, or rename, any sound in any way
at all, When you create a new sound via the Yice Initialization procedure, for
cxample, the default nare for that voice will always be “INIT VOICE”. Obwi-
ously, you should always rename every voice you create this way, or else yOu

may well end up with 2 memory full of different sounds, all named “INTT
VOICE"

The edit parameter that allows us tc name or rename 2 sound is edit switch
32, labeled "VOICE NAME". If your DX7 isn't already in edit mode, put it
there by pressing the edit mode select switch, and then press switch 32. The
bottom kne of your LCD should read “E.PIANG ", since that is the original
name of the sound we modified, You also should be seeing a blinking black box
over the “E”, like this: (See Figure 8-1.)

ALGS 111111

CURSOR IS BLINKING

Figure8-1
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This blinking box is called a cursor , and those of you with any computer ex-
perience at all should be very familiar with this little guy. The cursor is simply
a prompt; the computer’s way of trying to get your attention and let you know
what it wants you to do. In this instance, since you told the DX7 you want to

name or rename this voice, it’s showing you the old name and letting vou know
that it's ready to redo the first letter.

Nestled inside each of the 32 main switches as well as the 8 special switches
on the left-hand side of the machine is a small black character , and these are
used solely for naming sounds. Switches 1 through 9 contain the numbers 1
through 9, and switch 10 contains the number “0”; following that, switches 11
through 16 have the letters A through F, and switches 17 through 32 have the
letters G through V: (See Figure B-2.)

Figure8-4

Figure8-2

W, X, Y, and Z are inside the top row of 8 switches on the left-hand side of the
machine: (See Figure 8-3.)

and the two memory select switches contain a hypen and a period, respec-
tively: (See Figure 8-4.)

The function mode select switch doubles as a space bar, and will be used to
enter blank characters, or spaces: (See Figure 8-5.)

and the “yes” - “no” buttons in the data entry section will move the blinking

cursor to the left or right, as indicated by the arrows inside them: (See Fig-
ure 8-6.)

All of which leaves us with only one remaining switch on the entire front panel,
and that switch is the edit mode select switch, which is labeled “CHARAC-
TER": (See Figure 8-7.)

This is the switch which activates all of the previously remaining ones for
their characters. WHEN NAMING A SOUND, YOU MUST KEEP THIS
SWITCH HELD DOWN AT ALL TIMES. This is the only way that the DX7
will know that, for example, switch 18 is to yield the character “H” and not call
up the F COARSE parameter: (See Figure 8-8.)

Note, again, the color-coding system. The word “CHARACTER” inside the

edit mode select switch is black, linking this switch with the black characters
inside all of the other switches.

At the moment, of course, our sound already has a name, and that name is
“E.PIANO 1”. Why then, do we need to rename it? Well, if we simply save it in
our internal memory or on a RAM cartridge, how will we be able to distin-
guish it from the original “E.PIANO 1"? After all, we made some significant
changes to the original sound. It would be a real pain to have to remember
which one was which, especially if the original and the modification were
stored in the same internal or cartridge memory. The solution, obviously, is to
give one of them a different name. Since the original is a factory preset from a
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ROM cartridge, and since we can't ever overwrite data in a ROM, we will be

renaming our modified sound. Let's run an exercise, and rename our new
sound “ - JOE 2: '

EXERCISE 36
Renaming a sound:

1) Your DX7 should currently have in its edit buffer the modification
of “E.PIANO 1" done in Exercises 30 and 31 (Chapter Six). If not,
redo these exercises.

2) You should currently be VIEWing the VOICE NAME parameter:
bottom line of LCD should read “E.PIANO 17, with the cursor over
the letter “E”. If not, press edit switch 32 to VIEW this parameter.
NOTE that the upper right-hand corner is blank as this is obviously
not an operator-specific parameter.

3) Press and hold down the “edit” mode select switch, thereby ac-
tivating all other switches for their characters. Keep this switch held
down for the remainder of this exercise.

4) Since in the name “ - JOE - “ the first character is a space ,
press the “function” mode select switch once, thereby inserting a
blank character aver the letter “E”. NOTE that the cursor automati-
cally moves over the next character, whichisa “ . *

3) We wish to replace the “ . “ with a hyphen, so press the “inter-
nal” memory select switch once to insert a “ -  over the second
character. NOTE that the cursor again moves on.

6) Insert a blank space into the next character by once again press-
ing the spacebar (“function” mode select switch), as in step 4 above.
7) Continue by typing in the word “JOE” by pressing the following
main switches: 20, 25, and 15 (for the characters “J”, “0”, and “E").
Follow this with another space (function mode switch) and then an-
other hyphen (internal memory select switch),

8) Bottom line of LCD should now read “ - JOE -1. The “1” is re-
maining from the old name. To blank it out, press the space bar one
last time. LCD should now read “ - JOE - *

9) EXPERIMENT by renaming the sound “ - WOE - * “ - HOE - *
or (for you Three Stooges fans) “ - MOE - “ You can accomplish this
easily by using the “no” button in the data entry section to move the
cursor to the left, back over the letter “J”, and then simply retyping
the new letter. NOTE that this does not erase any old characters.
The arrow keys located inside the “yes” and “no” buttons simply
move the cursor without any erasure. To actually erase a character,
you use the space bar (function mode select switch).

10) EXPERIMENT further by renaming the sound anything you like
(note that the DX7 does not mind four-letter words, but your relatives
might!). After EXPERIMENTing, restore the sound to its new name
of “ - JOE - “ for identification purposes.

Okay, now we've created our sound (by modification) and we’ve named it. The
question is, where do we want to put it? Just knowing that we want to put it in
internal memory, or cartridge memory isn't enough - we need to know just
which slot to put it in. This isn't just an arbitrary thing, either, since writing
data into a memory slot always erases whatever was previously in that slot -
remember, each slot can only hold one voice in it at a time!

We'd therefore like to be able to see what is in our internal or RAM cartridge
memory without losing our current sound: “ - JOE - “? , in order to de-
cide what we're willing to erase in order to store “ - JOE - * At this point on
most synthesizers we would be up the proverbial creek with the proverbial
paddle. But not on the DX7, thanks to a wonderful little piece of memory
called the edif recall buffer .

We know that whenever we call up or work on any sound at all in the DX7, our
edit buffer presents us with a copy of that sound. The edit buffer is actually a
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two-part memory. It contains within itself a Little sub-section called the edit
recall buffer, and this part of the edit buffer is protected by the back-up bat-
tery and its contents can easily be recalled from any main mode (including
play mode!) with a simple function mode command, (See Figure 8-9.)

How do we get data into this special part of the edit butfer? No problem, the
DX7 does it for us automatically! Take a Jook at your LED and you will notice a
dectmal point after the number. You may previously have ncticed this and won-
dered about its significance. The decimal point appears whenever you first
make any kind of change to a sound (except initializing or renaming it).
That is to say, it makes its appearance the first time you enter any new data
into a sound. In this particular example, we first saw the decimal point in step
8 of Exercise 30, when we first CHANGED the cutput level of operator 2,
Note that simply turning operators ON and OFF, as we did in steps 3 through
7, & not sufficient to make the decima! point appear as these operator status
switches are only temporary time saving devices (remember, operator on - off
status is not remembered by DX7 when you store sound),

What exactly does this decimal point mean? Well, it's a reminder that a sound
has somehow been changed, and it is confirmation from the DX7 that our cur-
rent work is entered and stored in the edit recall buffer, where it will be pro-
tected and can later be recalled. THE EDIT RECALL BUFFER ALWAYS
HOLDS THE MOST RECENT EDITING WORK YOU DID. As with all
ather memory slots, it can only hold one set of data at & time. That means
that if you then decide to stop altering "E.PIANO 1" and instead INITIALIZE
and make a sawtooth wave, all of your modification work in the edit recall
buffer would be lost and instead it would contain just the sawtooth wave,

This extra bit of memoty is a wonderful safety net, because it is protected by
the back-up battery. This rneans that if you sit up till 5 AM constructing the
most amazng DX7? sound ever heard and then vou turn off the machine with-
out remembering to store the sound, it will still be in there the next day! It
also means that at any point, we can leave edit mode and return to play mede
in order to see just what we've got in memory and decide what we're willing to
erase, without losing our modified sound!!

Very, very few synthesizers have anything like the edit recall buffer, and that
means when working with these instruments, you need to know in advance
where yon plan on storing a sound before you can even think about creating it!
This can be very problematic unless detailed written records of the contents
of the synthesizer's memory are kept - a rare occurrence!

We instruct the DX7 to recall the contents of the edit recall buffer into the edit
buffer by pressing function switch 9: {(See Figure 8-10,)

Entering this command will resuit in the LCD prompt “EDIT RECALL?", If
we answer this question “yes” with the data entry switch, we will be asked
‘ARE YOU SURE?", as with the voice initialization procedure. Again, thisis a
drastic change that will normally cause all of the edit parameters to be
changed (and, again, this is no tragedy since we are always in the edit buffer
anyway).

With all of this information in hand, we can now Boldly Go Forward, etc., and
leave edit mode in order to examine the current contents of our internal
memory. Let’s take a deep breath and do it;

EXERCISE 37
Using the edit recall buffer;

1) Your DX7 should currently have the modification of “E.PIAND 1”
inits edit buffer, renamed “ - JOE - * I this is not the case, redo Ex-
ercise 36 above,

2} You should currently be in edit mode, viewing the VOICE NAME
parameter, If this is not the case, go into edit mode and press main.
switch 32, Bottom line of LCD should read " - JOE - * LED should
read either “I1.” or “8” depending upon whether you originally ac-
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cessed this sound from ROM 1 or ROM 3.

3) Turn off vour DX7! Wait a couple of seconds and then switch it
back on again, NOTE that the edit buffer still contains the same data
as before. PLAY a few notes on the keyboard to confirm that the same
sound is also present.

4) Press the internal memory select switch in order to leave edit
mode and enter play mode.

6) Press the various main switches in order to hear the sounds you
currently have stored in your internal memory. Be certain NOT to
make any changes to any sounds by reentering edit mode - stay in play
mode!

6} Insert a cartridge (RAM or ROM) into the slot and enter car-
tridge play mode by pressing the cartridge memory select switch.

7) Press the varions main switches in order to hear the sounds you
currently have stored in the cartridge memory. Once again, do NOT
make any changes to any of these sounds!

8) Finally, select any sound from internal or cartridge memory that is
significantly dissimilar from “ - JOE - *. Play a few notes on the key-
board and LISTEN.

9) Put your DX7 in function mode by pressing the appropriate made
select switch.

10) Press function switch 9 (EDIT RECALL) and answer “yeg” to
both questions (“EDIT RECALL?" and “ARE YOU SURE?).

11) Piay a few notes on the keyboard and LISTEN. “ - JOE - “ is
back!! NOTE that, as in the VOICE INITIALIZATION procedure, the
DX7 has automatically taken you out of function mode and returned
you to edit mode.

12) Press edit switch 32 to VIEW the VOICE NAME and NOTE that
hissﬂ]ll-JoE-(I-

You were asked to actually turn off the power switch on your DX7 in order to
ifustrate that the contents of the edit recall buffer are in fact protected by the
back-up battery, same as the internal memory slots. The data contained in the
edit recall buffer will remain there until such time as you reintroduce the deci-
mal peint by making another change to another sound, or until the back-up
battery fails (normally not for a good five years). That’s why you were warned
not to make any edit parameter changes to any soumds you were viewing,
since doing so would have automatically erased “ - JOE - “ from the edit recall
buffer and replaced it with your new work.

In any event, you were provided - courtesy of the edit recall buffer - with an
opportunity to review the sounds currently in internal memory and to decida
which you consider expendabie. If you didn't actually take note of which sound
you're willing to erase first, go back and redo Exercise 37 and find cne. Find-
ing an “available” memory slot is a lot like doing one of those 25-cent puzzles
we all grew up with - the ones where you have 1o move pieces around in the
one empty slot in order to finally get them in order: (See Figure 8-11.)

We're going to eventually be storing “ - JOE - * in internal memaory slot 22
(just an arbirary number) so if you're fond of what's already in mternal slot 22,
£0 back and pick a sound somewhere else to be sacrificed. Let's suppose you
decide that the sound in internal shot 3 is particularly loathsome to you. We are
etill going to put “ - JOE - “ into slot 22, not skt 3, so we're going to somehow
have to copy the voice in slot 22 over to ot 3, so it will still exist even after
we put “ - JOE - " m shot 22. How do we do this?

Fortunately, just az we could move pieces of the plastic puzzle zround, the
data contained in each memory slot can be easily moved from place to place
(the only limitation being. of course, that you cannot enter new data into a
ROM cartridge). Since T have no way of kmowing what you currently have in
the internal memory of your DX7, we'll have to run an exercise to free up in-
ternal siot 22, This will require that you be prepared to erase one of the
voices ingide your DX7, and vou'll have to decide which one yourself. Of
course, if your DX7 internal memory currently contains the so-cailed “MAS-

12 5 3 4
14 6 13 8
9 10 2 7 1
11 1
KFgure 8-11 L
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Figure 812

Figure 8-13

Figure 8-14

TER GROUP”, that is, a duplicate of ROM 1 or ROM 3, then you have nothing
to worry about. You can erase anything and be certain that you already have
an uneraseable copy of these sounds in the ROM cartridge itself.

The store procedure allows us to actually write data to a memory slot, be it
internal or RAM cartridge. This procedure is purposely a little complicated in
order to prevent you from ever accidentally erasing a sound you wanted to
keep. Actually, the description of this procedure is more complicated than the
procedure itself, but it's set up so you have to press three different switches
in a particular order to make it happen. There are, then, the following
three stages to the store procedure:

1) Memory protect
2) Memory select
3) Store

Memory protect : Both the internal memory and the RAM cartridge memory
are normally protected by circuitry in the DX7. This protection is automatically
there whenever you turn on the instrument, and in fact is one of only two fea-
tures on the DX7 that actually resefs itself on power-up (the other has to do
with MIDI - see Chapter Fourteen for a full explanation). The two center
switches in the upper row of the eight special switches (left-hand side of the
front panel) are the memory protect switches: (See Figure 8-12.)

If we wish to write data into the internal memory, we will need to twmn the in-
ternal memoryprotect switch “off” by pressing the “no” button in the data en-
try section. Remember, the “no” button moonlights as an “off” switch, as the
“yes” button doubles as an “on” switch. Press the internal memory select
switch and note that it is currently “ON". Use the “no" button to turn the
memory protection “OFF”. If we wanted to write data in the RAM cartridge
mEerDrY’ we would use the cartridge memory select switch in a similar
fashion.

Memonry select: The second step in the procedure is to tell our dumb computer
exactly where we wish to write our data. The DX7 does not necessarily as-
sume that since you've turned the internal memory protection off that that is
where you wish to send your data. You will still need to tell it the destination
by pressing one of the two memory select switches (previously used as play
mode select switches): (See Figure 8-13.)

Store: Finally, the last step, and also the last of the eight special (left-hand side
of the front panel) switches that we have encountered. The pink STORE
switch is used to initiate the final storage of data: (See Figure 8-14.)

and this switch must be held down with one hand while you press the ap-
propriate main switch to tell the DX7 exactly which slot you wish the data en-
tered into.

The prerequisite for this entire procedure is that you must have the data you
wish to store currently in the edit buffer . This, of course, simply means
that you have to have the sound actually active in the machine before you can
store it anywhere (that is, if you play a note on the keyboard, you hear the
sound vou wish to store).

Finally, at the conclusion of the storage procedure, you would do well to get in
the habit of turning the memory protection back ON. This is your “safety”
switch - as long as it's ON, there is no way you can accidentally erase a sound
in memory. This protection will reset when you turn the machine off but
there’s no point to actually powering down the DX7 after every storage. Turn-
ing the memory protection back on is optional, but it's an option you should
use - in the immortal words of Roger Powell, “use it or lose it!"”

We're going to take “ - JOE - “ and store him in internal slot 22. If your DX7
currently has the MASTER GROUP in its internal memory, then you can skip
this next exercise, since you are free to erase any of the sounds in memory.
If, on the other hand, you have a voice in internal slot 22 that you want to
keep, you'll have to run this next exercise in order to “free up” internal slot 22.
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As mentioned earber, you will be asked to erase one of your sounds in order
to do this, and presumably you now kniow which one is to be sacrificed. If not
80 back and redo Exercise 37 again to find an expendable voice,

EXERCISE 38
Moving voice data within the internal memory:

n PutwurDX?inhxternalplaymodeandCALLUPthemicewu
have decided to erase. Make a written note of the slot number.

2} Press main switch 22 in order to CALL UP the voice stored in in-
ternal slot 22. This has the action of making a copy of that voice in
the edit buffer.

3) Press the internal memory protect switch and use the “no” button
to turn the protection OFF.

4) Press the internal memory select switch. This telis the DX7 that
you wish to store data in the internal memory,

9) Press and HOLD the pink STORE switch,

6) While continuing to HOLD the STORE button, with your gther
hand, press the main switch corresponding to the siot number of the
sound you wish to ERASE (which you wrote down in step 1 above}.
WARNING: BE CAREFUL AS THIS STEP WILL IRRETRIEVABLY
ERASE THAT SOUND. BE SURE YOU PRESS THE CORRECT
MAIN SWITCH!

7} Press the internal memory protect switch once again and use the
“yes" button to turm the protection back ON,

&) Press the internal memory select machine to put your DX7 back
in play mode. Press main switch 22 in order to confirm that the voice
which was in slot 22 is still there . NOTE that copying this data over
to another slot does not in any way alter the original data. The voice
wuhadinslotzﬁsstillthere,asmllanintheoﬂlerslotjrnumred
it to.

What this exercise did, of course, was to duplicate the sound you wanted to
keepmmsnmewheremmatalotzz.eﬁecﬁvelyfreeingslotﬂtomceive “
-JOE-“withaulerasiugasoundmulihed.“’eareﬁnaﬂymadymstom -
JOE - * into a memory slot in our DX7.

EXERCISE 39
Recalling and storing a sound:

1) Press function switch 9 in order to initiate the EDIT RECALL
procedure, Answer “yes” to both questions in order to restore © -
JOE - * to the edit buffer. Press edit switch 32 in order to view the
name and play a few notes on the keyboard to confirm that this scund
is indeed present in the edit buffer, If anything other than this comes
up, you've probably done something you shouldn't have. DON'T
PANIC, just go back and redo Exercises 30 and 31 once again.

2) Press the internal memory-protect switch and use the “no” button
to turn the protection OFF,

3) Press the intemal memoty-select switch. This tells the DX7 that
¥you are going to store data in the internal memory.

4) PressandHOLDthephkS’IUREswitch.Whﬂedomgso,use
your other hand to press main switch 22. WARNING: BE SURE TO
FRESS SWITCH 22 AND NO OTHER AS THIS WILL IRRETRIEV.
ABHERASEA\’()ICE.%hm,inthisinstance,matemmgthe
voice in slot 22 is okay to do since we just copied it elsewhere in the
memory (Exercise 38 abowe).

5) NUI‘EthatbottomlinenﬂaCDreads“INT22-JOE—".P]aya
few notes on the keyboard and LISTEN: " - JOE - “ should be what
you are hearing.

6) Press the internal memory protect switch once again and use the
“yes” button to turn the protection back ON.
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7 Return the DX7 to play mode and CALL UP any voices, internal
or cartridge, that you like. NOTE that when you call up internal voice
22, however, ' - JOE - “ reappears. At any pomt, press function
switch 9 to redo an EDIT RECALL. Note that “ - JOE - " is still in
the edit necall buffer as well as in internal memory slot 22, and will
remain there until the next time you make a change to a sound in edit
mode.

Yoices, of course, can also be stored onto 2 RAM cartridge. The procedure for
storing onto a RAM is almost exactly the same, with twe small differences.
Firet of all, the RAM cartridge itself has a memory protection switch built into
it. When you plan on storing data on your RAM, you must put this in ite OFF
position as well as turning the DX7 cartridge memory protect switch OFF,
Remember to put this switch back ON after storing, in addition to resetting
the DX7 cartridge memory protect to ON. Secondly, when data is actually
leaving the machine (and enterimg a cartridge plugged into the slot), the LCD
will briefly display the words “UNDER WRITING !”. Once the data transfer is
complete (and this takes just a split second), the display returns to a normal
cartridge play screen (i.e. top line of LCD reads CARTRIDGE VOICE and
bottom line tells you which voice). This is important because if you interrupt
the flow of data (by taking your inger off the STORE button, for example) be-
fore the transfer is complete, only part of the data may be written and you
may not have a complete copy of the voice. ALWAYS keep your fingers on the
switches (STORE and the main switch) until the “UNDER WRITING !" dis-
play disappears. Let’s try it:

EXERCISE 40
Storing data on a RAM cartridge:

1) Imsert a RAM cartridpe into the slot and put your DX7 into car-
tridge play mode. Go through the wices currently stored on your
RAM cartridge and find one that you are willing to erase. Make a
written note of the slot number. {If you are nsing a brand-new or
nearty-new RAM cartridge, you will find that several or all of the
memory slots are already empty. This is indicated by a zeries of smal
black boxes in the LCD where normaly the voice name would appear.
Since there is no data in these slots, they obwiously can be
overwtitten.)

%) Press the internal play mode select switch and CALL UP internal
voice 22 (yes, it's “ - JOE -  again. Play a few notes on the keyhoard
to confirm that this voice is in fact now in the edit buffer.

3} Remowe the RAM cartridge and change its onboard metnory pro-
tection switch to OFF. Reinsert the RAM cartridge.

4) Press the cariridge merory protect switch and use the “to” but-
ton to turn this protection OFF as well.

5) Press the cartridge memory select switch. This tells the DX7 that
we wish to store data in the cartridge temory.

6} Press and HOLD the STORE button. While continuing to hold it
down, press the main switch corresponding to the cartridge memory
slot of the voice you previously decided to erase {in step 1 above).
WARNING: THIS WILL IRRETRIVABLY ERASE A SOUND, SO
BE SURE YOU SELECT THE RIGHT SLOT NUMBER. OB-
SERVE the “UNDER WRITING ! prompt in the LCD and be cer-
tain to continue HOLDing the STORE button until this prompt
disappears.

7) Press the cartridge memory protect switch again and use the
“yeg” button to tumn this protection back on.

8) Remove the RAM cartridge and change its onboard memory pro-
fection switch back to ON. Reinsert the RAM cariridge.

9) Put the DX7 in cartridge play mode and go through the wices cur-
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rently in your RAM cartridge. NOTE that * - JOE - “ is now stored in
the slot that you designated.

10y EXPERIMENT by redoing this exercise, but this time attempt to
store * - JOE - “ on a ROM cartridge. NOTE that when you reach
step 6, the LCD will read “MEMORY PROTECTED” and you cannot
continue. The ROM cartridges are permanently write-protected
and for that reason their contents are uneraseable, 11 EXPERI-
MENT further by moving data back and forth between the RAM car-
tridge and the internal memory. NOTE that, apart from the separate
memory protection switch on the RAM and the “UNDER WRITING
I display, both memories work the same way.

At the moment, of course, “ « JOE - “ is living in three separate places. We've
just put him intc a RAM cartridge slot; he’s still in intermal memory slot 22:
and be's also still in the edit recall buffer. (See Figure 8-15.)

i ~ 1
YAMAHA DX7 — L
C—1 ]
HHom = )
D I:I KEYBOARD
Y Stored in
EDIT RECALL Imternal 22
— BUFFER
EDIT BUFFER Swred in Edit - — JOE-
Recal] Buffer

Figure 8-15

Finally, thanks to the edit buffer, we can actually move data between car-
tridges! This involves copying a voice from a cartridge into our edit buffer
(done automatically by simply calling up the voice) and then writing it onto an-
other (RAM) cartridge. If it wasn't for the edit buffer, there would be no way
of accomplishing this. Let’s try taking the original “E.PIANQ 1" sound and
mriﬁ;r‘taonourRAM.Forthe sake of simplicity, we'll overwrite * -JOE- “in
the :

EXERCISE 41
Moving voice data from cartridge to cartridge:

1) Insert either ROM cartridge 1 or ROM cartridge 3 into the slkot
and set the cartridge to side ‘A",

2) Put your DX7 into cartridge play mode and CALL UP either ROM
1A-11 or ROM 3A-8 (“E.PIANO I'). This voice is now, of course, in
your machine’s edit buffer,

3 Remove the ROM cartridge and insert a RAM cariridge with its
onboard memeory protect switch OFF,

4) Press the cartridge memery protect switch and use the “no” but-
ton to turn the protection OFF.

9) Press the cartridge memory select switch. This tells the DX7 that
we wish to store data in the cartridge memory.

6) Press and HOLD the STORE button. While continuing to HOLD
this switch, press the main switch corresponding to the RAM slot in
which you previously stared “ - JOE - . WARNING: THIS WILL IR-
RETRIEVABLY ERASE A SOUND, SO BE SURE YOU SELECT
THE RIGHT SLOT NUMBER. If you car't remember which RAM
glot held “ - JOE - *, return the DX7 to cartridge play mode, and go
through the various slots. When you've located it, make a written
note, and go back to step 1 above.
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7} Remove the RAM cartridge and turn its enboard mermory protect
switch back ON, then reinsert it.

8) Pressthecarmdgemmuryselectswitchomeagainanduseme
“yes” button to turn the protection back ON.

8) Return the DX7 to cartridge play mode and go through the various
voices in your RAM cartridge. NOTE that the siot that previously had
*-JOE “ init now containg “E.PIANO 1", Play a few notes on the
keyboard to confirm,

Moving data around within the DX?, then, is a fast and simple procedure once
you get used to hitting the switches in precisely the right order. The contents
of a memory, be it internal or cartridge, can easily be rearranged to suit your
particuler needs. For example, if you're doing a live performance with your
DX7 and you know the first sound of the night will he ROM 2B-20, and the
second sound ROM 1A-6, and the third sound Internal Voice 12, don't give
yourself fits by having to continually swap catrtridges and memories! Move the
first sound into RAM slot 1, the secend into RAM slot 2, and the third into
RAM slot 3. At the performance, all you'll have to do is insert vour RAM car-
tridge and then jst increment the numbers - a much easier way of accom-
plishing the same thing! Your internal memory can be used the same way.

As you work through this book, or a3 you work on your own, you should con-
tinually save your work by writing it to merory. Your most recent edit work
will, of course, continually be held in the edit recall buffer, but remember, it
wiﬂonlyholdﬂ:esh:glemstmcentwork.ﬁomethmsywwiﬂnee&hmﬂ
data that wasn't recently changec. Unless you saved that data, you're ot of
huck. As every session programmer knows, the saddest words in the world
are, “you know, I liked it better the way you had it two minutes ago”. Those
two minutes could be an eternity if you've changed several parameters and
negiected to save as you went along.

Or at least that's the way things used to be B.D). (Before DX7 - the Stone Age
of synthesig). Will wonders never cease? The DX7 actually provides us with
yet ancther amazing piece of memory, called compare mode, which allows us
to do real-time comparisons between a modified sound and the original!

We must enter compare mode from edit mode - that’s logical since the only
time we would ever actually need to make a comparison is when we are actu-
ally making some kind of change to a sound. If you press the adit mode select
switch while already in edit mode, the DX7 will enter compare mode: the
LED will begin blinking (the decimal point will disappear as well), and the
original sound will temporarily be restored into the edit buffer. Furthermore,
the LCD will actually display the onmnaldatabrwhateverpamterwu
call up! This is extremely useful, parncu]adylfynuwmademawchanaestoa
sound. Suppose, for example, you've modified twelve different edit
parameters and you're satisfied with what you've done. Being naturally inqisisi-
tive, you decide to try one last change, perhaps to the output level of a partic-
ular operator, and it turns out awful! If you can't remember the original output
level setting, you're in a ot of trouble, since it seems as if you've ruined the
sound. Going back to play mode and calling up the original sound wor't do vou
any good, since the twelve previcus changes you made would be lost.

Here's where compare mode gallops-to the rescue, Simply call up the output
level parameter, press the edit switch again, and the LCD will actuaBy show
you what the original output level was for that operator! Returning to edit
maxle by pressing the edit switch again will allow you to then restore the origi-
nal data by reentering that same value with the data entry section. Let's try it
out:

EXERCISE 42

Compare mode:

1} Put your DXY in cartridge play mode and select "E.PIANO 1"
from either ROM cartridge 1A-11 or ROM cartridge 3A-8.
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2 Put your DX7 in edit mode and press main switch 18 (F COARSE
parameter},

4} VIEW operator 3 and CHANGE the F COARSE value to'5.00,
OBSERVE that a decimal point appears next to the number displayed
intheLED.astﬁsistheﬁrstactualchangewea:emki:mtottﬁs
sound. This modified sound and all future changes we make to this
sound is now in the edit recall buffer. VIEW operator 4 and CHANGE
jts F COARSE value to 12,00, thereby setting up a frequency ratio in
this system of 12:5. Play a few notes and LISTEN (AUDIO CUE
42A}. NOTE that the sound is more metallic and artificial,

4) VIEW operator 5and CHANGE the F COARSE value to 3.00. Do
the same to operator 6 (therehy setting up a frequency ratio of 3:3,
raising the pitch of this system an octave and a musical fifth). Play a
few notes and LISTEN (AUDIO CUE 42B). NOTE how this gystem
pitch change has the effect of making the overall sound more pasal.

5) Press edit switch 7 (ALGORITHM SELECT parameter) and
CHANGE to algorithm #11. Play 2 few notes and LISTEN (AUDIO
CUE 42C). NOTE that the entire quality of the sound, while interest-
ing and pleasant, has changed from the otiginal, due to the new con-
figuration: (See Figure 8-16.)

ORIGINAL _ [aLG#3 NEW ——
"E.PIANO 1" 7) p 3 "E. PIANO 1" 3
{Compare Mode) (Edit Mode) E(R)} =
FRy= |[|FR)= ||FR)- (Stored on edit I 200
1400 || 1.00 1,00 recall buffer) S 6 >
FR) = | |[F(R) = F(R) =
1 3 5 .00 3.00 1400
1 —
o T {5 N 1
. 1.0 .
1 ¢ 1.00 F- | |Fmo -
12.00 1.00

Figure 8-16

6) VIEW the OUTPUT LEVEL parameter (edit switch 27} for oper-
atorﬁandCHANGEitwavaheofgg.PIayafewmsandLISTEN
(AUDIO CUE 42D). NOTE the unpleasant, wavering high overtone
Hmappmm.msisbecmeofﬂnhighdegmeofieedbackinopem-
tor 6 and because it is greatly dettmed relative to operators 4 and 5.
7} Press the edit mode select switch in order to enter compare
mode. NOTE that the LED begins blinking, and the decimal point
disappears.

8) Play a few notes on the keyboard and LISTEN (AUDIO CUE
42E). NOTE that we are once again hearing “E.PIANO 1", a far Iy
from our modified sound!

)] W]ﬂestﬂliucon:paremode.OBSERVEtheLCD.wtﬂchisshﬂw-
ingyuumthebuttomﬁnematt}modgimlomPUTLEVELufoper-
ator & waa a vatue of 78 and, on the top kine, that the originad al-
mﬁﬂmm#&&es&ﬂmeditmdesdectswitchagammremme
DX?tneditmndeandmtematﬂmeLCDonceagajnshmusthe
modiﬁedOUTPUTLEVELva]ueoiQB(asmllasthenewalgoriﬂun
#11, on the top line). Use the data entry stider to CHANGE this back
toitsorighmlvahwof?g.ﬂayafewuotesonthekejrbaardandus-
TEN (AUDIC CUE 42F), NOTE that we have restored the sound to
ﬂnpoh:tmmreatinstephbwe,notaﬂﬂwwmyhacktothcoﬁgi-
nal “E.PIANO 1" sound.

10) EXPERIMENT %y modifying the new sound in various different
ways,usiugoompa:emadetnshuwwuwhatmemalsetﬁngs
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were_ If you're happy with the end result, SAVE the sound to a slot in
your internal or RAM memory.

The real value of compare maode. then, is that it allows you to travel down the
road of modifying a sound and know that you can never stray too far. If you've
made fifty changes to a sound and the fifty-first seems to ruin it, compate
made will let you restore that one parameter without having to restore the
frst fifty.

Notwithstanding all that, ﬂieressuﬂamryguodaxgumforming}’our
work periodically. The reason is simple - if you save your , then
mucmcomparetothatmthouthavmgtocmmtoﬂmmmnalﬂhom
that INTTIALIZING a sound in the edit buffer and then building from that
point on gives you no useful basis for comparison: the DX7 will not compare
to the initialized default settings but instead just to the original sound that was
in the memory skot that you happened to be accessing before initialization, If
you are creating a sound using the initialization procedure, then, you will want
to save an early version of it somewhere in memory 8o that you're not simply
comparing to something totally irrelevant. Finally, remember that you cannet
change any data while in compare mode: changes to edit parameters can only
be raade while in edit mode. In other words, if the LED is blinking, the data
entry section will be inactive - in order to reactivate it, you will need to return
your DX7 back to edit mode by pressing the edit mode select switch again.
Now that we know how to name, store, and cotnpare data, let's return to our
mscussmnofﬂmed:tpammetemthatshapethesnmdmmwnmgﬁﬂ
Specifically, we'll move on to the devices that change our sounds dynamically
over time: the ENVELOPE GENERATORS.

SWITCHES AND CONTROLS COVERED IN CHAPTER EIGHT:

SWITCH PARAMETER COMMENTS

Edit 32 Voice Name CHARACTER key
(edit mode select)
must be held down
while naming sound.

Function 9 Edit Recall

Memory Protect (Internal) Omn or Off.

Memory Protect (Cartridge) On or Off.

Store Must be held down
while selecting
memory slot.

Compare mode Restores original

select voice and data

to edit buffer,



CHAPTER NINE:
THE ENVELOPE
GENERATORS

In Chapter One we learned that all sound is composed of three parameters:
volurze, pitch, and timbre, and that typically each of these parameters will
changedm'ingthedu:ationofasuund. We have made great strides in um-
raveling the mysteries of the DX?butupuntilﬂlispointeverysuundmhm
createdouthismsmmenthasbeenstaﬁcandunchangingthmughitsdma-
tion. We have learned how to specify the vohume (carder output level), pitch
{pitch datz inputs), and timbre (modufator output level and frequency ratio) of
A sound, but not yet how to vary them over fime.

The first, and most important component on the DX7 which allows us to do
this is the envelope generator, Remember our diagram of the operator: {See
Figure 9-1.)

Each operator has its own, totally independent envelope generator (or EG for
short), and the acﬁonsofonehammbeaﬁngatallontheactions of any other.
We will be issuing instructions to each EG via the EG daia input, in order to
tell it what to tell its amplifier,

'I‘hesolepurpuseafﬂerGistoeﬁ'ectanaperiad:bchange of some kind to
the sound over time. The word “aperiodic” simply means “non-repetitive”,
andthemﬂmtanenmmpegeneminwsmthesizermrksisthatyuu
pressakeyonthekeyboard;itdoesitsthmgonceandonceonly:andthatis
that.unﬂwupreasanotherkeymthekeyboard. We'll laarm in the next
terthattheDX‘?alsuhasamﬂmrdeﬁce,theLFO,thata]bwsyoutueffecta
heriodic, or repetitive change over time.

Specifically, what the BG is affecting is outpset level. This extremely impor-
@nt to understand, so I'll repeat it: THE INDIVIDUAL QPERATOR ENVE-
LOPE GENERATORS CONTROL OUTPUT LEVEL. The illustration above
clearly shows us that the EG sends its instructicns directly to tha amplifier,
telling it how much signalﬁ‘omtheusci]iam:topassat Various times, and how
to vary that level. The end result of these commands will be to change the
output level over time,

CardinalRulesOneand%teﬂusmatﬂmvaryﬂ]eoutputlevelofacanier,
wuwi]lgetamlumechange,andifwevarytheoutputlevelofamndulator,m
will get a timbral change. Keeping these Rules in mind, it's clear that an EG

livh:!gipsideamnierwiﬂc}mgethemlumemthm,andmuanEGﬁw

algoriﬂunthatdecideswhichoperatnmareusedas carriers and which as
modulators, so that the EG of, 84y, operator 2, would alter part of the volume
of a sound if algorithm #32 ware being used: (See Figure 9-2)

butnwlda&cttheﬁmbrenfasoundifafgoﬁthmﬁmbeingused: {See
Figure 9-3)

NutethatneitheracarﬁerEGnoramdulaturEGcaninanymyaffectﬂle
ﬁchuiasoundsimeneitherhasa:wbea:'hgatallonﬂmpitch data inputs:
{See Figure 9-4,)

PITCH INPUT
|
QUTPUT
OSC i AMP ——
BEG
[
MOD, INPUT EG INFUT
Figure 9-1
ALG.#32:

134

Figuren.2

ALG.#5:

BIlE

Figure 9.3
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EG ean only send signal
to amplifier and has no way of
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We will iearn shortly that the DX7 provides us with a separate mechanism for
varying the pitch over time. For now, though, let's concentrate on the in-
dividual operator EGs, which will aperiodically vary the volume or timbre of 2
sound over time.

In order to do its thing, the EG needs to know three important facts:

1) When you strike a key,
2) When vou let go of the key, and
3) How long you held the key down.

These bits of imformation are transmitted within the DX7 by means of what in
computerese are known as flags. When vou strike a note on the keyboard (any
note at all, # doesn't matter which), the DX7 generates a specific binary num-
ber called a “KEY ON” flag. This is simply a “holler” to the six operator EGs,
very much like someone waving a flag (hence the term), telling them that a
key has been struck. As soon as the EGs receive this flag (a process which
takes only a millionth of a second or so}, they know to begin going through
their paces. When you let go of a key on the keyboand, the DX7 generates an-
other flag, called a “KEY OFF” flag. This lets the six EGs know that it's time
to stop doing what they're doing and begin to retwrn to their starting points.
Once again, what the EGs do is change the output leve] over time. We can
graph these chanpes, as follows: (See Figure 9-5.)

The microprocessor in the DX7 has a small counter {or “clock™) in it that is
constantly ticking away, so it Is able to calculate the amount of Hme that trans-
pires between the KEY ON and KEY OFF flags. In this way, the EGs got the
answers to the three questions posed above, pamely:

1) When yot strike a key - KEY (N flag is generated.

2) When you let go of the key - KEY OFF flag is generated.

3) How long you hold the key dewn - amount of time lapsed between
KEY ON and KEY OFF fags.

All of this happens quite automatically within the DX7, and very quickly, so
that even if you play a lot of notes very quickly, the EGs will be able to “track”
what you're domg. Remember, computers are so incredibly fast that what we
as humans consider “very quickly”, they consider ultra-slow-rmotion.

The way that the DX7 envelopes work mechanically is really very straightfor-
ward, but this seems to be the area of the instrument that moat users have
problems with. The first point that must be made is that using the EGs is ab-
solutely mandatory; you can't avoid them, so you might as well master them!
The amplifiers inside the operators will not pass any signal at all (which
means: ne sound’) if they do not receive instructions from the EGs. The sec-
ond point to be made is that since the EGs take what would otherwise he
static sovnds and turn them into dynamic, “real” sounds, their contribution is
essential!

Before we examine the workings of the DX7 envelope generator, (which s,
happily or unhappily, one of the most complex you'll find on any synthesizer),
we might do well to take a little time to discuss the typical 2nalog emvelope
found on most analog synthesizers, which is quite a bit simpler, The analog
envelope is a voltage-producing device which sends a control voltage (or CV
for short), typically to a voltage-controlled amplifier (VCA) or voltage-
controlled filter (VCF) in order to apetiodically vary the vohume or timbre of
the analog sound. Again, the emvelope needs to know when you strike a note,
when you let go of the key, and how long you held the note down. Tids infor-
mation in an analog system is generated by means of electrical signals calBed
“triggers” and “gates” (which are the analog equivalents of our KEY ON and
KEY OFF flags), A “trigger” is a sharp spike in voltage which is always fol-
lowed by the steady-state “gate” voltage. When a trigger ocours, the analog
emvelope generates first a rising voltage, followed by a falling voltage which
then drops to a holding level. The amount of time it takes to rise is called the
atiack time: {See Figure 9-6.}
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andtheanwmtnftimeittakestofallisca]}edﬂuedmytime: (See Figure
97)

agl.'lg the level it drops to and holds at is called the sustain level: [See'Figure
)

The envelope holds at its sustain level as long as your finger remains on the
keym:da“mte"mltageispresent.Whenmuletgnofthekey.thegatevolt—
age disappears and the envelope then begins dropping back down to 0 volts.
The amount of time it takes to return back to the 0 volt level is called the re-
lease time: (See Figure 9-9.)

These four values: attack, decay, sustain, and release, are all controllable and
variabie by knobs or sliders on the instrument, and altering their values has
the effect of “shaping” the envelope. Thus, we can build, for example, sounds
that slowly rise in volume and then rapidly fall to a lower level, or sounds that
quickly increase in brightness and then siowly raduce in avertone content.
The four controls i the analog envelope are so standardized that the enve-
lopes themselves are often referred to by their initials: ADSR.

While analog envelopes have been sufficient for many years in creating in-
teresting and useful symthesized sounds, the folks at Yamaha, with access to
digital circuitry, thought that the time was right to introduice a newer, more
powerful set of contrls, allowing us far more flexibility in shaping scunds, We
will be occasionally drawing comparisons between the DX7 EG and the stap-
dard ADSR because synthesists have become very accustomed to thinking of
sourds along the lines of “attack”, “decay”, “sustain” and “release”, but bear
in mind that the DX7 offers us much more tharn this in the way of control.

Whatmareessenﬁaﬂygoingtodoistﬂdmwamad-mapforoumpemtor
mnpﬁﬁermhﬂuw.Thismapwﬂlteﬂtheampﬁﬁerhcwmuchsigmlmpassat
wﬁwsﬁms.andhaw]ongtotakeinmakhgchangesbetweenwmusoutpm
levels.%aregoi:gmbeabletuspedfyiourdﬂermnoutputlevels.hbeled
u,lz,ls,andu;asweﬂashurdiﬁerentmtesnimmmenthetweenthe
four levels. These rates will be labeled R1, R2, R3, and R4. Each Level can
have: a value ofbﬁmenoand%;ﬂbeingthelomstlevel(comspnndingm
muutputlevelofﬂ)mggbehwgthehighestlevel(mrmspnndﬁlgtothe
maximum set output level, NOT NECESSARILY AN OUTPUT LEVEL
OFQQ.Thisnmd:mmsetoutputlemlisﬂlevalueyuuenteredbrthatparﬁc—
ular operator with edit switch 27). Similarly, each Rate can have g value of 0 to
99, with 0 being the slowest passible rate of movement and 99 being the
fastest,

WhenwegenemteaKEYONﬂagbyvirtueofhavhgstmckakeyunmekey-
.aﬂshmwduﬂopemormlopeswﬂlbegintheirjomyatlmel
4"'(not[evell.asmutrdmmxpect).Bearmnﬁnd,ofmurse,thatMmight
bedﬁm&:reachofthesbtopemtomasﬂwirenmlopesamtotaﬂyim
dependmtofonemother.let’sjustuaoethehypotheﬁcalEGufoneopem-
tor, and let's suppose that we specify 2 Level 4 of 0 (by far the most common
Leve! 4 value) for this operator: {See Figure 9-10.)
The first thing the EG will do is to begin moving from its startin R poimt of Level
4 to Level 1, at a rate of speed governed by Rate 1: {See Figure 9-11.)
As soon as the EG reaches Level 1, it immediately continues omrard to Level
2, at a rate of speed determined by Rate 2: (See Figure 9-12.)

Anditﬂ:encmmuesmmrdtol.emla,atRateS: (See Figure 9-13.)

* One anomaly to be aware of here is that the operator EG won't know what
youwmulev&Htobemuﬂitactuaﬂyenmmtersitbyreachhgﬂmendufm
mbpecyde:moth&rmrds.tbeﬁrstﬁmwustrikeakeyuponcalﬁngupa
newaomd.thenﬂcmpmoesaorwﬂlASSUMEﬂmt[ﬂeMisﬂ,muifm
mm&hadiﬁermtwlue.]fmmmrkhgpolyphomwy, you wil
hamtoplaylﬁm&sbeiomﬂzemieeagsianmentsystemisﬁxﬂyamoﬂhe
Level 4 value you entered!
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Having reached Level 3, the envelope will hold at this level, AS LONG A5 NO
KEY OFF FLAG HAS BEEN DETECTED (in other words, as long as your
finger stays on the note). Once a KEY OFF is detected, however, the anve-
lope immediately begins returning to its ending point of Level 4 {which, you
may remember, was also its starting point}, at a rate of speed determined by
Rate 4: {(See Figure 9-14.)

Qur amplifier, then, has indergone up to four separate changes in output
level, resulting in up to four changes in volume or timbre over the duration of
the sound. This is what we mean by a dynamic sound!

Up until this point, of course, we have not heard any dynamics whatsoever in
sounds we have created from scratch. Fow can this be, since we know that
the arvelopes are always somehow changing the amplifiers? The answer lies in
the defzuill envelope settings that occur when we initialize.

We can view and/or enter data into an operator’s EG data input via edit
switches 21 and 22, labeled “E(: RATE” and “EG LEVEL", respectively.
These two switches are mulli-level, which means that if you press them
repeatedly, you will call up different rates and levels. The switches owle, that
is, you will see, in the case of edit switch Z1, Rate 1, Rate 2, Rate 3, and Rate
4, followed again by Rate 1 if you press the switch a fifth tioe, Switch 22 works
the same way. When vou INITIALIZE your DXT7, all six operator envelopes
default the same way, that is, they each have the same values for each rate and
level. Let's run an exercise to see what those values are:

EXERCISE 43
The default EG values:

1) INITIALIZE your DX7, leave it in algorithm #1 and TURN OFF
operators 2 through 6 ("'100000™,

2} Press edit awitch 22 to VIEW the EG level values for operator 1
(NOTE that the upper right-hand corner of the LCD reads “OP 1"
gince this i8 very much an operator-specific parameter). ORSERVE
that bottom line of LCD currently reads “EG LEVEL 1 = 89", This is
the defeult for L1, for all operators.

3) Press edit switch 22 a second time to VIEW the default for Level
2. OBSERVE that LCD reads “EG LEVEL 2 = 99" This is the de-
fault for L2, for all operators.

4) Press edit switch 22 again to VIEW the default for Level 3. OB-
SERVE that LCD reads “EG LEVEL 3 = 99”. This is the default for
13, for all operators,

5) Press edit switch 22 again to VIEW the default for Level 4. OB-
SER'.’EthatDCDreads“EGLEVELé—O" This is the default for
L4, for all operators. Press edit switch 22 once again and NOTE that it
cycles back to the value for L1.

6) Press edit switch 21 1o VIEW the default for R1 for operator 1.
OBSERVE that LCD reads “EG RATE 1 = 99", Press edit switch 21
three more times to view the defaukts for R2, R3, and R4. OBSERVE
that the defult for all rates, for operator 1 (and, therefore, all opera-
tors) is a value of 99. Press edit switch 21 once again and NOTE that it
cycles back to the value for R1.

Ty If you are naturally doubtful or from Missouri, turn on any other
operator and repeat this Exercise. NOTE that the default values are
the same for all operators.

Let's graph out what this emvelope would look like, again mapping output level
over time: (See Figure 9-15.)

As you can see, this envelope has a square shape, and so is often referred to

as a “square emvelope”. Very simply, when we press a key, the output level of
all six operators rises to maximum (Onee again, not necessarily 99, but what-
ever output level you set with edit switch 27. An L1 of 99 simply means “mand-
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mum set output level”. The EG cannot under any circumstances increase
the value enterad with adit switch 27). They then travel instantly (since R2
and R3 are at 99) to the same maximum output level (L3) and hold there umtil
you let go of the key, at which time they instantly (R4) travel back to minimum
output level (L4), This is the reason why, although we have been unknowingly
using the six operator envelopes, they haven't been doing anything useful, just
giving instant on and instant off, for all operators.

One point must be made about rates: they are rates, not absolute times. That
1s.theyvaryacoormugtoﬂxedlstancetheyhmtraverse Suppose, for exam-
ple, you were struck with a sudden urge to visit Tibet, right now. There are
probably millions of different rates of speeds that you could travel at, since
Tibet ts so far away (for those of you Tibetans currently reading this, substi-
tute Brooklyn for Tibet). You could fly, you could swim, you could even walk
(but ooly i you wore real good shoes). On the other hand, suppose you were
struck with a sudden urge to visit the door of the room you’re sitting i right
now. Since it’s a much shorter distance to that door than it is to Tibet, there
are many fewer rates of speed at which you could travel, Finally, let's suppose
you were struck with a sudden urge to go nowhere at all. In that case, it
doesn't matter what rate you travel at, since you're not going anywhere
alryway.

In the aquare envelope example above, R1 and R4 could be many differant
values since in the case of R1 we were traveling from an L4 of 0 to an L1 of 99;
and in the case of R4 we were traveling from an L3 of 99 to an L4 of 0; in other
words, we had the maxirum allowahble distance to traverse. (See Figure
9-16.)

On the cther hand, we can see that in this particular envelope both R2 and R3
are meaningless, since in both cases we were going from a level of 99 to a level
of 99; in other words, we were going nowhere: (See Figure 9-17.)

The speed of the rates, then, are relative to the distances they have to
travel, and that distance is determined by the relative level settings. However,
Yarnaha has theown in a couple of very unusual “rules” for the EGs to follow,
rules which unfortunately can in certain dircumstances negate this statement.
The first of these anomalies is that, when traveling from a lower EG level to a
higher EG lavel, the rate wiil be faster tham the same rate going from higher to
lower. In other wonds, an B2 of 50 will be faster if L1 is 0 and 1.2 is 99 than if
L1 were 99 and L2 were 0. This has been done debberately because naturally
occurring “attack” times of sounds are typically faster than “decay” or “re-
leage” times. By making this “smart programming” modification to the enve-
lope legic, we can accurately reflect this in our DX7 sounds. The second quirk
in our EGs is that they have been programmed by Yamaha to have their rates
respond slightly differently when traveling between two inaudible level values
(that is, level values of about 20 or less: unless you've got your amplifier set
ndiculously loud, you can’t ever hear levels this low) - even if the level values
are precisely the same!

Normally, you would expect a slow (40 or less) rate value to always yield a
slow increase or decrease in output level: (See Figure 5-18.)

However, when a rate is traveling from an inaudible level of 20 or less to an-
other inaudible level of 20 or less - even if both of those levels are the same - it
wor't reapond in that manner. Instead, that rate will act as a delay line, and
will sitnply delay the onset of the next movement. The lower this rate value,
the longer the delay, so that, for example, setting an EG with an L] of 0 and an
1.2 of 3, with an R2 value of 25, will cause the following to occur: (See Figure
919.)

The actual initial attack time is here determined by R3, not R1. The logic be-
hind this is that the EG assumes that if you instruct it to slowly go from an in-
audible level (20 or lesa) to another inaudible level, what vou really want from
it is a detay, since those movements couldn't be heard anyway. This anomaly
will aliow you to produce sounds which have “delayed attacks”, but will work
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only when you set up the EG with two adjacent level values of 20 or less.

\ One byproduct of utilizing this is that, when using very slow delay rates (25 or
less), the DX7 voice assignment system seems to have trouble following what
is happening. If you therefore play a simultaneous chord, the notes will come
back in a randomly arpeggiated form, and if you arpeggiate the notes in a par-
ticular order, they may well reattack in a different order. This is probably a
software “bug”, but one which we can occasionally use to great advantage.
We'll soon run an Exercise to try out these strange effects (Exercise 48, com-
ing up soon).

HeEww-co

i)

R2(48) 1.3(75) 1P

R1 Rl Ly
(50 R4 (90) = L)

Ry

)

BE

Figure 9-19 (=

Lty LAy LA} L4y

! f

ar | oP 2

'

{OUTPUT = 99} (OUTPUT - 70)

FIG. B-15+ L |

Figure 9-20

Finally, the DX7 software will always automatically scale the EG values as a
function of the nominal output level of the operator (as determined by edit
switch 27). In other words, if you set up two different operators with different
output levels, but precisely the same EG settings, the operator with the
lesser output will cycle through its EG movements somewhat faster than the
operator with the greater output level. This is because all the EG Levels in
the operator with the lesser output have been equivalently lowered, therefore
reducing the relative distances the Rates in that envelope have to traverse.,
We'll talk more about this phenomenon, and potential applications, in Chapter
Fifteen: (See Figure 9-20.)

In any event, no one expects you to memorize all of these complicated move-
ments, and so Yamaha has put a model EG diagram on the front panel of the
machine itself: (See Figure 9-21.)

This is purely for reference purposes and should not be construed as the only
shape available! If, however, we were to actually construct this envelope (and
we will, in a moment), we could predict how it would affect the sound we hear,
as follows: If this envelope happened to be living inside a carrier, we would
Fieurs 9-27 hear the volume rapidly (R1) rise to maximum (L1), and then just as rapidly
U (R2) fall to a point about halfway (L2). It would then somewhat more slowly
(R3) drop to near-minimal volume (L3) and continue to hold there as long as
our finger remained on the key. Once we let go, the sound would slowly (R4,

CARRIER EG in this case about the same speed as R3) fade away to no volume (L4). (See
Figure 9-22.)
2 If, on the other hand, this envelope were inside a modulator, we would hear a
YOLOME sound whose brightness rapidly (R1) increased to maximum (L1), and then
NGE

just as rapidly (R2) fell to about halfway (L2 - meaning the overtone content
would quantitatively drop to about half what it was). The sound would then
somewhat more slowly (R3) decrease in brightness to a near-sine wave (L3)
as long as our finger remained on the key. Once we let go, the sound would
just as slowly (R4) return to a pure sine wave (L4). (See Figure 9-23,)

<
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Let's run an exarcise now to try and actually construct the model emvelope TRODULATOR BE
dmwnonﬂlefrontpanel.We’lldoitﬁrstﬁoracan'ierinashglemodtﬂator- L
carrier system, and then for the modulator; :

EXERCISE 44 " R\ 12
Generating the model EG: . :m
oFr

1) INITIALIZE your DX7 and leave it in algorithm #1. TURN OFF
operators 3 through § (“110000"). FEY ON KEY
2) Using the system of operators 1 and 2, GENERATE a sawtooth I_l
wave by setting the OUTPUT LEVEL value for operator 2 to 99,

NOTE that the OUTPUT LEVEL for both operators is now at 99,
Play a few notes on the keyboard and LISTEN to confirm (AUDIO
CUE 444).

3) Use the operator selert switch to VIEW operator 1 (the carrier) :
and press edit switch 22 (EG LEVEL parameter) four times in order Figure 9-23
to VIEW the EG L4 value. NOTE that it is at its defaylt of (} and leave
it that way. Press the switch again to VIEW the L1 value, cutrently at
jts default of 9. Leave it at that value, and press the switch once again
to VIEW the L2 value. CHANGE this valye to 75, Press the switch
once again to VIEW the L3 value and CHANGE this valye to 35,

4) Press edit switch 21 (EG RATE parameter) ance to VIEW the
value for R1. NOTE that it is currently at its default of 99 and
CHANGE it to a new value of 60, Press the switch again to VIEW the
value for R2 and CHANGE it to 50. Press the switch again to VIEW
the vahie for R3 and CHANGE it to 30. Press it one last time to
VIEwmevahseerMndCHANGEittoanewmlueufZE.Our
newly constructed envelope for operator 1 now looks like this: {See
Figure 9-24.)

5) Play a note on the keyboard and LISTEN (AUDIO CUE 44B),
NOTE that the volume quickly increases and just as quickly Flgure 9.22
decreases to a lower level. This movement is followed by a slower

movement (R3) down to an even lower, barely audible level. NJOTE
that when you let go of the kew, the sound slowly dies away (R4) but
that a drastic timbral change occurs. The final sound you hear is I
a simple sine wave. That's because the default etvelope still in opera- E

ANTITATIVE TIMERAL
W CHANGES

=How-oo

:C)

tor2hasbeenm1aﬁectedbythechangeswemadetotheEGufoper- i
ator 1, Since R4 for operator 2is still 9, it drops instantly (an R4 of
99) to an cutput level ufﬂfauofﬁ)mweletgaofthekey.lf

operator 2 sends no output to operator 1, we hear a sine wave only;

(See Figure 9-25.) 1

6} Asyuuplayvaﬁuusnotes.lookatthemodelEGdiagmnonﬂle : ]

front panel. You should be able to hear the volume changes that you = R4

are seeing. NOTE that only the volume, not the timbre, and not the e
pitch, is affected since we are changing only the output level of our EH& oFr

carrier. EXPERIMENT by changing the OUTPUT LEVEL parame-

ter for operator 1 to a lesser value. NOTE that while our carrier un- Figure 9.25

dergoes virtually the same changes, its overall volume is reduced. {As
we mentioned earfier, these changes will now all be a bit faster since
the EG Levels have all been automatically rescated to reflect this out-
put level reduction). g

7) Re-INITIALIZE your DX7 and repeat steps 1 through 6 above, "
this time making the EG changes to your modulator, operator 2. Play "
a few notes on the keyboard and LISTEN (AUDIQ CUE 44C). NOTE \
ﬂaatﬂﬁsﬁmethechangesynuhearareonhrtﬁnbralchangesandthat
mewhxmeandpitchreminconstant.NUPEalsothattheMporﬁon }
of operator 25 EG appears to be non-functioning. Why should this be? , g
Agah,changingthemluesﬁoropmatur?sEGinmwayaﬁectsoper- 4
atorl.SincaR-lﬁoruperatorlisamnﬂyatitsdeﬁultva]ueofgﬁ,
ﬂmtnmns&atassmnasyﬁuletgooiﬂtekey,the:gehfneinstanﬂy
dmpstoo-moﬂwrmrds,mumn‘thearam'thing you take 1
your finger off the key, (See Figure 9-26.) REYCN revar
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8) EXPERIMENT by changing the OUTPUT LEVEL for operator 2
to a [esser value. NOTE that while the EG still undetyoes virtually
the same changes {just a bit more quickly}, the sound never gets as
bright as it did before, EXPERIMENT further by changing the fre-
quency ratio within the system of operators 1 and 2, NOTE that while
the EG still undergoes the same changes, the type of timbre that is
generated is qualitatively different.
What happens if you take your finger off the key before the EG has a chance to
reach its hoiding point of L3? The answer is simple - the envelope will im-
mediately begin traveling from wherever it happens to be, back to L4, at R4,
This means that you can set up sounds which will actually do different things
depending upon whether you play notes staccato or legato (sharply or slowly).
Try redoing ExerciseMabuve,changingﬂneEGvaluesforopemturl only,
and this time try playing some notes on the keyboard quickly instead of hold-
ing the key down. If you play it so quickly that, for example, the EG only gets
halfway up to L1 before KEY OFF, then this is what would happen: (See Fig-
ure 9-27)

and the sound would never actually reach maximum volume. Try it! The DX7
envelopes have been “trained” by Yamaha's software engineers to always auto-
matically return to L4, at R4, whenever a KEY OFF fiag is detected. This
automatic return to the starting point is not unusual, and in fact is found even
on analog ADSRs,

Let's take another look at the envelope we just created, because you may be
wondering about a few of the values we selected: (See Figure 9-28))

H we are trying to get the speed of the first drop in output level (R2} to be the
same speed as the mitial rise in output level (R1), why did we pick such differ-
ent values for R1 and R2? The reason is, again, that these are relative rates
and not absohite speeds. K1 has to travel a far greater distance (¢ to 99) than
K2 (99 to 75); therefore, matching their absalute speeds means entering
different relative rates. Similarly, since the angle of R3 and R4 appears to be
the same on the model diagram, and since R3 and R4 have to travel different
distances (R3 is going from 75 to 35 and R4 from 35 to 0), their values have to
be different also,

Another point is that the mode] diagram appears to show L2 at a little less
than half the volume of L1, Why then did we pick an L2 value of 75 mstead of,
sdy 45¢ The answer is that, 2s we discovered when we first learned ahout the
output level control, all of the controls on the DX7 are exponential, and not
Iinear. Therefore, the greatest change is always at the top of the contyol, and
an L2 of 75 will in fact be a little less than half the volume of an L1 of 99. Simi-
larly, we had to set L3 at a value of 35 since the model diagram illustrates a
volume only slightly above no volume. Levels much below 35 are virtually ip-
aucible unless you've got your amp up really high, which you wouldn’t want to
do since it would make the L1 of 99 pretty nearly blow your speakers up! The
point is, the DX7 being a digital mstrument, we have an enormous amount of
dynamic rangs (the difference between the loudest and softest sound) avaike-
ble to us, aven though in normal circumstances you won't make use of such z
wide range.

Let's continue our examination of the EGs with a step-by-step experimenta-

tion with the different levels and rates. We'll start with K1, since that's the first
thing that oceurs in every instance,

EXERCISE 45
Changing rate 1:

1} INITIALIZE your DX7, leave it i algorithm #1, TURN OFF oper-
ators 3 through 6 (“110000"), and, using the system of operators 1 and
2, GENERATE a sawtooth wave.

2) Use the operator select switch to VIEW the EG RATE parameter
(edit switch 22) for operator 1. NOTE that all four rates are currently
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at their default values of 99 CHANGE the Rl value for operator 1 to a
new vahue of 50 and LISTEN (AUDIO CUE 454). NOTE that the vol-
ume of the sawtooth wave fades in slowly now. CHANGE the R1
value to 25 and LISTEN (AUDIO CUE 45B). NOTE that the volume
fades in even more slowly. HOLD DOWN a key on the keyboard, and
as the sounl reaches its maximum volume, play a new note (while
continuing to EOLD DOWN the old one). NOTE that each note fades
in independently, as the DX7 treats each new voice as an independent
equation (this is due to the DX7's voice assignment systemn- see
Chapter ¥ive for a further explanation), NOTE also that if you release
your finger from the key before it reaches maximum volume, the vol-
ume stantly returns to 0 since R4 is still at its default of 99.

3) EXPERIMENT with different R1 values for operator 1 and NOTE
that smaller values lead to longer fade-in times and that higher values
just have the effect of “softening” the attack of the sound.

4) Restore the Rl value for operator 1 back to its default of 99 and
use the operatar select switch to VIEW this value for operator 2.

5) CHANGE the Rl value for operator 2 to 50, play a few notes and
LISTEN (AUD’C CUE 45C), NOTE that, while the volume remains
constant, the sound now begins as a pure sine wave and quickly
changes into a sawtooth wave: as the QUTPUT LEVEL of operator 2
is somewhat rapidly increased by its EG to maximum: {See Figure
9-29.)

6) CHANGE the R1 value for operator 2 to 25, play a few notes and
LISTEN (AUDIO CUE 45D). NOTE that the sine-wave-to-sawtooth-
wave transformation occurs more slowly. EXPERIMENT by attering
the Rl vahe for operators 1 and/or 2 in various ways and LISTEN to
the volume and/or timbral changes that result.

Rate 1, then, would at first glance appear to be the same as the “attack” com-
ponant of the analog ADSR, This is true most of the tirne, but the additional
flexibility of the DXT eavelope over the analog ADSR means that in special cir-
cumstances, R1 will not be equivalent to “attack”. We'll discuss these special
circumstances shortly but for now let's continue with an examination of Rate 4.

Rate 4 is the only thing that will occur after you let go of a key (following the
REY OFF flag) and &0 it always emulates the “release” portion of the analog
ADSR. Let's rum an exercise to experiment with setting different R4 values:

EXERCISE 46
Changing rate 4:

1) INITIALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 (“}10000™), and, using the system of operators 1 and
2, GENERATE a sawtooth wave.

2) VIEW operator 1 (the carrier in this system), and press edit
switch 21 (EG RATE parameter) four times in order to VIEW R4 for
operaior 1.

3) CHANGE this R4 from its default of 99 to 2 new value of 30, Play
a note on the keyboard, release it and LISTEN (AUDIC CUE 464).
NOTE that while the sound lingers and slowly dies away after you re-
lease the key, the sound you hear after KEY OFF is a simple sine
wave, not the sawtooth wave we previously generated. The reason for
this is that altering R4 for operator 1 in no way affects R4 for operator
2, which is still at its default of 99: (See Figure 9-30.)

4) Now let's try the opposite: Restore R4 for operator 1 to its default
value of 99. VIEW operator 2 and CHANGE its R4 value to 30. Playa
note, release the key and LISTEN (AUDIO CUE 46B). NOTE that
you hear nothing at ail after releasing the key, Again, this is because
altering R4 for operator 2 in no way affects R4 for operator 1. Since
operator 1 in this system is acting as the carrier, the total wolume
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shuts down upon KEY OFF. Operator 2 is continuing to fade away af-
ter KEY OFF, but you just can't hear it! (See Figure 9-31.)

5) Let's try setting R4 for the carrier the same as R4 for the modula-
tor, Leave R4 for operator 2 at its current setting of 30, and CHANGE
R4 for operator 1 to the same value of 30. Play a note, release It and
LISTEN ¢(AUDIOQ CUE 46C). NOTE that, as the volume fades away,
50 too do the overtones, at the same rate of speed. What you are
hearing is a sawtcoth wave slowly dropping in volume and changing
back into a sine wave at the same time, By the time the sound be-
comes inaudible, the cvertones are practically all gone: (See Figure
9-32.)

6) What if we simply wanted to hear our sawtooth wave fade away n
volume with no timbral change at all? One method would be to set the
modulator's B4 to a minima) vajue {0). This would ensure that as the
carrier dies away, the modulator changes minimally. Try it: CHANGE
R4 for operator 2 to 0, play a note, release it, and LISTEN (AUDIO
CUE 46D): {See Figure 9-33.)

71 Another way of accomplishing virtually the same effect would be
by setting R4 for the carrier to a significantly higher value than that for
R4 of the modulator. This will ensure that the sound will fade avway
quickly enough that the change in timbre is simply not heard. Try it:
Restore R4 for operator 1 to 50, and CHANGE R4 for operator 2
back to 30. Play a note on the keyboard, release it, and LISTEN (AU-
DIO CUE 46E): (See Figure 9-34.)

8 Onthe other hand, we may want the timbral change to occur
more rapidly than the fade in volume. We can accormplish this by set-
ting R4 for the modulator to a higher value than that of the carmier.
Try it: CHANGE R4 for operator 2 to 50, and restore R4 for operator
1 back to 30. Play a note on the keyboard and LISTEN (AUDIO CUE
48F): (See Figure 9-35.)

89 EXPERIMENT with different R4 values for operator 1 and opera-
tor 2. EXPERIMENT further with creating different timbres using
the same system of operators 1 and 2. NOTE how different R4 valves
and offsets between the operators affect the overall sound in different

Ways.

100 EXPERIMENT by using algerithm #5 to create a sound with
three different timbres blended together. Offset the R4 values for the
different systems and NOTE how this varies the overall sound. Don't
forget that you can adjust the balance between the different timbres
by altering the QUTPUT LEVEL for the individual carriers.

While R1 and R4 can both be equivalent o ADSR values, Level 4 is truly
unique in that it allows the DX7 user to actually begin and end envelopes at
points other that O - after all, there is nothing to prevent you from entering a
value greater than 0 for L4 (bearing in mind, as mentioned earlier, that the
first time you call up a voice, the DX7 assumes that L4 is 0). If you use an
L4 of greater than 0 in a carrier, you will generate a coutinuous sound, as the
volume will never completely die away: {(See Figure 9-36.)

{Of course, having an L4 of greater than 0 can't autornatically start the envelope
since it still requires a KEY ON flag from the keyboard.

The relative values of L3 and L4 can also be quite important in the carmier.
Having an L4 greater than 0 but equal to L3 will result in a sound whose vol-
ume is unchanging from its sustain level, even after you let go of the key;
other words, you can dramatically remove your fingers from the keys and no
change in the volume will occur! This can fall into the category of Amuse Your
Friends At Parties, ot it can have a similar effect to that of a “drone” or “hokl”
switch typically found on the analog synthesizer: (See Figure 9-37.)
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In the modulater, having an L4 greater than 0 but equal to L3 will result in a
sound which undergoes no timbral change whatever after you release the
key. This is actually the best method of zccomnplishing what we tried to do in
steps & and 7 of the Exercise abave.

Synthesizers are often used in recording studins for gating effects - a continy-
ous white noise sound, for example, might be set up and a device called 2
noise gate would control the output signzl and perhaps only allow it to pass
when triggered by a snare drum. This is a typical application, but by no means
the only one. On the analog synthesizer, a commonly found “drone” switch al-
lows the sound to be continuously heard without you having to literally keep
your finger on the key continuously, or by (more commonly) holding the key
dowm with 2 piece of tape. DX7s are usually found in recording studios with
remnants of pieces of tape stuck to their keys as there is no olwicus DX7
switch labeled “drone”. L4, as we have seen, can accomplish precisely the
same effect.

On the other hand, L4 in our carrier, while still being greater than 0, can be ei-
ther greater or less than the value for L3. An L4 valve greater than L3 will re-
sult in & sound that actually gets loudet after you let go of the key: {See Fig-
ure 9-38.)

In our modulstor, this would result in a sound that gets brighter after you let
go of the key. Of course, the speed with which either change occurs will be
determined by R4. Similarly, an L4 in our carrier which is Jess than L3, but still
greater than 0, will result n a sound which is continuous but at a lewer volume
level: (See Figure 9-39.)

Again, the speed with which the volume will drep is determined by R4.
Remember that the aural effect caused by altering L4 for a modulator will al-
ways largely depend on the L4 value for the carrier, since the carrier controls
the overall volume. Let's run an Exercise to try some of these changes:

EXERCISE 47
Changing level 4 ;

1) INITIALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 (“1100007), and, using the system of operators 1 and
2, GENERATE a sawtooth wave,

2) Press edit switch 22 (EG LEVEL parameter) and VIEW operator
1, CHANGE the value for L4 from its defawlt of 0 to a new value of 99.
NOTE that L3 (as well as L1 and L2} are also at 99 {their defaults).
3) Play a pote on the keyboard, release the key and LISTEN (AU-
DIO CUE 47A). NOTE that you hear a continuous sine wave when
you let go of the key. This is because altering 14 for operator 1 in no
way alters L4 for operator 2, which is still at its default of .

HeoHOe
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4) Restore the L4 value for operator 1 back to its default of 0, NOTE
bL4 LL 12 I3 L4 that this does not result in amy change to the sound, which should still
g— be droning away! This is because the Levels in the EG are output

levels, and output level never changes in real time! In order to enter
thisnewvalueofﬂhﬂotheaudiosignal,mwi]]havetoretrimerthe
keyboard 16 times. This is because of the wice assignment system
TS used by the DX7 {refer to Chapter Five for a full explanation of this).
pls 11 L2 L3 L4 If, for example, the last note you played happened to he voice #4 (and
; g you will have no way of knowing which voice it actually was), the com-
puter will have to recycle through voices 5, 6, 7, 8, 9, 10, 11, 12, 13, 14,
15, 16, 1, Z, and 3 before it finally comes back to voice #4 and has the
opportunity to insert the new L4 vatue into it. Try it: tap the keyboard
REY o TME KEY oFp 16 discrete times and NOTE that the 16th time, the note you are
hearing finally drops out! (AUDIO CUE 47B) Of course, you could ac-
Figure 9-40 complish the same thing more quicldy by playing a fast arpegsgio or
simply doing a Jerry Lee Lewis-type slide on the keyboard. Alterna-
tively, you can stap the sound by returning to any other mode on the
b L459) L1099) L2199 LI(39) | LAGS) machine (play mode, function mode, or, best of all, compare mode ).

5) Now that we finally got the DX7 to shut up, let's try getting a con-
E tinuous sawtooth wave, CHANGE the LA value for both operator 1

and operator 2 to 99, Play a note, release the key, and LISTEN (AU-
DIO CUE 47C). This EG graph illustrates why we are now hearing a
] continuous sawiooth wave: (See Figure 9-40.)

Raon) 6} Restore L4 for operator 1 only to a new value of 0 and remember
! LAES) 14TTS) to retrigger the keyboard 16 times in crder to actually stop the sound.
Now CHANGE L4 for operator 1 only to a new value of 75. Play a
note on the keyboard, release it, and LISTEN (AUDIO CUE 47D).
T e You should be hearing a continuous sawtooth wave, but at a lower
KEY KEY OFF level: {See Figure 9-41,)

Figure 9-41 NOTE that the volume dropped mstantly to this lower level immedi-
ately upon KEY OFF. This is because R4 is still at its default of 9.
CHANGE R4 for operator 1 to a new value of 35 and LISTEN (AU-
LAYS) LI(36) 1299) 13(99) | LAc99y DIO CUE 47E). NOTE that the volume slowly dies down to its lowet,
E continuous level; (See Figure 9-42.)

EXPERIMENT with different L4 and R4 values for operator 1.

7} Lat's now construct a sawtooth wave that actually pets louder

when we release the key. Restore the L4 and R4 values for operator 1

b LIS 1209 1ame) baCkmthe]r default Se.ﬁngs mldretwrthe keymard]ﬁﬁnlesiﬂ

i M RA{35) order to stop the continuous sound. Leave 14 for operator 2 at its cur-

! 479 h rent value of 99, CHANGE L1, L2, and L3 for operator 1 to values of

75 for each, and CHANGE L4 ior operator 1 to a new value of 99,

Play a note on the keyboard, release it, and LISTEN (AUDIO CUE
IIN 47F). The envelopes now look like this: (See Figure 9-43.)

REY

- NOTE that the volume instantly increases upon KEY OFF. That is
Figure 942 because R4 of operator 1 is currently at its default of 99. CHANGE
operator I's R4 to a new value of 35 and LISTEN (AUDIO CUE 47G).

NOTE that the sound now slowly increases in volume: (See Figure
JL109) L2600 13059) | Lagom 9-44.)

EXPERIMENT with different L4 and R4 values for operator 1.

8) Restore all EG values for both operators 1 and 2 to their default
settings (refer to Exercise 43, above, or Appendix B for thase
values). CHANGE L4 for both operators 1 and 2 to a new value of 99,
» I s but CHANGE L1, L2, and L3 for operator 2 only to 30, Play a note on

LTI the keyboard, hold it down a2 moment, release it, and LISTEN (AlJ-
1 % R109) DIO CUE 47H). NOTE that after KEY OFF, the sound instantly gets
L! L brighter, because our envelopes look fike this: (See Figure 9-45.)

1

EEY &l KEY OFF

Figure9-43
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Of coursa, chmxgingR-itoalesservaluewillmusethesaundtu
slowly get brighter after KEY OFF. Try it: CHANGE R4 for operator FA0 LI L2609 13099 [1400m)
2 to a new value of 35. Play 2 note on the keyboard, hold it down a

moment, release it, and LISTEN (AUDIO CUE 470). The envelope

OuTPLT

niow looks ke this: (See Figure 9-46.) ?
EXPERIMENT further with different R4, and differant Level valias ——
for operator 2. a A9
Obwiously, there is a degree of interaction between the EG of our carrier and I é Rig) flmﬂ
thatofourmndulatoremﬂmughﬂmtmarequiteindependentufoneau— ) 3

other. Since the carrier EG is actually controlling the armonnt of total sound we
hear, it will tend to sometimes appear to be more i control. Steps 2and 3
above illustrate that best. But we can also use that interaction to great advan- KEY O T x2b om
tage in setting up complex movements in DX7 sounds which couldn't possibly

exist on any other synthesizer, Figure 9-44

Consider ROM 1A-19 (or ROM 3A-2, if you have an American DX, the
“HARPSICHORD 1" preset. In perfect mimicry of an acoustic harpsichord,

when you play a note, you actually hear the “hammer” spring back! Call up 7 )
the sound, try it, and take note of the additional “after-sound” you hear after 2 E
mleashgthekey.Anythneyouhearamrt}ﬁnghappenaﬁerreleasmgakey. L o L3

you know that R4 and L4 in the EGs are at play. Put your DX7 into edit mode
sowecmmnﬂeﬂissoundandseemuﬂymthiseﬁeaiscmﬁmdup. *
The first thing you will notice is that “HARPSICHORD 1” was constructed AODLIE 209 L300 (L4o%
with algorithm #5, an okl favorite: (See Figure 9-47) 1 g

Operators 1,3,and53reourcaniersh1thiscorrﬁgmatiou.andtheya]lm
precisely the same EG values, as follows: (See Figure 9-48.)

You may view these values by simply calling up any of the carriers and viewing KEY
the EG rate and level values. Turn off their modulators {operators 2, 4, and 6)
andjusttistentoﬂmcarriersalone.Thesamd}nuhearisnothjngataﬂh'kea Figure 545
harpsichord, since we are only hearing sine waves, and a harpsichord sound
obwiously has many overtones,

'I‘Lnnoﬂthethreecarﬁersmdtumantheﬂmeemodulators(upemmrsz,:i, 4%

and 6). If you play a note on the keyboard, you worl't hear anything, but that

doesn't prevent us from looking at the data contained within these operators, H RiGH
G0y T200) D3]

I;q EEY OFF

Somewhat surprisingly, each of the three modulators also has precisely the
same EG values, as bollows: (See Figure 9-49.)

Againt, you can confirm these by simply viewing the EG rate and level 149 1100 Lame) Lyteod Lags
parameters and cycling through them. Let’s overlay the carrier EG with the . E

modulator EG, 2s follows: (See Figure 8-50.)
'Ihmoﬁeveryﬂﬁngexceptonesystem-operators3and4,forexample.ﬂaya .
nate, release it, and listen as you look at this diagram. Can you “see” what T
you're “hearing?* You should be able to: the cacrier dies away at a moderate KEY ON

rate of speed (an R4 value of 47) to an L4 of 0 - in other words, the sound dis- -
appears. On the other hand, the modulator instantly (an R4 of 99) rises in Figure9-46
output leve! to nearty maximum (an L4 of 98) even as the sound is dying
away! That's why the brightness of the sound increases greatly after KEY T
OFF.

The reason that algorithm #5 was selected for this sound is because even
though each system has the same EG values for its modulator and its carrier,
each system is generating a qualitatively different set of overtones by virtue of

the different frequency ratios for each: (See Figure 9-51.) ]
Also note that a small amount of feedback (a value of 1) has been added to 2|14]]6
operator 6. Try increasing this value and listen to the added harshness and dis- T
tortion this adds to the overall sound. Note that, even at the maximum feed- 11315
hackvahxeof'lthesounddoesn’tbreakintowﬁtemise.msishecamﬂm

* Youll be able to hear these EG changes more dlearty for low notes than for
hjghums.mmmnbrﬁlis?hnmhe:editpamtermhdwm
mﬁm,whichwiﬂbedimsaedindetaﬂahnrﬂy.

Figurs 947
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feedback loop I this algorithm is altering operator 6 only, and the output level
of operator 6 has been set at the moderate vahue of 87, giving it relatively little
effect on the carrier, operator 5.

Level 4, then, is a powerful tool that alloss us to change the gound in varieus
different ways after we let go of the key we are playing, and this is one of many

DX7 envelope effects that normally cannot be duplcated on other syn-
thesizers.

Let’s quickly sumrmarize the compatisons we have discovered between the
DX7 envelope and the standard analog ADSR:

1) DX7 Rate 1 = Analog attack time (usually),
2y DX7 Rate 4 = Analog release time, and
3} DX7 Level 3 = Analog sustain level,

The only one of the analog parameters for which we have no DX7 EG equive-
lent is the decay time. Instead, we can initiate a complicated series of move-
ments by using R2, L2, and R3. It is in this section that we an generate very
complex moverents within a sound while still holding down a key on
the keyboard, but before the emvelope ever reaches and halds at its sustain
level (L3}, This will allow us to create aural effects quite unlike those typically
procuced by analog synthesizers.

For example, there's nothing that says that L2 cannot have a value of 0. If we
leave the other EG lavels at their defanlt values and just make this cne
change, we'll have an envelope that locks like this; (See Figure 9-52.)

If this Bz happened to be living inside a carrier, we would actualty hear a
sound with two separate attacks! On the other hand, if we set L1 and L2 both
to O (or, for that matter, any value less than 20) but leave all the other EG
values at their defaults, we have learned that R2 will not operate in the usual

manner but will in fact allow us to set up a delayed attack: (See Figure
9-53) -

Let's run an Exercise to try out both of these unusual effects:
Exercise 48
Creating a delayed attack and a double attack:

1} INITIALIZE vour DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 ("110000™), and, using the svstemn of operators 1 and
2, GENERATE a sawtooth wave.

2) Press adit switch 22 (EG LEVEL parameter) and VIEW L1 for
operator 1. Use the dada entry slider to CHANGE this fo a new value
of 0. Press this switch a second time in order to VIEW the L2 value
for operator 1, and CHANGE this also to a value of 0.

3 Press edit switch 21 (EG RATE parameter) and VIEW R2 for
operator 1, CHANGE it to a new value of 40. Play a note on the key-
board and LISTEN. NOTE that the initial attack is now delayed, but
that the sound attacks instantly when it does come in. This is be-
cause R3 is arrently at its default value of 99: (See Figure 9-54.)

Changing R3 to a lesser value will cause the same delayed attack (the
amount of delay being determined by R2), but a slow delayed attack,
Press edit switch 21 and CHANGE R3 for operator 1 to a new value
of 30. Play a note on the keyboard and LISTEN (AUDIO CUE 484},
NOTE that the attack is delayed, but is now a slow fade-in. Restore
R3 for operator 1 back to its default value of 39. {See Figure 5-54.)

4} CHANGE the R2 value for operator 1 to 20. Play a key and LIS~

TEN. NOTE that our sound is now delayed for a longer period of
time, but that the initial attack is still ngtantaneons.

Arpeggiate
several notes, hold them down and LISTEN (AUDIO CUE 48B).
NOTE that they re-arpeggiate in the same order, but that all their ap-
pearances are delayed. Now CHANGE the R2 valne for opetator 1 to
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15. Arpeggiate several notes, hoid them down, and LISTEN (be pa-
tient, as this will take 20 seconds or so to attack!) (AUDIO CUE
48C). NOTE that the original timing of your arpeggiation is somewhat
aitered, as the voice assignment operation of the DX7 becomes
somewhat “confused” (because the Rate value was less than 25). Fi-
nally, play a chord, hold it down and LISTEN (AUDIO CUE 481,
NOTE that some of the noles reappear at slightly different times,
again due to this “confusion”,

5) Press edit switch 22 (EG LEVEL parameter) and restore both L1
and L2 for operator 1 back to their default values of 96. Press edit
switch Z1 (EG RATE parameter} and restore R2 for operator 1 back
to its default value of 99, You should now be back to your default
square envelope. KBY ON
6) CHANGE L2 for operator 1 to a new value of 0. This causes an
“M"shaped envelope, like this; {(See Figure 9-35.) Figure 9.52

to be generated. We may now expect to hear a sound with two sepa-
rate attacks. .IN 10

7) Play a note and LISTEN (AUDIO CUE 48E). NOTE that we do 1
not bear what we predicted - the sound is exactly the same as it was
before we changed the L2 value, Why is this? Because the rates are
still all at their dafault values of 89. Even though our sound is changing
levels twice, from 0 to 99 back to 0, back to 99 again, it is malding
these changes so rapidly that we, as mere humans, cannot possibly
hear it: (See Figure 9-56.)

In order to hear these changes, we will have to slow down either R2 o) | 2
orRS.orboth.Misﬂmmtedspeedomemehpetakestoget&om | .
its first peak of 99 (L1) to its first drop to 0 (L2). Slowing this rate KEY oy (DELAY) OFF
dowm, then, will have the audible effect of allowing us to hear a saw-

tooth wave with a rapid initial attack (R1=99) which then slowly fades -
away before again rapidly re-attacking: (See Figure 9-57)) Figure9-53

8) Press edit switch 21 (EG RATE parameter) and VIEW the R2
value for operator 1. CHANGE this to 2 new value of 45. Play a note a e
on the keyboard and LISTEN (AUDIQ CUE 48F). NOTE that we

now hear the double attack, as predicted.

9) Arpeggiate several notes on the keyboard and continue to hold the
keys down and LISTEN (AUDIO CUE 48G). NOTE that the note re-
attack in the same order. The voice assignment system treats each
note and each EG independently. EXPERIMENT with greater or
lesser R2 values for operator 1 and NOTE how they change the aver-
2]l sound. If you haye time to kill, try entering the minirum value of
“0" and NOTE that our sound now takes over five full minutes to LD LI | 120 L0
die away completely znd reattack! Because we are traveling from one KEY b DELAYTTE S
extreme level (99) to the other {0), this is the Jongest rate of change

available on the DX7 - far longer than EG values available on most
other synthesizers! Restore the R2 value for operator 1 back to 45. Figure 9-54
{See Figure 9-58))

1B R3is the amount of time it takes for the sound to reattack. Be-
cause R3 1s currently at its default of 99, the sound is now reattacking y LIS 13eg)
instantly. Let's try Jowering this value: Press edit switch 21 once again
in order to VIEW R3 for operator 1. CHANGE this to a new valge of
43, play a note on the keyboard and LISTEN (AUDIQ CUE 48H).
NOTE that the sound now takes virtually as long to reattack as it did
to die away in the first place* CHANGE this value further to 30, ar-
peggiate a few notes on the keyboard, hold the keys down and LIS-
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* The reason it wor't take exactly as long is because, remember, “attack” : e’ :
rates in the DX7 EG are preset to always be slightly faster than equivalent KEY Qi KEY OFF
“decay” rates.
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TEN {AUDIO CUE 48I). NOTE that we can create some interesting
“fade-in” affects with low R3 values. Restore R3 for operator 1 back
to 45. {See Figyre 9-59.)

11) Rl, in this instance, is acting as the initial attack time. Because
Rl for operator 1 is currently at its default of 99, the sound initially at-
tacks instantaneously. Press edit switch Z1 two more times to VIEW
Rl for aperator 1 and CHANGE its value to 45, Play a note on the
keyhoard and LISTEN (AUDIO CUE 48]). NOTE that the sawtooth
wave now takes just as long in its first attack as it does in its second:
{See Figure 9-6(0.)

EXPERIMENT bty entering new values for R1, R2, and R3 and
NOTE the changes that are made to the overall sound.

12) Restore R1, R2, and B3 to values of 45, and leave your DX7 set up
this way for the next Exercise, which follows shortly.

Because all of the changes we made in the preceding exercise were to our car-
riet, we heard, of course, only volume changes. If, on the other hand, the
same changes were made 1o our modulator, we would hear a similar kind of
timbral ¢hange, which i this particular instance could be described as a dou-
ble “wah-wah” effect: (See Figure 9-61.)

As the output level for the modulator increases from L4 (0) to L1 (99), the
sound gets brighter, As it then decreases from L1 (99) to L2 (0), the sound
gets duller. Tt then returns back te L3 (99) for a brighter effect again, hence
the double “wah",

We can do this, or we can take things a step further by having both the modu-
lator and carrier envelopes the same. This, of course, would result in a
sound that gets louder and brighter, afl at the same time, followad by 2 similar
decrease in both volume and overtones, followed by yet another increase.

There are two ways t0 get both operator’s EGs set up with the sarne data: the
hard way and the easy way. The hard way is to do it manually. In other wonds,
you'd YIEW Rl for operator 1, make a mental (or written) note of the value,
then VIEW Rl for operator 2 and enter that value. You'd then have to go back
andl do the same for R2, for R3, for R4, and for all the levels. In the best in-
stance, this is a time-consuming and conceivably problematic way of doing
things. In the worst instance, of course, it can be the proverbial pain in the
proverbial you-lmow-what, especially if you're in a studio costing hundreds of
dollars per hour with an unfriendly producer glaring at you.

But there will be many instances when you will want to have more than one
operator set up with a similar envelope. For that reason, Yamaha bas provided
us with the easy way, better known as the EG copy function.

This is one of the few controls on the DX7 which is unlabeled. It is important
to realize that you can ottly access this control from edit mode. We give the
DX7 the EG copy command by pressing and HOLDING DOWN the pink store
buttton, while in edit mode, Let's try it. Your DX7 should still be set from the
1ast step of Exercise 48, and you should currently be viewing operator 1 (the
carrier), Press and HOLD DOWN the pink store button. Your LCD should
1ook like this: (See Figure 9-62.)

The “? 15 a prompt from the microprocessor, and it is simply asking you
where you want to copy this EG data to. You can mstruct it to copy this data to
any of the remaining operators by now pressing any of the first six operator
ON-OFF switches, edit switches 1 through 6, NOTE that these switches are
also labeled “EG COPY". It is important to realize that this control copies EG
data only. No other information about the operator (such as output level or
pitch data) is copied.

The reason why, in this particular instance, our LCD said "from OP1 to OP¥
was because we had been VIEWING operator 1. If we had, for example, been
viewing operator 5 instead, it would have said “from OP5 to OP?". You there-
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fore must always first VIEW the operator whose envelope you wish to COpY.
Copying the EG data in no way affscts the ariginal (source) operator; it still will
retain its same valves. Let’s run a short Exercise to try it: :

EXERCISE 49
EG copy:

1) Your DX7 should currently be set up as per the last instruction in
step 8 of Exercise 43, If it is not, re-INITIALIZE your DX7, leave it in
algorithn #1, TURN QFF cperators 3 through 6, GENERATE 2 saw-
tooth wave using the system of operators 1 and 2, and enter the fol-
lowing values into the EG of aperator 1 only: R1 = 45: R2 = 45; R3
= 45 and LZ = 0. Leave all other EG values at their defauit settings
and don’t change any EG defaults for operator 2, Make sure you are
currently VIEWing operator 1,

2) Press and HOLD DOWN the pink store switch. NOTE that the
LCD reads: (See Figure 9-63.)

3} While still HOLDING DOWN the store switch, with your other

hand, press edit switch 2 . NOTE that LCD now reads: {See Figure
9-64.)

4) Release both switches. The EG data from operator 1 has now
been copied exactly into the EG of operator 2. Play a note and LIS-
TEN (AUDIO CUE 49A). Use the operator select switch to VIEW
operator 2. Press edit switch 2] in order to VIEW the R1, R2, and R3
values for operator 2, and NOTE that they are now the same a3 those
for aperater 1 (they should all be = 45). Press edit switch 22 twice in
order to VIEW the L2 value for operator 2, and NOTE that it has now
also changed 10 0.

5) Leave your DX7 set up this way for the next Exercize.

Of course, we have used the store button before. In the last Chapter, we saw
how the store button initiates the storage of wice data into any memory slot.
However, remember that we alway preceded pressing the store button in
that mstance with one of the memory select switches, Here we are not: in-
stead, we press the store button directly from edit mode. This is how the DX7
“knows" that we wish to use this switch as an EG COPY switch, and not a
STORE switch. The EG COPY function is of enormous value because often,
when creating sounds using multi-system algorithms, you will want to set up
systems with similar envelopes to one another. Note that I said “similar”, and
nat “the same”. This is because the randomness in naturally occurring
sounds dictates that they will never undergo precisely the same volume and
timbral changes at precisely the same time, For that reason, it will probably
always be a good idea to offset any similar envelopes to one another so you
avoid having any two operators with precisely the same EG settings, Deing so
would introduce an artificial quality to the sound and would reinforce the fact
that we are here digitally simulating sounds. While this may be occasionally
desirable, most of the time it will be preferable to disguise the DX7's digital
precision.

We still have quite a bit more to explore with envelopes, but let's digress just a hit
while we have this characteristic *double-attack” sound set up in our machine, and
examine 2 related edit parameter called £G rate scaling.

The purpose of this control is to allow us to shape - or “scale” - the timing of
our envelopes according to which note we actually play on the keyboard. It is
therefore a geographic control, but one which does not affect output level in
any way. Instead, it affects the speed - or "mte” - of movement of the opera-
tor EGs, Hence the tertn “EG rate scaling”.

If you play the lowest note of an acoustic piano and hold it down, the note will
Imger ott for a good minute or two before it finally dies away. On the other
hand, if you play and hold down the highest note, it will rapidly disappear.

=-Oow=soo
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This is because of physical considerations within the piano - most significantly,
the length of the strings. Because the low note has a much longer string, it
can vibrate back and forth for a greater period of time before it loses energy
and dies away. The high note, with its shorter string, cannot sustain its vibra-
tions as long: (See Figure 9-65.)

DL RRARILEALIL

FROM OF | TQ OP 2

Figure9.64

Figure 9-65

We, of course, don't have strings ar mowving parts of any kind in our DX7, but
we can digitally simulate this effect with the EG rate scaling contral. Specifi-
cally, what this control will do is to increase the four EG rates for each oper-
ator, as you play higher notes on the keyboard. This will naturally cause the
emvelopes to cycle through much faster than those being triggered from the
action of lower notes being played. The result, of course, is very similar to that
which naturally occurs in most acoustic mstruments, particularly stringed

ones, where, as we have seexn, lower notes sustain much longer than higher
notes.

The edit switch that we use to access this control is main switch 26, and in-
terestingly, this is an operator-specific parameter! This will allow the DX7
user to set up sounds which scale in different ways for different cperators
within the overall sound, allowing you to construct unusual {(but acoustically
unrealistic) effects, as well a5 the accurate acoustic simulation we just
described.

The range of this switch is 0 to 7, allowing us to ¢ hoose from among eight
differant rate scaling amounts. A value of 0, naturally, will call for na rate scal-
ing effects, and a value of 7 will call for the maximum effect. The default value
for this parameter, as you may have guessed, is 0 for all six operators, indicat-
ing that when you initialize, no Keyboard Rate Scaling will be occurring.
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EXERCISE 50
Keyboard rate scaling:

1) Your DX7 should still be set up as at the conchusion of Exercise 49,
If it is, skip ahead to the next step. If not, re-INITIALIZE it, leave it
in algorithm #1, TURN OFF operators 3 through 6 (“110000"),
GENERATE a sawtooth wave with the system of operators 1 and 2,
and enter the following values into the BG of operator 1: R = 45: R2
= 45; R3 = 45; and L2 = 0. Leave all other EG values at their
defaults. Use the EG copy control {the STQRE button) to copy this
EG data into operator 2,

2) Press exlit switch 26 to VIEW the kgyboard rute scaling parameter.
Use the speraior select switch to VIEW the value for operator 1. OB-
SERVE that the current value is at its default of 0. Use the data entry
shider to CHANGE this to the maxirum value of 7. VIEW operator 2
and CHANGE its keyboard rate scaling value also to 7,

3} Play C1 (the lowest note on the keyboard) and LISTEN (AUDIO
CUE 504), NOTE that the amount of time the sound takes to attack
and reattack is virtually the same as bedore (it will actually be a little
faster since C1, while the lowest physical note on the keyboard is not
actually the kiwest note the DX7 recognizes. This feature enables you
1o use the DX7 with larger external keyboards. For more information
on this, see Chapter Twelve (Keyboard Level Scaling).

4) Play C2 and LISTEN (AUDIO CUE 50B). NOTE that the amount
of time the sound takes to both attack and reattack is slightly les-
sened. Continue by playing and LISTENING to C3 (AUDIO CUE
50C), €4 (AUTHO CUE 50D), €5 (AUTHO CUE 50E), and C6
(highest note on the keyboard - AUDIO CUE 50F). NOTE that each
tirme, the emvelopes need shorter and shorter time periods to cycle
through to L3, and that for the highest notes of the keyboard this be-
comes s short as to be virtually instantaneous. (See Figure 9-66.)

EFFECTS OF KEYBOARD RATE SCALING:
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Figure 5-66

5) EXPERIMENT by setting the keyboard rate scaling vatue for both
operators 1 and 2 to a new value of 4. Repeat steps 3 and 4 above and
NOTE that the same effect occurs, but less drastically, as we have set
the sensitivity of these operators to a lower level, EXPERIMENT
further by OFFSETTING the keyboard rate scaling control to differ-
ent values for operators 1 and 2 and NOTE the unusual effects that
can be generated by doing this.

Most of the time, if you use the keyboard rate scaling control when creating
simulated acoustic instrument sounds on your DX7, you will probably want to
set all aperators to the same roughly the same scaling value. Major offsetting
of scaling values between operators will accomplish unusual but acoustically
odd effects - something you may also want to accomplish from time to time!
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This effect is very easy to hear with the “double-attack” sound, bt you
should try using it to greater or lesser degrees with various preset sounds in
order to become fluent in its operation.

Let's contirue our discussion of the EGs now with Lavel 3. L3 is, of course,
the sustain level, the Jevel that all our ervelopes hold at while a KEY ON
sitnation exists. Consequently, it is of great importance because its value indi-
cates at what output level we will rernain while gur finger stays on the key-
board. Because 1.2 always immediately precedes L3, the relative values for
these two levels becornes important. If you are, for example, looking to create
a sound that becomes either brighter or louder as you hol the key down,
then you will want L3 to be greater than L2: (See Figure 8-67.)

If, on the other hand, you are looking to build a sound that dingrishes in vol-
ume or in overtone content as you hoid the key down, then vou will want L3
sel at a leaser value than L2: {See Figure 9-68.)

Some acoustic instruments, like the violin or tuba, are kriown as “sustaining”
mstruments, sce they are theoretically capable of sustaining their sound in-
definitely ag Jong as they are played (of course, 2 violinist’s arms will fall off
eventually, and the tuba player's lungs will collapse before very long, but we
are talking theoretically here). If you are trying to imitats a “sustaining” -
strument on the DX7, then you will obviously want to designate cartier L3
values greater than 0,

Other acoustic instruments, like the piano or snare drum, are “non-
sustaining”; in other words, you can keep your finger on the key of a piano as
long as you like, but the sound of the piano will die away sooner or later,
regardless. If you are using your DX7 to imitate these types of instruments,
then you will want to set your carrier L3 values to 0, thus yielding this typical
reduction in volume over time, Of course, with careful use of R3, we can have
this degeneration of volume occur just as slowly or as quickly as we like.

Let’s go back to “E.PIANO 1” - a preset which is meant to siraukate the sound
of a Fender Rhodes piano, which is an acoustic instrument. By calling this
sound up and putting our DX7 into edit mode, we can see jugt how the carrier
envelopes are set up:

EXERCISE 51
Examining Level 3 and Rate 3 for E. PIANO 1 :

1) Put your DX7 into cartridge play sode and CALL UP the “E.PI-
ANO 1” sound from either ROM cartridge 1A-11 or 34-8.

2} Use the mode select switch to put your DX7 in edit mede, TURN
OFF the modulators (operators 2, 4, and 8). (*101010™)

3) Use the operator select switch to VIEW operator 1 and press edit
switch 22 (EG LEVEL parameter) four times in order to VIEW 14 for
operator 1. VIEW L4 also for operators 3 and 5, and NOTE that this
vahie is 0 for each of the three operators we have examined.

4) Press edit switch 22 three more tmes to VIEW the value for L3
for each of the three carriers. NOTE that this value is also O for each
of them.

5) Use the appropriate switches in order to VIEW the L1 and L2
values for operators 1, 3, and 5. The EG leve] values for the three car-
riers are as follows;

Operator L1 L2 L3 i4

75 0 0
95 0 0
0 ¢

1
3
5 85

E8E
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6) TURN ON operators 2, 4, and 6 ("111111"). NOTE that so far we
have merely OBSERVED the sound and have made no CHANGES to
it, and that is why there should currently be no decimal point in the
LED. Play a chord and HOLD DOWN the keys and LISTEN (AUDIO
CUE 51A). NOTE that the sound eventually fades away to oo volume,
but that it takes a long time to do so, as does a real Fender Rhodes.
7) Using the data entry slider, CHANGE the L3 values for nperators
1,3, and 5 to a new value of 60. Play a chord, HOLD DOWN the keys,
and LISTEN (AUDIO CUE 51B). NOTE that the sound slowly fades
away, but not to no volume. Instead, the sound sustains at a lower
level and will continue to do s0 as jong as your fingers remain on the
keys, no matter how long you do so. This is obwiously not the way a
real Fender Rhodes responds.

8) Restore the L3 values for each of the three carriers back to its
original value of 0 (f you're from that immortalized state of Missoux,
use compare made to prove to yourself that these were in fact the
otiginal values).

NOTE that at the vety highest range, some odd distortions occur as
disharmonic sidebands become more prominent.

9) Press edit switch 21 (EG RATE parameter) three times in order
to view R3. NOTE the R3 values for the carriers (operators 1, 3, and
5). They are as follows:

Operator L2 R3 L3
1 75 25 0
3 g5 20 0
5 95 20 0

Rate 3 is the amount of time it takes each of these carriers to die away
to their sustain level of 0. L2 for operator 1 has been set at a shightly
higher valie (25) than that of operators 3 and 5 (both set at 20), but
the end result is that they all die away at fairly equal, but all slow, rates
of speed.

i0) Use the data entry slider to CHANGE the R3 values for the car-
riers to the following new vatues: 45, 40, and 40. Play a chord on the

keyboard, HOLD DXOWN the keys, and LISTEN (AUDIO CUE 51C).
NOTE that the sound now takes a much shorter time to fade away al-

together,
1) EXPERIMENT with different R3 and L3 values for each of the
carriers and NOTE how these changes affect the overall sound.

The sustain pedal: 1 2

When you buy an American DX7, you normally receive two footpedals: one is [ |
a push-pull type (whose operation will be covered in the next Chapter) and the
other is 2 piano-Tike susimin pedat, If you own a Japanese DX7, you may not
have received these pedals with the instrurnent, but you can buy them Figure 9-69
separately at any Yamaha dealer. We will concern ourselves here with one of
Ehec&ﬂmcﬁnmofthe sustain pedal because it is tied in with the operation of the
The sustain pedal can be plugged into one of two different jacks on the back of
your DX7 - either the “sustain” input or the “portamenid” nput. The actions
of the “portamento” input will be covered in Chapter Thirteen (Function Con-
trola), If, however, you plug it into the “sustain” mput, then stepping on the N
pedal will supply a KEY ON flag to the EGs, the same one generated by the

acton of you holding a key down on the keyboard.

Of course, depressing the pedal alone (either by stepping on it or playing it
Neil Young songs) iz not enough to initiate the actions of the EGs. The opera-
tars still need to receive some pitch input data in order to know what notes to
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play - therefore, you'll still always have to actually play a key in order to start
the ervelopes.” However, the use of the sustain pedal ensures that you won't
have to HOLD DOWN the key in order to get the envelopes to cycle through
to L3, the sustain level, This is what rmakes this pedal a true sustain pedal,
and not a release pedal as is often found on analog symthesizers. As Jong as
you keep your foot on the pedal, all the DX7 EGs will cycle through until they
reach L3 and will continue to hold there untl you release the pedal, at which
time they all return to 14 at R4, same as if you took your finger off the key, So,
stepping ON the pedal generates a KEY ON flag and stepping OFF the pedal
generates a KEY OFF flag,

Try repeating Exercise 51 above, but this time, every time you encounter the
instruction “HOLD DOWN a key”, simply touch a key and simultaneously
step on the sustain pedal instead. NOTE that the result is precisely the sarne.
The sustain pedal is also commonly used when you have created a sound that
takes a very long time to develop because of very slow Rates in the EGs. As
we've seen, we can take up to 5 whole minutes in order to get from Levelto
Level (at their extreme settings), and so we can literally build sounds on the
DX7 that take up tc 20 minutes to develop in their entirety! We won't go that
far, but let's run a quick Exercise to create a long-developing sound and use
the sustain pedal to save ourselves wrist cramps as we play it!

EXERCISE 52

Generating a long swelled sound:
1) INITIALIZE your DX7 and select algorithm #30, which looks like
this: (See Figure 9-69.)
This algorithm has four systems; one stack and three simple carriers.

2) Using the appropriate operator select and data entry controls, set
up the following frequency ratio for the stack:

0.75:2.00:1.00

and the following frequencies for the single carriers: operator 1 =
5.00; operator 2 = 1.01; operator 6 = 0.50. Also set the detuning
control for cperator 3 only to + 6. The final pitch inputs to our six
operators should be as follows: (See Figure 9-70.)

3} 3etthe OUTPUT LEVELS of the six operators as follows: op 1
=99, 0p2=960p3 =97;0p4 = 7;0p5 = BL;0p6 = 99.
4) Use the appropriate controls to enter the following EG data into

the six operators:
Op I Rl 11 R2 12 R3 13 R4 14
1 ¢ 5 09 3 70 33 95 35 0
2 0 66 5 6 99 2 94 2 o
3 0 36 99 79 82 89 99 23 0
4 &0 n 85 9 a5 99 85 10 99
b 0 7 99 99 99 99 94 n 0
6 0 13 99 20 67 84 99 23 0
A graph of these envelopes would look like this; (See Figure 9-
71)}(A through F.)

5) Leave all other edit parameters at their default values. Play a note
on the keyboard and HOLD it DOWN - this sound takes over a minute
to fully develop. LISTEN (AUDMO CUE 52A}). Now play a chord,
HOLD it DOWN, and LISTEN. NOTE that the notes re-attack an

* This is true even for cperators in fixed-frequency mode - you'll always have
to depress a key on the keyboard in order to start the EGs.
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octave lower some thirty seconds in. This is the envelope of operator
6 (a sne wave tuned an octave lower; i.e., F COARSE = 0.50) quickly
(R3 = 84) rising back up to maximum level after slowly reaching
about half-volume (L2 = §7).

6) We know that instead of HOLDING DOWN a note physically, we
cin generate the sarme KEY ON flag by keeping the sustain pedal
depressed. Press down the sustain pedal and keep it held down with-
out playing 2 note, NOTE that no sound is heard. While keeping it
depressed, play a series of arpeggiated notes and LISTEN (AUDIO
CUE 52B) as each note develops independently. Because of the long
R4 values for each operator, you can let go of the sustain pedal and
the notes will hang on for several seconds (also NOTE that the
slightly different R4 values for each operator ensure that they all
drop out at slightly diffeyent times, making for & very pleasant effect).
Even as the previous notes are hanging on, you can re-depress the
sustain pedal and add new notes to the total sound, Try it!

7 NAME and STORE this sound in a free memory slot (RAM car-
tridge or internal - the choice is yours). Then EXPERIMENT by
lisiening to each system independently and, referring to Figures 971
(A through F), visually following each envelope as it goes through its
travels, NOTE that every operator except operator 5 (whose output
to operator 3 is governed by the movements of operator 4) undergoes
several QUTPUT LEVEL changes over its ditation. Also note that
the two operatars contributing beating effects (operators 2 and 3)
each fade in rather slowly by virtue of their EG settings. NOTE that
beating in this sound does not occur right away, but consequently
fades in as welll This is a particularly subtle way to “fade in” beating
effects and is often more pleasing than simply introducing them right
away. As you EXPERIMENT with this sound, remember to STORE
your changes (or OVERWRITE the original) if you want to keep
them. Use the compare mode to return to these settings whenever
you make 3 change von don't like.

‘This particular sound was created by me for use in an ambient composition
written for a holograpity exhibition, and so I've named it “HOLOGRAM”. You
may, of course, name it anything you like, and for the sake of concerned copy-
right lawyers everywhere, I declare this software to be public domain free-
ware. That means that you're more than welcome to use it in any applications
you bke. )

A couple of interesting things occur in this sound that some of you astute
envelope-watchers may have realized. Step 5 above points out how the octave-
kower re-attack occurs, so you know about that already. Ancther intetesting
observation would be that 14 for the middle modulator in the stack (operator
4} is set to 99. The other Levels for this operator are all at 85 and R4 is quite
slow 80 obwicusly what happens here is that the brightness of the sound actz-
ally increases after KEY OFF. Also, i you play this sound with extensive use
of the sustain pedal (and it really lends itself to this) vou may find that after you
have 16 notes held down and you add a 17th, the voice assignment system sud-
denly “realizes” that L4 for operator 4 is not 0, and you will begin hearing a
gharper timbre for these new notes! Of course, operator 5 (the top modulator
in the stack) has a more-or-less default square emvelope, with a long R1 and
R4, but its contribution to opetator 3, as mentioned earlier, is defined by the
movemnents of operator 4: (See Figure 972.)

Because operator 5 is set to a non-whole number frequency (0.75) relative to
operzator 3 (set at 1.00), it will have the effect of nducing disharmonic over-
tones as it fades in., This is why, about 45 seconds into the sound, you hear
some low disharmonics enter for the first time. If you allow the envelopes to
progress to this point and then let po of the key (KEY OFF) you'll actually
hﬂtthesoundbwomeevenmoredishmmnica&erwards!ﬂmfrequency
ratio hetween operators 4 and 3, coupled with operator £ OUTPUT LEVEL
of 71, tells us that initally a square weve is generated, and that is the case tne-
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til operator 5 begins fading in and contributing its disharmonics, When we let
2o of the key, operator 4 (which is being continually changed as operator 5
fades in) increases its output level as it rises to an L4 of 99: (See Figure
9.73.)

Another factor that makes this sound sc interesting is the several different
complex movernents that each operator’s EG is making, This means that you
can let go of the key at different points and individual notes will have developed
to differant degrees, maldng for many different timbres combining and
resgnating at once.

We can conclude our discussion of the operaior EGs by runming an Exervise to
construct a simulated acoustic sound. We'll work with a relatively simple one
here (more complex exampies are given in Chapter Fifteen) and try to make
the sound of a woodblock,

There are many ways of describing the sound of a woodblock: our job here is
to find those descriptions which are the most directly translatable mto DX7
commands. A woodblock, of course, is a clean, hollow, wooden sound which is
percussive and therefore basically pitchless (you can pick out some kind of
pitch, but you couldn't, for example, tune a woodblock to an A440). Itis also a
sound of brief duration which does not sustain at all, but, depending Upon ex-
ternal acoustics, may hang on a little bit afterward.

Now let’s translate these plain English descriptions of the sound into “DX7-
ese”: Because a woodbleck is not a particularly complex sournd, we won't
need more than one system to generate it. Because it isn'ta particularly bright
or distorted sound, we won't need more than one modulator ar the feedback
kop. This means that we can create our woodblock with any algorithm except
#32 (which doesn't provide any modulators). The fact that we know this
sound to be “hollow” points us in the initial direction of a timbre like a square
wave (which is actually missing harmonics) and the fact that it is percussive
tells us that we will need to generate disharmonics by using a non-whole mum-
ber frequency ratic. A wooden timbre, unlike a metallic timbre, is one which
undergoes a great deal of timbral change over its duration (specifically, a sharp
decrease in the amount of overtones generated), and the fact that the sound
is of brief duration tells us a good deal about how to construct the carrier
envelope. So we've really got enough to go on. For the sake of simplicity, we'll
just use the system of operators 1 and 2 in algorithm #1 (the default algorithm)
since we've determined that we dor't need a stack or feedback to aceurately
construct this sound. Here goes nothing!

EXERCISE 55
Generating a woodblock sound:

1) INITIALIZE your DX7, leave it In algorithm #1, TURN OFF oper-
ators 3 through 6 (“110000™), and, wsing the system of operators ] and
2, GENERATE a square wave. Play 2 note on the keyboard and LIS-
TEN {AUDIO CUE 534),

2) Inorder to generate some disharmonics within this square wave,
we need to set up a non-whole number frequency ratio. Press edit
switch 19 (F FINE parameter) and VIEW operator 2. CHANGE this
value to 2.84 (just an arbitrary value I selected for demonstration),
play a note and LISTEN (AUDIO CUE 53B).

3) We now have created a dissonant clarinet-ish sound. The reason
we are still far from the woodblock is because both pperators in the
system still have their default square envelope settings. Let’s begin
with the carrier envelope. CHANGE the values for aperator I's EG
Levels as foliows:

L4 L1 L2 L3 L4
99 99 0 0

=)
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o

which generates an envelope which looks like this: (See Figure
974.) L1z

The reasons for picking these Levels 1, 3, and 4 should be faitly obwi-
ous: Level ] is set at maximurn output because there's 1o reason Lo
have any less than maximum output. In fact, whenever constructing
any sound at all an the DX7, you should always ensure that at least
mmrhaambastoneo{ﬂsEGLevelsselatgg.Hnm.mm
going to output more noise and less signat than would be desirable
(iornnreonthisw-mmm.m&rbackmChapteIOne).
IzmlaissetntObecauseamodbhckisamnvsustathghstru-

HewRHoO

ment, and Level 4 is sintlarly set to 0 because we don't want a con- - A,
tinuous sound. The only question, in fact, is where you want to put KEY ON

Level 2, If you think it through, there are only three options available

to you: Figure9-74

(@) L2canbe the same as L1: or
(&) L2 can be the same as L3; or
{c) L2 canbe somewhere m-between L1 and L3.

The only reason for picking option (¢) above would be if you wanted to
have two different volume changes within the overall sound, like
this: {See Figure 975.)

or like this; (See Figure 976,)
A woodblock is not that complex a sound that it actually undergoes

two separate changes in volume, s0 we can eliminate option (c) in this
particular example. Well, then, should L2 be the same as L1, or

B lely Ed -]

should it be the same as L3? The answer is, it doesn't make the L4 — L34
slightest bit of difference. IfL2 is set the same as L1 (as we did _—
above}, then it is RS that acts as the “decay” time: (See Figure
877) I
1Fure 3.75

On the other hand, if we set L2 the same as L3, then it is R2 that acts
as the “decay” time: (See Figure 9-78,)

The Levels, then, for this particular sound actually suggest them- L
selves when you stop and analyze what it is you need to accomplish.
My advice js that you always begin setting up an EG by determining
and entering the Leve!s first. In this way, you are delineating the
points on the “road-map”, Next, we will specify to the DX7 how
quickly or slowly we wish to travel from point to point by specifying
the EG Rates,

4) Press edit switch 21 (EG RATE parameter) and enter the follow-
ing EG Rates for operator 1:

RI L1 R2 [2 R 13 R4 14 e

KEY
99 99 99 99 72 0 52

which generates an emvelope which looks Like this: (See Figure
8979.)

The reason we picked these particular rates should also be fairly obwi- a1z
cus, Rate 1 has been set at its maxirmum value of 99 since a wood-
bluckattackshstantaneously.kateﬁs,otmurse. completely
malﬁnglesssimemanszamthesam-thﬁswluecouldbeany—
thhgataﬂ,mdlshmlyleftilatitsdefmﬂtcf%.RateS.the“decay"
time in this example, has been set at a value that sounds close to the
way a real woodblock decays, and Rate 4 has been set at a value close
to the way a woodblock sound tnight typically ring after the fact .

5) Play a note on the keyboard and LISTEN (AUDIO CUE 53C).
Oursal.mdiscloser,butit'smuchmoreﬁkeamemﬂiccuwbellthana r
wooden woodblock, The reason for this, as stated earlier, is that KEY ON
wocden timbres typically undergo a great deal of timbral change.

=g

Figure9.76

=l Tl
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Figure 9-77
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Since our modulator still has the default square envelope, our sound is
s currently undergoing no timbral change even though the EG of opere-

tor 1 is ensuring a significant volume change. Since we have learned
that a characteristic of wooden sounds is that they undergo 2 rapid de-
crease in overtone amount, we can use the same EG we have already
(32) constructed for operator 1: (See Figure 9-80.)

to do the job for operator 2, Use the EG copy function to copy the EG

data for operator 1 into operator 2. Play a note on the keyboard and
LISTEN (AUDIQ CUE 531I)). We're definitely getting closer!

LaLiLe 6) The reason we're not quite there vet is twofold: First of all, we ha-
TE ven't yet offset the envelopes, and we know that in reafity there's no
k= way the volume and the timbre of a woodblock would change precisely
the same way. Second of all, when we created the timbre in the first
Figuye 9-78 piace, we really were gnly guessing. Now that we've got the enve-
lopes closer, we'll have 2 much better idea of the frequency ratio and
modulator cutput levels we'll need to accurately simulate this sound.
First, let’s do the offsets:
7y CHANGE R3 and R4 for operator 2 to new values of 80 and 20,
respectively, generating offset envelopes that look like this: (See Fig-
ure B-81.)

The overtone content, then, dies away more rapidly than the volume,
Rmzag;mdrgﬂm unless you strike a key staccato, in which case the overtones change
Tlayed Staccalo) little as the volume fades away: (See Figure 9-82.)

Play 2 note and LISTEN (AUDIQ CUE 53E). Nearly there! Now

Holemo O

L Ll Tala] Ea

L4(0) D we'te ready to do the final tweaking to our timbre:
TIME
KEY ON B) CHANGE the OUTPUT LEVEL of operator 2 {our quantitative
control) to a new value of 78. Use the F COARSE and F FINE
Figure9-79 parameters to change the pitch of operator 2 {thereby changing our

qualitative timbral control - the frequency ratio) to 3.69 (you'll have to
change the F COARSE value to 3.00 in order to enter i, an F FINE
value of 3.69. Pretty sneaky, huh?). Play 2 note on the keyboard and
b L199)L2(99) LISTEN (AUDIO CUE 53F). Instant woodblock!
9) NAME and STORE this sound somewhere in your DX7's mem-
ory. Then EXPERIMENT by changing different vahtes and see how
R you can improve ot the sound created here. NOTE that the soumd
never sounds perfect (ver the full five octave range, and that it is
R4Hng;2-§glnh usially unrealistic to expect this with almost any sound. EXPERI-
Played Swaccaic) MENT further by findmg one good pitch at which this sound is partic-
ularly realistic and then setting that pitch over the whole keyboard by
using FIXED FREQUENCY mode. Remember that you must keep
- your frequency ratio intact!

L.l =tsl 3;

R

TIME

In none of the Exercises in this chapter were we able to affect the pitch of the
Figure 9-80 sound in any way. A quick look at our diagram of the operator makes this
clear: (See Figure 5-831.)

as there is no way that an operator EG can possibly affect the pitch data input.
There will, however, be times when you will want to aperiodically change the

pitch of a sound, and so the DX7 provides us with a completely separate, sev-
enth envelope generator called the pitch EG.

The pitch EG is an independent device which resides outside of the six opera-
tors and sends data to ALL SIX of them simultanecusly. This is an important
peint, worth repeating:

THE PITCH EG ALWAYS SENDS PITCH DATA TO
ALL SIX OPERATORS SIMULTANEQUSLY,

L [ L=l
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Themisagoodmasonwlwﬁmahasetﬂlh]pupﬂﬂsmy.lfwearegenerat-
ing a sound with, say, a system of operators 1 and 2, as follows: (See Figure L1g2 E — 0PI

9-84.) — -op2

1andmcoulduseanEGmau&tthepimhofope1m2withmanmraf-
fecting operator 1, would we accomplish a pitch change? Carding] Rule Three
(CImpterShn)sayswewwldmt.lnsteaﬂ.ofm,wemu}dbeaheﬁngﬂm
frequency ratio, which would result in a timbral change. Iy

Simeﬂ:ewhalemrposenfaﬁtchEGismallawustoalterthepitchufa 527)
smmdaperhdicaﬂy,thewnderﬁdsoﬂmmat&mahashnplymde
the pitch EG mon-operaior-specific. Of course, if they had made it operator- 4
spwiﬁn,wemﬂheabhtommtemnmmexdt&msomdsonmem{? TIVE —
{hﬁ:t.hint,mm)butlauppmemmhﬁmtomptwlmispmﬁded KEY 0N REY OFF

us.

All kidding aside, the pitch EG is a powerful tool and it is in fact £are 1o fnd a Figure9-82
wmeGmanysmheeimwﬁchisdedimtedmpitchchme.ltiSper-
hapamrthmetﬂ:imi:agthatanyopemﬂminﬁmd&equenqrmde (see Chap- PITCH INPUT
ter Six for details) will ignore any Pitch EG data sent to them and will there-
&)rerenmhattheﬁxed&eqtmncyymdesignﬂe.

ThepitchEGupemtesmcﬂymesamwayasﬂ:eindiﬁdmloperatorEGsm 0sC ] aMP
that it has four Levels and four Rates, It als initiates its activity from the
same KEY ON flag, and reacts the same way to KEY OFF (immediately T
returning from whatever point it's at, back to L4, at R4). In fact, the only real

difference lies in its default vahses: all four Levels default at a value of 50, The EG
four Rates, like their individual operator cousins, default at the maximum
value of 99: (See Figure 9-85.) EG can only sead signal

Because the pitch EG defaults this way, is 10 pitch . o ar.nplil?er and has no way of
. pitch E s a[li)t;ﬁ.evethellsem thgplsam:hangel )%&on routing signal to pitch input.

that a value of 50 was selected for the default is to allow you to use the pitch Figurz 9-83

EG to either sharpen or flatten the pitch; if 0 had been sefected, vou could

only sharpen the pitch: (See Figure 9-86.)

and if 99 had been chosen, you could only flatten it: (See Figure 9-87)

Because the four Levels are the same, the values for the four Rates are com-
pletely irrelevant and could in fact be anything. Levels, ther, which are greater 2
tinnﬁﬂwiﬂcausathepitchtnriseandLemlslessmanﬁﬂwillcauseﬂlepitch
to fall. Levels ruch greater than 50 or much less than 50 will cause gross
pitch changes (to a2 maximum range of four octaves sharper or flatter), and
Ievelsarmmdthedefaultofmwiﬂaﬂuwussubﬂemversinpitch‘Inallin-
stances, of course, the Rates determine the speed of the pitch change, 1

We access the Pitch EG controls from adit switches 20 and 30, labeled
“PITCH EG RATE" and “PITCH EG LEVEL” respectively: (See Figure
9-38.)

Let's run an Exercige to try out some of our options:

EXERCISE 54 Flgure 9:84
The Piich EG:

1) INITTALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 {(“1310000"), and use the system of operators 1 and 2
o generate 2 sawtooth wave,

&) Press edit switch 30 (PITCH EG LEVEL parameter) once to
VIEW L1. NOTE that upper right-hand corner of the LCD is hlank
as this is a non -cperator-specific parameter.

3) Press edit switch 30 four more times to OBSERVE the PITCH
EG LEVEL default values (all Levels = 50). Press edit switch 29
(PITCH EG RATE parameter) four times to OBSERVE the PITCH

r—-—b-
EG RATE default values (all Rates = 99). K.EYOE KEY OFF

Figure 9-85
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4} CHANGE the PITCH EG L1 to a new value of 75. Play a note on
the keyboard and LISTEN (AUDIO CUE 54A). NOTE that the pitch
quickiy nises (R1 = 99) and falls (R2 = 99) just a bit more slowly, as
the PITCH EG, like the operator EGs, has attack times which are
scaled to be slightly quicker than equivalent decay times.

5) CHANGE the values for the PITCH EG Rl and R2 both to 35.
Play a note on the keyboard and LISTEN (AUDIOQ CUJE 54B). NOTE
that the pitch now slowly rises and falls a bit more slowly.

6) CHANGE the value of the PITCH EG L1 to 25. Play a note on the
keyboard and LISTEN (AUDIO CUE 54C). NOTE that the pitch now
falls instead of rising. NOTE also that the fall {"decay”) time is again
somewhat slower than the rise (“attack”) time, even though the R1
and R2 values are still equal to one another.

7t CHANGE L1 of the PITCH EG to its minimuem of 0 without
changing the Rates. Play a note and LISTEN (AUDICQ CUE 54D).
NOTE that the pitch drops down and then retums a full four octaves
and that this change occurs more slowly than in step 6. This is be-
cause even though the Rate settings are the same, they have a
greater distance to travel.

8) CHANGE L1 of the PITCH EG to its maximum of %3, Play a note
and LISTEN (AUDIC CUE 54E). NOTE that the pitch now rises a
full four cctaves before returning to its starting pitch (.2).

%) CHANGE L1 of the PITCH EG to a new value of 52. Play a note
and LISTEN (AUDIO CUE 54F). NOTE that we now hear a very
subtle wavering in pitch as we are accomplishing an aperiadic pitch
change of less than a quarter tone.

10y CHANGE 11 of the PITCH EG to a new value of 48, play a note
and LISTEN (AUDIO CUE 54(). NOTE that we hear a slightly
differant wavering in pitch as we are now rising up to our pitch froma
slightly flatter note. These kinds of subtle pitch changes bring to mind
the kind of gentle pitch bends that are characteristic of much Eastern
MusicC.

1) EXPERIMENT by making various CHANGES to different
PITCH E( Levels and Rates, and NOTE the way this affects the
overali sound. NOTE also that whatever sound you affect with the
PITCH EG, only a pitch change occurs because it always affects all
operators equally.

While there are relatively few presets that utilize the gross settings of the
Pitch EG, there are quite a few that utilize the subtler effects possible. The
Pitch EG, like beating effects, generally falls under the category of Icing On
The Cake: it will nsually be something you tty at the end of creating a sound,
and it usually won't be an imtegral part of the sound.

Having said all that, let's examine one preset which does utilize, as an integral
component, the Pitch EG for gross pitch change. This is, of course, the
“TAKE OFF” preset, found on ROM 14-32 or ROM 3A-32:

EXERCISE 55
Examining the “TAKE OFF” Pitch EG:

1) Put vour DXT7 into cartridge play mode and call up either ROM
1A-32 or ROM 3A-32 (“TAKE OFF™).

2) Press the edit mode select switch in order to VIEW the edit
paramelers for this sound.

3 Press edit switch 30 (PITCH EG LEVEL parameter) and OB-
SERVE the Pitch EG Level settings. Press edit switch 29 and NOTE
the Pitch EG Rate settings. The PITCH EG values are set as follows:

I4 R L1 R2 12 R3I I3 R4 14

99

32 50 30 7 M 8l 16 92
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which generates an emvelope something like this: (See Figure
9-89.)

4) Flay a note on the keyboard and LISTEN (AUDIO CUE 554). As
you LISTEN, follow the diagram above 5C you can hear the following
pitchchanges:ﬁ‘irst,aslow(Rl]falli:}pitchfmmahighmteﬂd)to
optimum pitch (L1). This is immediately followed by a slightly slower
(R2) continued drop in pitch to a very low note (L2). As soon as this
hwmteisreached,ﬂmpitchwf?ﬂpidl}’@}mriugsbackupma
higher point (L3} and holds there as Jong as your finger rernains on
thekeyorynurfuotremninsonmesustaiupedal.Onceyoumleaae
thekeyorpedal(KEYOFI-‘}.ﬂmpitchmryﬂhwly(Rﬂﬁsesbackup
boitsstarﬁngpohﬁﬂA).Stﬁiﬁngeﬁectsmbeobtahedbyarpeg-
giating notes on the keyboard. By keeping your foot on the sustzin
pedal,mwon’tlmetoachmllyheepwurﬁngemonthekeyswhile
ﬂmsomddemhps.Rdeasmmeﬁmtpedalwﬂlmsethechmc-
teristic “after” rise in pitch. Try it! (AUDIO CUE 55B).

5 EXPERIMENTbyChangingthewriousPiuﬂ:EGImelsmd
RatesandNUTEhowtbeychamethememllsmmd.Oneparticulaﬂy
lﬁcesolmdcanbegenemtedbyahplyde—adivaﬁngtheﬁtchEGm
“TAKE OFF" altogether. T do this, simply set all four Pitch EG
Levelstolheirdeﬁultsofﬁﬂ.ﬁlﬂﬁspuint,ﬂwrewi![benopitch
change whatever, and, of course, the Rates become irrelevant. Play a
note on the keyboard and LISTEN (AUDIO CUE 55C). If you like the
sound, RENAME &t “V.PRICE" and use it the next time You are
scoring 4 horror movie!

NOTE that, unlike operator EGs, the DX7 is able to “recognize” a starting L4
point in. the Pitch EG right away - it doesn't automatically assume a starting 14
of 0 since we are here dealing with pitch change and not cutput level change.

Bear in mind also that the actions of the Pitch EG are somewhat tied in with
the actions of the individual operator EGs. If, for example, your carrier EGs
have [4s of § and very fast Rds, then you wor't be able to hear Pitch EG
changes from L3 to L4: (See Figure 9-90,)

On the other hand, i your carrier EGs have very slow attack rates, then you
won't be able to bear quick initial pitch EG changes: (See Figure 9-91.)

If you want to set up a sound that drops in pitch after you let £0 of the note,
you can be sure that it will always begin by rising in pitch, since L4 is hoth
the starting and ending point: (See Figure 9-92.)

And, of course, the reverse holds true as well. If the pitch is to rise after KEY
OFF, then it must fall on KEY ON: {See Figure 9-93.)

Alsa note that the EG copy function cannot be used with the Pitch EG. This
can only be used to copy data to and from ndividual operator EGs,

Hopefully, the Exercises and examples in this chapter have demonstrated how
incredibly important the use of envelopes are in synthesizing sounds. The use
of the DX7 EGs is absolutely mandatory in the creation of ALL sounds with
this instrument. Their very complexity allows us new freedom in andio syn-
thesis. For these reasons, an entire volume could be written on them. The
Rrood news is that this book won't be it. It's time we move on now to the

cousin of the EG, the device that allows us to make periodic changes to our
sounds, the LFO.
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SWITCHES AND CONTROLS COVERED IN CHAPTER. NINE:

SWITCH

PARAMETER

COMMENTS

Edst 21

Edit 22

Edit 26

Edit 20

Edit 30

EG Rate

EG Level

Keyboard
Rate Scaling

Pitch EG Rate

Pitch EG Level

tor-specific;
Multi-level;
Four Rates,
ranges 0 - 99,

Operator-specific;
Multi-level;

Four Levels,
ranges 0 - 99.

Operator-specific
sensifivity control
Range 0-7.

Non-operator specific;
Multi-level;

Four Rates,

ranges 0 - 99.

Non-operator specific;
Multi-level;

Four Levels,

ranges 0 - 99,




CHAPTER TEN: THE LFO

Sounds always change over time: we have seen in the last chapter how apply-
ing an envelope to a sound causes it to become dynamic and “real”, However,
emvelope generators by their very definition are anly capable of causing an
aperiodic change to a sound: in other words, the change caused by an EG
can never be repeated without actually repeating the sound itself.

Often, however, within the duration of a single sound, repetitive changes will
be observed, For example, a mbrafp is a repetitive pitch change; as a fremolo
i8 & repetitive wolume change., Therefore, we will require some kind of device
in our synthesizer that is capable of effecting a periodic change to a sound aver
time; and that device, on al] synthesizers, is called a low frequency oscillator,
or LFO for short.

The digital oscillators inside our six operators were capable of generating
numbers at very high speeds, and so the analog voltages produced by our
DAC as a result of their signals underwent high-speed changes, in the audible
(20 Hz to 20 kHz) range. In other words, they were capable of producing digi-
kal signals which became audible sounds. The LFQ is different kind of digital
oscillator that lives entirely outside of the six operators. There is only one
LFO on a DX7, not six, and that lone LFO is only capable of generating signal
at low speeds (in the 0.10 Hz to 60 Hz range). That means that the signals it
generates are mostly subgonie, The fact that the LFO only produces inavdi-
hle signals is largely irrelevant, since there i8 1o way of routing its signal to the
DAC anyway - in other words, we can never actually hear the LFO - like the
EG’s, we will only be able to hear its effect ort our opetators. The LFQ on owr
DX7, then, is an independent digital comporent, completely separate from our
SIX operators, which will send data to soe or all of those Operators, causing
them to periodically (repeatedly) change their pitch and/or output level. Of
course, Cardinal Ruie One tells us that if the output level of a carrier is pari-
odically changed, the result will be a periodic wolume change. Cardinal Rule
Two tells us that if the cutput level of a modulator is periodically changed,
the result will be a periodic quantitative timbyal change.

We can send this LFO signal to either of two different destinations. It can ter-
minate at the pitch data input of our operators: {See Figure 10-1.)

oroi.t ca]mtennilmeatthe amplifiers of our six operators; (See Figure
10-2.

IfwecieddetouseowLFOashtheﬁ:stemm;ﬂe. (LFQ data to the pitch
data imputs) thenwaaresaidtobeacmmpﬁshjngm modulation. Pich
modulation is alwaysnon-uper&tmu—speciﬁc; that is, this data will always be
sent to all six operstors simultaneously. This is exactly the same logic that was
used with our aperiodic pitch controller, the pifeh EG. If you remember, the
pitnhEGaiaomﬂymraﬂectada]lsixopemtorsatonce. Again, if we apply
wkindofpitchchangetocertahnperammmdnotaﬂofthem,cmjnalklm
Threemﬂsusﬂutwewﬂlnotgetapitchchange.hutaquaﬁtaﬁveﬁmbml
change instead,
Ontheotherhand,ifwededdetoﬂ)ﬂuwmesecondmmplemdroutethe
lIOdatatoﬂmeapemtoranmliﬁem,thenmaresaidhbeaccnmpﬁahhgm-
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Figure 10-3
Pitude modulation, Amplitude modulation is operator-specific; that is, we can
specify which operators will respond to the LFO data and which will not. This
means that, depending upon whether we have carriers or modulators
responding to the LFO commands, we will hear either a periodic volume
change or a pericdic quantitative timbral change.
There are no less than eight edit switches which relate to the use of the LFO,
and they are switches 9 through 16, as [ollows: (See Figure 10-3.)

We will also be using most of the lower row of function switches in order to
route the LFO signal via the DXT's real-time controllers, the modulation wheel,
the foof controller, the breath controller, and the kevboard afler-towch. Let’s be-
gin, however, with a brief description of the eight LFO edi suniches:

EDIT SWITCH# NAME

Waveshape

Speed

Delay

PMD (Pitch Modulation Depth)
AMD (Amplitude Modulation Depth)
Sync

Pitch modulation sensitivity
Amplitude modulation sensitivity
Edit switch 9: LFO waveshape

When we used the EGs to change our sounds, we were able to “shape” them
in various different manners by specifying different Levels and Rates. Qur
LFO signal cannot be “shaped” in this manner; instead, we are provided with
smﬁmedLFOmshapesmdweareaskedtoseiectmeofth&m The shape
of the wave will of course have a great impact on the type of periodic move-
ment we will ultimately hear when we apply this signal. The six differemt
waveshapes we have to choose from are as follows: (See Figure 10-4.)

The triangle, square, and sine waves should already be familiar to you. So, tao,
should be the sawtooth, although here we are offered the choice of a negative-
going sawtooth wave (sawtooth down) or a positive-going sawtooth wave (saw-
tooth up). The STHOLD (sample/hold) waveshape is a new one, but that’s QK
since it isn't really any kind of wave at all. Instead, when you select the
S/HOLD shape, the DX7 generates a stream of random data. This will allow
us t¢ generste random petiodic changes to our sounds, and will, I specific
usages, vield quite interesting effects. Remember that as we only have one
LFO, we can only select one LFO waveshape for any given sound,

Press edit switch 9 to access this parameter, The voice initialization default is
a triangle wave, You can use the “yes-no” buttons or the data entry slider to
VIEW the six different waveshape options awailable. OBSERVE that the
upper-right hand corner of the LCD is blank, as this parameter is most
definitely non-cperator specific: we're not dealing with the operators at all
bere, but a separate component outside of the operators! (See Figure
10-5.)

RERLREBE®
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Edit switch 10: LFO speed

This one’s real easy - and pretty much self-explanatory. The range of this con-
trolis 0 - 99, with 0 being the slowest possible speed (about 0.10 Hz - or one
wave generated every ten seconds) and 99 being the fastest (about 60 Hz).
The woice initialization default for this parameter is a speed of 35. Press edit
gwitch 10 to VIEW this and use the data entry slider to CHANGE it. OB-
SERVE again that the upper right-hand corner of the LCD is blank. {See Fig-
ure 10-6.)

Edit switch 11: LFO delay

Thisisadigimldelayhebuﬂth:tothenmwﬁchwﬂlsmmdehytheomet
nfﬂ:eLFOsigmlbyaceﬂahla:mum.Themgecdthisswitchis,agah.Oto
%,ﬁmﬁmmgmm)dm;mwmmmﬁmm(ama
seconds) delay. This wilt be useful in setting up sounds which will not undergo

n'ul:whﬂeﬂmedehytotheunseto{theLFOsignalcanbeqtﬁtebug,mceﬂm
mwmmm&'wﬁ’mhmﬁmm
mﬂmfa&iyumﬁsﬁc.ﬁnﬂheromhrthehnwhasumesﬁmbmm
Presseditswilchﬂmmasthismtmlmdmﬂmdmmsﬁdermatep
nmmmmammﬁﬁa&mmmmmmr
is 0 {no delay). NOTE that the upper right-hand comer of the LCD is sl
bhnk.asttﬁspmnetermhasmrefemmetohdiﬁdualopemm.ﬁee
Figure 10-7)

Edit switch 12: PMD

PMD stands for “Pitch Modulation Depth” and this control is used for the di-
rectmuﬁngofLFOsignaltothepitchhpuBof:ﬂsixopemmmshmﬂtane-
ously.Themngeofﬂﬂsconu'o]isalsoﬁ-%;withoindicathgnﬁuimm(m)
mmalbemgmutedmd%u@mungmammum(ammalbmmuted%
will be running an Exercise shortly to try this out. For now, just press edit
switchthoVIEWﬂﬁspammeterandusethcdaﬁentrysﬁdertuCHﬁNGE
itﬂnnughitsmngeufﬂtogg.memhehithﬁzaﬁnndeﬁuhﬁ:rﬂﬂsisawlue

of 0 (no PMD). Again, the upper right-hand corner of the LCD is blank. (See
Figure 10-8)

Edit switch 13; AMD

AMD stands for ‘Amplitude Modulation Depth” and this control is used for
the direct routing of LFO signal to the ampiifiers of all six operators simul-
taneously. As with the PMD control, the range is again 0 {minimum, or no
routing) to 98 (maximum, or all routing). Press edit switch 13 to VIEW this
parameter and use the data entry shder to CHANGE it through its range of 0
to 99. Like the PMD control, the woice initialization default is alsc 0 (no
AMD). Again, the upper right-hand comer of the LCD will be blank. (See
Figure 10-9,) :

Edit switch 14: Sync

This parameter is the LFQ keyboard synchronization control. In plain English
it will allow us, if we desire, to trigger the LFO from the KEY ON flag gener-
ated by the action of depressing a key on the keyboand. We'll run an Exercise
later to demonstrate its use, but for now just NOTE that we access this con-
trol by pressing edit switch 14, and that it is either ON or OFF (acconding to
which “on-off”, that is, “ves-no” data entry button we press). Upon inttializa-
tion, this parameter will default as being ON. Once again, the upper right-
hand corner of the LCD is blank as we are again dealing with an LFO variable,
(See Figure 10-10,)

ALG 1 11111
LFO SPEED = 35

Figure 10-6

ALG 1 11111
LFO DELAY = 0

Figure 10-7

ALG 1
1FQ PM DEFPTH = 0

Figure10.8

AlLG1 111111
LFO AMDEFTH =1

Fipure 16-9
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Edit switch 10: LFQ speed

‘This one’s real easy - and pretty much self.=xplanatory. The range of this con-
trol is (Y - 99, with 0 being the slowest possible speed (about .10 Hz - or one
wave generated every ten seconds) and 99 being the fastest (about 60 Hz).
‘The woice initialization default for this parameter is a speed of 35. Press edit
switch 10 to VIEW this and use the data entry shder to CHANGE it. OB-
SERVE agair. that the upper right-hand corner of the LCD is blank. (See Fig-
ure 10-6.)

Edit switch 11: LFO delay

‘This is a digital delay line built into the DX7 which will serve to delay the onset
of the LFO signal by a certain amount. The range of this switch is, again, 0 to
99, with 0 indicating miniomum (no) delay; and 99 indicating maximum (about 3
seconds) delay. This will be useful in setting up sounds which will not undergo
atty periodic change upon their mitial attack - for example, you could set up a
seumd which undergoes no change if played staccato but develops a pro-
nounced tremolo when played legato! One unfortunate thing about this con-
trol: while the delay to the onset of the LFO signal can be quite long, once the
LFO signal actually begins arriving, the “fade-in” time is actually very short
and 8o fxirly unrealistic. Another one for the Yamaha suggestion box. ..
Pme_seditswitchntomssﬂﬁsmnunlaudusethedataentrysﬁdertostep
it through its possible values. The woice initialization default for this parameter
15 0 (no delay). NOTE that the upper right-hand corner of the LCD) is still
biank, as this parameter again has no reference to individual operators. (See
Figure 107.)

Edit switch 12: PMD

PMD stands for “Pitch Modulation Depth” and this control js used for the di-
rect routing of LFQ signal to the pitch inputs of all six operators simultane-
ously. The range of this control is also © - 99; with { indicating minimum (no)
dgm]beh:grwtedandggindicaﬁmmaﬁmum{amsjgmlhemgmuted. We
will be running an Exercise shortly to try this out. For now, just press edit
switch 12 to VIEW this parameter and use the data entry slider to CHANGE
it through its range of 0 to 99. The voice initialization default for this is a vatue
of O (no PMD). Again, the upper right-hand corner of the LCD s biank, (See
Figure 10-8.)

Edit switch 13: AMD

AMD stands for “Amplitude Modulation Depth” and this contral is used for
the direct routing of LFO signal to the amplifiers of all six opetators simul-
taneously. As with the PMD control, the range is again ) (minimum, or no
routting) to 99 {maximum, or all routing). Press edit switch 13 to VIEW this
parameter and use the data entry skider to CHANGE it through its range of 0
to 99. Like the PMD control, the voice initialization default is also 0 (no
AMD). Again, the upper right-hand comner of the LCD will be blank. (See
Figure 10-9.)

Edit switch 14: Sync

This parameter is the LFO keyhoard synchronization control. In plain English,
it will allew us, if we desire, to trigger the LFO from the KEY ON flag gener-
ated by the action of depressing a key on the keyboard. We'll run an Exercise
later to demonstrate its use, but for now just NOTE that we access this con-
trol by pressing edit switch 14, and that it is either ON or OFF (according to
which “on-off", that is, “yes-no” data entry bution we press). Upon initializa-
tion, this parameter will default as being ON. Once again, the upper right-
hand comer of the LCD is biarik as we are again dealing with an LFO variable.
(See Figure 10-10.)

LFO SPEED =35

Figure 16-6

ALG 1 111111
LFQ DELAY =0

Figure 1007

ALG 1 111111

LFOPM DEPTH = 0

Figure 10-8

ALG 1 tilll
LFO AM DEPTH = {

Figure 109
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Edit switch 15: Pitch modulation sensitivity

This is the parameter-that determines how sensitive our six opearators will
be to pitch modulation, The range of this switchis 0 to 7, with 0 indicating
minitum (no) sensitivity; and 7 indicating maximurn sensitivity. Press edit
switch 15 to VIEW this parameter and OBSERVE that the upper right-hand
cerner of the LCT is still blank. Even though this control has to do with the
SiX operators, remember that pitch modulation in the DX7, whether by the
Pitch EG or by the LFG, is always non-operator-specific. The voice initiaiza-
ton default for this parameter is somewhat surprisingly a value of 3 (ot 0).
{See Figure 10-11.)

Edit switch 16: Amplitude modulation sensitivity

This control allows us to determine which operators will be sensitive to ampli-
tude modulation, and also how sensitive they will be. The range of this switch
is 2 mere 0 to 3, with 0 indicating minimum (no) sensitivity; and 3 indicating
maximum sengitivity. Press edit switch 15 to access this paratneter and OB-
SERVE that, for the first time in this chapter, we finally have an “OP” number
appearing in the upper right-hand comer of the LCD! As promised, amplitude
modulation is operator-specific, and so, by setting different degrees of sensi-
tivity for different operators, we can decide which operators will respond to
these LFO commands, and how much response there will ba. Whenever you
initialize, a default value of 0 will be assigned to all six operators for this pa-
rameter (no sensitivity for any of them). (See Figure 10-12.)

Let's begin by exploring the actions of the LFO being used for pitch modula-

tion. This will, of course, give us a periodic change ko the pitch of the sound

we are generating. Having decided that we want to use the LFO for this pur-
pose, the DX7, in true computer fashion, now brings us to another forkin the
road: (See Figure 10-13.)

We have the option of either directly routing the LFO signal to the pitch in-
puts of our six operators, in which case we will need to use edit switch 12
{PMD parameter) to accomplish direct modulation, or, we can route the LFO
signal indirectly, via any one of our four real-time controllers (the modula-
tion wheel, the foot pedal, the breath controller, or the keyboard after-touch)
in which case we will accomplish confrotled modulztion. Lat's begm by running
an Exercise to set up a direct pitch modulation:

EXERCISE 56
Direct Pitch Modulation:

1) INITIALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 ("110000"}, and use the system of operators 1 and 2
1o generate a sawtooth wave,

2) Press edit switch 9 and OBSERVE the default value of a TRIAN-
GLE wave. Press edit switch 10 and OBSERVE the default speed of
35. Press edit switch 11 and OBSERVE the default delay value of
(no delay). Press edit switch 12 and OBSERVE the PMD default of ,
and press edit switch 15 and OBSERVE that there currently is a sen-
sitivity for pitch modulation (since this parameter defaults to a value of
KY)

3) Play a note on the keyboard and LISTEN (AUDIO CUE 564).
NOTE that there is currently no periodic change occwrring to the
pitch of the sawtooth wave. This is because no LFQ modulation is ba-
ing routed as yet to the pitch inputs of operators 1 and 2 (since
FPMD= O} even though both are already sensitive to such a modulation
(since Pitch Modulaticn Sensitivity = 3),

4) Press edit switch 12 (PMD parameter) and use the data entry
slider to CHANGE this value to its maxirum value of 99, Play a note
on the keyboard and LISTEN (AUDIQ CUE 56B). NOTE that you
are now hearing a rapid periodic pitch change in the sound.

5} Press edit switch ¥) (LFQ SPEED parameter) and CHANGE this
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value to a slower speed value of 8. Play a note and LISTEN {(AUDIO
CUE 56C). NOTE that the speed of the pitch change has now slowed
appreciably and that you can now clearly hear the pitch gradally ris-
ing and falling, equivalent to the current TRIANGLE LFO waveshape:
{See Figure 10-14.)

6) Press edit ewitch 9 and press the “yes” button once to hear the
effect of a SAW DOWN LFO wave (AUDIO CUE 56D). NOTE that
the pitch now mstantly rises and slowly drops, as equivalent to the

wave shape: (See Figure 10-15.)

7) Press the “yes” button once again to hear the effect of 2 SAW UP
LFC wave (AUDIC CUE 56E). NOTE that the pitch now changes in
the opposite manner, slowly rising and quickly dropping, as equivalent
to the wave shape: (See Figure 10-16.)

B) Preas the “yes” button once again to bear the effect of a
SQUARE LFO wave (AUDIO CUE 56F). NOTE that the pitch now
instantly rises, followed by an instant fall, as equivalent to the wave
shape: (See Figure 10-17)

NOTE that this produces a ind] effiect to the sound. Press edit switch
12 (FMD parameater) and use the data entry alider to slowly change
this value to its minimum of 0, HOLDing DOWN a key and LISTEN-
ing as you do 3o (AUDIC CUE 56G). NOTE that changing the PMD
value has the effect of changing the two notes you bear; so that vary-
ing the depth of the pitch modulation effectively changes the higher
mllg’u;upointsdﬂmmduh&gSQUAREm:(SeeFim
10-

8) Restore the PMD valie to 99. Press edit switch 9 and then press
the “yes" button once again to hear the effect of a SINE LFO wave
(AUDIO CUE 56H). NOTE that the pitch now gently rises and falls,
in & manner equivalent to the wave shape: (See Figure 10-19,)

and similar to the effect of the TRIANGLE wave, but more gently, as
the SINE wave is a more rounded shape.

10) Pressthe “yes” button one last time to hear the effect of 2
S/HOLD LFO wave (AUDIO CUE 56I). NOTE that you now hear a
random pitch change as the DX7 is now periodically sampling from a
stream of random numbers, and Aslding the number just long enough
to send the data to the pitch inputs of the six operators,

1) Restore the LFQ shape to that of a TRIANGLE wave. Press edit
switch 10 (LFO SPEED parameter) and, using the data entry slider,
slowly CHANGE this value up to its maamum of 99, HOLDing
DOWN a key and LISTENing as you do so (AUDIO CUE 56)). NOTE
henw this change in speed does not in any way alter the type of pitch
change you hear, nor the amount of pitch change. NOTE also that
this change is recognized by the DX7 m reql fime. Now use the data
eniry slider to slowly CHANGE this value back to its rniniroum of 0,
HOLDmg DOWN a key and LISTENing 2s you do so (AUDIQ CUE
86K). NOTE that the speed of the pitch change now decreases, and
that at the absolute mirimum speed of 0, it occurs only about once
every ten seconds (indicating an LFO frequency of approximately
0.10 Hz) - and that you can hear the “digitizing” (or quantization) of
the LFQ) wave at the very low speed.

12) Restore the LFQ speed back to a value of 8 and press edit switch
12 (PMD parameter). Use the data entry slider to slowly CHANGE
this value back to the minimum of 0, HOLDing DOWN a key and
LISTENmg as you do so (AUDIO CUE 56L). NOTE that this has the
effect of legzening the depth of the change but in no way alters the
shape of the change nor the speed.

13} Restore the PMD value back to 99 and press edit switch 15 (P
MOD SENS. parameter). Use the “yes” button to slowly CHANGE
this vakte to its masdmum of 7, HOLDing DOWN a key and LISTEN-
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ing as you do so (AUDIO CUE 56M). NOTE that this has a similar ef-
fect to increasing the PMD value, but more so. Now use the “no” but-
ton to CHANGE this slowly back to its minimum value of 0, HOLDing
DOWN a key and LISTENing as you do so (AUDIO CUE 56N).

NOTE that this has the same audible effect as decreasing the PMD
value, and that at a value of 0 there is no pitch change whatsoever.

14) Restore the P MOD SENS. parameter back to a value of 3 and
press edit switch 11 (LFO DELAY parameter). Use the data entry
slider to CHANGE this to a value of 50. Play a note on the keyboard
and LISTEN (AUDIO CUE 560). NOTE that the effect of the LFO
on the pitch is now delayed by about a second, but that the ultimate
pitch change is precisely the same as before. CHANGE the LFO DE-
LAY value to its maximum of 99, play a note and LISTEN (AUDIO
CUE 56P). NOTE that the onset of the LFO is now delayed by some
3 seconds,

15) EXPERIMENT by setting various different LFO waveshapes
with various speeds and delay times. Also EXPERIMENT with
different PMD and P MOD SENS. values until you feel confident in
understanding how each of these different controls affect the final
modulation effect,

What have we learned from this Exercise? Clearly, the LFO shape determines
the qualitative type of pitch modulation; the LFO speed determines the
speed of the pitch modulation; and a combination of the PMD and Pitch Modu-
lation Sensitivity determine the quantitative depth of the pitch modulation
(that is, how far the pitch strays from its original setting). Why are we given
two controls for the modulation depth, and what is the difference between
them?

The PMD control is used only when you wish to set up a direct modula-
tion. If you wish instead to route the LFO signal via one of the four real-time
controllers, then you would want the PMD value to be 0. PMD, then, simply
determines how much direct LFO pitch modulation is accomplished. The
Pitch Modulation Sensitivity control, on the other hand, determines how sen-
sitive our six operators are to any kind of pitch modulation, be it direct or con-
trolled (or, in certain instances, both).

We route the LFO signal through one or more of our four real-time controllers
by using the bottom row of function switches (switches 17 through 32). These
sixteen switches are actually four sets of four switches each, as follows: (See
Figure 10-20.)

The potential actions of each of the four real-time controllers is exactly the
same, but each controller is, of course, physically quite different. The first of
these, the MOD WHEEL, is located directly to the left of your keyboard, and
is labeled as such. This wheel has a smooth action and normally should be at
its bottom-most (labeled “MIN") position. This ensures that it is not currently
routing any signal. The second, the FOOT CONTROLLER, is a push-pull
type foot pedal (NOT the piano-like sustain pedal that we discussed in Chap-
ter Nine) that is normally supplied with American DX7s but is only available as
an option with Japanese DX7s. If you are using one, make sure it is plugged
into the “MODULATION" input jack on the back of your machine: (See Fig-
ure 10-21.)

Figure 10-21
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and that it is kept at the fully-back position when not in use. This ensures that
it is not currently active (you can also use this same pedal as a simple volume
pedal for the DX7, if you plug it into the “VOLUME” input jack instead). The
third controller is the BREATH CONTROLLER and this is optional on both
American and Japanese machines. It is a small device normally held between
the lips which is capable of reacting to wind pressure; you blow into it. As you
blow harder or softer, it will route greater or lesser amounts of modulation
signal. This must be plugged into the “BREATH CONT” mini-jack input on
the front of your instrument, next to the pre-amplified PHONES jack (used
for headphones): (See Figure 10-22,)

PHONES BREATH CONT.

Figure 10-22

The fourth controller is the KEYBOARD AFTERTOUCH and this requires
Just a bit of explanation. This controller, like the MOD WHEEL, is available on
all DX7s, be they American, Japanese, or European, and is a pressure sensor
located beneath every key on the key . The harder you press down on a
key, the more this sensor “complains” and the more modulation signal is al-
lowed to pass. This is a monophonic control (unlike the Keyboard Velocity
Sensitivity, which will be covered in Chapter Eleven), which means that
whichever key in a group of keys is pressed the hardest will determine the
overall amount of signal routed. In other words, you cannot have varying
degrees of signal routed for specific notes in a chord, just by pressing some
notes harder and other notes softer.

The first function switch in each group of four is the RANGE switch, and this
simply determines how much LFO signal is to be routed via that particular
controller, from 0 (no signal routed) to 99 (all signal routed), with all of the var-
ious smaller increments in-between. The next three switches are the desti-
nation switches, where we designate to the DX7 precisely where we wish
the signal to terminate. These three are all “on-off’ switches and can be
changed using the “on-off” (“yes-no") buttons in the data entry section. The
first of these, labeled PITCH is used to send the LFO signal to the pitch data
inputs of the operators, if ON. The second, labeled AMP, routes the LFO sig-
nal to the amplifiers of the six operators; and the third, labeled EG BIAS, is
used for a special kind of non-LFO modulation that we will ba covering in
Chapter Eleven.

With this in mind, let’s run an Exercise to set up a controlled pitch modulation:
EXERCISE 57

Controlled pitch modulation:

1) INITIALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 (“110000™), and, using the system of operators 1 and
2, GENERATE a sawtooth wave.

2) Press edit switch 15 (P MOD SENS. parameter) and OBSERVE
that it is currently at its default value of 3. This means that all six
operators are slightly sensitive to LFO data, even though no data is
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currently being sent them, 1t we can find a way of routing that data,
they will react to some degree. We access this alternate routing by us-
ing the lower row of function switches.
3) Use the function mode-select switch to put your DX7 into function
mode. Because function controls do not reset themselves, we will
need to first ensure that none of the real-time controllers on your DX7
is currently active. Therefore, press function switch 17 (MOD
WHEEL RANGE control) and use the data entry slider to enter a
value of 0 (no data being routed). Do the same with function switches
21 (FOOT PEDAL RANGE), 25 (BREATH CONTROLLER
RANGE), and 29 (AFTER TOUCH RANGE), making sure they all
have values of 0. We also must be certain that all potential destinations
are currently OFF. Press function switch 18 (WHEEL PITCH) and
use the “off” data entry button to turn this destination OFF if it is not
already so. Do the same with function switches 19 (WHEEL AMP),
20 (WHEEL EG BIAS), 22 (FOOT PITCH), 23 (FOOT AMP), 24
(FOQT EG BIAS), 26 (BREATH PITCH), 27 (BREATH AMP), 28
(BREATH EG BIAS), 30 (AFTER PITCH), 31 (AFTER AMP), and
32 (AFTER EG BIAS), setting all of these controls to OFF*

4) Now we are ready to set our routing. Begin by pressing function
switch 17 (WHEEL RANGE) and use the data entry slider to enter a
value of 99. This means that all of the LFO signal (which currently
consists of a default TRIANGLE wave traveling at a default speed of
35) is being routed through the modulation wheel.

5) Press function switch 18 (WHEEL PITCH) and turn this destina-
tion ON, using the data entry “on” (“yes”) button. We have now in-
structed our DX7 to send that LFO signal to the pitch data inputs of
our six operators.

6) Begin with the modulation wheel all the way at MIN (towards
you). Play a note on the keyboard, HOLD it DOWN, and slowly move
the wheel up towards MAX as you LISTEN (AUDIO CUE 57A): (See
Figure 10-23.)

i

|

| l bl |
* This is a procedure you should follow whenever first programming or playing
any DX7 - remember that function controls never reset themselves. The only
way vou can be certain of knowing that your controllers are not active is by
checking and resetting each of these switches, For that reason, it's probably a
good idea to go through this procedure every time you sit down at any DX7,
even your own. With a little practice, it will only take you a few seconds, and
you'll have the security of knowing that, whatever strange phenomenon may
be occurring within your sounds, the controllers won't be to blame! You don't
want to put yourself in a position of not knowing precisely what is occurring in
your DX7 at all times.

Figure 10-23
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NOTE.: that as you raise the wheel up towards its MAX setting (fur-
thest from you), the depth of the pitch modnlation mereases, just as
it did when increasing the PMD setting in the last Exercise. This is
because, just as in the last Exercise, we are routing LFQ signal to the
pitch inputs of our operators, but this time that signal is traveling
through the Modulation Wheel instead of directly getting there.
Therefore, with the Modulation Wheel at its MIN setting, it is as if we
are routing nio LFO signal in the first place. You can think of the real-
time controfler as acting like a valve, which can be fully closed (MIN},
fully open (MAX), or amywhere in between, The maximum allowable
signal which is routed at any one time by our controller is determined
by the RANGE control.

7} The actions of each of the four real-time controllers is absolutely
identical - THERE IS NOTHING ONE CONTROLLER CAN DO
THAT ANY OTHER CONTROLLER CAN'T DO THE SAME WAY.
With this in mind, restore the WHEEL RANGE value back to 0 and
turn the WHEEL PITCH destination back to “OFF". Now press fanc-
tion switch 29 (AFTER RANGE) and CHANGE this to a new value of
99. Press function switch 30 (AFTER PITCH) and CHANGE it to
“ON", Phay a note very lightly cn the keyboard and LISTEN (AUDIO
CUE 57B). Depending on the current calibration of your instrument,
you may hear no pitch modulation at all, or you may hear a smatl
amount of “Dleed-through™ modulation®, Now press down on the same
key, exert a steadily increasing pressure, and LISTEN (AUDIO CUE
57C). NOTE that the degth of the pitch modulation increases in the
same way as previously raising the MOD WHEEL did.
8} Play the highest note on the keyboard (C6) as lightly as you can,
Continue HOLDing this note DOWN, and play the lowest note on the
keyboard (C1) with as much pressure as you can (if your last name is
Schwarzenegger, or even if it isn't - don't go crazy! These keys can
and do break off if abused! You have been warned!?). LISTEN (AU-
DIO CUE 57D). NOTE that the high note begins undergoing the
same pitch change as the low ane. This is because AFTERTOUCH 18
a monophonic control. EXPERIMENT and NOTE that you can con-
trol the modutation depth for- a group of notes by simnply exerting in-
creasing and decreasing pressure on a single note within that group.
9) The effects of the real-time controllers are cumulative - if you
decide to use more than one controller for a signal routing (something
which admittedly is not commonly done), then the effects of cne con-
trolier will add on, or accumaulate, onto the effects of any other.
CHANGE the AFTER RANGE value to 50. Press functicn switch 17
and CHANGE the WHEEL RANGE to 75. Press function switch 18
and twn the WHEEL PITCH destination ON, We now have both the
AFTERTOUCH and the MOD WHEEL routing LFOQ signal to our
operators’ pitch inputs. Play a note on the keyboard with maximum
finger pressure and LISTEN (AUDIO CUE 57E). Now slowly raise
the MOD WHEEL and LISTEN (AUD1O CUE 57F). NOTE that the
depth of the modulzted sound increases stll further as MOD WHEEL
Toukes yet more LFO signal. These cumulative signals can in no
event increase beyond the maxditoom of 99. Even though in this in-
stance, the action of the two controllers appears to be greater than 99
{50 + 75 = 125, not 99), the DX7 “tops out” at its maximum, This is
roughly equivalent to the action of an EG Level, which in no event can
increase at opetrator’s output level beyond its nominal setting (edit
swntch 27).

* If this is happening, dot't panic! It probably just means that your DX7 needs
recalibrating - an inexpensive and painless maintenance procedure your
Authorized Service Center can do for you.
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10} Restore the AFTER RANGE to 0; restore the AFTER PITCH
to OFF; restore the WHEEL PANGE to 99; and leave the WHEEL
PITCH destination switch ON. Use the edit mode-select switch to re-
turn your DIX7 to edit mode.

1) Press edit switch 15 (P MOD SENS, parameter) and use the data
entry stider to CHANGE this to a new value of 0. Place the MOD
WHEEL at its MAX (furthest from you} position, play 2 note and LIS-
TEN {AUDIO CUE 57G}. NOTE that we now hear no pitch modula-
tion at all. This is because even though we are mouting LFC signal via
our MOD WHEEL to the pitch inputs of our operators, they have all
been made insenaitive to the LFO’s commands: (See
Figurel0-24.)

HUH?

Figure 1024

12) Use the “yes” bution to slowly CHANGE the P MOD SENS,
value up 0 its maximum of 7, HOLDing DOWN a niote and LISTEN-
ing as you o so (AUDICQ CUE 57H). NOTE that 2s the P MOD sen-
sitivity increases, s6 too does the depth of the pitch modulation.

13) Familiarize yourself with different controlled pitch modulation
routings. Press edit switch 9 and EXPERIMENT with different wave
shapes. Press edit switch 10 and EXPERIMENT with different LFO
speeds. Use different P MOD sensitivities and different controlier
RANGE values to determine the maximum allowable pitch modulation
depth in every instance, If you have a FOOT CONTROLLER and/or &
BREATH CONTROLLER, EXPERIMENT with using them as signal
routers and NOTE that they affect the sound in precisely the same
way a5 the WHEEL and AFTERTOUCH do. Be careful to use the
appropriate mode-select switch as you flip your DX7? back and forth
from edit (LFO wave, speed, and P MOD sens controls) to function
(RANGE and PITCH destination controls) mode, Get a good feel for
the way the RANGE and SENSITIVITY controls interact.

NOTE that when using controlled modulation, the LFO DELAY (edit switch
11) has no effect whatever. The whole idea behind controlled modulation is
that you yourself will, in real time, determine when, and to what degree, the
LFO signal affects the sound. For that reason, the LFO DELAY parameter is
only ever active for direct modulations.

Pitch modulation, then, can be used for a wide variety of effects: vibrato (with
a SINE or TRIANGLE LFQ wave), trill (with a SQUARE LFO wave), or even
random arpeggiation (with a S'HOLD LFO wave). Very fast LFQ speeds will
yield periodic changes which are so fast they can baraly be perceived as in-
dividual changes and wilt instead sound ke a growl. The PMD, RANGE, and
P MOD SENS. controls allow us to set up everything from a barely noticea-
ble, subtle wavering, to a severe swooping I pitch. And, of course, the use of
the reak-time controllers allows us expressiveness - something that some key-
board purigts have long claimed synthesizers kack.
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LefsmmnawmtheuseoftheLPDﬁ)rampdimdemoduhﬁon.Aswithpitch
nmdﬂaﬁou.weagajnhﬂmtheopﬁnnofeiﬂ:erdh'ectmmmﬂedmﬁngs,
andtheyaresetupmettymuchﬂxesameww.EditswitchB. AMD, is used
in‘ﬂwtﬁmdmuﬁngofLFOsignalmmeopeMmampﬁﬁers.Ttwmal-tﬁne
cnnnoﬂersmnalsosendthesmnesignaitntheoperatorampliﬁers with the
uwoftheMdesﬁnaﬁonﬁmdjmswitch.lnehhercimmstame,aoertain
degree of A MOD SENSitivity must be set, but here, unlike P MOD SENS.,
we have individualoperatorcontmls-wemspecify which operators will re-
actandwhix:hwi]lnut.WhereasﬂmPMODSENS.mntmlhadamngeofU-
7, the A MOD SENS. control only has a range of 0 - 3. This limits our options
quite a bit, as { represents no sensitivity, and 3 represents maximum sensitiv-
ity, leaving us only two different settings (1 and 2) in-between, More range in
thismntmlwnu]dhwebeenrﬁce,bzﬂouemmﬂyassmthatmmoryﬁmi—
tﬂﬁonsprwermith:theodgina]DX?desim,Perhapsaﬁxtumupdatewiﬂof-
fer us a little more controt here.

As mentioned previously, because amplitude modulation is aperator-gpecific,
We car use it to either periodically change the volume of a sound (if applied
to a carrier) and/or the timbre of 3 sound (if applied to 2 modulator), This
also gives us the freedom to apply amplitude modulation to specific systems
within an overall sound. Let's begin with an Exercise to try out some of the ef-
fects of amplitude modulation on 2 carrier:

EXERCISE 58

Direct LFO amplitude modulation applied to a
carrier:

1) INITIALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators3thmughﬁ(‘ﬂlﬂﬂﬂﬂ'ﬁ,mdusaﬂmesystemofoperatorslandz
to GENERATE a sawtooth wave,

2) Press edit switch 13 (AMD parameter) and OBSERVE that it js
currenﬂyatitsdefauhwlueofﬂ.PresseditswitchlﬁCAMODSENS.
parameter}mﬂusetheaperatorselectsmitchtuOBSER\?Eﬂm
there is currently no sensitivity for amplitude modulation for either of
our twi operators (A MOD SENS. = 0 for all operatars).

3) Flay a note on the keyboard and LISTEN (AUDIO CUE 584).
NUTEﬂlattimreismmzﬂympeﬁodichmngeoccurﬁngtﬂeﬂer
ﬂaewhmeorﬁmbmofthesamﬂothwave.MisbecausemLFD
modulation is being rovted as yet to the amplifiers of either operators
Iur2(sinceAMD=D}andthatinanyeventneiﬂneraresensiﬁvetn
such a modulation (since A MOD SENS. = ().

4) PmsseditswitchlﬁanduseﬂmedataenhysﬁdertoCHANGE
ﬂxeAMDDSENS.vaheﬁoroperatorloul}'toitsm:dmummlueof
iMakesumthatuperatorzremamatitsdefaultvalueofO.Pmss
edtsndtchlSandusethedataentrysﬁdartoCHANGEtheAMDto
itsmaximumm]ueanQ.PlayanoteonthekeyboardandHSTEN
(AUDIDCUESBB}.NGTEthat]ruuamnuwhearingampidchange
to the volume of the sound.

5} Pressedit switch 10 and use the data entry slider to CHANGE
the LFO SPEED value o 8. Play a note and LISTEN (AUDIO CUE
53C).NDTEﬂ131thespeed0fﬂ1evolumechmgehasnuwslmdap—
pmciabtyandthat}'nucannwclearlyhearthevolumemmmﬂyﬁs-
ing and falling, equivalent to the current TRIANGLE LFQ waveshape:

T]ﬁshaspreciselythesameeﬁectasslowlynmhgtheVDLUME
sﬁderupandback.ﬁtahi@erLFOSPEEDvahxeoﬂﬂorsoﬂﬁswﬂl
cause a typical tremolo effect. Tremaly is a steady back-and-forth
change in the wlume of a sound. Try it! (AUDIO CUE 58D).

LOUDER.

Even though a true Triangle
wave is both + & - poing,
when using it for Amp Mod
Lﬂ!e DX7 shifts it so that

Mmoo«

SOFTER

it's lowermost point is at
0, since we have no need
for "negative” volumes,

Figure 10-25
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6) Restore the LFO SPEED (edit switch 10) back to a valoe of 8.
Press edit switch 9 (LFO WAVE parameter) and press the “yes” but-
ton once to hear the effect of a SAW DOWN LFO wave (AUDIO CUE
58E). NOTE that the volume now instantly rises and slowly drops, as
equivalent to the wave shape: {See Figure 10-26.)

7) Press the “yes" button once again t¢ hear the effect of 2 SAW UP
LFQ wave (AUDIQ CUE 58F). NOTE that the volume now changes
in the opposite manner, (See Figure 10-27) slowly rising and quickly
dropping, as equivalent o the wave shape: (See Figure 10-27)

8) Press the "yes" button once again to hear the effect of a
SQUARE LFO wave (AUDIO CUE 58G). NOTE that the volume now
instantly rises, followed by an mstant &ll, as equivalent ta the wave
shape: (See Figure 10-28.)

NOTE: that this produces an ON-OFF effect, useful in having sounds
that repeat themselves periodically (yes, we were able tc do this with
the EG, but we were limited then to one repeat, maximum. See Ex-
ercise 48 in Chapter Nioe if you dor't remember how we did this).

0} Press the “yes” button once again to hear the effect of 2 SINE
LFO wave (AUDIO CUE 58H). NOTE that the volume now gently
rises and falls, in a manner equivalent to the wave shape: (See Fig-
ure 10-29.)

and similar to the effect of the TRIANGLE wave, but more gently, as
the SINE wave is a more rounded shape. The SINE wave is in fact
probably a better choice for most standard tremolo effects.

10) Press the “yes” button one last time to hear the effect of 2
S/HOLD LFO wave (AUDIO CUE 58D. NOTE that vou now hear a
random volurme change as the DX7 is now periodically sampling from
a stream of random numbers, and holding the number just long
enough ta send the data ta the amplifiers of the six operators.

1) Restore the LFO shape to that of a TRIANGLE wave. Press edit
switch 10 (LFO SPEED parameter) and, using the data entry slider,
slowly CHANGE this value up to its maximum of 99, HOLDing
DOWN a key and LISTENing as you do so (AUDIO CUE 58]). NOTE
how this change in speed does not in any way alter the type of change
you hear, nor the amount of change. NOTE also that this change in
LFO SPEED is recognized by the DX7? in real #ime. Now use the data
entry slider to slowly CHANGE this value back to its minimum of 0,
HOLDing DOWN a key and LISTENing as you do so (AUDIO CUE
5BK). NOTE that the speed of the volume change now decreases,
and that at the absclute minitnum speed of 0, it occurs only about
once every ten seconds (indicating an LFO frequency of approx-
mately 0.10 Hz).

12) Restore the LFO speed back to a value of 8 and press edit switch
13 {AMD parameter). Use the data entry slider to slowly CHANGE
this value back to the minimum of 0, HOLDing DOWN a key and
LISTENing as you do so (AUDIO CUE 58L), NOTE that this has the
effect of lessening the depth of the volume change but in no way alters
the shape of the change nor the speed,

13) Restore the AMI) value back to 99 and press edit switch 16 (A
MOD SENS. parameter). Use the “no” button to slowly CHANGE
this value for operator 1 to its minimum of 0, HOLDing DOWN 2 key
and LISTENing a5 you do so (AUDIQ CUE 58M). NOTE that this
has the same effect as leszening the AMD did, but because of its
coarser range, it is much less subtle, and therefore less useful as a
modulation depth control.

14) Restore the A MOD SENS. parameter for operator 1 back toa
value of 3 and press edit switch 11 {LFO DELAY parameter). Use the
data entry slider to CHANGE this to a value of 50. Play a note on the
keyboard and LISTEN (AUDIO CUE 58N), NOTE that the effect of
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mwomﬂ:evulumeisnuwdelawdbyabuuusacond.butﬂmme
ulti:mtevohnnechmgeispreciselythesamasheﬁ:m.CHANGE
the LFO DELAY value t its maxiroum of 99, play a note and LISTEN
{AUDIOCUESED).NUFEthatthemsetuImeLFOiamdelayed
by some 3 seconds,
15) EXPERIMENTbysettingmriousdiﬂemﬁlﬂJmalﬂpes
with various speeds and delay times. Also EXPERIMENT with
different AMD and A MOD SENS. values for operstor 1 and NOTE
howchﬂmmeaediﬁﬂememnnhaﬁeunﬂwﬁmlmnﬂ.l‘ry
mam,mmmmﬂwmm
gystem of operators 3 and 4. Then apply an LFO amplitude modula-
ﬁonmoperatWSMnNOTEﬂntwemwhmeonlymedthem
&nbmshnmuﬂwmd(meopmrﬂmuﬂpeﬁodicﬂy
chnghghvdunm.whﬂeﬂroth&rtﬁnbre{rheopemtoﬂ-zmm
remains unchanged: (See Figure 10-30.)

Ofmse,mmahoammﬁshthemmdmndulaﬁmﬁecmwhuur

real-time controllers:

EXERCISE 59

Controlled LFO amplitude modulation applied to a

carrier:

1) INITIALIZE your DX7, leave it in alporithm #1, TURN OFF oper-
ators 3 through 6 (*110000), and, using the systemn of operators 1 and
2, GENERATE a sawtooth wave.

Z) Press edit switch 15 (A MOD SENS. parameter) and CHANGE it
toanewvalueufaﬁnrupemtmlonljr.Makesureopemtanmnmhw
atitsczmntde.fmﬂtvahmom.ﬂﬁsmemsﬂmtomcmier(opemmr
l}isnuwsensiﬁmtnamplihjdeuwdulaﬁm,evenmuughmdatais
currently being sent to it. If we therefore route that dzta via one of
our real-time controllers, operator 1 will react as much as possible,
possible.

3 Use the function mode-select switch to put your DX7 into function
mode. Using the procedure outlined in step 3 of Exercize 57 above,
makesurenoueofwurreal-ﬁmeconndlersareamnﬂyacﬁm.

4) Press function switch 17 (WHEEL RANGE) and use the data en-
hys]idertoeﬁeramlueui%.ﬁsmemsthataﬂnfthel.‘fﬂsigxm
{(which currently consists of 2 default TRIANGLE weave traveling at 2
default speed of 35) is now being routed through the modulation
wheel

5) Press function switch 19 (WHEEL AMP) and use the “on” (“yes”)
data entry button to turn this ON. We have now instructed our DX7 to
send the LFO signal to the amplifiers of our six operators and not to
their pitch data inputs: (See Figure 10-31.)

SLOW MOVING SIHE WAVE

ALG. M

Figure 10-30

Figure 10-31
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6) Begin with the modulation wheel all the way 2t MIN (towards |
vou). Play a note on the keyboard, HOLD it DOWN, and slowly move

the wheel up towards MAX as you LISTEN (AUDIO CUE 59A).

NOTE that as you raise the wheel up towards its MAX setting (fur-

thest from you), the depth of the amplitude moduiation increases,

just as it did when increasing the AMD setting in the last Exercise.

This is because, just 2s in the last Exercise, we are still routing LFO

signal to the amplifiers of our operators, but this tame that signal is

traveling via the Modulation Wheel instead of directly getting there,

Because currently only operator 1 is aensitive to amplitude modula-

tion, we are currently only hearing a periodic volume change.

7 Restore the WHEEL RANGE value back to 0 and turn the

WHEEL AMP destination switch back to “OFF". Now press function

switch 29 (AFTER RANGE) and CHANGE this to a new value cf 99.

Press function switch 31 (AFTER AMP) and CHANGE it to “ON".

Play a note very lightly on the keyhoard and LISTEN (AUDIO CUE

59R). Depending on the current calibration of your instrument, you

may hear no amplitude modulation at all, or you may hear a small !
amount of “bleed-through” madulation, Now press down on the same
key, exert a steadily increasing pressure, and LISTEN (AUDIO CUE
59C). NOTE that this causes the depth of the volume change to in-
crease in the same way as previously raising the MOD WHEEL did.
8) Play the highest note on the keyboard (C6) as lightly as you can.
Continue HOLDing this note DOWN, and play the lowest note on the
keyboard (C1) with as much pressure a3 you can and LISTEN (AU-
DIO CUE 59D). NOTE that the high note begins undergomg the
same volume change as the low one. This is because AFTER-
TOUCH is a monophonic control. EXPERIMENT and NOTE that
you can control the modulation depth for a group of notes by simply
exerting increasing and decreasing pressure on a single note within
that group.

9) As with pitch modulation routings, the effects of the real-ume con-
trollers are cumulative. CHANGE the AFTER RANGE valve to 50.
Press function switch 17 and CHANGE the WHEEL RANGE to 75.
Press function switch 19 and turn the WHEEL AMP destination ON.
We now have both the AFTERTOUCH and the MOD WHEEL rout-
ing LFO signal to our operators’ amplifiers. Play a note on the key-
boand with maximum finger pressure and LISTEN (AUDIO CUE
59E). Now slowly raise the MOD WHEEL and LISTEN (AUDIO
CUE 59F). NOTE that the depth of the modulated sound creases
still further as MOD WHEEL routes yet more LFO signal. NOTE
that these cumulative signals will int no event increase beyond the
maximum of 99.

0) Restore the AFTER RANGE to 0; restore the AFTER AMP to
OFF: restore the WHEEL RANGE to 99; and leave the WHEEL
AMP destination switch ON. Use the edit mode-select switch to re-
turn your DX7 to edit mode.

11} Press edit switch 16 (A MOD SENS. parameter) and use the
data entry stider to CHANGE this for operator 1 only to 2 new value
of 0. Place the MOD WHEEL at its MAX (furthest from you) posi-
tion, play a note and LISTEN (AUDIO CUE 59G). NOTE that we
naw hear no amplitude modulation at all.

12) Use the “yes” button to slowly CHANGE the A MOD SENS,
value for operator 1 up to its maximum of 3, HOLDing DOWN a note
and LISTENing as you do so (AUDIO CUE 59H), NOTE that as the
A MOD sensitivity incteasas, so too does the depth of the amplitude
modulation.

13) Familiarize yourself with different controiled amplitude modula-
tion routings to carriers. Press edit switch 9 and EXPERIMENT with
different wave shapes. Press edit switch 10 and EXPERIMENT with
different LFO speeds. Use different A MOD sensitivities for operator
1 and different controller RANGE values to determine the maximurn
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allowable amplitude modulation depth in every instance. If vou have a
FOOT CONTROLLER and/or a BREATH CONTROLLER, EX-
PERIMENT with using them as signal routers and NOTE that they
affect the sound in precisely the same way as the WHEEL and
AFTER-TOUCH do. Be careful to use the appropriate mode-select
switch as you flip your DX7 back and forth from edit mode to function
mode. Get a good feel for the way the RANGE and SENSITIVITY
controls interact. Try creating, as belore, a second titnbre within al-
gorithm #1 with the system of operators 3 and 4, and apply controlled
amplitude modulation to operator 3 onty. NOTE that once again, one
timbre within the sound undergoes a periodic volume change while
the other remains steady.

It is the operator-specificity of amplitude modulation in the DX7 that makes it
such & powerful tool. With that in mind, let’s try once again setting up a direct
amplitude modulation, but this time we'll be affecting our modulator, resulting
in periodic quantitative timbral changes:

EXERCISE 60

Direct LFO amplitude modulation applied to a
modulator:

1) INITIALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 (“110000”), 2nd use the system of operators 1 and 2
to GENERATE a sawtooth wave.

2) Press edit switch 13 (AMD parameter) and OBSERVE that it is
currently at its default value of Q. Press edit switch 16 (A MOD SENS.
parametar) and use the operator select switch to OBSERVE that
there is currently no sensitivity for amplitude modulation for either of
our twe operators (A MOD SENS. = 0 for all operators).

3} Play a note on the keyboard and LISTEN (AUDIO CUE 604).
NOTE that there is currently no periodic change occurring to either
the amplitude or timbre of the sawtooth wave. This is becanse no
LFO modulation is being routed 2s yet to the amplifiers of either oper-
ators 1 or 2 (since AMD = 0) and that in any event peither are sensi-
tive to such a modulation (since A MQD SENS, = 0).

4) Press edit switch 16 and use the data entry shder to CHANGE
the A MOD SENS. value for operator 2 only to its maximum value of
3. Make sure that operator 1 remams af its default value of (). Press
edit switch 13 and use the data entry slider to CHANGE the AMD to
its maxdmmm value of 99. Play a note on the keyboard and LISTEN
(AUDIQ CUE 60B). NOTE that you are now hearing a rapid change
to the timbre of the sound.

5) Press edit switch 10 and use the data entry slider to CHANGE
the LFO SPEED value to 8. Play a note and LISTEN (AUDIO CUE
60C). NOTE that the speed of the timbral change has now slowed ap-
preciably and that you can now clearly hear the overtones coming in
and out, as the LFO's TRIANGLE wave gradually increases and then
decreases the QUTPUT LEVEL of operator 2 (because it is control-
ling operator 2's amplifier). (See Figure 10-32.)
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At a higher LFO SPEED value of 40 or so this will cause a typical
wah-wah effect. Try it! (AUDIO CUE 60D).
6) Restore the LFQ SPEED (edit switch 10) back to a value of B
Press edit switch 9 (LFO WAVE parameter) and press the “yes” but-
ton once to hear the effect of a SAW DOWN LFO wave (AUDIO CUE
60E). NOTE thst the overtone content now mstantly rises and slowty
drops, as equivalent to the wave shape: (See Figure 10-33,)
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7 Press {he “yes” bution once again to hear the effect of a SAW UP
LFO wave (AUDIO CUE 60F). NOTE that the timbre now changes in
the opposite manner, with the overtone content slowly increasing and
quickly decreasing, as equivalent tc the wave shape: (See Figure

10-34.}
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8) Press the “ves" button cnce again to hear the effect of 2
SQUARE LFO wave (AUDIO CUE 80G). NOTE that we now hear
two different timbres, a sawtooth wave when the LFQ SQUARE
WAVE is positive: (See Figure 10-35.)

LEFO
PITCH PITCH
EG
Mon . |2 mop |1 EG
*
f\_/ EG /| EG

Figure 10-35

and a sine wave when the LFO SQUARE WAVE is negative: (See
Figure 10-36.)
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2 n IF
) PITCH PITCH

1 0 A @0 o A »| DAC
I

Moo |2 EG mop | L EG
N/ EG N/ El G

Figure 1036

9) Press the “yes” button once again to hear the effect of a SINE
LFQ wave (AUDEO CUE 60H). NCOTE that the gvertone content now
gently rises and falls, pruducing a gentle repeating “wah-wah”, in a
manner equivalent to the wave shape: (See Figure 10-37.)

2
) PITCH
QO » A . DAC
MOD 1 EG
f
EG

Figure 10-37



180 / The Complete DX7

and similar to the effect of the TRIANGLE wave, but more gently, as
theSll\lea\relsamc-remmdedshape

1N Press the “ves" button one last time to hear the effect of a
S/EOLD LFO wave (AUUDIO CUE §0I), This is probably the most m-
teresting and typical use of the SfTHOLD waveshape, as you now hear
a random timbral cha:.ge, Increase the LFQ SPEED control (edit
switch 10} to about 40 or 50 to hear a pieasing, rhythmic random
change in timbre (AUIDIO CUE 60J).

11) Restors the LFO shape to that of a TRIANGLE wave. Press adit
switch 10 (LFO SPEED parameter) and, using the data entry shder,
slowly CHANGE this valee up to its maximum of 99, HOLDing
POWN a key and LISTENIng as you do so (AUDIO CUE 60K). At
the highest LFO speeds you will start to hear some dissonant over-
tones (called sidebands ) creeping in. This is because our LFQ is now
in an audible (greater than 20 Hz) range. NQTE, however, that these
changes in speed do not in any way alter the type of change you heat,
nor the amount of change. NOTE also that changes in LFQO SPEED
are recognized by the DX7 in real time. Now use the data entry stider
to slowly CHANGE this value back to its minimum of 0, HOLIA
DOWN a key and LISTENing as you do so (AUDIO CUE 60L).
NOTE that the speed of the tmbral change now decreases, and that
at the absolute minimum speed of 9, it occurs only about once every
ten seconds.

12) Restore the LFO speed back to a value of 8 and press edit switch
13 (AMD parameter). Use the data entry slider to slowly CHANGE
this value back to the minimum of 0, HOLDing DOWN a key and
LISTENing as you do s0 (AUDIO CUE 60M). NOTE that this has the
effect of lessening the depth of the timbral change (we hear more
overtones coming in and out) but in no way alters the shape of the
change nor the speed.

13) Restore the AMD value back to 99 and press edit switch 16 (A
MOD SENS. parameter). Use the “no” button to slowly CHANGE
this value for operator 2 to its minimum of 0, HOLDing DOWN a key
and LISTENing as you de so (AUDIO CUE 60N). NOTE that this has
the same effect as lessening the AMD did, but because of its coarser
range, it is much less subtle, and so geperally less useful 2s a modula-
tion depth contrel.

14) Restore the A MOD SENS. parameter for operator 2back to a
valoe of 3 and press edit switch 11 (LFQO DELAY parametar). Use the
datz entry slider to CHANGE this to a value of 50, Play a note on the
keyboard and LISTEN (AUDIO CUE 600). NOTE that the effect of
the LFO on the overtone content is now delayed by about a second,
but that the ultimate timbral change is precisely the same as before,
CHANGE the LFO DELAY value to its masximum of 99, play a note
and LISTEN (AUDIO CUE 60P), NOTE that the onset of the LFO is
now delayed by some 3 seconds.

15) EXPERIMENT by setting various different LFQO waveshapes
with various speeds and delay times. Also EXPERIMENT with
different AMD and A MOD SENS. walues for operator 2 and NOTE
how changing these different controls affects the final sound.

16) Because amplitude modulation is operator-specific, we can apply
ﬁtobothourmodulatorandcamer,mthesameard:ﬁzrentdemea
if we =0 degire. EXPERIMENT by redoing this entire Exercize with
both operators 1 and 2 set to maximum A MOD SENSitivity. NOTE
how both the wilume and the timbre are affected by the LFO in the
same manner. Then EXPERIMENT by redoing this EXERCISE with
operator 1 set to a sensitivity of 3 and operator 2 at a sensitivity of 1.
NOTE how the same LFO manipulations now affect mostly the vol-
nme, but with slight amourts of timbral change 28 well. Finally, EX-
PERIMENT by reversing the sensitivities (operator 1 = a value of 1
and operator 2 = a value of 3). NOTE that we now generate the op-
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Aﬁh,wfmbewkhdsafmodnhtioneﬁ&tsmcansetupcﬁmdmmmaho
- route ¥ia our real-time controllers:

EXERCISE 61
Controlled LFO amplitude modulation applied to a
modulator;

)b INITIALIZE;ouxDX‘?,leaveitinalmﬂthm#l, TURN OFF oper-
aﬁmsSthm@E(‘ﬂlﬂum"},and,usi:gﬂxmtemofopemmland
2, GENERATE a sawtooth wave,

2) Press edit switch 16 mMODSENS.pammem}a:ﬁCHANGEit
tnanewwheomfmomﬂonly.hhkemupenmrlre-
nninaatitsctmmdehultvahmdo.ﬂisnmﬂntwmadtﬁatm
(upegmrmhm_msiﬁmmm&tmmm.mthwghm

try sider o enter  value of 99. This means that all of the LFO sigral
(wl:ichamentlycnmiatsofadeﬁmtTRMNGLE wave traveling at a
mwdwhmb&gmmﬂm&M&n
wheel,

5 P&esuﬁmnﬁmswichE(WHEEmelmethe“m"(“wﬁ
dmmbutmnmtumﬂisON.%haveminstmcmdourDX?m
mmmdmﬂmﬂmwmﬁﬁmsdwahom.ﬂmr,
mﬂyoparamrﬁntlﬁshsmﬁewﬂlmact.

6) Beghwiththemduhﬁmwheelaﬂthematbmﬂtowards
m.Phynnoteonﬂzekeyboard,HOLDitDUWN.mdslowbrma
ﬂEWhedupmMAXasquS'PENmUDIOCUEEIA).
NUTEthatasyuumiseﬂjewheeluptawmﬂsitsMsetﬁng(fur-
thest from you), the depth of the amplitude medulation increases, just
asitdidwhmﬁmuashgtheﬁbﬂ)setthginthelastExemise.MSis
because,justasitlmelastExemise,wearemutmgLFOsima[mthe
ampliﬁersofourﬂpemtom,bmtiﬁsﬁmematahnalismﬁngviathe
Modulation Wheel instead of directly getting there. Because currently
only operator 2 is sensitive to amplitude modulation, wa are cur-
rently only hearing a periodic timbral change.

7) Restore the WHE RANGE value back to 0 and turn the
WI{EELAMPdesﬁnatiOthchbackto“OFF”. Now press function
switt:hzﬂ(A.FTERRANGE)andCHANGEtIﬂatoanewvahmofBQ.
Press function switch 31 (AFTER AMP) and CHANGE it to "ON"
HayanotemryﬁghﬂyanﬂieheyboazdandUSTEN(AUDIOCUE

mo '
arsount of “bleed-through” modulation. Now press down on the same
key, exert a steadily icreasing pressure, and LISTEN {AUDIO CUE
61C). NOTE that the depth of the timbral change imncreases in the
Same way a3 previously raising the MOD WHEEL did.
8) Play the highest note ontheh}bmxd(%)asﬁghﬂyasmm-
CuntimeHDLDiluthismteDGWN. and play the lowest note on the
keybua:d(Cl)withasmuchpmssureasmucanand LISTEN (AL-
DIQ CUE 61D}. NOTE that the high note begins undergoing the
same periodic timbra] change as the low one. This is because
AFTERTOUCH is a sonophanic control. EXPERIMENT and NOTE
ﬂnt;muuncontmlﬁmmodulaﬁondepthforagmupofnoﬁeshysim—
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ply exerting increasing and decreasing pressure on a single note
within that group.

9 As with pitch modulation routings, the effects of the real-time con-
trollers are cumulative. CHANGE the AFTER RANGE value to 50.
Press function switch 17 and CHANGE the WHEEL RANGE to 75.
Press function switch 13 and turn the WHEEL AMP destination ON.
We now have both the AFTER-TOUCH and the MOD WHEEL rout-
mg LFO signal to our operators’ amplifiers. Flay a note on the key-
board with maximum finger pressure and LISTEN (AUDIO CUE
61E}. Now glowly raise the MOD WHEEL and LISTEN (AUDIO
CUE 61F), NOTE that the depth of the modulated sound increases
still further 2z MOD WHEEL routes vet more LFD signal. NOTE
that these cumulative signals will in no event increase beyond the
maximitn of 99.

10) Restore the AFTER RANGE to 0; restore the AFTER AMP to
OFF: restore the WHEEL RANGE to 99; and leave the WHEEL
AMP destimation switch ON. Use the edit mode-select switch to re-
turn your DX7? to edit mode.

11) Press edit switch 16 (A MOD SENS. parameter) and use the
data entry slider to CHANGE this for operator 2 only to a new value
of 0. Place the MOD WHEEL at its MAX (furthest from you) posi-
tion, play a note and LISTEN (AUDI0O CUE 61G). NQTE that we now
hear no amplitude medulation at all.

12) Use the “ves” button to slowly CHANGE the A MOD SENS.
value for operater 2 up to its maximum of 3, HOLDing DOWN a note
and LISTENing as you do sc (AUDIO CUE 61H). NOTE that as the
A MOD sensitivity increases, so too does the depth of the amplitude
modulation.

13) Familiarize yourself with different controlled amplitude modiila-
tion routings to modulators. Press edit switch 9 and EXPERIMENT
with different wave shapes. Press edit switch 10 and EXPERIMENT
with different LFO speeds. Use different A MOD sengitivities for
operator 2 and different controller RANGE values to determine the
maximum allowable amplitude modulation depth in every instance. If
you have a FOOT CONTROLLER and/or a BREATH CON-
TROLLER, EXPERIMENT with using them as signal routers and
NOTE that they affect the sound in precisely the same way as the
WHEEL and AFTERTOUCH do. Be careful to use the appropriate
mode-select switch as you flip your DX7 back and forth from edit
mode to fimction mode.

Setting up LFO effects is one area in the DX7 where having non-voice-specific
fitnction controls can be a real problem. It showdd be clear that in order to cre-
ate 3 sound in which you wish the option of either controlled pitch or con-
trolled amplitude modulation, you must take the precaution of setting a
predetermined amount of either P MOD SENSITIVITY or A MOD SENSI-
TIVITY in edit mode when actually programming the sound. Furthermore,
you'll have to remember to assign the appropriate RANGE amount to the con-
troller you wish to use and remember to turn the correct destination switch
ON in order to actually get that modulation!

This can lead to confusion. For example, suppose you generated a flute sound
with the LFO set at 4 SINE wave, and with a certain amount of P MOD
SENSitivity pre-programmed. Let's suppose the very next internal memory
slot contained a tuba sound with the LFO set at a SQUARE wave and no P
MOD SENSitiviy, but with the carriers sensitive for a slight amount of ampili-
tude modulation. Let's go further and assume that the next internal memory
slot contained a Squeaking Breacdhox sound with no modulation sensitivity of
any kind. You're at a gig, the first sound of the night ia the fute sound, and you
want to use the keyboard AFTER-TOUCH to fade in and out the vibrato effect
you pre-set, 50 you set the AFTER RANGE to, say, 50, and you turm the AF-
TER PITCH ON. No problem, you play a few notes, you press down a bit
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harder, and the vibrato comes in and out, just as you'd planned. Next song,
next sound: the tuba. If you don't make any function centrol changes, then
pressing down on the key harder won't do anything! Why? Because the tuba
sound has no P MOD SENSitivity, only A MOD SENSitivity, and th :
AFTER-TOUCH is currently only routmg LFO s:analtothePI‘ICHmputsof
your operators. 3o, inn the middle of the song, you frantically turn the AFTER
PI'I‘CHOFFandynuhu‘ntheAFTERAMPON Whew! Next song, next
sound, and you find, of course, that your Squeaking Breadbox sound won't
modulate at all, no matter how hard you press down on the key, step on the
FOQOT CONTROLLER, move the MOD WHEEL, or toot into the BREATH
CONTROLLER. You may get a swdden burst of inspiration in the middle of
your lead bagpipist’s solo and want to add a tremolo to your Squeaking Bread-
boe, but it won't work! Why? Because you neglected fo pre-program any
modulation sensitivity. Of course, you can always put vour DX7 back into edit
mode and frantically do it, but, believe me, the last thing you want to doina
live gituation is put your DX7 into edit mode...
Another very common problem is encountered by the new DX7 owner who
excitedly gets his machine out of the box (usually with oniv a cursory glance at
the manual}, sees a button marked "PITCH” next to that old analog standby,
the MOD WHEEL, figures cut how to turn it ON, and then expects that the
MOD WHEEL will deliver a screaming Jan Hammer-type vibrato to any and
all sound he calls up. Chanoces ate that a few sounds will react with a vibrato
when the wheel is mised, but chances are some other sounds will react very
weindly, with bubbling noises, repeated trills, or even random nonsense,
Other sounds won't react at all to the MOD WHEEL. This often precipitates a
“My DX7's Broken!” phone call to the store, to Yamaha, or worse yet, to me.
What's happening, of course, is that various sounds have been programmed
with different types of sensitivity, different LFQ wave shapes, different LFQ
speeds. You can play trial-and-error games with sounds, just trying different
controllers sending different amounts of modulation signal to different destina-
tions, and just see what happens, but it makes far more sense to simply take a
minute, put the DX7 in edit mode, and HAVE A LOOK. The data contained in
edit switches 9 through 16 will tell you everything you need to know about
modulation routings and sensitivities within that sound.
It would probably be a good idea to devote an evening to going through all the
presat sounds you have for your DX7 (ROM pressts and things you may have
bought or gotten from friends in your RAM cartridge or internal memory) and
examine each of them to see precisely what kind of modulation effects they
hive been set up for. You'll probably be very surprised at the number of ex-
pressive sounds you have already: many of them are probably already set to
deliver vibratos, tremolos, trills, bubbles, random effects, or just plain weird-
ness - if only you'd use your controflers to route modukation signal to the cor-
rect destination! Get to know what you already have in your DX7? and new
avenues of creativity will probably oper themselves up to you!

Olkay, we're ready now to check out the final LFO control, the LFO KEY
SYNC parameter, accessed by edit switch 14, As mentioned earfier, this
awitch allows you to trigger the LFO from the KEY ON flag, thereby syn-
chronizing it to the rhythms you play on the keyboard. When the LFO KEY
SYNC is OFF, the LFO ignores you, me, and the world at large, and simply
spits out its slow-moving waves, oblivious (0 the beauty and wonder of Nature
of, for that matter, atrything else. When the LFQ KEY SYNC is ON, however,
the LFQ will be “tistening” for KEY ON flags, Whenever it petveives one, it
will immediately stop spitting out its wave and will instantly return to the be-
ginning of its wawve cycle: in other words, the act of you playing a note will actu-
ally cause it to re-trigrer: (See Figure 10-38.)

This parameter, unfike (and not to be confused with) the OSC KEY SYNC pa-
rameter {sse Chapter Five) can be very useful. If you are using the LFO for
rhythmic effects (as with a SQUARE or SAW DOWN waveshape, for exam-
ple), then having the LFO KEY SYNC ON will allow vou to oontrol the

+
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KEY ON KEYON (canzcs pew
1RO wave t be regen-
craind)

Figure 10-38
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rhythms with your own keyboard technique. On the other hand, having it OFF
will force you to play to the LFO's sense of rhythm (which, unless your namne
is Charlie Watis, is probably better than yours!). Let's run an Exercise now to
try it out. For the sake of a little variety, we'll work with a square wave as our
audio source, We'll begin by setting up a very obvious volume change with a
SQUARE LFO wave, and we'll see how turning the LFO KEY SYNC ON and
OFF affects the sound:

EXERCISE 62
LFO Key Sync:

1) INITIALIZE vour DX7, leave it in algorithm #1. TURN OFF oper-
ators 3 through 6 (“110000™}, and use the system of operators 1 and 2
to GENERATE a squate wave,

% Press edit switch 4 (LFO KEY SYNC parameter), OBSERVE
that it is currently at its default value of ON, and use the “n¢” button
to turn it OFF.

3} Press edit switch 9 (LFO WAVE parameter) and use the data en-
try slider to CHANGE this to a SQUARE wave.

4) Press edit switch 13 (AMD parameter) and CHANGE this from
its default of 0 to its maximum value of 99, thereby setting up a direct
5) Press edit switch 16 {A MOD SENS. parameter) and VIEW oper-
ator 1. CHANGE the sensitivity for operator 1 only from its current
default of 0 to the maximum value of 3.

6) Play anote on the keyboard and LISTEN (AUDIC CTJE 624).
NOTE that we are hearing a periodic on-off volume change, as only
our carrier {operator 1) is reacting to the SQUARE LFO wave,

7 Play a rhythmic tune on the keyboard (AUDIO CUE 62B). NOTE
that, regardless of any syncopations or poorly timed notes you may
strike, the LFO continues inducing this on-off pattern at the same
speed and without ever changing. (See Figure 10-39,)

B) Now press edit switch 14 and turn the LFO KEY SYNC ON. Play
the same rhythmic tune (AUDIO CUE 62C) and NOTE that any syn-
copations or out-of-time notes you play have the effect of causing the

LFO to restart its SQUARE WAVE, always at the bottom of its cycle:
{See Figure 10-40.)

9) EXPERIMENT with different LFO waves and speeds and differ-
ent AMD or PMD, A MOD SENS. and P MOD SENS. settings. For
each new setting, turn the LFO KEY SYNC first OFF, then ON.
NOTE that regardless of the LFO shape, speed, or type of modula-
tion, the LFO KEY SYNC always has the effect of re-triggering the
LFO wave at the beginning of its cycle.

LFO modulation effects are like any other edit parameters - they can be modi-
fied at will, simply by putting your DX7 into edit mode, and entering in new
data. This allows us, of course, to modify any LFO settings in any preset, and
this is yet another “custoniizing” job that you should do to the sounds you use
in order to optimize them for your particular needs.

Since we have already devoted a good deal of time to examining and modifying
the "E.PIANO 1" preset, let’s take a look at what the LFO is doing for this
sound and how we can modify it:

EXERCISE 63

Modifying the LFO in E.PIANO 1:

1} Put your DX7 into play mode and call up “E.PIANO 17 either from
ROM 1A11 or ROM 3A-8.
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2) Use the edit mode select switch to put your machine in edit mode
and press edit switch 12 (PMD). OBSERVE that this vahue is 0, tell-
ing us that there is no direct pitch medulation in this sound, -

3) Press edit switch 13 (AMD) and OBSERVE that this val se is also
0, teling us that there is no direct amplitude modulation in this sound
either,

4) Press edit switch 15 (P MOD SENS.) and OBSERVE that this
currently has a value of 3 (for all operators, of course).

9) Press edit switch 16 (A MOD SENS.} and, using the operator se-
lect switch, observe that this value for each of the six opetators is set
atQ,

6) The mformation gleaned from steps 2, 3, 4, and 5 above tell us
what the LFO is intended to be daing for this sound: theve ia no am-
plitude modukition imended since hoth the AMD and the A MOD
SENS, settings are all 0. But obviously, sven though there is no direct
pitch modulation, the LFO is intended for this use, since a certain de-
gree (3) of P MOD SENS. has been pre-programnmed. With this in
miind, let's VIEW the SHAPE and SPEED of the LFO (the DELAY is
inactive, since there is no direct modulation}. Press edit switch 9 and
OBSERVE that the LFO WAVE is a SINE wave, and press edit switch
10 and OBSERVE that the LFO SPEED has been given a value of 34.
7) Because there is a certain amount of P MOD SENSitivity, we can
route our LFQ SINE WAVE, traveling at a speed of 34, to the pitch in-
puts of our cperators via any of our real-time controllers, and be confi-
dent that the intended pitch moculation will in fact occur. Use the
function mode select switch to put your DX7 in function mode, and
use the technique outlined in Exercise 57 above to make sure that all
your controllers are currently deactivated, Now press function switch
17 (WHEEL RANGE). Use the data entry slider to set this at a value
of 55 (chosen instead of 99 for a more subtle effect).

B) Press function switch 18 (WHEEL PITCH) and use the “yes” but-
ton to turn this ON.

9) Play a note on the keyboard, move the MOD WHEEL up towards
its MAXimum setting, and LISTEN (AUDIO CUE 63A). NOTE that
the use of the MOD WHEEL, or any other contraller, for that matter,
induces the pre-programmed vibrato effect,

10) Let's change this to a tremeolo effect instead. Press function
switch 18 and tun the WHEEL PITCH destination OFF, Turn the
WHEEL AMP destination ON and CHANGE the WHEEL RANGE
te the maximum setting of 99,

1) Use the edit mode select switch to retum your DX7 to edit
mode. Press switch 16 (A MOD SENS.}, and, using the opetator se-
lect swilch, CHANGE this value for operators 1, 3, and 5 {the carriers
for algorithm #5 - dou't forget that the upper left-hand comner of the
LCD is telling you this) to their maximum of 3. Leave the A MOD
SENSitivity for operators 2, 4, and 8 at their current value of 0.

12) Play a note on the keyboard, move the MOD WHEEL up to-
wards its MAXimum setting, and LISTEN (AUDIO CUE 63B). With
this one small change, we have changed the vibrato effect to a tremolo
effect.

13) But what of the vibrato? Since the P MOD SENS. control still
has a value of 3, surely we can use the LFO for that as well! The most
common use of the real-time controllers is to set up different ones to
route modulation signal to different destinations. Press function switch
29 (AFTER RANGE) and set a value of 55. Then press function
switch 30 (AFTER PITCH) and turn it ON. Now the MOD WHEEL
will control the remolo depth and the keyboard AFTERTOUCH will
control the vibrato depth! Try it!! (AUDIO CUE 630C).

14} EXPERIMENT with other presets. Begin by exarmining their
PMD and AMD values to find out if an LFO modulation is an intrinsic
part of the sound. If not, examine their P MOD SENS. and A MOD
SENS. settings to see if there is an intended controller modulation, 1f
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80, set up one (or more) of your controllers to deliver the LFO signal
to the appropriate destination. Then CHANGE various parameters,
inchiding the LFO WAVE shape, the LFO SPEED, and the RANGE
and SENSitivity controls in order to modify these sounds in intarest-
Ing ways.

In summary, the LFO is a powerful tool that allows us to make a periodic
change to the volume, pitch, or timbre of any sound we create or call up on
owr DX7. Depending upon the LFO shape, its speed, and its destination, we
can set up & wide variety of different effects - but these affects will always e
peat throughout the duration of the sound. The LFO signal can be routed
directly, so that its effect becomes an mtrinsic part of the sound itse¥, or it can
be routed theough any of our real-time controllers, allowing the user exprea-
siveness. All in all, it's amazing what a slow-maving digital oscillator can do!

SWITCHES AND CONTROLS COVERED IN CHAPTER TEN:

SWITCH PARAMETER COMMENTS
Edit 9 LFO Wave Select from one of
six preset shapes.
Edit 10 LFO Speed Range © - 99
0 = slowest speed;
09 = fastest speed.
Edit 11 LFO Delay Range (- 99
0 = minimum delay;
99 = maximum delay.
Edit 12 PMD Direct pitch
modulation depth.
Edit 13 AMD Direct amplitude
maodulation depth.
Edit 14 L¥O key sync "On" or "Off";
LFO triggered from
keyboard if ON.
Edit 15 Pitch modulation Non-operator-specific;
sensitivity Range 0 - 7.
Edit 16 Amplitude modulation Operator-specific
sensitivity Range 0 - 3.
Function 17 Mod wheel range Range 0 - 99.
Function 18 Mod wheel "On" or "Off".
pitch destination
Function 19 Mod wheel "On" or "Off".
amp destination
Function 21 Foot controller range Range 0 - 99.
Function 22 Foot controller “On" or "Off".
pitch destination
Function 23 Foot controller "On'" or "Off",
amp destination
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Function 25
Punction 26

Function 27

Punction; 29

Function 30

Function 31

Breath controller range

Breath controller
pitch destination

Breath controller
amp destination

After-touch range

After-touch
pitch destination

After-touch
amp destination

Range 0- 99,

. "Dnll Or 'I'Iof'F!l

"On" or "Off".

Range 0 - 99,

1f&1“ 01' l'loﬁ"'

"0’1“ m."offll'



CHAPTER ELEVEN: EG BIAS

MODULATION AND

KEYBOARD VELOCITY

SENSITIVITY

EG BIAS MODULATION

The DX7 has provision for four real-fime controiless: the modulation wheel,
the foot controller, the breath comivotier, and the keyboard after-touch. Each of

(pitch modwlation ) and routing LFQ signal to the ampiifiers of our six opers-
tors (@mphitude modilation ). There is a third type of controlled modulation,
however, called EG bias modulation. This type of modulation has nothing
whatsoever to do with the LFQ, even though its associated operator-specific
sensitivity control “shares” one of the LFOQ edit switches.

In order to explain EG bias modulation, let’s first retizn to our diagram of an
operatar: (See Figure 11-1.)

The oscillator initiates our audible signal and then passes this signal on to the
amplifier, which will shape its amplitude according to the instructions
received by the EG. The EG, of course, receives its mstructions fram us,
via the EG datz input. Finally, after the amplifier processes it acenrding to the
EG commands, the signal exits the operator as an output. The purpose of
EG bias modulation is to control, in real time, the following signal flow: (See
Figure 11-2,)

This becomes particularly useful when you realize that the amount of out-
put is always proportional to the amount of EG control signal
received by the amplifier. Taking this a step further, we can see that if an
operator's ampiifier receives no signal from its EG, then it won't pass any sig-
nal at alt - hence no output. {(See Figure 11-3.)

EG bias modulation, then, allows us to DIRECTLY CONTROL, IN REAL
TIME, THE QUTPUT OF PARTICULAR OPERATORS. Cardinal Rules One
and Two tell us that this will allow us direct, real-time control of either vol-
ume or timbre *, or both, depending upon whether we are affecting carriers
ot modulators. The only question remaining now is, how do we determine
which of our operators will be sensitive to this type of modulation?

The answer, unfortunately, is not an obvious one. I'd love to be able to tell you
that there is a switch on your DX7 labeled “EG Bias Sensitivity” but a quick
look at your front panel wili tell you that this switch simply doesn't exist. For
reasons that we can only guess at, Yamaha does not provide us with such a
dedicated switch - instead, the cperator-specific EG Bias Sensitivity is deter-
mined by the operator-specific Amplitude Modulation Sensitivity control - edit
switch 16. In other words, whichever operators are made sensitive for ampli-
tude modulation will atso automatically be sensitive for this EG bias
modulation.

How do we determine how much effect our real-time controlier has on the
EG-to-amplifier signal low? The depth of our modulation is determined by

* Direct, real-time control of pitch js possible on the DX7 by the use of the
Drtch-bend whee!. See Chapter 13 for a detailed description of this device.
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the controller range switch; that is, function switches 17, 21, 25, and 29, As be-
fore, we have complete freedom to decide which real-time controller we wish
to use for this modulation eéffect. So, the “pateh” for setting up an EG bias
modulation on your DX7 is as follows:

1) Becide which operators you wish to have sensitive for EG bias
modulation, and make them sensitive by pressing edit switch 16 and
assigning values greater than 0 jor those particular operators (in most
cases, you will prohably want to assign the maximum value of 3 and
then use the associated controller range control for fine-tuning the
depth).

2) Decide which comtroller you wish to use for EG bias modulation,
and use the appropriate range control to determine how much sffect
that controller will have on the signal flow. If, for example, you wish
the Mod Wheel to have maximum effect, you would set the Mod
Wheel's RANGE switch (function switch 17) to a value of 99.

3) Tell the DX7's microprocessor that vou wish to use that particular
contmoller for EX3 bias modulation by turning the EG BIAS destina-
ticn switch (function switch 20, 24, 28, or 32) ON. If you'd like the
Mod Wheel, for example, to be routing EG bias modulation signal
only, then be sure and turn its other two destinations (WHEEL
PITCH and WHEEL AMP - function switches 18 and 19) OFF.,

Bear in mind that even when using EG bias modulation to control the EG-to-
amp sigmal flow, the EG is still cycling normally in response to KEY ON and
KEY OFF flags. In other words, even if you are completely attenuating the EG
bias so that the operator amplifier is totally shut down, the EG 1s still going
through whatever movements you programmed in, regardless. It doesn't
imow, nor does it care, that the amplifier is not receiving its instructions.
Therefore, if you try applying EG bias modulation to a carrier with a short,
percussive eovelope, for example, its envelope may already be at 0 level by the
time you get around to routing the signal viz a real-time controller, This is
sotnething to be aware of when using this control.

Let’s run an exercise now to try out EG bias moduiation, as applied to 2 car-
rier in a single-svstem sound:

EXERCISE 64
EG bias modulation applied to a carrier:

1} INITIALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 (“110000"), and, using the system of operators 1 and
2, GENERATE a sawtocth wave.

2) Press edit switch 16 (4 MOD SENS. parameter) and use the
operator select switch to VIEW operator 1. CHANGE this value from
itz default of 0 to a new valie of 3 for operator 1 only. Remember that
by doing so, we are not only making operator 1 sensitive to amplitude
modulation, but we are alse making it sensitive o EG bias
modulation.

3} Press the function mode select switch to put your DX7 into func-
tion mode. Using the procedure outlined in Exercise 57 (Chapter 10),
make sura none of your real-time controllers is curtently activated.

4) Press function switch 17 (WHEEL RANGE parameter) and enter
avalue of 99. Press function switch 20 (WHEEL EG BIAS destination
switch) and set it to ON. We have now “instructed” our DX7 that we
wish to use the MOD WHEEL to completely control the EG-to-AMP
signal flow for operator 1. Because in algorithm #1, operator 1 is g car-
rier, we can expect to hear a volume change. Specifically, we can ex-
pect the MOD WHEEL to completely control the volume of our
sound, since operator 1 is the only carrier we are currently uaing.

5) Put the MOD WHEEL at its MIN position, play a note on the
keyboard and LISTEN. Depending on the current calibration of your

machine, you may be hearing no sound at all, or you may be hearing a
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slight amount of “bleed-through” (see Exercise 57, Chapter 10, for an
explanation of this phenomenaon). Now slowly raise the MOD
WHEEL up to its MAX position, HOLDing DOWN a note arid
LISTENing as you do so (AUDIO CUE 64A). NOTE that the MOD
WHEEL is currently acting as a volume control,

6 Because the RANGE of the MOD WHEEL is currently at a value
of 99, we currently have complete control of the volume o, the sound -
from the maximum set cutput level of 99 down to the minimum of 0
(or, depending on the amount of blead-through, near 0). Inputting a
lesser RANGE value will give us less comnplete control over the qay-
namic range. Press function switch 17 (WHEEL RANGE parameter)
and enter a new value of 65. Put the MOD WHEEL back to its MIN
position, play a note and LISTEN (AUDICO CUE 64B). NOTE that,
instead of hearing little or no volume, we are now hearing about half-
volume. This is because the cutput level of operator 1 is now cur-
rently at about 65% of 99, Slowly raise the MOD WHEEL back upto
its MAX position, HOLDing DOWN a note and LISTENing as you do
30 (AUDIO CUE 64C). NOTE that the volume still returns to its
previous maximum set output level of 9. As with our other output
level controls (i.e. the EGs or the LFQ), IN NO EVENT CAN THE
EG BIAS MODULATTON INCREASE AN OPERATOR'S OUTPUT
LEVEL BEYOND ITS MAXIMUM SET LEVEL (as determined by
edit switch 27).

7 As with LFO modulations, whatever effect we can accomplish
with one real-time controller, we can do with any other. CHANGE the
MOD WHEEL RANGE control {function switch 17) back to 0, and
turn the WHEEL EG BIAS destination control (function switch 20
OFF. Press function switch 20 (AFTER RANGE) and set it to a value
of 99, and press function switch 32 (AFTER EG BIAS destination)
and turn it ON. Now press a note lightly on the keyboard and LIS-
TEN. Again, you should be hearing little or no sound. Slowly increase
your key pressure up to maximum (dor't go crazy®) and NOTE that
the volume swells proportionatly. In this usage, your actual finger
pressure is acting as a volume control!

8} If you have the FOOT CONTROLLER or BREATH CON-
TROLLER, EXPERIMENT by using them for EG bias modutation
with the same sensitivity setting (for operator 1 only}. NOTE that
each has precisely the same effect. Wind players particularly will ap-
preciate this usage of the breath controller to directly control the vol-
ume of our sound via wind pressure - the harder you blow, the louder
it gets!

What if, however, we apply this EG bias modulation to our modulator in-
stead? This will allow us o set vp a real-time timbral control, of course, since
altering the output level of a modulator atways initiates a quantitative timbral
change! Let's run an exercise to try it;

EXERCISE 65
EG bias modulation applied to a modulator:

1) INITIALIZE your DX7, leave it it algorithm #1, TURN OFF oper-
ators 3 through 6 (“110000™), and, using the system of operators 1 and
2, GENERATE a sawtooth wave.
Z) Press edit switch 16 (4 MOD SENS, parameter) and use the
operator select switch to VIEW operator 2. CHANGE this vahie from
ﬂsdﬂltntﬂtoanewvalueofomopmtorEmﬂy.Rmnemherﬂmt
bydoingmwearenotoﬂymkhguperaturZsensiﬁmtuampﬁtuﬂe
ion, we are also making it sensitive to EG bias modulation.
3) Press the function mode select switch to put your DX7 into func-
ﬁnnnmde.ﬁgain.ushgﬂmpmcedmeouﬂinedhEmﬂmS?(Clmp-
terlﬂ).nmkesmemneofyaurreal-ﬁmecon&oﬂersismrrenﬂy
activated,
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4) Press function switch 17 (WHEEL RANGE parameter) and enter
a value of 99. Press function switch 20 (WHEEL EG BIAS destmation
switch) and set it to ON, We have now “instructaed” our DX7 that we
wish 0 use the MOD WHEEL to completely control the EG-to-
AMP signal flow for operator 2. Because in algorithm #1, operator 2is
a modulator, we can expect to bear a timbra) change. Specifically, we
can expect the MOD WHEEL to completely control the overtone
content of our sound, since operator 2 is the only modulator we are
currently using

5) PuttheMOD WHEEL at its MIN position, play a note on the
keyboard and LISTEN (AUDIQ CUE 65A). NOTE that you are cur-
rently hearing only a sine wave, even though operator 2is ON, and
has an QUTPUT LEVEL of 95! This is because the MOD WHEEL is
completely controlling its EG-to-AMP sighal flow, and hence its output
level’ Because the MOD WHEEL is currently at its MIN position,
there is currently no output signal leaving operator 2 at all:(See Fig-
ure 11-4.)

MOD
DATA

EG DATA

THLS SIGNAL FLOW IS
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UNDER DIRECT CONTROL A
OF THE MODULATION WHEEL

PITCH
TO
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_ﬂ"’
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para [OF 1] ES
EGDATA
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Figurell-4

B) Now slowiy raise the MOD WHEEL up to its MAX position,
HOLDing DOWN a note and LISTENing as you do sa (AUDIQ CUE
63B). NOTE that the MOD WHEEL is currently acting as a timbral
contml, and that raising it tewards its MAX position has the effect of
increasing the relative amplitude of the overtones you hear - there-
fore, it is a quantitative timbral control. NOTE also that only at its
MAX position do we actually hear the sawtooth wave we originally
generated.

7y Because the RANGE of the MOD WHEEL is currently at a value
of 99, we currently have complete control of the overtone content of
the sound - from the maximum set output level of 99 (which gives us a
sawtooth wave) down to the minirmum of O (which gives us a pure sine
wave, since thete is no modulation data input to our carrier). Inputting
a lesser RANGE value will give us less complete control over the
overtone content. Press function switch 17 (WHEEL RANGE param-
eter) and enter a new vatue of 65. Put the MOD WHEEL back to its
MIN position, play a note and LISTEN {AUDIO CUE 65C). NOTE
that, instead of hearing a pure sine wave, we are now hearing a gentle
tirnbre with few overtones; This is because the output level of opera-
tor 2 is now currently at approximately 65% of 99. Slowly raise the
MOD WHEEL back up to its MAX position, HOLDing DOWN a note
and LISTENing as you do so {AUDIO CUE 65D), NOTE that the
timbre still returns to its previous maximum set output level of 99, still
giving us a sawtooth wave at the MAX setting. Again, IN NO EVENT
CAN THE EG BIAS MODULATION INCREASE AN OPERATOR'S
OUTPUT LEVEL BEYOND ITS MAXIMUM SET LEVEL (as de-
termined by edit switch 27},
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8 As with LFO modulations, whatever effect we can accomplish
with one real-time controller, we can do with any other. CHANGE the
MOD WHEEL RANGE control {function switch 17) back to 0, and
turn the WHEEL EG BIAS destination control (function switch 20)
OFF. Press function switch 29 (AFTER RANGE) and set it to a value
of 99, and press function switch 32 (AFTER EG BIAS destination)
and turn it ON. Now press a note lightly on the keyboard and LIS~
TEN. Again, you should be hearing a pure sine wave. Slowly increase
your key pressure up to maximum and NOTE that the overtone con-
tent increases proportionally. In this usage, your actual finger pres-
sure is acting as a quantitafive timbral control’

8) If you have the FOOT CONTROLLER or BREATH CON-
TROLLER, EXPERIMENT by using them for EG bias modulation
with the same sensitivity setting {operator 2 only). NOTE that each
has precisely the same effect. Wind players will also appreciate this
usage of the breath controller to directly control the brightness of our
sound via wind pressure - the harder you blow, the brighter it gets!
10) Because EG bias modulation is operator-specific, we can use it to
affect volume and timbre, in differing degrees, if we so desire. Put
your DX7 back inte edit mode, press edit switch 16 (A MOD

SENS, parameter) and enter a value of 3 for both operator 1 and
operator 2, Now return to function mode, and use one of your real-
time controllers to route this EG bias modulation signal. As you
change the real-time controller from its MIN to MAX position {either
by raising the MOD WHEEL, stepping on the FOOT CON-
TROCLLER, blowing harder into the BREATH CONTROLLER, or
pressing down harder on the keyboard (AFTER-TOUCH}, HOLD a
note DOWN and LISTEN (AUDIO CUE 65E). NOTE that your con-
troller is niow acting as a volume and quantitative timbral control!

11) EXPERIMENT further by using different A MOD SENS. (EG
BIAS SENS.) values for operators 1 and 2. NOTE that this allows
you to CHANGE the wolume of a sound & great deal, while only caus-
ing a slight timbral change, or vice-versa. EXPERIMENT also by us-
ing EG bias modvlation with single timbres other than a simple saw-
tooth wave,

So far, so good. However, the imitations of having two different modulation
sensitivities sharing the same switch (edit switch 16) should be apparent. For
one thing, you won't be able te have some operators underngoing amplitide
modulation, and different ones undergoing EG bias modulation. However, we
can have different controllers routing each of the two different signals, and
this can allow for some elegant and complex expressiveness as we play this in-
strument. The exercise below demonstrates how we can set this up:

EXERCISE 68
Dual modulations:

1} INITIALIZE your DX7, leave it in algotithm #1, TURN OFF aper-
ators 3 through & (“110000"), and, using the system of operators 1 and
2, GENERATE, a square wave,

2) Press edit gwitch 16 (A MOD SENS. parameter) and VIEW
operator 1, CHANGE this from its defanit of ¢ to the maximom value
of 3 for operator 1 only. Operator 1 is now sensitive for both ampli-
tude modulation and EG bias modulation.

3) Put your DX7 into function mode. Using the procedure outlined in
Exercise 57 (Chapter 10), make sure none of your real-time con-
trollers is currently active,

4) Press function switch 17 (WHEEL RANGE) and enter a value of
99, Press function switch 19 (WHEEL AMP) and turn it ON. Press
function switch 29 (AFTER RANGE) and enter a value of 99. Press
function switch 32 (AFTER EG BIAS) and turn it ON.
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5) Putthe MOD WHEEL at its MIN position, play a note lightly on
the keyboard and LISTEN. NOTE that you are currently hearing little
or no scund. Press down the key with steadily increasing pressure
and LISTEN. NOTE that the volume slowly increases proportionally
to your finger pressure, This is cccurring because the AFTER
TOUCH is currently controlling the EG-to-AMP signal for operator 1
to the maximum degree.
6) The MOD WHEEL, on the other hand, is not controlling this sig-
nal flow but is instead routing LFO signal (curvently a default TRIAN-
GLE wave at the default speed of 35) to the amplifiers of all six opera-
tors. At this moment, however, only operator 1 is sensitive to this
signa! and so we will hear a periodic volume change, a fremalo effect,
when we raise the MOD WHEEL. Hold a note dovm with half-
pressure, slowly raise the MOD WHEEL towards its MAX position,
then slowly increase your finger pressure, and LISTEN (AUDIO
CUE 664). NOTE that the MOD WHEEL determines the depth of
the tremolo, while the AFTERTTOUCH datermines the strength of
the overzll volume!
7+ I vou have the BREATH CONTROLLER or FOOT CON-
TROLLER, EXPERIMENT by using either of them instead of the
MOD WHEEL or AFTER TOUCH to route either EG bias or ampli-
tude modulation. EXPERIMENT further by setting up some pitch
modulation sensitivity with edit switch 15, and using a real-time con-
troller to route LFO signal to the PITCH inputs of your operators as
well. In this manner, you can actually set up triple modulation ef-
fects! The limitations are, firstly, that we only have the one LF(, so
we can only use one waveshape and speed at a time; and secondly,
that we cannot have some operators respond to amplitude modulation
and different ones respond to EG bias modulation. We can, however,
use any of our controllers to route any or all of these moedulation
signals.
Up until now, we have only applied E(: bias modulation {o simple timbres; that
is, sounds created with a single modulator-carrier system. The importance of
this particular modulation becomes more apparent when we work with either
multi-system sounds, or multi-modulator systems. For example, some of you
nay still be wondering about the potential use of a single-carrier algorithm like
algorithin #16: {See Figure 11-5.)

By using EG bias modulation, we can, for example, create a sound with al-
gorithm #16 where the upper modukators (operators 4 and 6) don't ever con-
tribute to the sound at all unless a real-time controller moutes their signal:
{See Figure 11-6.)
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or where, perhaps an entire siack (like operators 5 and 6) makes no conttibu-

—
tion unless routed via a controller: {See Figure 11-7.) mﬂ @g
Try setting up these two possibilities on your DX7, and it should become ap- ¥ 3
parent that this tool, plus the actions of the EGs (which allow operators to N e # pDaTA |
“fade in” and “fade out"} make the potential applicatiens for singie-carrer al- A | s
gorithms such as these more obvioys. EONTACU T B} NIATn CoemoLE
An even more interesting application for EG bias modulation, however, is /

selective use with one or more carviers in a multi-carrier algorithm (which, 3 3 5

of course, is everything except algorithms #16, 17, and 18). One preset sound .

which is a particularly good candidate for this type of treatment is “PIPES 1", \ I /
found on ROM 1A48, or 34-10. Let's run an exercise to examine this sound 1

and then modify it with EG bias modulation:

EXERCISE 67

Figure11-6
Adding EG bias modulation to “PIPES 17

1} Put your DX7 into cartridge play mode, and select either ROM 1A-
15 or ROM 3A-10 - “PIPES 1”. Play a key on the keyboard to confirm
that this preset is now in your edit buffer (AUDIO CUE 674). NOTE

—
b
that this sound apparently consists of two distinct pitches, tuned l__
several octaves apart. Eﬂ
F

2) Use the edit mode select switch to put your DX7 into edit made.

4
OBSERVE that algorithm #19 was used to create this sound: {See [ oy WU
Figure 11-8.) z 3 AP e
I
1

This algorithum contains two systems: the stack of operators 1, 2, and

3; and the dual-carrier, single-modulater system of operators 4, 5, and
6.

3) TURN OFF operators 4, 5, and 6 (“111000™) in order to hear the
first system alone. Play a key and LISTEN (AUDIO CUE 67B).
NOTE that this system is providing the lower of the two perceived
pitches, Now TURN ON operators 4, 5, and 6, and TURN OFF oper-
ators 1, 2, and 3 (“000111"} in order to hear the contribution of the ALG#19
second system. Play a key and LISTEN (AUDIOQ CUE 67C). NOTE
that this system is providing the higher of the two perceived pitches. 3
TURN ON operators 1, 2, and 3 (“111111”) and press edit switch 18 (F
COARSE parameter) in order to VIEW the following frequency ratios:
{See Figure 11-9))

confirming our perceptions of the pitch contributions of each system A
to the overall sound.
4) We'll begin our modification of this sound by using the MOD 1 4 3
WHEEL to control the volume of the lower of the two pitches - effec- T ]
tively making it capable of bringing in and out half of our total sound.

Press edit switch 13 (AMD) and OBSERVE that since the value is
currently 0, amplitude modulation is not an intrinsic part of this sound. -
This is an important thing to note since the EG bias sensitivity is de- Figure11.8
termined by the amplitude modulation sensitivity control (edit switch .
16) and we dot’t want ta alter the actual character of the sound. Now T 5 |

press edit switch 16 (A MOD SENS. parameter) and NOTE that the FR)-
value for this is currently 0 for all operators. Since we have decided to | P \
Pt the lower pitch on the MOD WHEEL and we have determined in |

step 3 abowe that it is the system of opexators 1, 2, and 3 that is creat- 2 .
ing this part of the sound, it should be apparent that it is aperztor 1 e | By
only - our carrier - that we wish to make sensitive for EG bias modu- I T
kation: (See Figure 11-10.)

Figure11.7
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5) CHANGE the A MOD SENS. value for operator 1 only to its
maximum value of 3. Press the function mode select switch to put
your DX7 into function mode, Using the procedure outlined in Exer-
cise 57, be sure that none of your real-time controllers is currently ac-
tivated. Press function switch 17 (WHEEL RANGE) and enter a value
of 99. Press function switch 20 (WHEEL EG BIAS) and tum this des-
tination ON.

6) Put the MOD WHEEL at its MIN setting, play a key and LISTEN
(AUDIC CUE 670). NOTE that you are now only hearing the higher
pitch, even though all six operators are currently ON. That's because
the MCD WHEEL is currently controliing the EG-to-AMP signal flow
in operator 1, effectively controlling the averall volume of this entire
syatem. Because the other carmiers - operators 4 and 5 - are not cur-
rently sensitive for EG bias modulation, they are unaffected by the ac-
tions of the MOD WHEEL and send their outputs to the DAC
regardless.

7) Slowly raise the MOD WHEEL to its MAX position, while
HOLDing DOWN a key and LISTENing (AUDIO CUE 67E). NOTE
that the MOD WHEEL is now compietely controlling the volume of
the lower pitch in this sound.

8) Deactivate the MOD WHEEL by turning the E( bias destination
switch OFF and setting the WHEEL RANGE back to 0. Play a key
and NOTE that we are once again hearing the entire unaffected
sound. Return your DX7 to edit mode and CHANGE the A MOD
SENS. value for operator 1 back to 0. Now we'll try the opposite
modification - controling the volume of the higher of the two pitches,
this timme with the AFTER-TOUCH control:

9} Because we have determined that it is the system of operators 4,
5, and 6 that are contributing the higher of the two pitches, it is opera-
tors 4 and & (the carriers) that we wish to make sensitive for EG bias
modulation: (See Figure 11-11.)

Press edit switch 16 and CHANGE the A MOD SENS. value for
operators 4 and 5 to the maximum of 3. Put your DX7 into function
mode, and set the AFTER RANGE (function switch 29} to a value of
99, Turn the AFTER EG BIAS degtination (function switch 32) ON.
Play a key pently on the keyboard and LISTEN (AUDICQ CUE 67F).
NOTE that we now only hear the lower of the two pitches, since the
output from carriers 4 and 5 (which are providing the higher pitch) is
being directly controlled by your finger pressure.

10) Slowly increase your pressure on the key until it reaches maxi-
mur force, HOLDing DOWN a key and LISTENmg as you do 50
{AUDIO CUE 67G). NOTE that as you increase your keyboard pres-
sure, the wolume of the higher note increases proportionally as well.
11} EXPERIMENT by finding other presets whose total sound is
composed of two or more significantly different systems, and apply
EG bias modulation to each system in turn. Use different real-time
controllers with different degrees of depth (RANGE switches) in or-
der to become totally familiar with this powerful technique.



EG Bias Modulation and Keyboard Velocity Sensitivity / 177

The reason we didn't apply the EG bias modulation 1o any of the modulators
in the above exercise was, of course, because we were not looking to make
any kind of timbral change to our sound. Dou't forget, however, that EG bias
modulation can and often will be applied to modulators as well as carriers.
Bear in mind also that, just as with pitch or amplitude modulation, if yout plan
on using E(r bias modulation in a sound, vou will have to set it up in advance in
edit mode by using the A MOD SENS, parameter (edit switch 16). There are,
for example, several Yamaha presets: ROM 2A-5 and 3417 (“SAX BC™):
ROM 2A-19 (“HRMNCA2 BC"); and ROM 3A-24 ("VOICES BC™, that have
all been pre-programmed for EG bias modulation, The “BC” in the name is
meant as a suggestion that you use the breath controller to route this modula-
ton, but, of course, you ¢an in fact use any of the four real-time controllers.
These are all sounds which have been given expressive controls - they will all
get realistically louder and/or brighter when you use the routing controller to
increase the EG bias signat flow. The point is that you yourself can add this ex-
pressiveness to any sound you create,

One further point needs to be made before we leave this subject. The real-
time controller parameters are all function mode controls, Therefore, if you
leave one of your real-time controllers ON for the EG bias modulation destina-
tion, it will stay ON for any sound you call up into your edit buffer in future.
This can be problematic if you call a sound up where one or more of its apera-
tors has a certain amount of A MOD SENSitivity, particularly if that controller
is resting in its MIN position. In this instance, what you will be doing is actu-
ally shutting down a part of the total seund, and you may not even realize it!

Call up the “TRAIN" preset (ROM 1A-31 or ROM 3A-30). Play several notes
on the keyboard and NOTE that the upper half of the kevboard provides a
bell-like sound, while the lower half provides a whistle (the answer to this par-
ticular mystery will be found in the very next Chapter, via a control calleg
KEYBOARD LEVEL SCALING), while a constant choo-choo locomotive
sound is heard no matter what note you play, The constant choo-choo is 2 re-
sult of - you guessed it (I hope!) - an L4 the samie as 1.3 in the choo-choo car-
rier's EG. But the sound itself is a result of a periodic amgplitude change, so
not only is the LFO at work (since that's the only device that can issue 2 peri-
odic change - if you don't believe me, try lowering the LFO SPEED and listen
to the train slow down and pull into the station!) but we also know that that
particular operator is sensitive for amplitude modulation. Call up a different
preset for 2 moment. Now put your DX7 into function mode, and turn ON the
MOD WHEEL's EG BIAS destination (function switch 20) and set the
WHEEL RANGE (function switch 17} to 99, Put the MOD WHEEL at its
MIN position, and go back to the “TRAIN™ preset, The bell's stil! there, the
whistle's still there, but where has our choo-choo gone? (sounds like a great
album title, don't you think?)

Obvicusly, whichever carrier was responsible for rmaking that part of the
sound* now has its EG-to-AMP signal in the “hands” of the MOD WHEEL. If
you raise the WHEEL up to its MAX position, you'll - 1o and behold - hear the
choo-choo return, This may be an unusually silly example, but the point is
this;: DON'T LEAVE YOUR CONTROLLERS ON FOR THE EG BIAS DES-
TINATION. EVER. UNLESS YOU ENJOY GRIEF. Because what will invari-
ably happen someday is you'll call up a sound and it won't come back the way
you remembered it to be. After a call to the store, a call to Yamaha, a call to
me (please, no!}, and perhaps even an embarrassing trip to the Authorized
Service Center, you will realize that your DX7 is not “brokern”: you've just for-
gotten to fum a controller OFF for the EG BIAS destination.

* If you're a good student and/or naturally inquisitive, you can of course put
your DX7 into edit mode and find out which carrier it is. A quick glance at the
algorithn being used - #5 - should tell you that it must be operator 5. Why?
Because the choo-choo is a white soise sound, and operator 6 - operator 5's
modulator - is the only operator in this algorithm with the feedback loop!
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These problems would disappear if the function controls were volce-linked
and not global. But as of this writing, on the DX7 {as opposed to later Yamaha
digital FM synthesizers) they are not. Until Yamaha cornes through with the
T.P1I. (Theoretical Promised Update) - BE AWARE!

KEYBOARD VELOCITY SENSITIVITY

As mentioned in the last chapter, after-touch is only one of two keyboard sen-
Key Is sitivities on the DX7, the other being velocity sensifivily. Here the term “veloc-
e . Full ity” refers to speed, but not horizontal speed. In other words, the keyboard
KGY_ 1311 Resting De y sed velocity sensitivity has nothing to do with how quickly you play your Keith
Position pres Emerson licks (God, am I showing my age!) but instead is responsive to verti-
cal speed: how quickly each key travels from its resting position down to the
fully deprassed position: (See Figure 11-12.)

Figure 11-12 Undemeath each key of the DX7 keyboard is a timing mechanism, actually a
computer clock which “coants” how mmany clock palses it took that particular
key to drop all the way down. If the key drops very slowly, it will count many
of these pulses and our microprocessor will inversely generate a very amall
number. If it drops rapidly, far fewer pulses are counted, and an inversely
large number will be generated: (See Figure 11-13.)

KEY
DRDPS DROPS
SLOWLY QUICKLY

1, 2, 3 4,5,6,7,8,9 10....... 1,2,3,4,5,6,7,8 9,10 ...

Figure 11.13

This timing mechanism, remember, is independent for each key, making key-
board velocity sensitivity a pelyphonic control. If you play a chord, for exam-
ple, but depress each of the individual notes at slightly different speads, each
of the associated keys will generate a different velocity number,

The cbvions question now is, what on earth is done with that number? The
answer is simple - it is applied to each of our six operators' OUTPUT LEVEL.
This is very important, so I'll repeat it:

KEYBOARD VELOCITY SENSITIVITY IS AN OUT-
PUT LEVEL CONTROL.

Applied to all six operators, did he say? Does this make it a non-operator-
specific control? Not at all, because, as with amplitude modulation, we can set
KEY VELOCITY each operator individually to a different sensitivity to this control. This will, of
SENSITIVITY course, allow us to control the volume and/or the timbre of any sound or por-

- tion of a sound. The keyboard velocity sensitivity switch is edit switch 28;
78 r (See Figure 11-14.)

and the range of this operator-specific switch is 0 to 7. ( represents no sensi-
tivity, and any operator given a velacity sensitivity of O will simply ignore the
EG BlAS velocity number being sent it by the key timing mechanism. A value of 7
represents maximum velocity sensitivity, and an operator assigned a value of
7 will have the full range of its maximum set output level (a5 determined by
edit switch 27) controlled by the speed of the key depressions. The in-
between sensitivity vaiues (1 through 6) simply allow different shadings of

Figure 11-14
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sensitivity to this control. As with the EG, LFQ, and EG bizs modulation con-
trols, KEYBOARD VELOCITY SENSITIVITY CANNOT EVER INCREASE
AN OPERATOR’S OUTPUT LEVEL BEYOND THE VALUE SET WITH
EDIT SWITCH 27. Upon initialization, the default for this parameter is 0 (no
sensitivity) for all six operators.

Often, people think of this velocity sensitivity as something which measures
how bard you strike the key, and in the interests of extending the life of your
keyboard, you should avoid this erroneous assumption. Logically, the harder
you strike a key, the faster the key will drop, but this control is not measuring
how hard the key is struck at ali. With a little practice, you should he able to
refine your keyboard technique so that you can depress specific notes quickly
without slamming your hand down on the aching keyboard! The two keyboard
sensitivities - after-touch and velocity - have been as much a curse as a bless-
ing to certain DX7 owiers who have ended up spending many unhappy hours
in the Jobby of their Authorized Service Center waiting for brokes keys to be
replaced. While the keyboard is generally robust, it can succumb to over-
enthusiasm! Learn to use these keyboard sensitivities without going nuts, and
yo'll spare yourself unnecessary headaches. ..

Okay, with that Stern Admonishment out of the way (cla-a-a-gsl), let’s run an
exercise to try it out:

EXERCISE 68
Keyboard velocity sensitivity:

1) INITIALIZE your DX7, leave it in algorithm #1, TURN OFF oper-
ators 3 through 6 (“110000") and, using the system of operators 1 and
2, GENERATE a sawtooth wave. Play a key on the keyboard and LIS-
TEN (AUDIO CUE 68A). NOTE the current volume of the sound.

2) VIEW aperator 1 and press edit switch 28 (VELOCITY SENSI-
TIVITY parameter). OBSERVE that it is currently at its default of 0,
CHANGE this to the maximum vahue of 7 for operator 1 only.

3) Phy a key on the keyboard, but depress the key as slowly as
possible. LISTEN (AUDIO CUE 68B). NOTE that, because opera-
tor 1 in this system is a carrier, we hear little or no vohime {again, if
you are hearing a little bleed-through, not to worry. See Exercise 57,
Chapter 10, for more details.). Now play the same note, with a
quicker attack; attempt {0 get the key depressed as quickly as pOSsi-
ble without mashing it down neanderthal-style. LISTEN (AUDIO
CUE 68C). NOTE that we now hear the sawtooth wave at its orignal,
full volurne,

4) Tty playing the key at varying speeds and NOTE the many differ-
ent vohuves available to us with the maximum sensitivity vaiue of 7
(AUDIO CUE 68D). This is becanse the maximum sensitivity setting
gives us control over the full dynamic range, from an operator 1 out-
put level of & (note struck at slowest speed) to the current maximum
set output level of 99 (note struck at fastest speed).

5) Remember that VELOCITY SENSITIVITY is a polyphonic ef-
fect. Try striking the lowest key df the keyboard as slowly as pessible
and simultaneously striking the highest key as quickly as possible (f
you're fairly uncoordinated, or your name is Jerry Ford, you rmight
want to have 2 friend help you do this). You should now be hearing the
high note only. Try repeating this in reverse, striking the highest key
as slowly as possible and the lowest as quickly as possible. The re-
verse now cccurs and you should now be hearing the low note only.
6) CHANGE the VELOCITY SENSITIVITY for operator 1 only to a
new value of 4. Again, play a key on the keyboard as slowly as possi-
ble and IISTEN (AUDIO CUE 68E). NOTE that, this time, we do
hear some volume, but at a greatly reduced level. That's because VE-
LOCITY SENSITIVITY, like KEYBOARD RATE SCALING (see
Chapter Nine), is a negative sensitivity control: (See Figure
11-15)
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7} Now play the same key as quickly as possible and LISTEN (AU-
DIO CUE 68F). NOTE that, as before, we hear the note at its origi-
nal, full volume.

8) Once again, play the key at varying speeds and LISTEN (AUDIO
CUE 68G). NOTE that, while we still hear many different volumes,
we don't have the full dynamic range at our disposal because the VE-
LOCITY SENSITIVITY is only at about haif. This means that we are
hearing between half-wolime and full volume only. In all instances,
however, this is a volume control, which will always result in higher
volumes with faster key depressions. There is no way to invert this
effect on the DX7? (in other words, you can't ever get softer volumes
by pressmg the key harder, or vice versa).

9) Restore operator 1's VELOCITY SENSITIVITY value back to 0
and VIEW operator 2. CHANGE this value from its current default of
0 to the maximum value of 7. Play z key on the keyboard as slowly as
possible and LISTEN (AUDIO CUE 68H). NOTE that we are now
hearing a simple sine wave only. This is because the OUTPUT
LEVEL of operator 2 {the modutator in this system) is under the full
control of the velocity timing mechanism. Becauvse you depressed the
key as slowly as possible, the timing mechanism generated a velocity
number of 0, and this number was applied te operator 2's QUTPUT
LEVEL: (See Figure 11-16.)
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Figure 11-16

We are hearing the sine wave at full volume because operator 1 (the
carrier) is currently insensitive thaving a value of ) to this contzol.
10) Play the same key as quickly as possible and LISTEN (AUDIO
CUE 68D). NOTE that we now hear the sawtooth wave, as before!
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Now play the key at several different speeds and NOTE the varying
timbres that result because the keyboard VELOCITY SENSITIVITY
is controlling the QUTPUT LEVEL of our modulator {which Cardina
Rule Two tells us is the guantitative timbral control). (AUDIO CUE
68]).

11) Again, the polyphonic aspect of this control can be demonstrated
by repeating step 5 above. NOTE that in the first instance, you now
hear the lowest note as a sine wave and the highest as a sawtooth: and
in the second instance, the reverse oecurs.

12) CHANGE the VELOCITY SENSITIVITY for operator 2 only to
a new value of 4, play a key on the keyboard as slowly as possible, and
LISTEN (AUDIO CUE 68K). NOTE that, instead of hearing a pure
sine wave, we are now hearing an “in-between” timbre; a sine wave
with a few overtones, but not encugh of them to be called 2 sawtooth
wave, This is because we have lowered the sensitivity of operator 2 to
the key timing roechanism, giving us less dynamic range in our con-
trol; (See Figure 11-17)
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Figure 11-17

13} Now play the same key on the keyhoard as quickly as possible
and NOTE that we once again hear the sawtooth wave as before (AU-
DIG CUE 68L). Play the key with varying speeds and NOTE that,
while the timbre still undergoes many different changes, NOTE that
we do not have the full range of sine wave-to-sawtooth wave (AUDIO
CUE 68M). In every instance, however, this control is acting as a
brightness control, with brighter sounds always resuiting from faster
key depressions. As before, there is no way to invert this control
{which would give us brighter sounds as we struck the key slowar).
14) Because VELOCITY SENSITIVITY is operator-specific, we can
affect the volume and timbre of a sound, and to differing degrees if we
50 desire. Leave operator 2s VELOCITY SENSITIVITY at its cur-
rent value of 4 but CHANGE this valve for operator 1 to the maxi-
mum of 7. Play a key at varying speeds and LISTEN (AUDIO CUE
68N). NOTE that this results in a great amount of volume change and
a relatively smaller amount of timbral change as you strike the key
faster and faster. Now try reversing the sensitivities, giving operator 1
4 sensitivity value of 4, and operator 2 the maxirmum value of 7. Again,
piay a key at varying speeds and LISTEN (AUDIO CUE 680), NOTE
that we now hear a great amount of timbral change, but only a small
amount of wlume change,

15) EXPERIMENT by creating different single timbres and applying
this VELOCITY SENSITIVITY control in different degrees to the

carrier and/or to the modulator, NOTING how each change affects
the owerall sound.



182 / The Complete DX7

ALG.#26:

Figure 11.18

As with E(; bizs modulation, the real power of this control lies in the fact that
it is operator-specific. This will allow us to apply it, for example, to specific
systems within an overall sound. Let's try creating a complex sound, com-
posed of two notes a fifth apart, with the root note as a square wave, and the
ffth as a louder, brighter timbre, and then use the VELOCITY SENSITIVITY
to selectively “fade in” one note or the other:

EXERCISE 69
Velocity sensitivity applied to a multi-system voice:

1) INITIALIZE your DX7, and CHANGE it from the default of al-
gorithm #1 to algorithm #26: (See Figure 11:18.)

2) TURN QFF operators 1 and 4 through 6 (“011000™), and, using
the system of operators 2 and 3, GENERATE a square wave.,

3} TURN OFF operators 2 and 3, and TURN ON operators 4 and 5
("000110"). Using the system of operatots 4 and 5, GENERATE a
gquare wave as weil.

4) TURN OFF operator 5 and TURN ON operator § (“000101"). Us-
ing the system of operators 4 and 6, GENERATE yet another square
wave. TURN ON operator 5 (“000111™) and LISTEN (AUDIO CUE
694). NOTE that the sound is now considerably brightet than a
square wave, since both operators 5 and 6 are now providing modula-
tion data mput to our cartier {operator 4).

5] NOTE that in this algorithm, operator 6 has the feedback loop.
Press edit switch 8 (FEEDBACK parameter) and change this to the
maximum value of 7. Play a note on the keyboard and LISTEN (AU-
DIO CUE 69B}. NOTE that the sound is now brighter still,

6) CHANGE the pitch of this entire system (that of operators 4, 5,
and 6} so it is a musical fifth higher (f you can’t remember how to do
this, refer to Chapter Six) *

7y TURN ON operators 2 and 3 (“011111") and use the operator se-
lect switch to VIEW operator 2. Press edit switch 27 (QUTPUT
LEVEL parameter) and CHANGE this value for operator 2 only to a
new value of 52. Play a key and LISTEN (AUDIC CUE 69C). NOTE
that you are now hearing two different timbres, a fifth apart, with the
higher note being both louder and brighter than the root note.

8) Press edit switch 28 (VELOCITY SENSITIVITY parameter) and
VIEW operator 6. CHANGE this to a new value of 3 for operator 6
only. Flay a key at several different speeds and NOTE that a slight
change in timbre now occurs at higher key velocities (AUDIO CUE
hID).

9) VIEW operator 4 and CHANGE its VELOCITY SENSITIVITY to
the maximum vafue of 7. Play a key at the slowest possible speed and
LISTEN (AUDIO CUE 69E). NOTE that we now hear only the root
note produced by the system of operators 2 and 3. Now play the same
key at the quickest speed possible and LISTEN (AUDIO CUE 69F).
NOTE that we now hear both notes together, as in step 7 above. Play
the key at several different speeds and NOTE that you can “cross-
fade” the higher note in and out as you play at higher or lower speeds

* For those of you with poor memoties, or those of you who have skipped
ahead to this point without ever reading Chapter Six, or those of you who are
just plain too lazy to turn the pages back, here's how you do it: Cardinal Rude
Three tells us we must affect the carrier and modulator the same way. Since 3
times the fundamental is an octave and a fifth higher, then 1.5 times the fun-
damental will be 2 simple fifth higher. Therefore, you'll need to set up a fre-
quency ratio between operators 5 and 4 of 3.00 ; 1.50, and the same ratio be-
tween operators 6 and 4,
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(AUDIO CUE 69G). Among other things, this will allow you to play
boring root-to-fifth bass lines by playing just a single key! (AUDIQ
CUE 69H). '

10} You can make this sound far more interesting by working with the
opetator EGs. EXPERIMENT by changing them to sharp, percussive
shapes, for exampte. EXPERIMENT further by bringing operator 1
(in this algorithm, an unmodulated carriar) into play: tune it to a differ-
ent pitch, ot perhaps route some LFQ signal to it; or control its out-
put with one of the real-time controllers using EG BIAS. With a little
work, you can turn this basic patch into a good, usable sound, Try it!

The potential of this VELOCITY SENSITIVITY should start becoming appar-
ent to you as you begin experimenting with it for different sounds. For exam-
ple, try redoing Exercise 67 (from earlier this chapter), but this time, instead
of bringing the high or low note in the “PIPES 1" sound in and out with EG
BIAS, do it with VELOCITY SENSITIVITY instead. This means that the
high ar low note will enter when you strike the key more sharply, as opposed
to pressing down barder on the key,

In summary, VELOCITY SENSITIVITY is an expressiveness control, allowing
us o make a sound louder or brighter when we strike a key with greater
speed. By applying this control to specific systems within an overall sound, we
can set up novel effects as in the Exercise above. Let's conclude with a lock at
an old friend, “E.PIANO 1", and see how the VELOCITY SENSITIVITY con-
trol is utilized in this preset:

EXERCISE 70
Yelocity sensitivity in “E.PIANQ 17:

1) Put your DX7 in cartridge play mode and call up ROM 1411 or
ROM 3A-3, the “E,PIANO I" preset.

2) Use the edit mode select switch to put your DX7 into edit mode
and press edit switch 28 (VELOCITY SENSITIVITY parameter).
Use the operator select switch to VIEW each of the six operators in

turn, and OBSERVE the following values: (See Figure 11-19.) ALG#3

3) Therefore, we might weil expect our “E.PIANO 1 sound to get 2 4 6
slightly louder but significant!y brighter as we strike keys faster, Is VEL YEL VEL
this what oceurs? Play a note at varying speeds and LISTEN (AUDIQ SENS «7 | [SENS = 6| |SBENS » 6

CUE 70A). NOTE that this indeed is what happens, as predicted. A
real Fender Rhodes, being an acoustic instrument, will respond in just

this marmer - as the key is depressed faster, the hammier hits the tine 1 3 3
faster, and the sound gets a good deal brighter, but due to the physical VEL VEL VEL
construction of a Rhodes, only slightly louder. SENS =2 | SENS= 2| [SENS = 0

4) But what if we wanted to create a Fender Rhodes sound that
didr't change its sound at all, no matter how we struck the key? That
would be tough (if not impossible) to do on the real McCoy, but is no
problem on the DX7! Simply CHANGE the VELOCITY SENSITIV- Figure 11-19
ITY value for all operators to 0. Try it! Play a key as stowly as possible

and LISTEN (AUDIO CUE 70B). NOTE that the sound is EXACTLY

THE SAME as it previously was, when you struck the key FASTEST!

This is because the VELOCITY SENSITIVITY controlis 2 negative

contral: (See Figure 11-20.)
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Put your DX7 momentarily into compare mode (by pressing the edit
mode select switch again) in order to confirm this. If you wished to
actually keep and use this modified sound, you'd probably want to
lower the output levels of your modulators equally, so as to restore it
back to the sound of a moderately struck Rhodes. Try loweting the
output levels of each of your modulators (operators 2, 4, and 6) by a
value of 25 (so that operator 2 = an output level of 33; operator4 =
64; and operator § = 54). You'll also have to lower the output leve! of
carriers 1 and 3 slightly since they also originally had a small degree of
velocity sensitivity. Try reducing both of them by a value of 5 {so that
their output levels are both equal to 94 instead of the original 99).
Now put the DX7 once again into compare mode and back in order to
hear that we have accomplished this!

9) EXPERIMENT by setting different degrees of VELOCITY SEN-
SITIVITY for different operators within the “E.PIANO 1" sound, and
NOTE the effects on the overall sound.

You will find that many of the ROM presets, like those that emulate acoustic
mstruments, have a certain amount of VELOCITY SENSITIVITY. If you don't
care for this effect on a particular sound, or you feel there's toe much or too
little, CHANGE IT! That’s what edit mode is for! Conversely, there are quite
a few presets with no VELOCITY SENSITIVITY. Often you can unlock new
doors of expressive sounds by adding this contro] t specific operators within
the sound, Go through your presets and try changing this control for each of
them - you'll probably find many ways of improving the sounds you've already
got. Bear in mind that whenever you decrease the velocity sensitivity for a
particular operator, its OUTPUT LEVEL will appear to increase, since it's
now back at its nominal setting. Often you will have to compensate for this by
lowering this value accordingly, as we did in the Exercise above with our modi-
fied “E.PIANO 1" sound.

Once you feel conversant with EG BIAS and VELOCITY SENSITIVITY, turn

the page and let’s move on to our geographic output level control, keyvboard
level scalimg.
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SWITCHES AND CONTROLS COVERED IN CHAPTER ELEVEN:

SWITCH PARAMETER "‘COMMENTS
Edit 16 EG Bias Also A MOD SENS.
sensitivity control,
Operator-specific;
Range 0 - 3.
Function 20 Mod. wheel "On" ar "Off™,
EG bias destination
Function 24 Foot controller "On" or "Off.
EG bias destination
Function 28 Breath controlier "Cm'" or "Off™.
EG bias destination
Fungtion 32 After-touch "On" or "Off".
E(G bias destination
Edit 28 Keyboard Velocity Operator-specific;

Sensitivity Range 0-7.



CHAPTER TWEILVE:

KEYBOARD LEVEL SCALING

The DX7 provides us with many tools which allow the control of operator ast-
put level. We've already explored several of these: the EGs (which change out-
put level aperiodically over time), the LFO (which, when used for amplitude
modulation, changes output level pariodically over time), EG bias modulation
(which allows regl-time control of outpnit level), and keyboard velocity sensi-
tivity (which allows timed keyboard control over output level). In addition to
these, a geographic output level contrel is also provided, and this is known as
kevboard level scaling,

In this instance, of course, the term “geographic” does not refer to whether
you are playing your DX7 in Tibet or in Brooklyn, but instead refers to which
notes you are playing on the kevboard. By the use of this control, then,
we will be able to decrease or increase the output level of 2ny particular
operator by simply playing different notes on the keyboard!

And, yes, you did read correctly: I did say “increase”, This is in fact the only
output level control on the DX7 which will actually allow you to increase an
operator’s output level beyond its maxirmum set level (as detertnined by
edit switch 27). However, in no event will you be able to ever increase it above
a mavimum value of 99,

The three edit switches associated with this control are as follows:

SWITCH PARAMETER
Edit 23 Break Point

Edit 24 Curve

Edit 25 Depth

All of these switches are operator-specific: once again, this will allow us con-
trol of either the volume or timbre of a sound.,

The mechanics of keyboard leve! scaling are actually fairly straightforward. We
will begin by specifying for each operator a note on the keyboard which is
called the break point. We will then be able to either increase or decrease that
operator’s output level as we play nates above the break point, or below it:
(See Figure 12-1.)

! Break Poing
*

i

S

Figure 12-1
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The break point can be any nate on the keyboard, or, surprisingly, a note that
doesn’t even exist on our DX7 keyboard! We have seen that all the notes on
the DX7 keyboard are numbered, since that is the only way our microproces-
sor can understand things. The lowest actual note is numbered C1 and the
highest is called C6: (See Figure 12-2.)

D¥l G5
At Fi#5] A¥S

iy JTil

Dl

Figure12.2

But the DX7 kevboard is only a five-octave keyboard. Through the use of the
MIDI interface (see Chapter Fourteen for a complete introduction to MIDD,
we can control our DX7 from an extemnal keyboard - even one with a full 88
keys (or more!), How could we do this if our DX7 microprocessor only recug-
nized 60 keys? We couldi’t. And that’s why it's been “trained” by Yamaha to
recognize an additional 3 1/2 octaves worth of notes. Our ever gullible com-
puter “beheves” that there'’s an extra octave and a half helow Cl, and these
notes are numbered A-] to B(: {See Figure 12-3.)

PHYSICAL KEYBOARD—P
-1 OCTAVE D OCTAVE 1 OCTAVE
1l ﬂ 1l ] ' l
A-1 AD C1 Al

Figure12-3

And it also believes that there are an extra two full octaves above C8, from
C#6 1o C8: (See Figure 12-4.)
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Figure 12-4

I'told you before: computers are very fast but very stupid,

We set the break point with edit switch 23 (BREAK POINT parameter), In-
itialize your DX7 and press this switch in order to view the default. Note that
this is A1 (the lowest possible note) for all six operators. Use the data entry
slider to step through all of the different possible break points, from A-l all the
way up to C8. We will see shortly why we might want to set break points that
are off the scale of the physical DX7 keyboard. Remember again that each
operator can have its own individual break point.

If we were to graph out the output level change initiated by keyboard level
scaling, it would look like this: (See Figure 12-5.)

If we choose to increase an operator’s output level above ot below the break Figure12:5
point, then we are said to be applying a positive curve; and if we choose to
decrease the output level, we are said to be applying a negative curve. We Boeak Poizt
can choose two different curves, to the left of our break point, and to the
right: (See Figure 12-6.)

Bo&meiﬁveandnegaﬁvecumsmnhmoneofmdiﬁerentshapes. The
type of curve we are currently displaying in this diagram is called 2 finear 3
n:urwe.Whenywuseahearmm,thechangendﬂbeei&eraddiﬁveﬁfa E
positive linear curve) or subtractive Gf a negative linear curve). In plain Eng-
lish,aposiﬁvelhearmmtotherightofnurhreakpointwiﬂmsultma
greater operator output level as we work our way up the keyboarnd: (See Fig- .
ure 1257}

whereas a negative linear curve to the right of our hreakpoint would result in a:
Jesser output level as we work our way up the keyboand: (See Figure 12-8.) Wﬁ?ﬁwm

Thesecondkhdofcurmamﬂablemusiscaﬂedanmmimm*“rnh Figure12-6
this type of curve, ouir computer performs multipication (for a positive ex-
potiential curve) or division {for a negative exponential curve) operations. ] Baoak Foint

Bk Point
It also doesn't seem to realize (or care) that these keys aren't ever depressed- l

When you multiply two positive numbers together over and over again, the
results soon become astronomical:

D2x2=4 +LIN
2}4)\!2=8 g

PEx2=1 E
HBx2 =32 Lo
5)32x2 = 64 mtsaTome
B6dx2 =128

D128Bx2 =356
838x2=N2

9 72x2 = 142U
10) U24 ¥ 2 = 2848 ALLILULLLLEILLAY

Figure12.7

DAl

4
HL
ol




180 / The Complete DX7

Break Point

OUIPUTLEVEL o

PECREASES
RIGHT OF REZAK POINT

Figure12-8

Break Point

me\ +EXP
2 e

- -n

ADCHT ABOUT
11,2 OCTAVES |l i2 OCTAVES

c3

ALILLLIREI LI

Figure12-9

Brsak Pous

as opposed to a simple additive (linear) operation:

RE&H

20+2=22

Therefore, the positive exponential curve will result in a much more drastic
eventual increase in output level, Of course, we can't increase the output level
abave 99, £o petting to these astronomical numbers wor't help us much. In-
stead, the computer “squeezes” the curve down by dividing the resuit of this
operation by some fixed value, and the end result is a curve which undergoes
very little change at all for some period (about 1 1/2 octaves on the keyboard)
and then begins a very rapid increase, an increase that accelerates for each
new note played: (See Figure 12-9.)

Similarly, a series of division operations:

D100/2 =350
29 /2 =25
NB/2=125
4)125/2 =86.25
56.25/2 = 3125

yiekis 2 much more severe decrease in result than a series of subtraction
operations:

1D 100-2 = 98
NHog-2 =96
N6-2=M
4)94-2 =92
5)02-2 =190

So that, once again, our “squeezed” negative exponential curve yields very lit-
tie change for the same 1 1/2 octaves, and then a sharper decrease in output
level for each new note pliyed: (See Figure 12-10.}

Let's summarize. The four different curves available to us are as follows:

1) Negative linear(-LIN) - each note will have slightly less output
level than the preceding one.

2) Negairoe exponential(-EXF) - very little change at all for sbout 1
1/2 octaves, then a more drastic decrease in output level for each note

played.

3) Positive exponential {+ EXP) - very little change at all for about 1

1/2 octaves, then a more drastic increase in output level for each note
played.

4) Posilive linear (+ LIN) - each note will have slightly greater out-

put level thar the preceding one.

Since Yamaha doesn’t expect you to memorize the effects of these curves (any
rnore than they expect you to memorize the effects of the various EG levels
and rates), there is a convenient diagram of these curves located on the front
panel of the DX7 itself, on the far right-hand comner. Use it as a quick refer-
ence guide when working with keyboard level scalings.

Press edit switch 24 and you will see the defaulit curve: “R KEY SCALE =
-LIN" in the LCD display. Use the “ves” button in the data entry section to
scroll through your four different curve choices. Press edit switch 24 a second
time to view the L KEY SCALE curve, and note that it has the same default
-LIN curve. Whenever you imitiafize, both the right and left curves for all six
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operators will default to a negative finear curve, Be aware that edit switch 24 is
abittn'ckyasyuuwillneedtopressitasecondﬁmeinordertnﬁew]:he
other curve. Keep your eye on the first character of the LCD and be aware of
which curve you are currently viewing and/or changing.

The last control is our DEPTH control - edit switch 25. Having selected a
break point and 2 curve to the right and left of that point, you must now
specify to the DX7 how mmch effect you wish that curve to have on the opera-
tor's output - the depth of our scaling. The range of this control is 0 to 99, with
0 indicating no depth at all. In sther words, no matter what curve you select, if
you give it a depth value of O, it will be as if there is no curve, On the other
hand, a depth value of 99 will indicate that the curve has madmum sffect. On
our graph, we can represent the various depths as the steepness of the angle
of the curve, as follows: (See Figure 12-11.}

As you might expect, the initialization defauit for this parameter is 0 for all
curves, for all operators. In cther words, when you initialize, there is no key-

board level scaling occurring. Let's run an Exercise now to hear the affect of
this control on a cartier in a single-system voice:

EXERCISE 71
Keyboard level scaling applied to a carrier:

1) INITIALIZE your DX7, leave it in algorithm #1, TURN OFF aper-
ators 3 through 6 (“110000"), and, using the system of operators 1 and
2, GENERATE a sawtooth wave,

2) Use the operator select switch to VIEW operator 1 (the carrier in
this systern) and press edit switch 23 (BREAK POINT parameter).
OBSERVE that it is currently at its default value of A1l. CHANGE
this for operator 1 cnly to a new value of C3 (Middle C on the DX7
keyboard), by using the data eniry slider.

3) Press edit switch 24 (CURVE parameter) and OBSERVE that
both the right curve and the left curve are currently at their defaults of
-LIN (press the switch repeatedly to cycle between the R KEY
SCALE value and the L KEY SCALE value).

4) Press edit switch 25 (DEPTH parameter) and OBSERVE that
both the right curve and the left depths are currently at their defaults
of 0, indicating no current keyboard level scaling (press the switch
repeatedly to cycle between the R SCALE DEPTH value and the L
SCALE DEPTH value). VIEW the R SCALE DEPTH value and
CHANGE it to the mzdmum value of 99,

5 Playachmmaﬁcscale(allmtes)ouyuurkeyboard,star&ngat
Middle C {C3) and going up to the highest note (C6), LISTENing as
you do so (AUDIQ CUE 71A). NOTE that because we have applied a
-LIN curve to the right of 3, with maximum DEPTH (39), the vol-
ume of our sawtooth wave decreases rather rapidly, disappearing al-
togeﬂxerhytheuppezmostnote(Cﬁ):(S&eFigure 12-12.)

6) Play a chromatic scale from C3 down to C1 and LISTEN (AUDIO
CUE 71B). NOTE that we kear no volume whatsoever as we

go to the left of C3 because the L SCALE DEPTH value is currently
0: (See Figure 12-13.)

7} CHANGE the R SCALE DEPTH value (edit switch 25 - and be
sure you're VIEWng the right and not the left scale depth) for opera-
torloﬂymanewwh:eofﬁﬁ.ﬂayachmmaﬁ:scaleonwurkey-
board, from €3 to C6, LISTENing as you do so (AUDIO CUE 71C).
NOTE that the volume again decreases, but not as rapidly, and that
even at the uppermost note (C6), we still have a significant amount of
volume: (See Figure 12-14.)
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8) CHANGE the L SCALE DEPTH value for operator 1 only to a
the maximum value of 99, Play a chromatic scale on your keyboard,
starting this time at the Jowermost key (C1) all the way to the top key
(C6), LISTENing as you do so (AUDIO CUE 711). NOTE that the
volume starts low, gets louder with its maximum at C3 (our break
point for pperator 1), and then gets softer again; effectively, this
makes Middle C the loudest note on the keyboard: (See Figure
12'15',

9) Restore the R SCALE DEPTH value and the L SCALE DEFTH
value for operator 1 back to their defaults of 0. This effectively re-
moves the entire keyboard level scaling effect from our sound. Press
edit switch 24 (CURVE parameter) and VIEW the right KEY SCALE
value, which is currently still at its default of -LIN. Press the “yed”
button once to CHANGE this for operator 1 only to 2 new value of -
EXP, giving us a negative exponential curve

10) Pressetttswﬂcb%ﬂ)EFI‘Hpmmeter)deIEWtheR
SCALE DEPTH value, CHANGE this value for operator 1 only to its
maximum of §9. Play a chromatic scale on your keyboard, from C3 1o
C6, and LISTEN (AUDIO CUE 71E). NOTE that there is no apparent
change in wolume. Why should this be? Remamber that the exponen-
tial ourves induce virtually no change for a period of approximately 1
1/2 octaves: (See Figure 12-18,)

You may have been able to detect a slight volume decrease from A5 to
C6, but this would have been slight. However, if we shift the break
point for sperator 1 so that this curve begins at a lower key, we
should be able to hear the full effect of this curve, so:

11) Press edit switch 23 (BREAK POINT parameter) and change
this to a new value of C1 (the lowest physical note on the DX7 key-
board) for operator 1 only. Now play a chromatic scale up the length of
the keyboard, starting at Cl all the way on up to C6, and LISTEN
(AUDIO CUE 71F). NOTE that we hear virtually no volume change at
all from Cl1 to A2, a gradual decrease in volurne from A#2 to about Ad,
and then a drastic decrease i volurme from A#4 on up to C6: (See
Figure 12-17)

NOTE that even then, the volume does not disappear completely
even gt C6. In general, then, the exponential curve will vield @ more
subtle effect than the linear curve,

12) If we set our break point, however, at the very lowest note possi-
ble - right off the scale of the physical DX7 keyboard - then it will un-
dergo its 11/2 octave no-change period before we ever hear a note,
and we'll be able to hear its effect right away: {See Figure 12-18,)

This iz the reason why the DX7 allows us to set break points right off
the scale of our physical keyboard. Press edit switch 23 and
CHANGE the break point for operator 1 culy to a new value of A-l.
Play a chromatic scale on the keyboard from Cl1 to C6 and LISTEN
(AUDIO CUE 71G). NOTE that we are now able to hear a discernable
decrease in volume from the very first note played, and that this
change accelerates as we go higher up the keyboard, The volume is
now completely gone by about D5,

13) We can reverse this effect completely by making the following
changes for operator 1 only: Set the BREAK POINT to C8. Set the L
KEY SCALE to -EXP. Set the L SCALE DEPTH tc 99. Play a chro-
matic scale from the uppermost note (C6) down to the lowest note
(C1) and LISTEN (AUDIC CUE 71H). The effect we have created is
precisely as follows: (See Figure 12-19.)
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M) Now let’s see how positive curves work. Restore the BREAK
POMforopemmrlonhrmcs.ResmmbothmeLSCALEdepth
andtheRSCALEdepthﬁoD,wﬁchwiﬂhmﬂ:eeﬁectnfmkﬁuﬂm
curves inactive. Now CHANGE the R KEY SCALE (edit switch 24)
toa +memvebynmingthedataenh'ysﬁdertoitsuppenmstpo-
sition (or by pressing the "yes” button) and CHANGE the R SCALE
depth (edit switch 25) back to the maximum value of 99. Play a chro-
matic scale an the keyhoard from C3 to C6 and LISTEN (AUDIO
CUE?lD.NUTEﬂmtthemiswrrerﬂ]ymmhnnec}mge.Why
should this be? - especially since we've established that keyboard level
scaling, uniike any of our previous output leve controls, can be used
10 increase an operator’s output leve] beyond its set value? The an-
swer lies in the fact that we can never increase that output level be-
yond the maxirnum value of 99. And that's exactly where operator 1 is
already: (See Figure 12-20,)

We have simply left ourselves no headroom. Press edit switch 27
(OUTPUT LEVEL parameter) and CHANGE this for operator 1 only
to 2 new value of 50. Now play the chromatic scale again, from C2 to
C6 , and LISTEN {AUDIO CUE 71J). NOTE that we now hear the
volume increase as we play higher notes on the keyboard.

15) Press edit switch 25 and CHANGE the right SCALE DEPTH
for operator 1 only to a new value of 75. Play a chromatic scale from
C3 to C6 and LISTEN (AUDIO CUE 71K). NOTE that we hear the
same volume increase, but less drastically so.

16) Play a chromatic scale from C3 down to C1 and LISTEN (AU-
DIO CUE 71L). NOTE that thete is no volume change in this part of
the keyboard, and that all the notes are at the lower output level. This

is because there is currently no left SCALE DEPTH:; (See Figure
12-21.)

17) Press edit switch 24 and CHANGE the left KEY SCALE curve
for operator 1 only to + LIN. Now press edit switch 25 and CHANGE
the left SCALE DEPTH for operator 1 anly to the maximum value of
95, Restore the right SCALE DEPTH back to the maximum vahte of
Bg.myachmnmﬁcscaleonﬂmheybomdfmmmaﬂmevmyupto
C6 and LISTEN (AUDIO CUE 71M). NOTE that Middle C (C3) is
now the softest note on the keyboard: {See Figure 12-22)

18) Press edit switch 23 and CHANGE the BREAK POINT for
operator 1 only to the lowest possible value of A-l. Press edit switch
24 and CHANGE the right KEY SCALE curve to +EXP. Play a chro-
matic scale up the entire keyboard, from C1 to C6 and LISTEN (AU-
DIC CUE TIN). NOTE that the volume now steadily increases from
Cl to C5, with the greatest increase occurring in the range C3 to C5.
Above C5, NOTE that there is 1o discernible volume increase, be-
cause the output level bas already reached its absolute maximum of
99 by C5: (See Figure 12-23.)

19) Let's reverse that effect by doing the following: Press edit switch
23 and CHANGE the BREAK POINT for operator 1 only to a new
vale of C8. Press edit switch 24 and CHANGE the left KEY SCALE
curve to + EXP. Press edit switch 25 and ensure that the left SCALE
DEFTH value is still 99, Play a chromatic scale from C6 down to C1
and LISTEN (AUDIO CUE 710). NOTE that the volume now steadily
increases as you go down the keyboard from C6 to F2, with the
greatest increase occurring in the range F4 to F2. Relow F2, NOTE
that there is no discernible volume increase, because the output level
ofuperﬂor%isalmdyatitsmaﬁmumufggbyﬂmmim: {See Fig-
ure 12-24,

20) Of course, we can combine positive and negative curves for the
same operator, if we so degire. Press edit switch 23 and CEANGE
the BREAK POINT for operator 1 enly to C2. Press edit switch 27
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and change operator 1's OUTPUT LEVEL to a new value of 64. Press
edit switch 24 and set the left KEY SCALE curve to -LIN. Press the
same switch again and CHANGE the right KEY SCALE curve to
+EXP, Press edit switch 25 twice and ensure that the SCALE
DEPTH value for both curves is still at the maximum of 99, Play a
chromatic scale up the keyboard from C1 to C6 and LISTEN (AUDIC
CUE 71P). NOTE that the volume rises from near-inaudible to a low
level by the time you reach C2, and then remains at that bow level untl
about A3, at which peint it begins increasing, gently at first, and then
more dramatically at the upper end of the keyboard: (See Figure
12-25.)

21) EXPERIMENT by changing the SCALE DEPTH values for »i-
ther er both of the curves and NOTE how this affects the oversll
sound, EXPERIMENT further with different timbres, using different
BREAK POINTS, CURVES, and DEPTHS, until you feel comforta-
ble with the way kevboard level scaling affacts carriers.

We can apply keyboard level scaling effects to our modulator as well. This
will allow s to quantitatively change the overtone content of our sound, ac-
cording to what note we play on the keyboard:

EXERCISE 72

Keyboard level scaling applied to a modulator:

1) INITIALIZE your DX7, keave it in algorithm #1, TURN OFF oper-
ators 3 through 6 (“110000™), and, using the system of operators 1 and
2, GENERATE a sawtooth wave,

2) Use the operator select switch to VIEW cperator 2 (the modula-
tor in this system) and press edit switch 23 (BREAK POINT parame-
ter). OBSERVE that it is currently at its default value of A-l.

CHANGE this for aperator 2 only to a new value of C3 (Middle C on
the DX7 keyboard).

3} Press edit switch 24 (CURVE parameter) and OBSERVE that
both the right curve and the left curve are currently at their defaults of
-LIN.

4) Press edit switch 256 (DEPTH parameter) and OBSERVE that
both the right and the left SCALE DEPTHs are currently at their
defaults of 0, indicating no current keyboard level scaling, VIEW the R
SCALE DEPTH value and CHANGE it for operator 2 only to the
maxiwm value of 99,

5) Play a chromatic scale on your keyboard, startmg at Middle C
(C3) and gomg up to the highest note {C6), LISTENing as you do so
{AUDIO CUE 724). NOTE that because we have applied a -LIN
curve to the right of C3, with maximum DEPTH (99), the overtone
content decreases rather rapidly, changing our sawtooth wave com-
pletely back to a pure sine wave by the uppermost note {C6): (See
Figure 12-26.)

6) Play a chromatic scale from C3 dowm to C1 and LISTEN (AUDIO
CUE 72B). NOTE that we hear no timbral change whatsoever as we
go to the left of C3 because the L. SCALE DEPTH value is currently
0: (See Figure 12-27)

7 CHANGE the R SCALE DEPTH value (edit switch 25 - and be
sure you're VIEWing the right and not the left scale depth) for opera-
tor 2 only to a new value of bo. Play a chromatic scale on your key-
board, from C3 to C6, LISTENing as you do s¢ (AUDIC CUE 720,
NOTE that the overtone content again diminishes, but not as rapidly,
and that even at the uppermost note (C6), we still hear some over-
tones; we never quite revert all the way hack to the sine wave: (See
Figure 12-28.)
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a8 CHANGEtheLSQ&LEDEPTHmlueﬁornp&raturzonlytoa

themm:hmnnmu{%.ﬂayachmmﬁcmleonmkeyboard,

starting this time at the lowermost key (C1) all the way up to the top
key (C6}, LISTENing as you do so (AUDIQ CUE 72D). NOTE that
Clisvirnmﬂyashewmandthatthemrtnnecuntentsteadﬂyh-
masesmtﬂm(ourbreakpuhﬁ);itthenbeginsdhnhisfﬁrgagain.

until C6. Because of the combination of these two curves, C3 is now
the brightest note on the keyboard: (See Figure 12.29,)

% Restore the R SCALE DEPTH value and the L SCALE DEPTH
mfuroperaturZOnlybacktomeirdefaultsofO.Thiaeffecﬁmly
removes the entire keyboard level scaling effect from our sound.
Presseditswitch%(CURVEpammeter)mdﬂEWtheﬁghtKEY
SCALE value, which is currently still at its default of -LIN. Press the
“yes” button once to CHANGE this for operator 2 only to a new value
of -EXP, giving us a negative exponentiaf curve,

10) Press edit switch 256 (DEPTH parameter) and VIEW the R
SCALE DEPTH value. CHANGE this value for cperator 2 only to its
maximum of 99, Play a chromatic scale on your keyboard, from C3 to
C6, and LISTEN (AUDIO CUE 72E), NOTE that there is 1o appar-
ent timbral ¢ - Aggin, the exponential curve induces virtually no
change for a period of approximately 1 1/2 octaves: (See Figure
12-30.)

You may have been able to detect a slight overtone content decrease
ﬁ‘omAEtoCﬁ,butthiswouldhmbeensﬁght.Hm'er.ifmshiﬁ
ﬂmebreakpohrtforopemtar2sot}ntﬂ1isclrveheginsatabmrkey,
we should be able to hear the full effect of this curve, so:

1) Press edit switch 23 (BREAK POINT parameter) and change
thiatnanewvalueofCl{thelowestphyaimluﬁeontheDX?key—
board)furoperatorzonly.Nowphyachmnnﬁcscaleupthelengthcf
the keyboard, starting at C1 all the way on up to C8, and LISTEN
fAUDIDCUE?ZF).NGTEtbatwehearvhtua]]ymﬁmbmldmngeat
all from C1 to A2, a gradual decrease in overtone content from A#2 to
aboutM,andthenadmsticdemasehmertonesﬁ'omAﬁonupto
C5: (See Figure 12-31,)

NUTEthateventhen,themmﬂonesdnnatdisappearmmpletely
even at C6.

12) If we set our break point, bowever, at the very lowest note possi-
ble-rightoff&esaaleofthephysicalb)(?heybnard—&enitwﬂlm—

Press edit switch 23 and CHANGE the break point for operator 2
onlytoanewwlueofﬂ-l.ﬂayachmmﬁcm]emthekeyboard
from C1 to C6 and LISTEN (AUDIO CUE 72G). NOTE that we are
naw able to hear a discernable decrease in overtone content from the
veryﬂrstnoteplzyed,mdt]utﬂiisc}mgeacneleratesaswego
kﬁg}nrupﬂaekeyhoard.ByﬂmﬁmmreachDﬁ,wmbacktoa
PUre Sine wave.

13) 1G'iiecanzeversethiseffectcompletelyh_-.rmakingthefoilnwing
changes for operator 2 only: Set the BREAK POINT to C8. Set the L.
KEYSCALEto—EIP.SettheLSCALEDEPTHtoQB.Phyachm
nxaﬁcscah&umﬂ:euppemmstnote(Cﬁ)dmtothelmstmte
(C1) and LISTEN (AUDIO CUE 72H). The effect we have created is
as follows: {See Figure 12-33,)

M) Now let’s try a positive curve for our modulator. Restore the
BREAK POINT for operator 2 only to C3. Restore both the L
SCALEdapthmdtheRSC&LEde;!hh:U.w!ﬁdwiﬂhavetheeﬂect
of making the curves inactive. Now CHANGE the R KEY SCALE to 2
+ LIN curve and the R SCALE depth to 99, Play a chromatic scale on
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the keyboard from C3 to C6 and LISTEN (AUDIO CUE 72I). NOTE
that there is currently no timbral change whatever. Again, even
though keybeard keve] scaling can be used to increase an operator's
output Jevel beyond it's set value, we can still never increase that out-
put level beyond the maximum vakie of 99. And that's exactly where
operator 2 is already: (See Figure 12-34.)

Once again, we have left ourselves no headroom. Press edit switch 27
(OUTPUT LEVEL parameter) and CHANGE this for operator 2 anly
to a new value of 50. Now play the chromatic srale again, from C3 to
C6 ., and LISTEN (AUDIO CUE 72J;. NOTE that we now hear the
overtone content increase as we play higher notes on the keyboard,
so that C3 is little more than a sine wave, but C6 is a full-blown saw-
tooth wave,

15) Press edit switch 25 and CHANGE the right SCALE DEPTH for
operator 2 only to a new value of 75. Play a chromatic scale from C3 to
C6 and LISTEN (AUTHO CUE 72K). NOTE that we hear the same
quantitative overtone increase, but less drastically so.

16) Play a chromatic scale from C3 down to C1 and LISTEN (AUDIO
CUE 72L). NOTE that there is no timbral change in this part of the
keyboard, and that all the notes are quasi-sine waves. This is because
there is currently no left SCALE DEPTH: (See Figure 12-35.)

17) Press edit switch 24 and CHANGE the left KEY SCALE curve
for operator 2 only to + LIN, Now press edit switch 25 and CHANGE
the left SCALE DEPTH for operator 2 only to the maximum value of
99, Restore the right SCALE DEPTH back to the maximum value of
99. Play a chromatic scale on the keyboard from C1 alt the way up to
C6 and LISTEN (AUDIO CUE 72M). NOTE that Middle C (C3) is
now the least bright note on the keyboard: (See Figure 12-36.)

18) Prese edit switch 23 and CHANGE the BREAK POINT for
operator 2 only to the lowest possible value of A-l. Press edit switch
24 and CHANGE the right KEY SCALE curve to +EXP. Play a chro-
matic scale up the entire keyboard, from C1 to C6 and LISTEN (AU-
DIO CUE 72N). NOTE that the overtone content now steadiy in-
creases from C1 to C5, with the greatest increase occurring in the
range C3 to C5H, Above C5, NOTE that there is no discemnible over-
tone content increase, because the cutput level has already reached
its absolute maximum of 99 by C5: (See Figure 12-37)

13} Let's reverse that effect by doing the following: Press edit switch
23 and CHANGE the BREAK POINT for operator 2 only to a new
value of C8. Press edit switch 24 and CHANGE the left KEY SCALE
curve to + EXP, Press edit switch 25 and ensure that the left SCALE
DEFPTH value is atill 99. Play a chromatic scale from C6 down to C1
and LISTEN {AUDIO CUE 720). NOTE that the overtone content
now steadily increases ag you go down the keyboard from C6 to F2,
with the greatest increase occurring in the range F4 to F2. Below F2,
NOTE that there i3 no discernible timbral change, because the output
level of operator 2 is already at its maximpum of 99 by that point: (See
Figure 12-38.)

20) Of course, we can also combine positive and negative curves
for the same operator (by having one type of curve to the left of our
break point and a different type to the right). Press edit switch 23 and
CHANGE the BREAK POINT for operator 2 ouly to C2. Press edit
switch 27 and change operator 2’s QUTPUT LEVEL to a new value of
64, Press edit switch 24 and set the left KEY SCALE curve to -LIN.
Press the same switch again and ensure that the right KEY SCALE
curve i3 still + EXP. Press adit switch 25 twice and ensure that the
SCALE DEPTH value for both curves is still at the maxtmuem of 93,
Play a chromatic scale up the keyhoard from C1 10 C6 and LISTEN
{AUDIO CUE 72P). NOTE that the timbre changes from a sine wave
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to a gentle, triangle-like wave by the time you reach C2, and then re-
nninsﬂmmunﬁlaboutﬁs,atwhichpointitbeginsmm:gin
overtone content, gently at first, and then more dramatically at the
upper end of the keyboard: (See Figure 12-39.)

21) EXPERIMENT by changing the SCALE DEPTH values for ei-
ther or both curves and NOTE how this affects the overall sound. EX-
PERIMENT further with different timbres, using different BREAK
PCINTS, CURVES, and DEPTHS, until you feel comfortable with
the way keyboard level scaling affects modulators.

Because keyboard level scaling is operator-specific, and because each oper-
mmommdmmmmmmmm,mmm.nh
an encrraously powerful tool for creating both “real” and “unreal” sounds, No
acoustic instrument, for example, responds precisely the same way for each
note you play onit: played with equal force, a low note on a piano is rmich
Iouderthanahighmte;smﬁlarty.ahighnoteonamnpetismud:bﬁghher
ﬂmnahwmte.%mnahnubtethesemdmmymmnﬂyowmm
acoustic phenomena with keyboard level scaling, but we can also use it to cre-
ate some very unusual efiects, Take a look at a sound I programmed soms
tirne ago, a sound [ refer to as my “Escher” sound, called “PLAYASCALE™-

EXERCISE 73

Examining “PLAYASCALE”; using keyboard level
scaling for pitch change:

D INTmLIZEwurDX?andmtithtoalgurithm#ﬂ(betym
never thought we'd go back to this old chestrut!).

2 TURNOFFopemtorﬁi“]JJlm")-ﬁxthissmmd,mwﬂlonl}rbe
using operators 1 through 5. Even though our microprocessor will not
be able to remember that operator 6 was off when you store this
sound, its output level is currently defaulted at 0, 80 we won't hear it
anyway.

3) Press edit switch 27 and set the OUTPUT LEVELs of operators 1
through 5 all to the maximum value of 99.

4) Press edit switch 18 (F COARSE parameter) and enter in the fol

lowing values:
Operator # F COARSE
1 16.00
2 3.00
3 4.00
4 200
5 1.00
3) Press edit switch 23 (BREAK POINT parameter) and enter in the
following values:
Operator # BREAK POINT
1 G#1
2 G#2
3 G3
4 G4
5 CB
€) Press edit switch 25 (DEPTH parameter) and enter in the follow-
ing values;

Break Poim
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Operator # L SCALE DEPTH R SCALE DEFPTH

1 : 0 99
2 99 99
a 99 99
4 99 29
5 99 0

7) NOTE that all CURVES {edit switch 24) should be left at their de-

fault -LIN value. This process gives us a keyboard level scaling like
this: (See Figure 12-40.)

8) Now do just what the name of the sound tells you to do - PLAYAS-
CALE - from the bottom of the keyboard to the top, and LISTEN
{AUDIO CUE 73AM NOTE the unusual effect: C1 scunds like the
same note as C2, C3, C4, C5, or C6! In fact, each octave on the key-
hoand sounds pretty much the same as the octave below it or above it!
This creates an interesting aural Musion, similar, I think, to the kind of
visual ilusions created by the great artist, M. C. Escher.
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Figure 12-40

If you listen very closely to “PLAYASCALE", you can, in fact hear some slight
differences in overtone content from octave to octave. But how can we have
overtones when we're working with algozithin 327 Simple: the keyhoard lewel
scaling causes the differently pitched operators to overlap in various different
ways over various parts of the keyboard. At no time are we ever hearing
purely one of the cartier sine waves to the exclusion of the cthers, due to this
overlap. The end result is that we usually are hearing two or three differently
pitched sme waves - an additive synthesis process. The illusion is not only that
the pitches appear to be the same from octave to octave but that the sound we
hear appears to contain overtones as well!

As with cther original sounds presented in this book, | declare this patch to be
in the public dotnain: and that means you're welcome to store it and use it at
will,

Here's ancther potential use of keyboard level scaling: instead of scaling differ-
ent carriers over different parts of the keyboard, let's use a single-carrier al-
gorithm, ke #16, and scale different modulators over different parts of the
keyboard, creating different timbres for each note we play:

EXERCISE 74
Keyboard level scaling used for timbral change:

1) INITIALIZE your DX7 and select algorithm #16: (See Figure
12-41)
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2} Press edit switch 27 and enter the following OUTPUT LEVELs
for the six operators:

Operator # OUTPUT LEVEL

SHEIZ®

3) Press edit switch I7 and/or 18 (F COARSE and F FINE
parameters) to enter the following frequencies for the six operators:

Operator # F COARSE

1,00
1.00
2.00
11.20
14.00
1500

4) Press edit switches 21 and 22 (EG RATE and EG LEVEL
parameters) to enter the following EG data for the six operators:

& BN ke L3 pa =

I4 R1 11 R2 12 R3 L3 R4 14
0 9 9 9 99 9 8 52 0
0 99 9 9 9 9% 9% 9 0
0 99 99 99 93 99 9 25 0
0 99 9 43 0 9 0 12 0
0 9% 9 58 0 9 0 48 0
0 9 9 99 % 9 9 8 0

5} Press edit switch 8 (FEEDBACK parameter} and enter the maxi-
mum value of 7 NOTE that in this algorithm the feedback loop is on
operator 6.

6) Press edit switch 23 (BREAK POINT parameter) and enter in the

following values for the six operators:
Operator # BREAK POINT

1 Al

2 C1

3 B1

4 F#3

b B4

& D5

7y Press edit switch 24 (CURVE parameter) and CHANGE the right
KEY SCALE for operator 3 only to -EXP. Leave all other operators at
their default curve of -LIN,

8) Press edit switch 25 (DEPTH parameter) and enter in the follow-
ing values:

Operator # L SCALE DEPTH R SCALE DEPTH

Gyt Lo po
BBBEE®
EELEE°
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9) Play a chromatic scale from Cl to C6 and LISTEN (AUDIO CUE
744). NOTE that our sound undergoes six distinet timbral changes as
the five different modulators fade in and cut over the keyboard and fi-
nally disappear altogether from E5 to 6, as according to their key-
board scaling, as follows; {See Figure 12-42.)

1!

Ty

OP 2 OP 3 OP 4 OP 6
(-EXP}

OPS$

Figure 1242

C1 is essentially just a sawtooth wave, contatning a “square” envelope
with 2 moderate release time. Because R4 for operator 2 is 80 slow (a
value of 9), there is very little imbral change as the sound dies away.
As we get to the area EI - C2, we hear this sawtooth timbre change (o
a hollower square wave timbre, with a very similar type of envelope.
The square wave is, of course, being generated by the action of opera-
tor 3, and because its right curve is a negative exponential curve, it
will be present across a larger area of the keyboard than any of the
other modulators. As we get towards the area C#2 - DM, we hear the
steadily increasing presence of the upper modulator in this stack,
operator 4. This operator has beer set to a non-whole nwmber fre-
quency vahie and is at its maximum output level; furthermoare, its
ervelope is quite percussive. The disharmonics it generates are most
present at its break point of F#3 and they begin to tail off after this
point. From D#4 to F#4 we begin to hear operator 5 fade in, with the
characteristic 14:1 frequency ratio and slightly percussive envelope
vielding a faint reminder of the first system in “E.PIANO 1", From G4
to E5 we hear the snare-drum like sound being contributed by the
feedback modulator, cperator 6. Finally, above ES, the actions of all
the modulators die away and disappear, and at the upper end of the
keyboard we are left with just the single sine wave being generated by
aperator 1.

10) EXPERIMENT with altering the various scaling parameters for
this sound - try, for example, reversing the entire process so that the
single sine wave appears only at the bottom end of the keyboard.
EXPERIMENT further by altering the various frequency ratios and
operator output levels and NOTE how these changes affect the entine
sound.

It should be apparent that keyboard level scaling, then, can be used for a van-
ety of unique effects. However, what most people use it for most of the time is
to accomplish something called kepboard spliis.

A “keyboard split” allows you to play two separate sounds sitmultanecusly on
one keyboard, Usually, the way this works is that you assign a spiif point on
the keyboard, and you will hear one sound to the left of that paint, and the
other sound to the right, The only way this can be accomplished on most syn-
thesizers is by incorporating two independent sets of voice-generating cir-
aitry into one instrumnent. Each of theze can be thought of as a complete syn-
thesizer unto #tself - so what we essentially have is two synthesizers in one
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bex, Tmcally these will be designated the “right” and “left” or “upper” and
“lower” synthesizers. : SOUND A SOUND B
“’ithourbxzmcan'tduﬂﬁngstbatway.becaumweomhmomsetaf 1 1
voice-generating circuitry® But we have learned that aley one sound we create
on this instrument is composed of the sum of six independent operators. And
we have learned that we can scale the outputs of each of these operators over
different points on the keyboard. Therefore, the “keyboard splits” we can ac-
complish using keyboard level scaling are bogus anes - since what we are do-
ing is splitting up one voice into two or more parts, as opposed to actualty haw-
ing two or mote independent voices.

But it works, nonetbeless! Obviously, in order to accomplish this, we peed a

sound with mote than one carrier That eliminates algorithms 16, 17, and 18.
But,whattheheck.thatsﬁlllemsusudchQofomSEa]gurithmsthatwiﬂ

work! Figure 12.43

thisqmai—spﬁt.Thenmnresu'icﬁonisthatmcaumtamnpﬁshwhatam A+B
called hard splits. A * "Spﬁtiswheremuhmonesoundonttﬁshey SOUND A SOUND B
completalyandatohﬂjrdiﬁerentsoundonﬂmn&xtheycmnpletefy: {See | 1 I

“bcan’tdoﬂmtnnuurDX?becauseinewrymsunce we have to work with
curves, A linear curve with maximum depth will roll off pretty severely, but it
wor't be severe enough to imitate 2 hard split: (See Figure 12-44.)

The expenential curve, of course, can become Inore severe in its effect than
the Encar curve, but because of the extendad (approximately 1 1/2 octave)

area in which it is inactive, itwﬂlgemrallybeoﬂesavalueintryimtoaccum-
phish keyboard splits, Let's try working with one of the dyal sounds provided
by Yamaha, and see how we can “spiit” it gver our keyboard. We'll work with
“ORCH-CHIME", found on ROM 1A-25 or ROM 4B-5 (where, for some un- I 1o
known reason, it has been renamed “STR-CHIME"), gure 1244

Several Yamaha presets are set up the way this one is, that is, with two dis-
tinct sounds combined together within a single algorithm, including ROM 2B-
17 ("HARP-FLUTE", 2B-18 (“BELL-FLUTE"), or 2B-22 (“B DRUM-
SNARE™}, (NOTE: Some of the American presets in ROM 4B have already
been pre-sylit.) Using keyboard level scaling, we can take any of these and
“split” them over different sections of the keyhoard, just as the “TRAIN"
sound (ROM 14-31 or ROM 3A-30) we examined in the last chapter contains a
bell at the top of the keyboard, and a whistle at the bottom (with the choo-

¢hoo throughout), The use of curves, as opposed to hard splits (unavailahle on
ﬂ:eDX?butavaﬂableonsnmenfthelatermode]ﬁmhadigitalFMmachines
-seeChapterI"ifteen)meansthatwewﬂ]hmea"gmyarea”ontlmkeyboard
where:both sounds will be present but crossfading with one ancther. However
withcareﬁﬂmarﬁmﬂaﬁonofumbmakpointsmdmrves_mcannﬁ:ﬁmizeﬂﬁs
amm;ibuut half an octave - the DX7 “DMZ", if you like: (See Figure
12.45,

'seeChapter%daenfuraMﬁondthree'fanmhadigitalFMayn-
hmmmmmmdmmmmm-mnxa
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"DMZ"
SYSTEM A CROSSFADING
WITH SYSTEM B

SYSTEM A + SYSTEM B
—1 ﬁr‘_—_'l
i

4

BREAK POINT

BREAK POINT

ALG #5

Figure 12-46

Break Pirind

P

MINTWMLUM DEPTLI
{0y w O CURYE

Figure 1247

Figure 12-45

Before we actually run this exercise, let’s plan out exactly what we're going to
do, Put your DX7 into cartridge play mode and call up *ORCH-CHIME" from
ROM 14-25 or ROM 4B-5 (in which case it will be called “STR-CHIME™.
Now go to edit mode and take a ook at the algorithm used for this sound, our
old friend (from “E.PIANO 1"}, algorithm #5; (See Figure 12-46.)

A quick listen to each one of the three systems should quickly confirm that it
is the second system, operators 3 and 4, that are creating the CHIME part of
the sound. System cne (operators 1 and 2) and system three (operators 5 and
6) are together creating the ORCH - really just a string sound. Let's say that
we want to split our keyboard so that the CHIMES are in the upper half - let’s
say from F3 on up - and the ORCH i2 in the lower half. Since we are looking
for a pure volume cortrol here - we are not looking to change the timbre of
either of our two sounds - we will be applying keyboard level scaling to our
CARRIERS - operators 1, 3, and 5, only. For operator 3 (the carrier in the
CHIME sound}, we wish a keyboard scating as follows: (See Figure 12-47)

and for operators 1 and 5 (the cartiers in our ORCH sound), we wish to
generate this kind of curve: {See Figure 12-48.)

Note that in NEITHER INSTANCE do we require a positive curve - we are
NOT looking to increase the volume in ary way - only to decrease it above (in
the case of operators 1 and 5} and below (in the case of aperator 3) a certain
point (in this case, F3).

Olay, now that we know what we need to do, let’s de it!

EXERCISE 75
Keyboard splits: “ORCH-CHIME”:

1} Put your DX7 into cartridge play mode and call up the “ORCH-
CHIME" sound from either ROM 14-25 or ROM 4B-5 (“STR-

CHIME"). Play a note to confitm that this is now in your edit buffer
(AUDIO CUE 734).

2 Usethe mode select switch to go to edit mode. OBSERVE that

algorithm #5 was used to create this sound.

3) TURN OFF operators 3 through 6 (“110000") in order to bear
system ane only. Play a key and LISTEN (AUDIO CUE 758). NOTE
that this system is contributing the string {“ORCH") section to the
overall sound,

4) TURN OFF operators 1 and 2, and TURN ON operators 3 and 4
(“001100™) in order to hear system two cnly. Flay a key and LISTEN
(AUDIQ CUE 75C). NOTE that this system is contributing a chime
sound to the total sound we hear,
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5) TURN OFF cperators 3 and 4, and TURN ON operators 5 and 6
(“00001L") in order to hear system three only, Play a key and LISTEN
(AUDIO CUE 75D). NOTE that this system is alsc contributing a
atri.ngmmld.TURNONoperatorslandﬂ“]lﬂﬂil")hon'lerto hear
the complete ORCH part of “ORCH-CHIME”. NOTE that system
ﬂnee{operﬂomSmdﬁ)ispitchedanom]ﬁgherthansystemone
{operators 1 and 2). Press edit switch 18 (F COARSE parameter} and
use the operator select switch to VIEW each of thesa four gperators.
OBSERVE that the frequency ratio in system one is 0.50 : 0.50
whereas in system three it is 1,00:1.00,

6) TURN ON all operators and listen to the sound once again, When
we strike notes sharply on the keyboard, we hear only the CHIME,
but when we hold a key down, we hear the ORCH fade in as well, ﬂmm]m]m:m
Whyisﬂ)is?OﬁﬁousfytheEGsa:eatplay.sinceweamhearmgan

apetiodic change gver time. R1 must be very fast for operator 3 (the Figure 1248

CHIME carrier) and very slow for operators 1 and & (the ORCH car-

riers). Press edit switch 21 in order to VIEW this and NOTE that R1
foropentorS=Eﬂwhereasioropemtarslandﬁitismandlﬂ,

respectively. Another of life's great mysteries solved!

) ﬂc&sttﬁngwen&edmdnismseeﬁkeybuardlevdsmﬁngis
ahnadymcurrhlgasanintdnsicpartofthissumd.%candeternﬁne

this by examining the SCALE DEPTHs of our 12 curves (2 curves for

each of our six operators). Press edit switch 25 (DEPTH parameter)
andﬂEWeachoftheHaminm,pmssingﬁmswitchrepeat-
edlymcytlebenmentheleﬂandﬁghtcunes.andushgﬂteopemtm

select switch to VIEW each of the six operators. OBSERVE that all

12 curves currently have a value of 0. This means that no

scaling whatever is currently occurring, regardiess of where the braak
mhﬂsnmyhemdwhaltypeofmsmayhmbeenassigned.

8) I.et’sbeginhyscaﬁngtheCHMEpmtufthesound,w!ﬁchisbe-
hgmnhibutedhysystemtvaURNOFFop&mtoml,lS,andﬁ
(“OOIIDD"J.VIEWopemturS(thecmﬂer)mdpmsseditswitch%

(BREAK POINT parameter). CHANGE this from its current value of

Cl {there for no particular reason, since all operator SCALE

DEPTHs are currently at 0} to a new value of F3.

9 Siucewewishtolessenthemh:meofm:rClﬂME{hencethe
outputlevelofupemtor.‘i)tﬂtheleﬁo[mmwﬂ]reqlﬁmanegaﬁve

left curve. Because linear curves are the most useful in accomplishing

keyboard splits, that's what we'll choose - a -LIN curve. Press edit

switch 24 (CURVE parameter) and OBSERVE that this type of curve
hasalreadybeenass@edto&eleﬁufﬂwbreakpoht.%ﬁght
cmwﬂlbemlewnt,sinceweareho!dngtomakenochangem

the volume of our CHIME to the right of F3.

10) Press edit switch 25 (DEPTH parameter) and OBSERVE that
theﬁgMdeptlﬂorOpemtorSmrrenﬂyhasavaheofD-inuﬂwr

words, there is currently no right curve, which is exactly what we

need. However, press the switch again and CHANGE the left SCALE

DEPTH to the maximum value of 99,

1) NuwforthemOmentofu'uth!Phyachmmaﬁcscaleonﬂmkey-
board.starﬁngatCﬁandgohﬁgdawntoCl.andLISTEN{AUDID

CUE 75E), NGTEthatthemiumeofthechinmismchangedmttﬂm

and that it then begins decreasing, until it is completely gone by about

G1. However, this isn't exactly what we had in mind. Ideally, whzt
we'dlikeisﬁﬂlmlumeatFBandnumlumeatES,butsimetheDX?

Cannot give us hard splits, we know that isn't possible, What we'll set-

tle for is a “gray area” centered around F3 of about a balfeoctave, in

which the vohime of the CHIME is noticeably decreasing, while the

volume of the ORCH is noticeably ncreasing: {See Figure 12-49,)

OP 1ANDS:  BmakFPoin

I X
MINIMUM DEPTH [mx

{0y - NO CURVE
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orcH,  ORAY  nMEs

AREA
# OPERATOR 3

OPERATORS [ & 5 M

In order to accomplish this, we'll have to compromise, The method I
recommend is as follows: pick a note, say A#2 in this instance, and tell
yvourself that no matter what, you don’t want to hear any CHIME by
the time yvou reach this note, With this in mind, call up the BREAK
POINT parameter {edit switch 23) and tap A#2 repeatedly (remem-
ber, since keyboard level scaling affects outpat level, it won't change in
real time} while pressing the “ves™ button in order to raise the hreak
point: (See Figure 12-50.)

65 ymimmy

Figure 12-43

ORCH. CHIMES
{Chime T
Completely OPFERATOR 3 .
Gone) / —_— HIT "YES" BUTTON TO
Break —_— MOVE BREAK POINT TO
Point RIGHT.
Figitre 1250

Eventually, the break point will be high encugh that the output of
operator 3 will be completely gone! Try it and LISTEN carefully as
you do so (AHTDIC CUE 75F). You should find that you'll have to raise
the break point for operator 3 10 about A4 in order to best accomplish
this split. Remember - this is a compromise! Yes, the volume of the
CHIME starts decreasing all the way up at A4, but this decrease is
relatively slight at first and it isn't until you reach D4 or so that it starts
to become very noticeable. In any event, you've got most of the upper
two octaves of the keyhoard to work with and play the CHIME part of
the sound. The sound is now completely gone from the kower part of
the keyboard, however, and that was our goal, so pat yourself on the
back (if you can reach that far?}.

12) Okay, the CHIME part of the sound is done, so TURN OFF
operators 3 and 4. We will need to scale both operators 1 and 5 the
satne way, but you'll probably find it easier to just work with one at a
time, so, for now, just TURN ON operators 1 and 2 (you'll want to
keep operator 2 on even though we're not scaling it so that our system
will sound like a string, not just a sine wave}. (L1000

e N e
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13) Make sure you're VIEWing operator 1, press edit switch 23
(BREAK PCINT parameter) and CHANGE this value for operator 1
to F3.

14) What we're looking for, of course, is a decrease in operator I's
output level above F3, and no change below it. Therefore, we want 1o
ensure that there is no keyboard level scaling for the left curve, To ac-
complish that, press edit switch 25 (DEPTH parameter} and OB-
SERVE that the left SCALE DEPTH is currently at 0. In order to set
the right curve, press edit switch 24 (CURVE parameter) and
CHANGE this from its current valye of -EXP to a -LIN curve. Press
edit switch 25 (DEPTH parameter) and enter the raximum valie of
95 for the right curve of operator 1 only.

15) Play a chromatic scale on the keyboard from Cl to C8 and LIS-
TEN (AUDIO CUE 75G). NOTE that our half of the ORCH sound
undergoes no change in volume from Cl to F3 and then, above that
point, begins decreasing in volume. Once again, we will need to select
a note and decide that the sound must be completely gone by that
point. Let's pick D4 for this example. Press edit switch 23 again i or-
det to call up the BREAK POINT parameter for operator 1, and play
D4 repeatedly on the keyboard while pressing the “nd” data entry
button (since this time we'lk have to lower the break point), and LI5-
TEN (AUDIQ CUE 75H). NOTE that in order to accomplish this, the
break point will have to be around G2. Now, we've got our sound
cleanly over the hottom 2 1/2 octaves of our keyboard, with a “pray
area” of half an octave or so, overlapping the “gray area” of operator 3:
(See Figure 12-51,)

afald] 'y

" E— R >
GRAY

HIT "NO" BUTTON TO ORCH. CHIMES
MGVE BREAK POINT AREA {Orch Completaly Gone)
TO LEFT. +— OPlas 4

o

N
Break Point

16) TURN ON operator 5 and TURN OFF operator 2 (100010,
We'l need to enter the same scaling effect for operator 5 as we cur-
rently have for operator 1, and this is the fastest way of doing it. Sim-
ply call up each of the five keyboard level scaling parameters (BREAK
POINT, the two CURVES, and the two DEPTHs) for operator 1 and
CHANGE each of these values for operator 5 so they are the same as
those for operator 1. When you've done that, TURN ON our ORCH
modulators (operators 2 and 6) and LISTEN. You should now be hear-
ing the ORCH sound “split” and Full strength on the lower part of the
keyboard only.

17) TURN ON operators 3 and 4 ("111111"}, play & few licks and LIS-
TEN (AUDIO CUE 75I). Eureka! ORCH in the left hand, CHIMES in
the night! There is a “gray area”, from approxitmately G3 to D4, that
you will want to avoid, but with that cne qualification, we can call this a
successful and wsable keyboard split. (See Figure 12-52.)

Figure 12.5]
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[ORCH |Grey Area || CHIMES
—
4 5 6
| [ | — G2 G3 D4  Ad
11 2]z f OP3
| | | OP1&5
Figure 12-52

18) EXPERIMENT by swapping the split; put the CHIMES on the
lower part of the keyboard and ORCH on the upper. Try settmgup a
“gray area” that is lower down, or higher up, on the keyboard. EX-
PERIMENT further by altering the pitch of either the ORCH or
CHIME (remember Cardinal Rule Three!), EXPERIMENT by caling
up the “TRAIN" preset mentioned above (ROM 14-31 or 3A-30) and
put your DX7 inte edit moede - you should now be able to see clearly
how the splits were accomplished (this sound also uses algorithm #5 -
a real favorite among programmers]). Try modifying this soumd so that
the bell is at the bottom of the keyboard and the whistle ai the top.
EXPERIMENT further by splitting other dual-sound ROM presets,
as cataloged above. With a little practice, this whole procedure will
take only a minute or so, and will greatly enhance the periormance
capabilities of the DX7,

Bear in mind, again, that in order to do a keyboard split, you will need a sound
composed of two or more carriers, with significant differences between the
different systems involved.

We are now at the magic moment where I can happily inform you that we have
covered ALL of the edit parameters on the DX7. So pour yourself a beer, light
a cigar {or, for the more esoteric of you, eat sorme lentils and kight a joss stick),
and congratulations!

Seriously, before moving on to the next chapter, which covers the remaining
Function Contrels, take a little time out to examine the 32 edit parameters -
the blue ones - and make sure you have a fair idea of what each one is sup-
posedtadomdhowaltemguwillalterthesoundynuarecr&atmgnrumdlfy
ing. Modifying a preset, as we have stated earler, is a fairly analytical proce-
dure, and only a clear understanding of 21l the different edit parameters will aid
you in this endeavour. Take your time; go back to the earlier chapters, if

necessary, and be ceriain you have that clear understanding before moving
ahead.
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SWITCHES AND CONTROLS COVERED IN CHAPTER TWELYVE:

SWITCH PARAMETER ' COMMENTS

Edit 23 Break Point Operator-specific;
Range A-1 - C8.

Edit 24 Key Scale Curve Operator-specific;
-LIN, -EXP, +EXP,
or +LIN.

Edit 24 Key Curve Depth Operator-specific;
Range D - 99,



CHAPTER THIRTEEN:
THE FUNCTION CONTROLS

As discussed in Chapter Two, the function controls on the DX7 are global com-
mands, that is, they affect any sound called up in the DX7s edit buffer. The
reason for this is that there is only one function control memory, as opposed
to the thirty-two edit parameter memories (or infernal memory slots) in this
instrument. This single function control memory is protected by the back-up
battery, so changes made to function controls are remembered by the DX7
even after the instzument is turned off. Furthermare, these function controls
are never reset, even upon voice initialization. The voice initialization proce-
dure only resets edif parameters, and there is in fact no way on the DX7 to
reset function controls,

We've mentioned from time to time that the DX7 was the first in this family of
machines, and so is somewhat more limited than subsequent Yamaha digital
FM synthesizers. Regarding the function controls, this is true vet again, In
most of these later machines, including the TX MIDI rack, there is 2 function
control memory for each of the thirty-two voice memories, so that fmction
controls become voice-linked. You can add this capability to your DX7 by ad-
ding on a Yamaha device called the TX7 - which adds thirty-two extra voice
memories and sixty-four extra function memories (32 for the 32 TX7 voices
and 32 for the DX7 voices), but we'll talk mere about this device in Chapter
Sixteen (Other Digital FM Instruments),

Fortunately, for the most part, the function controls do not involve critical
parameters. They concern themselves with various “house-keeping” jobs
such as the mass transfer of data to or from cartridges, or they have to do with
non-critical voice controls, such as portamento and pitch-bending,

In Chapter Two you were not only introduced to one of these function
parameters - Master Tune Adjust (function switch 1) - but we also discussed
the fact that the data entry slider remains active for the kst function control
ﬁewedevenaﬂeryuuexitﬁnmﬁonnmdeandremmtophymode. If you dom’t
remember about this, or if you've skipped zhead to this poirtt, I strongly ad-
vise you to go back and review this section . We pointed out the

problems inherert in this design, but somewhat sneakily didn't tell you that
therewasawayamtmdit.Andthesoluﬁonissimple-takealookathowwur
back-up battery is doing!

Function switch 14: Battery Check

This parameter allows you to see how much voltage is currently m your DX7’s
back-up battery, allowing you to instantly know the strength of the battery.
This important component ensufes that the sounds you store in yotr internai
memory remain there even if you turn the machine off or unplug it. The bat-
tery also protects the contents of the edy vecall buffer as well as the function
control memory. Wher you buy a new DX7, the battery shouid owtput 34 - 3.5
. As the machine gets older, this voltage will drop. When it gets dowm to
2.2 wolts, you will need to have the battery replaced at your local Authotized
Service Center, Sice the battery is meant to have an approximate life of five
vears, and since, at the time of this writing, DX7's haven't been around for five
years, very few people have had to deal with this so far, (Those that have have
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FUNCTION CONTROL
BATTERY VOLT = 3.1

Figure13-1

undoubtedly had a defective battery or a defective DX7). The battery is
rechargedbythepowerbemgon,mstasacarhatter}rls recharged by the en-
gine running, so if you don't use your DX7 for an extended period of time, the
battery will run down sooner than another one living in a frequently used in-
strument. To this end, if you find yourself owning a DX7 and not using it too
often (shame on youl} vou should at least plug it m and turn it on for a few
hours once a week or so.

Put your DX7 into function mode and press switch 4. Your LCD should
say:{See Figure 13-1.)

with a voltage reading somewhere in the 2.2 - 3.5 range. Try moving the data
entry slider. Otwiously, nrothing happens - we can't enter a woltage setting.
The point here is that we have effectively DISABLED the data entry slider. If
you now return your DX7 to play mode, you'll find that jigpling the data emry
slider has no effect whatsoever on anything. And that's probably fust the way
you'll want things most of the time, So, my advice (and Yamaha's) is: ALWAYS
CHECK YOUR BATTERY BEFORE LEAVING FUNCTION MODE AND
RETURNING TO PLAY MODE. This will ensure that the data entry sBdar
can't affect the sound. Of course, if you're leaving function mode and returning
to edit mode, vou don’t have to worry, since obviously the data entry slider
will now bacome active for the first edit parameter you call up. The problem of
having a potentially active data entry slider in play mode doesn't exist when
you go to play mode from edit mode, only when you are coming directly from
function mode to play mode.,

As proof positive that this actually works, go all the way back to Exercise 4 i
Chapter Twe and reda it. This time, however, before returning

to play mode (step 7), press function switch 14 in order to check your battery.
Now go to step 7, call up some different presets and OBSERVE that the data
entry slider now DOES NOT alter their tuning. If vou don't check the hattery,
you'll find that the slider alters the turing of any sound you call up. Since this is
a digital synthesizer, with ahsolutely no drifting problems, you will have no
need to quickly want to slightly alter the tunings of different sounds, as you
might well need to with an analog synthesizer.

Function switch 2: Poly/Mono Mode

This switch allows us to use our DX7 as either a polyphonic synthesizer or as a
monephonic synthesizer. The “yes” - “nd” buttons or the data entry shder will
allow you to choose either of these two mdes, In polyphonic mode ("POLY”
mode) - which is the way we've been using the DX7 throughout this book - we
can play up to 16 notes at a ime and the internal mudtiplexing system sorts out
all the complex voice assignments. In monophonic mode, there is no mul-
tiplexing and we can ¢nly play one note at a time as our stupid computer gets
even more stupid and can only handle one equation at a time. Why would you
ever want to take a 16-woice polyphonic synthesizer and use it as a single-voice
monophonic synth?

There are actually two potential reasens why. The first of these has to do with
the fact that (don’t get insulted now!) your keyboard technique may not be ab-
golutely perfect. If you are, for example, trying to simulate a naturally
monophenic instrument (and there are many acoustic instrurnents which can
only ever play one note at a time - like all wind instruments) on your DX7, then
playing in palyphonic mode will tend to highlight your flaws In technique. Put-
ting the DX7 into monophonic mode, however, will allow the computer to com-

pensate for your own human shortcomings znd will ensure that only one note
at 2 time is ever heard:

EXERCISE 76
Poly/Mono mode with “FLUTE 1”:

1 Put your DX7 into cartvidge play mode and call up ROM 1A-24 or
ROM 3A1: the “FLUTE 1" preset.
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&) Your DX7? should currently be in POLY mode. Use the function
mode select switch in order to put it into function mode, and press
switch 2 to confirm. Your LCD should look like this: {See Figure
13'2-)

Of course, alternatively, vou could just play a chord on your DX7 and
OBSERVE whether all the notes have sounded. If they did, you know
you're in POLY mode!

3) Since this is a flute sound, play a flute-fike pattern on the key-
board, and try to play it slopplly - pretend that your keyboard tech-
nique is less than perfect even if it is perfect! LISTEN (AUDIQ CUE
TaA).

4) Now put your DX7 into MONO mode by pressing function switch
2and the “yes” button, Play the same lick again, and do it just as
sloppily as before, LISTEN (AUDIQ CUE 76B). NOTE that it doesn't
sound sloppy at all! Even though you may have pressed more than one

node at a given time, the microprocessor only plaved one af those
notes for us.

The second reason for perhaps wanting to work in MONO mode has to do
with finction switch 5, PORTAMENTO MODE, which we will be discussing
shortly.

Bear in mind that putting your DX7 into MONO mode makes it menophoric

ﬁ:rallsoundsyouca]lup,andthatitwillnowstaythatwayuntilyourestoreit
back to POLY mode.

Function switches 3 and 4: Pitch bend wheel
controls:

We learned in Chapter Eleven that the use of EG bias modulation allows us
real-time control over the whime andfor timbre of a sound. At that time we
also mentioned that real-time control over the pitch was possible elsewhere
and this is precisely the purpose of a device known as the piich-bend wheel.

The pitch-bend whee] dates back to one of the earliest commercially available
woltage-controlied analog synthesizers, the MiniMoog. Some fifteen years
later, most synth manufacturers still wouldn’t dream of making an instrument
without one! In an analog synthesizer, the pitch bend wheel is a device which
sends either positive or negative control voltage to the zudic pscillators, de-
pending upon whether the wheel is moved up or down from its indented cen-
ter position. This will have the effect of causing the oscillators to raise or lower
the speed of their oscillations, thereby “bending” the pitch, just as a guitarist
can raise or lower the pitch of a string by physically bending it.

Our DX7, heing a digital synthesizer, wouldn't know what to do with a control
voltage if it came up and bit it! But we do abserve a pitch bend wheel on this
instrument, nonetheless. In this instance, the positive and negative voltages
generated by our pitch bend wheel are converted by a huilt-in ADC (analog to-
digital converter; see Chapter Orne if this concept is unfasmiliar to you) into cig-
ital data - pasitive or negative numbers - which are fed to the pitch inputs of
our six operators, causing yet another form of pitch modulation. As with EC-
or LFQ-induced pitch modulations, this is non-operator specific, for the same
reasons. Therefore, the action of the pitch bend wheel will abways affect all six
operators simultanecusly, » and will thus always have the effect of causing a real-
time pitch change only.

We are provided with two different pitch bend wheel controls: RANGE and
STEP, function switches 3 and 4, respectively.

Let's start with function switch 3, the pitch bend RANGE control, Using our
data entry slider, we can enter in any number from 0 to 12, and this number
represents the RANGE of our pitch bend wheel, in semitones (that is, half-
steps}. Therefore, entering a value of 1 means that our pitch bend wheel will
only cause a pitch change of one semitone (one hali-step) in each direction.

Figure 13-2
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Put your DX7 into function mode, press switch 3, and try it! Simnilarly, entering
a value of 2 will allow it to bend the pitch a full tone {full step) in each direction,
Entering the maximurn value of 12 will allow it the maximum range of a full oc-
tave (12 semitones, or half-steps) in each direction, and entering the mimrmim
value of 0 will cause it to not work at all!

If we decide to enter a pitch bend RANGE value of 12, then we have the op-
tion to use function switch 4, the STEP control. This switch will determine
how the pitch bend wheel changes pitch over its full octave range. Again, we
can enter any value from 0 to 12, corresponding 1o semitones. Entering a
value of 1 here, for example, will cause the pitch wheel to change in quantized
semi-tone steps; entering a vahie of 2 will cause a change in full-tone steps.
Similarly, entering the maximuwm value of 12 will cause the pitch bend wheel to
jurnp the pitch from your starting pitch straight up to the octave, with no nates
in-hetween: (See Figure 13-3.)

as entering the minimum vahue of 0 will allow for 2 smooth pitch change that
is not quantized at all: {See Figure 13-4.}

Remember that the STEP control only works if the RANGE control is set at
the mazdmum value of 12. The converse is unfortunztely also true: if the
STEP control is anything other than 0, the RANGE control will “freeze” at
12. You won't be able to change it at all until you go back and restore the STEP
to 0. Let's run an Exercise and try and “fool” the cormputer:

EXERCISE 77
Pitch bend wheel controls:

1) Put your DX7 into cartridge play mode and call up “E.FIANC 1"
{ROM 1A-11 or 34-8).

2) Put your DX7 into function mode and press function switch 3 (P
WHEEL RANGE control). Use the data entry section to enter a
value of 2. Play 2 note and bend the pitch wheel up and down to its
maximum and, minimum settings and NOTE that our sound now
“bends” in pitch over a range of a full tone in each direction (AUDIO
CUE 77A).

3) Now press function switch 4 (P WHEEL STEP control) and use
the data entry shder to enter a value of 4. NOTE that this value is ac-
cepted with no problem. But how can this be? First of all, we just
learned that the STEP control only works if the RANGE control is at
its maximum value of 12, and we know that we just entered in a value
of 2. Second of all, how can we possibly bend our pitch a tone m each
direction with a STEP of two tones?? The answer lies in the fact that,
like Mother Nature, you car't fool your DX7:

4) Press function switch 3 once again and OBSERVE that the
RANGE control has been automatically reset to its maxinum value of
12, Any time you enter aniy STEP value greater than 0, no matter
what the current RANGE value is, the DX7 will reset it to 12. Play a
note whilst moving the pitch bend wheel and LISTEN (AUDIO CUE
778). NOTE that our pitch wheel now bends the pitch up and down
over a range of a full octave, with three two-tane incremental STEPs.
Gi.e. if you play a C3, the wheel will hend to E3, G#3, and C4 only,
with no in-between notes).

5} Because the STEP value is currently greater than 0 {4, in fact),
we have learned that the RANGE control should now be frozen at 12.
Try CHANGING the RANGE value and OBSERVE that it can't be
done! In order to “un-freeze” this control, we'll have to go back to the
STEP control and enter a value of 0, Let's do just that: Press function
switch 4 (STEP) and enter a value of 0. Now go back to function
gwitch 3 (RANGE) and OBSERVE that it works normally and that
you are once again free to enter any vafue between 0 and 12.
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Function switches 5, 6, and 7: Portamento controls

These controls all have to do with the portaments and glissando effects we can
generate on the DX7. Porlaments is a smooth glide between notes, and glis-
sandy is a glide between notes which is quantized in semito=es (hali-step in-
tervals). In both instances, we can control the speed of this glide with func-
tion switch 7, PORTAMENTO TIME.

The range of this control is 0 to 99, and whoever designed this was abvioushy
noet the person who wrote the EG software for the DX7, In our EG rates, you
may remember, () represented the slowest rate and 99 the fastest. With our
PORTAMENTO TIME control, however, things ate exactly the opposite: a
PORTAMENTOQ TIME of { is the fastest time and effectively means no por-
tamento. A PORTAMENTO TIME of 99, on the other hand, is the slowest
portamento time,

The DX7 portamento time does not exhibit what is called constant velocity;
that is, the absolute speed of the portamento is determined solely by the dis-
tance that must be traveled. If you play a C1, for example, and then play a C5,
any given PORTAMENTO TIME value will take far longer than if you play a
5, followed by a C6. Some other synthesizers have a so-called 'constant ve-
locity” control in which the portamento time is absolute, no matter how
great the distance, In that event, even though C1 to C6 is a far greater dis-
tance than C5 to C6, the glide would take the same absohite amount of time
since the micropracessor would simply compensate and make the C1 to C6
rate a faster one. Agrin, our DX7 does not have this control, so don't wWorTy
about it too much.

It’s pretty simple to Aigure out whether the DX7 will glide up to or down to a
particular note if you're anly playing one note at a time, The voice assignment
system will simply remember whether the previous note was higher or lower
than the new note and will glide equivalently: (See Figure 13-5A and B.)

f

LAST NOTE NEW NOTE NEWNOTE LAST NOTE PLAYED
PLAYED W SHE
NOTE WILL GLIDE UP NOTE WILL GLIDE DOWN
13-5(A) 13-5(B)
Figure 13-5

Where things get tricky, however, is when we use the glide control poly-
phonically. Polyphonic glide is a feature not always found on polyphonic syn-
thesizers, and the main reason for this is that the instrument's voice assign-
ment circuitry has to do some pretty fancy footwork in order to decide which
notes to glide up to and which to glide down to.

I must confess that, even after many thousands of hours spent with this in-
strument, I have still not completely deciphered the portamento logic being
used. There are a couple of basic rules, however, that seem to always be fol-
lowed, and these may help enlighten you:

1) Even though our DX7 thinks there are notes above C5 and below
C1 (see Chapter 12}, it will nonetheless always glide up to C6 and
down to C1.
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2) Ifthere are notes currently being held down and you add new
notes, the glide will be from the old notes, but only the first time you

add these new notes. After that, it's pretty unpredictable. (See Fig-
ure 13-6.)

NOTES HELD DOWN

NEW NOTE

GLIDE WILL BE UP,
BUT QNLY FIRST TIME
NEW NOTE 1§ STRUCK.

Figure13-6

3} If you simply strike a single key repeatedly, it wor't glide at al
(i.e. it glides from itself) after the mitial key depression. However, if
you play a chord repeatedly, the glides will be unpredictable and will
almost certainly not be the same every time: (See Figure 137)

NOTES STRUCK REPEATEDLY

@‘ jﬁ'}y
GLII‘}ES\ //GZDE.S

GLIDES WILL BE UNPREDICTABLE

Figure13-7

Of course, it's entirely possible that the complete portamento process is illogi-
cal in places, and that a random “seed” has been planted by the Yamaha
programmers in order to keep us honest. Even if this isn't the case, for the
sake of your sanity, I advise you to regard portamento that way. If you try to
predict whether a given glide will be up or dovn, [ venture that you will be
right 50% of the time and wroeng the oiher 50%, over the long haul. So nmy ad-
vice is - dor't bother trying.

Function switch 7, then, determines our relative PORTAMENTO TIME and
alsc allows us to not use any portamento effects, by simply entering a value of
0 (since the fastest portamento time is faster than we meere humans can de-
tect). Function switch 6 (labeled GLISSANDO) determines whether we will
have a portamento or a glissando effect. This is a simple on-off control; (See
Figure 13-3,)
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FUNCTION CONTROL
MODE GLISSANDO = OFF

FUNCTION CONTROL
GLISSANDQ = ON

Figure13-8

and turning “GLISSANDO = ON" (with either the “yes” data entry button
ot by moving the data entry slider) will cause us to have a quantized por-
tamento, or glissando effect. Again, whatever value was entered into the
PORTAMENTO TIME control will alse determine the telative (non-constant)
glissando time, If “GLISSANDO = OFF", then we will have a non-quantized
smooth portamento, as before,

I think that this switch might have been easier to deal with if it simply toggled
between a display that read “PORTAMENTO" and one that read “GLIS-
SANDQ" instead of giving us an cn-off switch, but that’s another one for the
Yamaha suggestion box...

Finally, we come to the last (or, actually, first) of our PORTAMENTO controls,
function switch 5, labeled MODE. This switch determines the action of the
sustain pedal when using portamento effects in POLY mode, or the action of
KEY ON/OFF flags, when in MONO mode.

This cottral will yield the following two LCD displays (you can toggle between
them with the “yes” - “nd” buttons or the data entry slider) when using the
DX7 polyphonically: {See Figure 13-9.)

FUNCTION CONTROL
POLY MODE

5 s

FUNCTION CONTROL
MODE SUS-KEY P RETAIN

FUNCTION CONTROL
SUS-KEY P FOLLOW

Figure 13-9
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and the following two LCD displays when working monophonically: (See
Figure 13-10.)

Figure 13-11

FUNCTION CONTRCOL
MONO MODE
5 5 FUNCTION CONTROL
MODE FINGERED PORTA
FUNCTION CONTROL
FULL TIME FORTA
Figure 13-10

Let’s discuss the polyphonic options first, since that’s the way you'll probably
use vour DX7 most of the time. First of all, vour sustain pedal can be used two
different ways, depending upon which jack you plug it into on the back of your
machine: (See Figure 13-11.)

If it’s plugged into the “portamento” input, then it will act as a portamento on-
off switch. When your foot is actually on the pedal, you will get whatever
PORTAMENTO TIME you preset with function switch 7. When your foot is
off the pedal, the portamento time will be equivalent to 0 (that is, no por-
tamento) regardless of the value entered in the PORTAMENTO TIME
control.

That’s a valid use of the pedal, and will allow you to bring portamento and glis-
sando effects in and out very quickly and in real time. But the MODE switch
(function switch 5) only has to do with the actions of the pedal if it is plugged
into the “sustain” jack and is truly being used for its sustain function, as out-
lined in Chapter Nine. If this is the way that you are currently using this pedal,
then your PORTAMENTO MODE options (as shown in the LCD) are *SUS-
KEY P RETAIN" and “SUS-KEY P FOLLOW". In this instance, “SUS”
stands for sustain, “KEY" stands for keyboard, and “P" stands for pitch. So
what are LCD is really saying is: “Sustain keyboard pitch retain” and “Sustain
keyboard pitch follow”. The difference between these two modes is quite sim-
ple, and can best be demonstrated with an exercise:

EXERCISE 78
Polyphonic portamento modes:

1, Put your DX7 into cartridge play mode and call up the “PIPES 1"
preset (ROM 1A-18 or 3A-10). Make sure your DX7 is in polyphonic
mode (function switch 2) and make sure your sustain pedal is plugged
into the “sustain” jack on the back of your machine.

2) Press function switch 7 (PORTAMENTO TIME control) and en-
ter a value of 85.

3) Press function switch 6 (GLISSANDO) and turn this ON. This
will give us a quantized, glissando effect.

4) Press function switch 5 (MODE) and use the appropriate data en-
try control to enter “SUS-KEY P RETAIN",

5) Play a three- or four-note chord in the bottom octave of your key-
board and LISTEN (AUDIO CUE 78A). NOTE that some notes may
glide up to their pitch and others may glide down (but that they all
glide in half-steps, or semitones, since we have set GLISSANDO =
ON). Keep the chord held down and depress the sustain pedal.

NOTE that the sound continues at the same volume - this is because
L3 in all the carrier’s EGs is quite high.
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6) While keeping your foot on the sustain pedal, and while still hear-
ing the previous chord, play another three- or four-note cherd, this
time in the top octave of the keyboard and LISTEN (ALIDIO CUE
78B). NOTE that we continue to hear the old chord even as the new
chord glides up to its pitches and sustains . The “SUS-KEY P RE-
TAIN" aption, then, ensures that we will always hear the 16 most re-
cent notes played, regardless of any portamento or glissando effects,
7) Release the sustain pedal. Press function switch 5 again and this
time press the “yes” button in order to change this to “SUS-KEY P
FOLLOW",

8) Repeat steps 5 and 6 above and LISTEN (AUDIO CUE 78C).
NOTE that this time, the new chord follows from the old one, and that
previous notes are not retained. With this setting, we will only ever
hear the most recent note or notes (if they are plaved simultanecusiy)
that are played, and we can be certain that they will always glide from
the previous note ar notes played.

Note that the PORTAMENTO MODE controls i polyphenic mede (“SUS-
KEY P RETAIN" and “SUS-KEY P FOLLOW") have no effect whatsoever if
you are not stepping on the sustain pedal or if it isn't plugged into the “sustain”
jack.

Now let’s discuss the portamento MODE options available to us in MONG
mode. Here we have & choice of either “FULL TIME PORTA’ or “FIN-
GERED PORTX". The difference between these has to do essentially with
whether the DX7 microprocessor senses a new KEY ON flag (see Chapler
Nmeifﬂﬁsduesn'tsom'ldfamiﬁar) before it senses a KEY OFF flag - in other
words, are you still holding down a key when you play another key, or not? In
FULL TIME PORTA, it won't matter. You'll get whatever portamento or ghis-
sando tune you preset with function switch 7 In FINGERED PORTA, how-
ever, it matters z lot. IfaKEYOFFisdetectedbetweenKEYONsﬁnother
words, if you play notes stacatto), then the portamento or glissando time is as-
sumed to be 0, ornupuﬂmnenta.ﬁnmeotherhand.iftwoKEYONﬂagsam
detected without a KEY OFF in-between (in ather words, if you play notes
legato), then the PORTA TIME is whatever you preset it to be, This is one of
these things that's easier to hear than to explain, so let’s just run an exercise
and try it

EXERCISE 79

Monophonic portamento modes:

1} As before, put your DX7 mto cartridge play mode and call up the
“PIPES 1" preset (ROM 1418 or ROM 3A.10),

2) Press function switch 7 (PORTAMENTO TIME controb and en-
ter a vatue of 85. Press function switch & (GLISSANDO) and turn this
OFF. This will give us a smooth, non-quantized portamento effect.

3) Press function switch 2 (POLY/MONO} and press the "yes” but-
ton to make your DX7 MONOphonic. Press function switch 5 and
OBSERVE the two different options now available to us: "FULL
TIME PORTX' or “FINGERED PORTA" Use the appropriate data
entry switch to CHANGE this to “FULL TIME PORTY" Play a few
notes on the keyboard and LISTEN (AUDIO CUE 79A). NOTE that
regardless of which notes you play, and whether they are played shar-
ply (stacatto) or slowly (egato), we always hear the same GLIS-
SANDQ tirne

4) Press the “ng” button in order to change the PORTAMENTO
MODE (function switch 5) to “FINGERED PORTA". Now play
several different notes on the keyboard sharply, taking care to release
each before you play the next one, and LISTEN (AUDIO CUE T9B).
NOTE that we now have no glissando whatever. Play the same series
ofnoteshutthisﬁmedmftmleaseakeybeforeplayhgthenextkey-
in other words, play this series of notes legato. LISTEN (AUDIO
CUE 79C), NOTE that we now hear the glissando effact we heard in
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step 9 above. In monophonic mode, then, the PORTAMENTO
MODE control allows us to get poriamento or glissando effects, but
only if we play notes legato. This will allow you to bring these effects
in and out solely by your keyboard technique. With a Ettle practice,
you'll find that you ¢an bring this in and out at will (AUDIO CUE 78D).

The use of the "FINGERED PORTA’ contrel with functon switch 5, then, is

the other reason why you might want to occasionally play your DX7 in MONO
mode, since this control is not available when working polyphonically.

Finally, be aware that, as for any other function control, the data entry slider
will remain active for the last PORTAMENTO control you were viewing
(MODE, GLISSANDO, or TIME) when you return to play mode, if you don't
check your battery (function switch 14) in-betweern.

Function switch 8, which is unlabelad, is the DX7 MIDI switch, and its actions
will be covered in great detail in the next chapter. Function switches 9 (EDIT
RECALLY and 10 (VOICE INIT) have already been discussed in preceding
chapters (see Chapter Eight for EDIT RECALL and Chapter Four for VOICE
INIT), so we won't go into them here,

All of which brings us to function switches 11, 12, and 13, which are all unla-
beled and which all do the zame thing: CARTRIDGE FORMATTING.

For all practical purposes, these switches are probably reserved for future use
since you won't need to ever use them if you work with most Yamaha RAM
cartridges. However, if you buy third-party RAM cartridges, or if you some-
how manage to get one of the very earliest batch of Yamaha RAMs (which is
extremely unlikely), you may well have to use one of these controls to format,
of otganize the memory logic of these cartridges, before you can use them to
store DX7 data. Also, if 2 RAM cartridge seems to be severely screwing up
(giving you weird characters or changing veice data), this may be a last-resort
act of desperation which might get it working OK again. But be careful - the
act of formatting with this switch will cause all 32 cartridge memory slots to
INITIALIZE. That means that any data stored in the cartridge will be erased
and replaced with the initialization defaults, and you'll end up with a RAM car-
tridge full of sine waves, all named “INIT YOICE". This isn't a particularly
desirable thing to do by accident to a RAM cartridge containing 32 of your fa-
vorite sounds! Fortunately, even if you accidentally hit this switch, you'd still
have to accidentally answer “yes” to the “CARTRIDGE FORMAT?” ques-
tion, and both the software and hardware cartridge memory protections would
have to accidentally be “off” for this to happen. So I wouldn't lose any skeep
over it, More than likely, you won't need to use these controls much.

Function switch 14 (BATTERY CHECK) was covered earlier in this chapter;
again, pressing this switch has the action of deactivating the data entry
slider when you return to play mode. Se check your battery often!

And, finally, we come to:

Function switches 15 and 16: Cartridge Save and Car-
tridge Load:

These switches are used for bulk data iransfers, and allow you to move voice

data (edit parameters only, remember!) reganding 32 voices at a time o or
from a cartridge.

In Chapter Eight we learned the storage procedure for the DX7 and thig al-
lowed us to save any one vuice to any one memary slot, either in the internal
or RAM cartridge memory. These two switches, on the other hand, allow us
to save amy thirty-two voices, en masse, to either the internal or cartridge
memory, Of course, deing so will always erase the current contents of the
receiving memory, so you have to approach these switches with caution.

Function switch 15 (CARTRIDGE SAVE) will take the thirty-two voices cur-
rently in your machine's internal memory and copy them to a RAM car-
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tridge currently in the slot. Of course, the cartridge metnory protection, both
in hardware (the switch on the cartridge itself) and software (the MEMORY
PROTECT switch on the DX?7), must be OFF for this transfer to be allowed,
In the process, the entire RAM cartridge memory will be erased and replaced
by 2 copy of what's currertly in your internal memory. This procedure will not
affect the data in your DX7's internal memory in any way. So this would be 5
useful thing to do if, say, you have a recording session tomorrow moming and
you know that the studio has their own DX7, Instead of schlepping yours to the
gig. all you have to do is pmgmmthesoundsyouthjnkwu'ﬂneedmﬁyour
machine’s internal memory, put a blank (or expendable} RAM in the slot, and
press function switch 15. The LCD will ask you “SAVE MEMORY - ALL OF
MEMORY?" and you'll have the chance to say “no” if you want to bail out. If
you 82y “yes’, then in a matter of a second or two, your RAM will be loaded
with all thirty-two sounds, and you just slip it in your back pocket the next day
and teke it to the gig. When you pop it into the studio’s DX7 all of your sounds

will come up exactly as you had programmed them the night before on your
own machine,

Function switch 16, CARTRIDGE LOAD, does exactly the opposite - it will
copy the contents of any cartridge - RAM or ROM - that is currently in the
slot and put that data into your machine’s internal tmemory. Again, this will
only work if your DX7’s internal memory protection is OFF, Again, this will
completely erase the contents of your internal memory and replace them with
the cartridge voice data. And again, this procedure will in no way affect the
cartridge itself. This procedure may be useful if, for €xample, you have a gig
where you know you'll need thirty-two criginal sounds but also a couple of
ROM presets as well. In order to save yourself popping cartridges in and ont
of the machine all night, you simply LOAD the contents of your RAM car-
tridge containing the original sounds, and keep a ROM in the slot. This is also
the procedure used by Yamaha just before each DX7 leaves the factory in or-
der to load what are called the master group of presets (ROM 1A for interna-
tional achines and ROM 3A for American machines) into the internal mem-
ory. The reason they do this is so that brand-new DX7 owners everywhere
can pull theit machine out of the box and hear some sounds right away, with-
out having to read the manual or - gulp! - this book!

The entire lower row of function controls - switches 17 through 32 - were dis-

cussed fully in Chapters Ten and Eleven, so, once again, we have no need to
cover them here.

And, in the immortal words of P-P-P-Porky the P-P-P-Pig, that’s all, folks! We
have now covered every single switch and contrs! on the DX7. In the next
chapter, we will be talking about ways that our DX7 can comnunicate with
other synthesizets, and with computers. Here we are, at the end of a long and
hopefully pleasant journey, so, good luck, geod programming, and keep those
good sounds coming!!
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SWITCHES AND CONTROLS COVERED IN CHAPTER THIRTEEN:

SWITCH PARAMETER COMMENTS
Function 14 Battery Check Disables data
entry slider.
Function 2 PolyMono POLY (16 voice)
or MONGO (I voice)
Function 3 Pitch Wheel Range 0 to 12 semifones
Function 4 Pitch Wheel Stop 0 to 12 semitones
Function 5 Portamento Mode "SUS-KEY PRETAIN" or
"SUS-KEY P FOLLOW"
in POLY mode;
"FULL TIME PORTA" or
"FINGERED PORTA"
in MONO mode.
Function 6 Glissando "On'" or "Off".
Function 7 Portamento Time Range 0 - 99;
also affects Glissando
Function 11, 12, 13 Cartridge Format Reformats RAM cartridge
Function 15 Cartridge Save Bulk data transfer,
Internal-to-RAM
Function 16 Cariridge Load Bulk data transfer,

Cartridge-to-Internal

E— E ] I L] ] . . — —— — —— — —



CHAPTER FOURTEEN: MIDI

Lack of standandization has been a prohlern which has plagued every con-
sumer industry almost since the day the first consumer appeared on this earth
- one sometimes wonders if the Neanderthals had trouble getting spare parts
for their clubs! In no industry, however, has this created more headaches and
gray hairs than in the computer industry,

MIDM was bern in a valiant attempt to solve this problem, at least in so far as
computerized synthesizers were concerned. To a large degree it has suc-
ceeded. But one could make a good case that MIDI has caused as many prob-
lems as it has solved. Confused? Let's start at the beginning:

First of all, the word MIDI is an acromym for the Musical Instrurment Digital
Interface, The term “interface” is common computerese for any hardware or
software device that allows two pieces of equiproent to work together, For ex-
ample, between a computer and 2 printer, one needs an interface, which may
consist of anything from a simple cable to a complex logic circuit board. Tn a
similar manner, the interface between & record player and your ears is a cotn-
phicated system of equipment, including an amplifiet, loudspeakers, and
several interconnecting wires (see Chapter One for a thorough descripticn of
tlus process). In the instance of MIDL, the “interface” is two thirgs: a stam-
dardized type of required hardware (here we are talldng about the MIDI trans-
taitter, receiver, and connecting cables), and a common saftware language
which will allow synthesizers of all varieties, even those made by different
manufacturers, to communicate and work with one another,

Qtﬁﬁeshnply,thekeytaunderstandingl\ﬂDlistothinkufitasbeingalan—
guage. Assuming you are currently reading the original English version of this
book,thereasonmuareabletomdersmndﬂmsemrdaandwurkwilhthe

i ﬁunmﬂahedhthesepagesisbemuse&esewordsarewﬁttenhthe
English language, and because you undarstand the English language.

Simﬂarly,ifmtaketwsmthesizerswhichbothhmbeenpmgmmnedtﬂ
“speak” and “understand” MIDY, they will be able to commumicate with one
another. How does this work?

“El.wehawdiscussedthefmthattoda}r,aﬂmthesizemofanwpesm
one very important thing in common: they all contain mecroprocessors. In the
case of the DX7, this wonderful circuit is actually responsible for creating the
ultimate sounds we hear. In the case of analog synthesizers, the microproces-
sor will be performing much simpler “housekeeping” tasks, like calling up
diﬁerentmltagesebﬁngsandsmﬁngﬂmmmmemrysbm,orkeepingm
of which notes are depressed on the keyboard and when (again, refer to Chap-
tserOneforadetaﬂeddiscussionoftl'ﬁs).'l‘hepuintis,nnnmt!erwhatdi&r—
ent tasks the digital circuitry is responsible for, the important fact remaing that
a microprocessor is present in all these different machines,
Anotherthingwhaveleamadisthatmicmpmcessms"thjnk"onlyinterms
of num - specifically, ones and zeroes, It is this feature which aliows data
storedhmmputermmoﬁestobetmnsfenedtoothermmﬂem.%‘waﬂ
encountered this when we've gone to our bank and the teller has turned to a
computer in order to find out our balance. What the teller is actually doing is
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quite interesting: He or she is using a computer terminal to telephone (via a
device called a modem ) a large central computer in which all the bank's cus-
tomers current halances are stored. Similarly, when you po to a travel agent
and their computer is able to instantly determine if a seat is available on a flight
you wish to take, a central computer is also being “interrogated” via standard
telephone lines. This central computer contains up-to-the-minute data regard-
ing all major airline flight beokings. The modem (which is short for
“MOdulator-DEModulator™) takes the digital commands sent out by the com-
puter terminal and routes them through a DAC, converting them to electrical
signal, which is then modulated (sound familiar?) by a steady audio tone. This
modulated audio signal is then passed down standand telephone wiring where
it is de-modulated st the other end: the steady audio signal is fitered out and

the changing electrical signal is fed to an ADC, which converts it back into the
original ones and zeroes!

Ah, the wonders of modern technology! All this so they can still screw up your
bank staternent st the end of the month! Anyway, [ digress...

The point here 1s that computer data is very highly standardized: when you
get down to i, all it consists of is a stream of ones and zeroes. Therefors, in
order to use this data, we need to pre-program the different microprocessors
(the logic circuits) within different computers so that they can consistently
make sense of all these ones and zeroes. In order to do that, we need alan-
guage. If the microprocessor m synthesizer A can send out its stored dataina
particular format that the microprocessor in synthesizer B can understand,
and vice versa - well, then, we have COMMUNICATION. And that's precisely
what MIDI is - a standardized format for communicating synthesizer data,
which allows all these different instruments to interface {(work with) one
another.

The concept of MIDI was actually born in a large polyphonic analog syn-
thesizer calied the Prophet-1), made by Sequential Circuits. This cumabersome
machine (originally introduced in 1981 and manufactured until 1963) was es-
gentially two Prophet-5s in one box, Each had its own keyboard, and the in-
strument also contained a polyphoric digital sequencer whieh could act as a
master controller. A sequencer is 4 device which acts something like a tape
recorder (ever though it doesn't use tape, but digital memory instead) in or-
der to remember notes played and timing values between the notes plaved. In
any event, the interesting idea behind the Prophet-10 was that each of the two
independent synthesizers init, as well as the sequencer, could interact with
one another in various different ways. What this instrument contained, then,
were three independent microprocessors that needed to COMMUNICATE
with one another and be able to send data stored in each of the three indepen-
dent memories back and forth to one another; (See Figure 14-1.)

Since at that time there was no standardized means of accomplishing this, the
software engineers at Sequential simply went ahead and invented their own
frofocol (a set of niles for doing things) for achieving these internal data trans-
fers. Every language has its own particular protocol - for example, in the Eng-
lish language we know that every sentence must begin with a capital letter and
must end with either a period, question mark, or exclamation point, In the
spoken English language, it is understood that when asking a question, one
raises pitch at the end of sentence, and when making a statement, one lowers
pitch at the end of a sentence (iry it - you'll find that you sound awful funny if
you consdously break these rules). Similarly, the Sequential engineers had to
not only organize the internal synthesizer data in such a way that all three
microprocessors could nse it, but also had to invent rules for transmitting and
receiving such data. For example, there had to be a particular number which
meant “beginning of statement™ and a different number which meant “end of
statement”, There had to be identification numbers which, for example, let
microprocessor 1 know that it was hearing from microprocessor 2 and not
microprocessor 3. Thete had to be nurnbers which signified requests for
specific data, and others which signified acknowledgements of data or data er-
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rors received. In short, an entire new language had to be invented from
scratch!

At the time when all this was being developed (the early ‘80s), it was becom-
ing apparent that soon all synthesizers of all types would have microprocessors
onboard - and there were hints that the affordable digital synthesizers of today
were just around the corner. The forward-thinking executives of Sequential
realized that this provided the potential for some kind of universal interface
which would allow all these disparate instruments to communicate data back
and forth, and, perhaps more importantly, to allow them all to communicate
with standard personal computers, The rise of the computer industry in the
last two decades has unquestionably been the most dramatic of any industry in
human history - and one that has had perhaps the greatest impact on our
everyday lives. Several different synthesizer manufacturers - Sequential,
Oberheim, and Roland, among others - saw the great opportunity being
presented: that of tying in the relatively small synthesizer industry with the
massively greater computer industry - and, to their credit, they did not keep
the idea to themselves.

Instead, at the 1981 Audio Engineering Society convention in New York, the
president of Sequential Circuits, Dave Smith, presented a paper outlining Se-
quential's work with the Prophet-10 and proposing a universal standard inter-
face (at that time, actually called the USI!) that could be adopted by all syn-
thesizer manufacturers. This original proposal was then passed on to the large
Japanese synthesizer manufacturers - Roland, Yamaha, and Kawai. After
nearly two years of back-and-forth, what became the final MIDI 1.0 specifica-
tion was finally born. Within a year of its inception, every major synthesizer
manufacturer in the world - even those who had originally voiced the most
strenuous objections - put MIDI in their instruments.

And that's a curious statement unto itself - how do you “put” MIDI in an in-
strument? Well, this means two things. Number one, it means that a digital
transmitter/receiver circuit (called a UART, for Universal Asynchronous Re-
ceiver Transmitter) which can “understand” the MIDI protocol (and send and
receive MIDI data to and from the instrument’s own microprocessor) is in-
stalled and, secondly, that the appropriate hardware connections - the MIDI
jacks - are provided. These jacks are standardized, as are the cables which are
meant to interconnect different machines. For some obscure reason, the
MIDI spec calls for 5-pin DIN connectors to be used, even though only three
of the five pins are actually wired up: (See Figure 14-2,)

A synthesizer that speaks MIDI will typically have three such jacks, labeled
“MIDIIN”, “MIDI QUT”, and “MIDI THRU", as you will find on the back of
your DX7: (See Figure 14-3.)

Figure14-2

Figure14-3
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The purpose of the “MIDI IN" and “MIDI QUT" jacks is pretty much self-
explanatory: this is where MIDI data enters and leaves the machine. The
*MIDI THRU" jack is an output out of which is instartaneously sent an exact
copy of the data coming into the “MIDI IN™ jack. In effect, the UART repl-
cates the incoming MID signal and passes a copy of it right back out of the
MIDI THRU pott* while the original goes on its merry way to the receiving
instrument’s own microprocessor: (See Figure 14-4.)

Therefore, the data leaving the “MIDI THRU" jack does not contain any data
generated by the host machine - but only that original data sent to the host
machine. We'll talk more about uses for “MIDI THRU™ later in this chapter.

First, let's talk a bit more about the way that MTDI data is organized, and how
the interface itself is set up. The very first point which must be clearly under-
stood is that only digital data, in the form of ones and zeroes, travels down the
MIDI eables - NO AUDIO SIGNAL IS SENT. So what goes into the MIDI ca-
ble via the “MIDI QUT™ port is entirely different from what goes into the au-
dio cahle you plug into the instrument’s OUTPUT jack: (See Figure 14-5.)

Secondly, it's important to understand what kind of interface MIDI is. In the
computer industry, there are two different ways of transmitting and receiving
data - via a serigl interface and via a peprazlie! interface. The difference between
them is as follows: in a serial mterface, the ones and zeroes all travel down a
single wire, one after another, kke soldiers in a single file: (See Figure 14-8.)

On the other hand, in a paralle] interface, the stream of ones and zeroes are
sent down several wires simultaneously, usually eight at a time: (See Figure
14-7.}

The parallel interface, then, would appear to be the interface of choice, How-
ever, MID] is a serial interface,

Surprised? When this was announced, a lot of people were. The arguments
against using a parallel interface were twofold: firstly, the paralle] connectors
and cables themselves were far more expensive and fragile than serial hard-
ware; and secondly, data being transmitted via 2 paralle] interface can only
reliably travel ten feet ot so before bits of information start dropping by the
wayside. Serially transmitted data can travel further since it is typically sent at
much greater speeds. So, in the interest of consumer cost and reliability, the
serial interface was chosen for the MIDI standard.

Of course, speed is of paramount irnportance with MIDI since we will want
events to be transmitted pretty much as they occiw, in realitne. If we are play-
ing a Cm chord on our DX7, for example, we want another synthesizer to
which we are transmitting MIDI data to be aware of that Cm chord aa we
play it. Consequently, a lot of thought and debate went into the question of
how fast the MID transmission rate was to be. In the end, the manufacturers
settled on a rate of 31.25 kBaud. A Baud is a unit of measurement which indi-

PARAIIEL INTERFACE
{multiple wires)

Figure 14.7

* “port” is computerese for any physical device - like a jack - which allows data

to enter or leave a computer.
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cates one bit of information (that is, one one or one zero) being transmitted

each second. Therefore, our MID] transmission rate of 31.25 kBaud tells us
that we will be transmitting data at the incredible rate of 31,250 bits of infor-
mation per second!

If that doesn’t seem sufficient to you, consider this: the standard rate at which
your bank teller cr trave] agent sends and receives data is 1200 Baud - nearly
1/30 the speed of MIDI, It all seems instantaneous to us mere human beings,
but bear in mind that far more infnnnationissentviaMIDIthanﬁ'omyuur
travel agent to an airtine. In fact, there is a body of dissenters who argue that
the MIDI transmission rate is too slow! It is possible that a future version of
MID! will have 2 considerably higher transmission rate, but in any event, this
won't negate the effectiveness of current synthesizers which work at the
“slow” 31.25 kBaud rate. It also should be noted that the current computer
technology is far advanced from what it was in 1983, when 31.25 kBaud was
considered extremely fast. Today, the Apple Maclrtosh computer, for exam-
ple, can actually transmit data at a rate of 2 milljon bits per second!

So now we know how MIDI data is sent, and at what speed, but the real ques-
tion is, what i8 MIDI data? Exactly what is one syrithesizer telling another?
The answer to this question is actually quite complex. There could, in fact, be
many things that our DX7, for example, could be telling the world, It could be
passing along commands it’s receiving from its own keyboard, such azs KEY
ON and KEY OFF flags, which key(s) are being depressed, velocity sensitivi-
ties, etc. Or it could be passing along data it is receiving from its controllers -
the current status of the pitch bend wheel, mod wheel, breath controller, etc,
Or it could be telling the workd which program number is currently being
used, and when we call up a different program, it coulq divulge that informa-
tion too. Or, it could actually be sending specific imformation about the sound
currently in its edit buffer - information ahout the operator EGs, frequency ra-
tios, LFO settings, ete,

In fact, at any given time, we might require all of the above information. At
other times, we'd need only small portions of it. For example, if you “MIDI
up’ a DX7 and a Prophet (oy hooking up MIDI OUT of one to MIDI IN of the
other, and vice versa), and our DX7 starts telling the Prophet about its opera-
tor cutput fevels, the Prophet will, in computer terms, shrug its digital shoul-
ders and, in effect, say “Huh?” (See Figure 14-8.)

YAK YAK YAK YAK ..
BLAB BLABBILADB BLAB
BLAB YAK YAX YAK YAE YAK
BLAB BLAB BLABBLAB

MIDI
PROPHET oUr | RATA M DX7

Figure 14.8
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since it doesn't have any operators. Similarly, if the Prophet starts gabbing to
the DX7 about its filter resonance setting, the DX7 will scratch its digital fore-
- head and a blank expression will prevail. (See Figure 14-9,)

SAYS TO MLE.. BLAB BLAB
BLAB YAK YAK YAK YAK YAK
BLABBLAB BLAR BLAE

WHAT'S A PROPHET?

MIDI DATA MIDL
PROPHET our F———* N DX7

Figure14-9

since it wouldn't know a filter if it carne up and bit it! In fact, when one instru-
ment tells a dissimilar instrument information which is exclusive to that brand
and model only, the receiving instrument simply ignores that data, For this

reason, you cannot possibly use MIDI to, say, store Prophet sounds in your
DXY7, or DX7 sounds in vour Prophet.

Since speed is of paramount importance here, and since MIDI data travels
only one bt at a time, we really won't want to gum up the lines with lots of
useless information. For this reason, MIDI data has been divided up into four
major categonies:
1) CHANNEL MESSAGES: These include:

2) Common keyboard information, such as which note is being

playad, key on and key off flags, and velocity sensitivities.

b) Controller irdformation, including pitch bend, mod wheel, after

touch, breath controller, and any foot pedals or switches that may be

attached.

¢) Program information, specifically the number of the program that

is currently in use - NOT any information about the sound.

When a synthesizer receives MIDI channel messages, it will normally
respond by playing the same notes at the same times. This was in fact
the ariginal concept of MIDI - an interface that would allow for mstan-
taneous “layering” of sounds - and this is by far the most comeon use
of MIDI. Bear in mind that the receiving synthesizer does NOT have
10 have the same sound in order for this to occur, nor does it have to
be tuned the same as the transmitting synthesizer. This can create
some unique and interesting effects. If set properly, the receiving syn-
thesizer may also apply the same controller information - pitch bends,
velocity, ete., and may even call up the same program number. IT [S
IMPORTANT 'TO REALIZE THAT THE RECEPTION OF MIDI
CHANNEL DATA CAN IN NO WAY ALLOW THE RECEIVING
SYNTHESIZER TO FERFORM BEYOND ITS OWN LIMITS. For
example, sending a ten-note chard to an eight-wice polyphomic syn-
thesizer cannot magically cause it to play any more than eight of those
notes. Similarly, sending velocity sensitivities to a non-velocity-
sensitive instrument cannot cause it to suddenly develop that charac-
teristic.

Channel messages sent {0 4 sequencer or cOmMpUter sequencer pro-
gram will simply be stored for later recall and playback.

2) SYSTEM EXCLUSIVE DATA: This is the information about the
sound currently in use, or about all the scunds i the mstrument’s in-
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ternal memory. By performing “data dumps” - that is, sending
system-exclusive data to another synthesizer of the same model (or to
4 computer programmed to work with that data) - we can cause that
syrithesizer {or computer) to Ioad voice parameters {n the case ofa
DX7, the edit parameiers ) into its own edit buffer or mternal memory,
Every major synthesizer manufacturer has been given a specific MID]
ID number, and many have created sub-IDs for specific models they
make as well. In this way, a DX7 (which has a MIDI ID numbet of 67)
can otly recognize system exclusive messages from another DX7.

3) SYSTEM REALTIME DATA: Tirning information (sometimes
called the MIDI clock), which is normally only transtoitted and used
by MIDI sequencers. The MIDI clock is a standardized 24-digital-
flags (or “pulses”™)-per-quarter-note timing signal, which obviously
changes with any sequencer tempo changes. This data is normally
only transmitted and received by MIDI sequencers.

4) SYSTEM COMMON DATA: A kind of catch-all “housekeeping”
category which includes such minor things as an aute-{uning com-
mand for those machines whose IMiCTOProces£ors can perform this
task.

By breaking down all of the possible MIDI data into these smaller sub-
categories, we are able to ensure that we aren't sending or receiving any more
information than we can actually use. For example, systesr exclusive data leav-
ing & Kurzweil is only going to be comprehensible to another Kurzweil or to a
computer which has been programmed to understand and perhaps store this
information - so there's no point in sending this data to an Emulator. Systens
real-time data is only usable by a dedicated sequencer or computer which has
been programmed with sequencing capabilities (see Appendix C for 3 listing of
currently available sequencing programs as well as dedicated MIDI se-
quencers) - 50 there's no point in sending this information to a DX7

On the other hand, channel information is usable by virtually every syn-
thesizer ever manufactured - as long as the instrument can recogrize a key-
boarg, it can utilize most if not all of this data. Why is this then referred to as
“channel” data? The answer lies in the fact that MID] has been structured as 2
multi-channel system. The MIDI protocol actually allows for up to sixteen in-
dependent sets of channel messages - each containing up to sixteen notes at a
time - to be simultaneously transmitted.

How can we send sixteen separate sets of data at once down a single wire? We
can't. But at the high-speed transmission rate of 31,250 bits of information
each second, we can do it fast enough that most humans in most situations
will never hear the fact that it isu't simultaneous. Of course, in order to Sepa-
rate out the sixteen different sets of information, we'll have to mark each batch
with identifying flags. And that's precisely the way MIDI channei infortiation
13 sent. A special number - called an "address” flag - identifies a particular set
of MiD1 data as belonging to a particular MIDI channe), A good way to under-
stand the concept of MIDI channels is to hold in your mind the now-familiar
picture of various TV stations transmitting the 7 o'clock news, and your TV
set at horne being able to recejve any of these stations. If you want to watch
Dan Rather's sweaters &t 7, you will have to tune your TV set to receive CBS,
On the other hand, if Peter Jennings' ties are more to your liking, you'll have to
tune to ABC. In no event could you hear Dan Rather by tuning to any channel
other than CBS; nor could you see Peter Jernings if you're tuned to amything
other than ABC. Each TV station transmits on a particular channel, and if

you want to tune in that program, }nursetwi]lhavetobereceh*ingﬂmtpartic-'

ular channel. (See Figure 14-10.)

MIDI works in a very similar manner. Instead of getting the 7 o'clock news,
however, our synthesizer or computer can get the latest MIDI data - but it will
have to be “tuned” to the approprizte channet in order to receive the channel
messages, (See Figure 14-11.)

ABC

MUST BE TUNED

Figure 14-10

COMPUTER

must be "uned”

to MIDI channel
6 ko Tective
MIDI transmission,

Figure 14-11
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How do we determine which charmel our synthesizer or computer is “tuned”
to? Again, we have to give a fairly complex answer to a fairly simple question:
first, we must know our instrument's reception mode.

Qriginally, there were three different ways that MIDI data could be received:
Omni, Poly, and Mono. Omni mode is a kind of “super-reception” whereby a
receiving mstrument accepts MIDI data coming in on all MIDI channels - the
TV equivalent of you somehow being able to tune in CBS, ABC, and (heavens,
no!) NBC, not to mention all other local stations, all at the same time (very in-
portant, if you want to see how Peter Jennings' ties match with Dan Rather's
sweaters). What you'd see on your screen would be a mess, but you'd be get-
ting all the information at once* Poly mode is the mode wherehy the receiving
machine simply “listens” to only one MIDI channe at a time. And mona mode
was intended for multi-timbral synthesizers (those synthesizers, which, unbike
the DX7, can produce more than one sound at a time - see Chapter Twelve,
“Keyboard Splits” for an explanation) whereby they could listen to several
specified MIDI channels at once, and then internally assign the ncoming data
to various different voices within the machine.

Unfortunately, so the story goes, someone at a major synthesizer manufac-
turer (who will remain unnamed but the first initial is a “Y"), misinferpreted
the original concept of “Mond” mode, and so today we have to live with the
following four MIDI reception modes:

MODE 1: Ommi-on poly

In this mode, the recetving machine listens and responds to all incoming MIDI
channel data, and plays its own notes in response polyphonically, according to
its own limits.

MODE 2: Omni-on mono

In this mode, the receiving machine again listens and responds to all incotming
MIDI channel data, but will play only the last note received, no matter what
channel it is on.

MODE 3: Omni-off poly

NOTE: THIS IS THE MIDI RECEPTION MODE THAT THE STANDARD
{UNMODIFIED) DX7 IS PERMANENTLY SET TO. In this, the most “nor-
mal” of all modes, the receiving instrument listens and responds to only one
MIDI channel at a time, and plays its own notes in response, polyphonically.
Remember that each MIDI channel can be sending up to sixteen notes simul-
taneously. It’s a handy “coincidence”, therefore, that the DX7 is itself capable
of playing up to 16 notes at a time!

MODE 4: Omni-off mono

In this mede, the receiving instrument again only Estens and responds to cne
MIDI channel at a time, but will play only the last note heard on that channel,
monophonically. Although the DX7 cannot be specifically put into this mode,
use of the DX7 in its own Mono mode via function switch 2 (see Chapter Thir-
teen) can simulate this effect when the DX7 is listening to MIDI data input.

Note that system information (system exclusive, system real-time, and system
caramon) is not marked with an identifying channel address flag, and sc is
received by all devices regardless of the receive mode they are in.

*Wlwwmﬂdweeverwmttnlistentoa]!sixteenhﬂDIchannelsatom?Om
reason might be for quick scannings of complicated multi-timbral sequences.
Rather than having to set up ten, twelve, or sixteen different synthesizers in
order to hear all the diffierent musical passages, you couid simply plig in one
machine, get it to ompi mode, and hear all the different parts at once. Of
murse,ﬂmtonemstmmentcmﬂdonlygi\e}mnmﬁmbm.butaﬂeastyuu'ﬂ
be able to quickly hear the works,
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So far, we have explored why MIDI exists, how MIDT data is transmitted and
received, and what kind of information is actually sent, The obwious remain-
ing question is, what kind of things can we actually do with MID[?

MIDI Applications:

L1} First and foremost, as mentioned earbier, is the simple hook-up of SYNTH ©Om in |
two synthesizers via a MID cable in order for the “skve” to receive e
channel messages from the “master” and to respond in kind: {See

Figure 14-12.)

In this instance, any notes played on the keyboard of our master will
result in the sare notes being played simultaneously on the slave,
regardless of the current sound in the skave, allowing for layered,
multi-timbral effects. Although the slave will play the same keys on its
own keyboard, bear in mind once again that its keyboard need not be Figure 14.12
tuned to the same notes. For example, playing A3 on a Prophet {tuned

1o A440) being used as a master will resut in 2 DX7 slave playing A3

on its keyhourd - but if the DX7s keyboard has been transposed (us-

ing edit switch 31 - see Chapter Two) so that C3 = G3, then the

DXT7's A3 will in fact be playing an E4 (since we have transposed up a

musical fifth}! {See Figure 14-13.)

MASTER MIDI

| PROPHET MIDI out

“play
AS"

Al

l DX7 |I ! | MIDDLE € - ca—-_l MITI in_l

DXT will play A3, but since
all notes have been trans-
posed up 7 semitones, we

A3 E4 wili hear E4!

Figure 14-13

2) The use of a dedicsated sequencer or computer programmed to
actasa seqmnceraﬂuwsbrﬂwmgeuichanmlmssages. This
informaticn can then be retrieved - “played back” - at 2 latar time, and
the original performance recreated exactly, with all expressive con-
trols as well as the original note and timing vahies, Additionally, the
data can be edited to various degrees, allowing you %o change note
values, timing values, contraller changes, ar even program numbers!
Moreover, the speed of the playbackcanbeadjustedwithoutaﬁecting
the pitch (anlike the simpleactufspeedinguporskmingdmatape,

re pitch changes as a fimction of speed), or the pitch can he trans-
posed by some fixed interval without altering the speed. Because
MIDI is a multi-channel system, one central computer sequencer can
autput up to sixteen different sets of data at once! Each channel can
be playing up to sixteen-note chords simuitanecusly, and, of course,
angrnumbero{syntheaizmcanhelistenhgandmspnndingatmw
given time to any (in poly mode) ot all (in omni mode) of the sixtaen
channels. This allows for complete orchestrations: {See Figure
14-14.)
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Figure 14-14

and also to a large degree eliminates the need for muli-track tape
recorders, since each receiving synthesizer can have its audio cutput
processed independently: (See Figure 14-15.)

MASTER
MIDI MIDI
Data SEQUENCER Data
YNTH + +
3 N SYETH SY%TH SYBTH
Audio Audiol Audiﬁl udio
e
MIXER Naniereq Tape
Figure 14-15

In this manner, if you physically have enough synthestzers in the room
at once (and the new concept of modular synthesizer systems is mak-
ing this more of an affordable reality), there is really no need to ever
do multi-tracking on tape! Just set the sequencer going, get all the
different machmes sounding the way you want, and go straight to your
stereo mixdown machine! Synchronization of all the different instru-
ments is accomplished by the MIDI clock. Because the MIDI clock
flags are tied to the overall tempo, MIDI sequencers can eagily adwust
to zny ternpo changes within a song. Moreover, they can readily be
synchronized to other standard sync tones, such as FSK (Frequency
Shift Keying - an analog pulse tone), or SMPTE time code (used ex-

tensively in video applications, as a means of numbering individual
video frames),

Of course, the fact that MIDI is a serial interface means that the more
data you send dewn that one wire, the longer will be the time delays
between an event being transmitted and it being received. In point of
fact, MIDI is fast enough to permit more than 85 -note chords each
second! But delays - more often than not engendered by the transmit-
ting and receiving instrument’s own internal microprocessors - do
buﬂdup.lfﬂlesedelaysaceedathuusaudthofasecondorso.tbey
can begin to become perceptible to us mere mortals. One way of
minimizing these delays, however, is to use the MIDI THRU port.
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The data leaving this port, remesber, is exactly the same data
received by the MIDI IN port - but it doesn't have to go through the
receiving instrument’s microprocessor first, By setting up a MIDI
“chain” fike this, the original data sent out by the master sequencer is
simply passed on to all the ather receiving instruments i bucket-
brigade fashion without each synth in the chain having to wait for the
preceding one to have scatned and processed that data: (See Figure

14-16.)
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MIDI SEQUENCER
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‘Dy
SYRTH MIDI| MIDI | MIDI—
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C
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Data

Data

SYNTH
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Figure 14-16

An even better method of distributing the data is to use a device
called a "MIDI THRU box” - which is pretty much like an analog sig-
nal splitter. A typical MIDI THRU box will contain one MIDI INput
and four or more MIDI THRU ports. A good way of settingup a
muilti-instrument MID] sequencing syster would be tg vse a MIDI

theu box like this: (See Figure 14-17)

MASTER
SEQUENCER
MIDI [MIDI T |
Data -

JRUBO
Same MIDI [MIDL ﬁlﬂﬁr
JEE'&E"‘ THRY THRUTHR

iy

SYNTH| MIDi MIDI MIDI MIDT
A In In In In
SYNTH SYNTH SYNTH
B cC D

Figure 14-17

As if all this wasn't enough, some of the newer generation of com-
puter sequencing programs, combined with the newer high-speed,
graphics-oriented personal computers (such as the MacIntosh and
Amuga), even allow note transcriptions of the sequencer data! This al-
lows musicians who normally work with “dots on a line” instant ac-
cess to work which need only be performed correctly once - and even
then quite possibly in sections - by someone hooked up via MID! into
awmputer.AppendixCﬁstssnmofthecurrentMﬂ)lsequermg
programs and dedicated MIDI sequencers (that is, devices which can
only perform sequencing tasks - and not also play Space Invaders)

available as of this writing.
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3) Many synthesizers, like the DX7, exhibit only nidimentary data
displays. Two lines of sixteen characters each on a small LCD does
not exactly allow for scintillating cotversations with your instrument.
However, sending system exclusive data via MIDI to 2 computer
hooked inta a video display (like your TV) will allow for simuttaneous
display of a great deal of data at once. Several commercial computer
programs even allow graphic display of this data. The DX-PRO soft-
ware package®, for example, will actually draw your envelopes on the
screen for you, draw diagrams of the algorithms, and even show you
the various kevboard level scalings for each sound in your DX7. More-
over, you can make changes to this data directly from the cornpater
(or from the DX7's own data eniry section) and watch the diagrams
change in real time! This is an exciting educational concept which
really helps to explain the inner workings of 2 synthesizer, and aiso
acts as a real time-saver when editing voices. Once agzin, refer to Ap-
pendix C for a current listing of these so-called *voice editor™ pro-
grams for the DX7.

4} Of course, once you've got the systern exclusive data into your
computer, it's a simple matter for the computer to store that data via
its own internal data storage routnes. This typically imvolves a disk
drive of some type, and floppy disks are extremely inexpensive, espe-
cially when compzared with scrmething bike the DX7 RAM cartridge, at
$125 a shot! Using such "off-line™ data storage allows you to inexpen-
sively build huge Yibraries of sounds for your DX7. As the need
prasents itself, you simply download woices into either your DX7 in-
ternal memory or a RAM cartridge, and you can always have your
most-needed voices at your fingertips. Most data display programs,
and several sequencing programs, allow for this “libraban” function.
Appendix C lists these land of programs as well as the aforemen-
tioned sequencing and voice editor software packages for the DX7.

5) Ii's not only synthesizers and computers that can use MIDI data.
Marny ather devices exist which contain microprocessors, and, as
we've seen, virtually anything that has a microprecessor can theoreti-
cally “speak” MIDI. Digital drum machines capable of sendmg out
MIDI system real-time data {in the form of the "MIDI clock™) and/for
MIDI channel messages (“hey, I'm playing the bass drumon 1 and 3,
and the snare on 2 and 4, guys!”) can be used as MIDI controllers or
sedquencers. Most digital andio signal processing devices, such as digi-
tal delay lines and digital reverb units have the potential for being
"MIDI'd” to synthesizers. Several of these units are already available,
allowing the synthesist to directly control variables such as delay time,
feedback, output filkering, etc, as well as the ability to change pre-
programmed settings in the outboard device’s own memory. Perfor-
mance accessories such as lighting rigs can be microprocessor-
controlled and issued mstructons via MIDI commands, directly from
the synthesizer or from a master computer. If no cne has done it yet,
you should soon be able to tum your microprocessor-controlled dish-
washer and microwave on and off from your synthesizer keyboard!
(Why? Why not??) (See Figure 14-18))

* currently available onty for the Apple ITe or [T+ computer, See Appendix C
for a listing of other such programs.
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The really exciting thing zbout MIDI is that it is software-based and therefore
open-ended. This means that the potential i3 literally imitless. Just as we
could theoretically use the English language (or Swahili, or whatever) to com-
municate any idea to anyone you understands it, so too can we use MIDI to
theoretically send controlling inforrmation to any device of any kind - by using
that device’s own microprocessor, or {if it doest't have one} by inserting one
before it. Because virtually any analog signal can be converted to digitai code

{via our old friend, the ADC), there is virtually no limit to what can be accom-
plished with MIDI,

Ii I sound excited, you read me correctly, Yes, MIDI has caused nearly as
many problems as it has solved. But these problems are mostly those of mis-
understanding and misinterpreting what the MIDI protocol allows us to do. It
has forced musicians everywhere to perhaps learn more about computers
than they ever wanted to. But that in itself certainly isn't a bad thing, given the
mereasing influence computers are having cn our everyday lives. In x
there probably isn't a creative musician anywhere who doesn't feel that the ad-
vantages presented by MIDI far outweigh any potential disadvantages. It's a FEEDBACK
powerful creative tool - learn how to use it!

For further, and much more detailed information on MIDI, ! would refer you to 8
the January 1986 issue of KEYROARD magazine, and also suggest you con-

tact the International MIDI Association, 11857 Hartsook St + North Holly-
wood, CA 91607,

Accessing the DX7 MIDI controls:

The DX7, being one of the earliest synthesizers to mplement MIDI,
only provides us with rudimentary MIDI controls. All the DX7 MIDI
parameters are accessed by pressing function switch 8, which, for some un- -
known reason, is unlabeled, (See Figure 14-19.) Figure 14-19

First of all, as mentioned eartier, the only MIDI reception mode the DX7
operates in is Mode 3, Omni-off poly. This means that our DX7 cannot listen
to ail 16 MIDI channels at once, but only one at a time, To set the DX7 re-

ceive channel, press function switch 8 once. The LCD will read: (See Fig-
ure 14-2{),)

By using the “yes” - “ng” buttons or the data entry slider, you can change this
to any channel from 1 to 16, This value can be changed at any time. Bear in
mind that this control, like all MIDI parameters, is a global function mode con-
ud,andsoitwﬂlafﬁectanyandaﬂsmmdsyuucaﬂupinﬂmedithuﬂen Fur-
thermore, the MIDI receive channel you set will remein in force, even after
you tumn the machine off, since fimction controls are battery-protected (see
Chapter Thirteen).

FUNCTION CONTROL
MIDI CH=1

Figure 14-20
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The DX7 has been set at the factory so that IT ONLY EVER TRANSMITS
ON MIDI CHANNEL ONE. Within the DX7 itself, there is nothing you can do
to chatige that fact. However, there are several companies, including Roland
and J.L. Cooper Electronics, who manufacture devices called MIDI chan-
neltzers. What these “black bexes” do is to strip incoming channel messages
of their identifying address flags and replace them with any other channed ad-
dress flag that you specify. In this way, you can easily take the channel data
being sent by your DX7 over MIDI channel 1, and tum it into, say, channel 14;

(See Figure 14-21.)
zsame MIDI data
MIDI data i:aml any other fl
nnel address
MIDI In Out In
Qur CHANNELIZER SYNTH B
(SET TQ RECEIVE IN CHANNEL
OTHER THAN MIDI CHANNEL 1)
Figure 14-21

These devices are inexpensive and probably quite necessary if you are incor-
porating your DX7 into a MID! system of more than one synthesizer plus a se-
quencer or computet. It is probable that future DX7 updates will allow MIDI
transmission over any channel, and also reception in omni mode,

As you might have suspected, the DX7 is not normally transmitting system-
exchesive data, since this data is useless to anything other than another DX7 or
computer which has been programmed o utilize it. Pressing function switch 8
a second time will confirm this, showing the LCD display: (See Figure

14-22.)
WHENEVER YOU POWER THE DX7 UP, THE SYSTEM EXCLUSIVE IN-
FUNCTION CONTROL FORMATION IS MADE UNAVAILABLE. This is one of only two parameters
$YS$ INFO UNAVAILAELE on the DX7 that reset themselves whenever you turn the machine on - the

other one being, of course, the memory protections (see Chapter Eight and
also Appendix B). This is logical since in most instances you do not need and
will not want to be sending system exclusive data. If you did so all the time,
the lines would be “clogged” with all this mass of information pertaining to the
voice currently being used - information generally useless to the receiving in-
strament on the other end of the MIDI line,

Figure 14.22 You can easily make the SYS INFO avaitable, by simply pressing the “yes”
e button, or by moving the data entry shider. When the SYS INFO is AVAILA-
BLE, putting your DX7 into play mode and pressing a main switch will have
the effect of not only calling up that sound into the edit buffer, but will also
cause a transmission of all of the system exclusive data pertaining te that one
sound: (See Figure 14-23.)
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Figure 14.23

Having made the SYS INFO available, you alsp have the option of doing a bulk
“data dump”; that is, transmitting all of the system exclusive data about ALI
32 sounds currently in the internal memory. This procedure normally takes
about two seconds, and the command is accessed by pressing function switch
8 a third time. The LCD will ask: (See Figure 14-24,)

I you answer “yes” with the data entry button, the LCD will go blank for a
couple of seconds, and when it comes ack, you will know that the data dump
is complete. At the other end of the MIDI cable, of course, should ke either
another DX7 or a computer which has been programmed to accept and store
this data. If you try sending DX7 system exclusive data anywhere else, it will
be ignored.

If your DX7 is at the receiving end of system exclusive miormation, either
frore: another DX7 or from a computer, it will need to have its intemat memory
protection OFF in order to temporarily store that data in its edit buffer if the
daia for only one voice has been sent. If 2 complete “data dump” of all 32
voices has been sent, however, BE CAREFUL a5 your entire internal memory
will be overwritten by these new sounds if your internal memory protection is
OFF: (See Figure 14-25.)

FUNCTION CONTROL
MIDI TRANSMIT?

Figure 14.24

FUNCTION CONTROL
MIDI TRANSMIT

DX7 u:l

MIDI system exculsive data
about all voices in Internal
Mermory.

WARNING: If Internal Memory protection of X7 'B"
15 OFF, all Internal voices will be OVErwritlen with
incoming MIDI data,

Figure 14-25
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Of course, you can bail cut of transmitting a “data dumg” by answering “no’ to
the “MIDI TRANSMIT?” prompt, in which case you'll be returned to the
“SYS INFO AVAILABLE" display. Note that you cannot get to the "MIDI
TRANSMIT?" question if your SYS INFO is UNAVAILABLE - that makes
sense. In any event, pressing function switch B yet again will cycle you back to
the original "MIDI = “ receive channel display. And that's all there is to

the DX7 MIDI parameters. Those of you with experience on newer syn-
thesizers may well be surprised at this “no-frills” approach, but, again, bear in
mind that the DX7 was the first of a new pgeneration of instruments.

For all of you hackers out there, a complete listing of the way the DX7 en-
codes its system exclusive data is provided in Appendix D.

SWITCHES AND CONTROLS COVERED IN CHAPTER FOURTEEN:

SWITCH PARAMETER COMMENTS
Function 8 MIDI receive channel* Range 1- 16
{once)
Function 8 MID System Exclusive AVAILABLE or
(twice) data enable UNAVAILABLE;
WET-up resets to
UNAVAILABLE.
Function 8§ MIDI TRANSMIT Only if §YS INFO
(three tmes) {bulk data dump) is made AVAILABLE.

*NOTE: DX7 transmission channel default 15 channel 1, There is no means of changing this on an
unmodified DX7.




CHAPTER FIFTEEN:

ADVANCED PROGRAMMING
TECHNIQUES

Putting it all together - some helpful hints:

Now that we have discussed in detail all of the various controls and parameters
available to us an the DX, the time of reckoning is at hand. How can we actu-
ally make use of all this information in order to create the sounds we want to
get from cur instrument?

Working randomly with a DX7 may sometimes yield interesting results (as the
proverbial billion monkeys in front of a billion typewriters may eventually vield
“Hamlet"), but more usually will result in 4 waste of time, This book has at-
tempted to clarify the inner workings of digital FM in order to point you logi-
cally in the direction you need to go in order to create any particular sound.
Let's review some of those directions:

1) We'lll start with that ald bugaboa, selecting the right algovithm: First
of all, you should remember that the decision you make is fiot irre-
versible and that you can change your algorithm at any time without
losing any of the data you have previously entered. Of course, it's en-
tirely possible that a carrier you were working with is now 2 modula-
tor, or vice versa, but nonetheless, the changes you made remain. If
you are in doubt as to what you had been doing, compare mode will
instantly recall your past work, IF IT HAD BEEN STORED soIme-
where in memory. Remember that compare mode can only compare
back to the original sound stored in memory, whether internal or
RAM cartridge,

In terms of selecting an algorithm, we have given you several ques-
tions that you will need to ask yourself in order to eliminate obwiously
unsuitable ones. The first and most important of these questions is:
howv many sound sources (carriers) do I need? The second question
is, how many modulators do [ need to plug into those carriers? If I
only require that one or more of these carriers be simple sine waves,
then T won't need modulators at gl for those particular carriers. On
the other hand, if I am trying to create a sound or part of a sound that
must be harmonically very rich, overbright, or even distorted, then I
will require at least one stack of modulators. Algorithms 16, 17, and 18,
which only contain one carrier, will be useful only if yvou are attempt-
ing to create a single, non-chorused, not-detuned, harmonically rich
sound - for example the sound of a single bowed violin or single
trumpet. They will not usually be a gnod choice for most ensetnble
scunds, where interharmonic beatings caused by physical resonances
are integral {these kinds of mavements can most successfully be
simulated on the DX7 with detuned carriers beating agamst one an-
other). On the other hand, algorithms 5 and 6, with thrae modulator-
carrier systems, seem to provide the most scope for creating rich
sounds, and it is not surprising that they are the most popular al-
gorithms amongst the ROM presets,

Algorithm 32, with no modulators, wil probably be of very limited use
to you unless you are looking to create organ sounds or are otherwise
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heavily into sine waves, In fact, algorithms 23 through 32 all contain at
least one unmedulated carrier and will onty be of value to you if a sine
wave is needed somewhere in the sound {(cne tip: bass sounds are of-
ten helped greatly by the addition of a low-pitched sine wave, since
they carry the greatest low frequency content. In fact, I have often
produced quite useable - and recordable - bass lines from just a single
unmodulated carrier, given the appropriate EG settings).

Algorithms 1, 2, and 18 also provide limited service since they each
have stacks of three modulators - something you wo't need too often
unless vou are creating either highly complex waveshapes, white
noise, or mtricate keyboard scaling patterns. Algorithms 5, 8, 12, 13,
20, 21, and 22 are all somewhat similar in that they provide no un-
modulated carriers, but no stacks either. Each has varymg numbers of
cartiers, and their feedback ioops are in different places, so you
should be able to choose hetween them fairly easily. Apart from these
seven, all the algorithms with numbers lower than 23 have stacks in
them and will be of use when creating harmonically complex sounds
(that is, sounds which are unmsually bright).

Furthermore, algorithms 7 through 27 all contain systems of either
twn or more modulators into one carrier, or one modulator Tto two or
more carriers. These are useful for setting up interesting amimation
techniques, or for setting up complex keyboard scalings where the
timbre changes over the keyboard: (See Figure 15-1.)

ALG. #10: ALG. #24; —
gl ;
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|
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Y [Exp lnh
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OP 4
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Figure 15-1

They're also useful for setting up complex timbral changes over time,
using the EGs: (See Figure 15-2.)
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ALG. #13: ALG.#21

- N AN

Figure 15-2
Here's a quick reference chart which may be of some use to you in
selecting algorithms:
Algorithms with  Algorithms with Algarithms with ~ Algorithms with
one carrier two camriers three carriars more than threa
16,17, 18 1-4,7-15 5,6,19, 20, 20-25,29-32
26, 27,28
Algerithms with Algarithms with Algorithms with

unmodulated carriers modulator stacks onse-into-two or
two-into-ong systems

23-32* 1-4,7-11, 7-27
14-19, 28, 30

Z} The EGs: Probably the most important tool on the DX7, and also
probably the most misunderstood. THE EGS AFFECT OPERATOR
OUTPUT LEVEL. Keep this sentence firmly implanted in your mind,
almgwithCardhalRu]esOnedem,andahtoﬁhgmterywﬂl
disappear. EGs exist solely to allow us aperiodic volume, timbral, or
(f you use the pitch EG) pitch change aver time. Remember that
theﬁnﬂ:reota]musteverysoundineﬁstencechmgesmrﬂm
smnﬁ'sd:nﬁon.andalsothatitm:elychangespredsebrthesam
way a the volume. Translation: use the EGs in the modulators, but
dm'tjustcomrmemrrierEGmrandexpectthatm'nendupwim
arealisﬁcsound.Thinkof&neEGlevelsasamadmap,mwhi:hyuu
at‘eplatﬁnghowﬂlesoundshnuldchmme,mdthinkofﬂ:eEGmtes
aatheammmtoftimeittakestogetfmmpointtopoht.Remenmgr
that the EG rates are relative rates and not absolute times: an R2 of
50 will mean different things, depending on where L1 is and where L2
is, and also on what the nominal output level of the operator is. The
abﬂitymsetumywhemwemmalhwsm.ammgotherthm,m

. don't forget that you can always s=t a modulator's output level to Q if you
needanummdnlatedurrierhadiﬁerenta]goﬁthm!
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simulate a “hold” or “drone” switch. Finally, keep in mind that the
good folks at Yamnaha have provided us with an envelope generator
that can do far more than an analog ADSR: take advantage of that fact
- you're not imited to just a simple how-guickly-does-it-die-away-and-
mayhe-release-time EG, as you are on analog machines. Many begin-
ning students of the DX7 create EGs that always look something like
this: (See Figure 15-3.}
A sure giveaway of a DX7 novice! Become an Expert in the Privacy of
Your Own Home: use the capabilities of the DX7 envelope penerators
to their fullest extent - and be thankful you don't own a Kurzweil, with
its 255-stage Elss!

3) Brghiness or lack theveof: Remember the relationship of modula-
tors to carriers - modulator output level is your quantitative
timbral control and frequency rafio is your guardilziive tirnbral control.
Translation: if you wamnt a brighter sound, a modulator somewhere will
have to somehow increase its output level. This will not always be as
simple as just turning to edit switch 27, Remember that there are of-
ten many factors controlling the output level of a particular operator -
the operator’s EG, keyboard velocity sensitivity (which, youll
remember, is a negative sensitivity control; reducing a modulator’s
sengitivity will increase the softly-struck key's brightness), keyboard
level scaling, and EG bias sensitivity, Adjusting these parameters will
often have a more natural effect than simply cranking up the nominal
output level with edit switch 27, If you're seeking a more subtle
change in hrightness, you might think about changing the frequency
ratio instead. Introducing higher harmonics or disharmonics (don't
forget Frequency Fine!) into the sound will usually create the ihisien
of a sharper edge - and this may wel he all you need to do.

4} Movement in a sound: The LFO provides peridic volume, pitch,
or timbral changes but is generally unsuitzble for generating subtle
movements within a sound, because there is only one LFO. The
changes it induces, therefcre, are always very regular, easy to spot,
and often quite boring. String sounds created on the DIX7 which rely
solely on a delayed vibrato effect from the LFO for animation are
usually ineffective, because the reguiarity of movement is a dead give-
away. For the same reason, putting a modulated carrier into a subau-
din fixed frequency also creates a movement which is unchanging in
speed. Usually, the besat cheice for creating the most natural move-
men:s is use of the detuning control, which adds 2 very natural beat-
ing effect to the sound, and one whose speed changes per note.
Detuning is one of the most powerful tools on the DX7 becaose it
really helps negate the digital perfection of the machine, and adds a
“human” quality to the sommds generated. Be careful of overusing it,
though - like anything else, it can backiire on you in large quantities
and just make the sound a muddy mess. In general, [ recommend that
you always at least try te add detuning to any sound you crezte, but do
it as a last step, and in small and careful doses. Keep in mind the ex-
traordinary effects that can be generated by applying detuning within a
two (or more)-into-one or one-into-two {or more) system: (See Fig-
ure 15-4.)

—_————...bin.. . BN s sam BB B  EBE s
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Cotversely, if you are trying to remove a movement from a preset
sound, don't always look to the LFQ as the culprit, If you set both the
pitch and amplitude modulation sensitivities to 0 and you still hear it,
look to the Frequency Fine or Detune controls as the most likely
EOUTCEe,

5) Keyboard scalings: One of the most amazing things we can do on
the DX7 is actoally scale the keyboard so that operator output levels
change (the Keyboard Level Scaling controls) or that EG rates change
(the Keyboard Rate Scaling controls). Remember that real sounds
rarely maintain the same volume or timbre as they change pitch, and
that in most acoustic instruments, higher notes undergo their changes
aver shorter periods of time than do lower notes. The abovemen-
tioned controls allow us to siraulate these naturally occurring acoustic
phenomena on our DX7. Don't overlook them! Once again, they serve
to hide the digital precision of this instrument and impart 3 more
“real” quaiity to the sounds we create. On the other hand, using
these controls in unconventional ways allows you to set up unbelieva-
bly “unreal” sounds - and to generate audio effects that acoustic

sounds could never accomplish. Either way, they're worth devoting
time to!

6) Changing pitch: There are several ways of accomplishing this if
you are trying to affect the whole keyboard. For slight pitch changes,
you can use the Master Tune Adpst, but remember that since it's a
global function control, it will throw out the pitch of any sound you call
up. Therefore, if you're booking for a slight voice-linked pitch change,
you can use the pitch EG (a level of 50 is the nominal pitch, therefore
setting all four levels to, say, 48, will slightly flatten the overall sound)
or you muldevenusetheLFO!SymtheLFOtomeheyhoatd, select
2 square wave, and set the LFO speed to 0, Now set the PMD to
some value greater than 0, Surprise! Since the square wave will al-
ways start at the bottom of its cycle whenever you press a key down,
the: overall pitch will drop down and will stay down for a good minute
or s0. Since every time you strike another note, the whole thing starts
all over again, this will work fine as long as you don’t need to hold a
note or chord down for longer than a minute. Adjusting the PMD wil
give you contro] over just how low you %o. Of course, for semitone-
quantized pitch changes you can always use Key Transpose, or even
the pitch bend wheel.

But,ﬁynu’rehokmgmchangethepitch{ﬁonbrpartofatotalsomﬂ
(L.e. one system within 2 multi-system algorithm}, you will absohutely
needtoinvukeCardhalRﬂeThree.andrememberﬂmtwhatemrmu
do to alter the frequency of a carrier must also be done to its as-
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sociated modulators in order to keep the frequency matio, and hence
the timbre, intact..

7} Last but not least, expressiveness: The DX7 provides us with an
inordinate number of expressive controls: the keyvboard velocity and
after-touch, the sustain footswitch, the various real-time controllers,
even the data entry slider, in particular situations! These allow you
fingertip conirol over volume, brightness, vibrato, tremolo, or any one
of dozens of other periodic effects. One of the hallmarks of conven-
tional acoustic instrumentation is that they can be played expressively.
Up until very recently, the lack of expressiveness was the hallmark of
synthesizers, This is certainly not true of the DX7. DON'T ALLOW a
piano purist to accuse you of just pressing keys down on a "toy”. Daz-
zle them with expressiveness! Shut them up fer another day longer!!

One final observation: marny DX7 users seem to become inordinately fasci-
nated with the numbers being constantly presented in the LCD by the
microprocessor. It is an easy trap to fall into: DON'T get wrapped up in the
numbers. The most sage words of wisdom I can possdbly impart to you
regarding the [JX7 can be summed up in just three words: USE YOUR EARS!
If it sounds good to you, it's good, no matter what the number in the LCD
says. Conversely, if you just sit at the machine and enter in mumbers without
constantly LISTENING to the effect they engender, you won't really have a
chie as to how those numbers are changing the sound. USE YOUR EARS!H

Some generic sounds:

Having said all that, let's now run a short series of exercises and see just how
we can apply these principles to creating a generic brass sound, a generic
string sound, and a generic vox humana sound on the DX7,

Each of the sounds presented here is actually a severe modification of a fac-
tory preset (two points for honesty, OK?) but we'll create each of them here
from scratch and explain at each step the rationale for doing what we're doing.
Following each exercise is something called a “voice data chart” of the patch.
These charts are useful as alternative records of the sounds you create - just
in case your machine’s hack-up hattery ups and dies in the middle of the night.
It’s probabiy a good idea to get in the habit of filling ocut charts like those for
wvoices that are exceptionally important to you - Murphy's Law assures s that
accidents can and do happen.

Let's start with a generic, all-purpose brass sound. This started out as an at-
temnpt to create a life-like solo trumpet but to my surprise this also works
pretty well as a brass ensemble sound, i you intonate chords on the keyboard
in realistic manner. Treat this sound, and the two othets that foliow it, not as
an end product, but as a means to an end - in other words, useitasa
stepping-stone to your own customized brass sound. What my ears subjec-
tively tell me sounds “pood”, your ears may say “expletive deletad”, solet
your own ears be the final judge of any sound you synthesize,

PLEASE NOTE: IF YOU HAVE SKIPPED AHEAD TO THIS POINT
WITHOUT READING THE PRECEDING 200-0DD PAGES, WELCOME
ABOARD! PLEASE BE AWARE THAT A CONVENTION IN DOING
THESE EXERCISES HAS BEEN SOMEWHAT PAINSTAKINGLY ESTAB-
LISHED, SO IF THE INSTRUCTIONS BELOW CONFUSE YOU AT ALL,
YOU'LL PROBABLY HAVE TO :O BACK AND READ MANY OF THOSE
?ﬁ}-{%%%PAGESI SORRY, BUT I NEVER PROMISED YOU A ROSE

EXERCISE 80
Creating a generic brass sound:

NOTE: In this exercise and all succeeding ones, wherever a parameter is not
specifically mentioned, it is meant to be left at its initialized defanlt settings.
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1} INITIALIZE your DX7 and select algorithn #18. Because we are ALG#18:
setting out to create a highly complex sound (a trumpet is overbright e 6
ang contains many harmonic and disharmonie gvertones), and be-

cause this was originally meant to be a solo sound, algorithm #18, with
its single carrier and stack of three modulators, was the obvious

choice. {See Figure 15-5.) >
2} TURN OFF operators 2, 4, 5, and 6 ("101000") and CHANGE  —

operator 3's output leve! to 78, leaving the default frequency ratio of 2 3 4
1.00 : 1.00, Since most brass sounds have characteristic sawtooth-like :

waveshapes, we'll start with this ratio. Because we'l be using four
other modulators to induce more overtones, we'll start with a rela-

tively subdued sound, hence the lowered output level, Enter the fol- 1
lowing EG data for operators 1 and 3
Op 1 Op3 Figure 155

L4 0 0

R1 59 46

L1 L) 99

R2 24 35

L2 86 86 o

T

A3 g9 99 g

L3 86 86

R4 55 50

KEY

Play a note and LISTEN (AUDIO CUE 804). It's starting to sound

distinctly brass-hke, as the modulator emvelope: (See Figure 15-8.)

is giving the distinetive “wah” sound to the timbre. But it’s still not
quite bright enough. Fortunately, in this algorithm, you will note that
the feedback loop is on operator 3. CHANGE the feedback value o 7,
play 2 note and LISTEN (AUDIO CUE 80B), NOTE that even thougl sone o]
is now at maximum, we're not hearing appreciable distortion
or white miseshlcetheoumutimlofopemtorﬂisstﬂqlﬁtehw(at
a value of 78 - sce step 2 above). EXPERIMENT by increating the @.3 =
output level of operator 3 and NOTE that you hear the distinctive dis- -
tortion and white noise. When you're done, restore operator 3's out- [ 1]
put level back to 78.

3) TURN OFF operator 3 and TURN ON operator 2 (“10000"). =
We're going to use operator 2 only for 2 gentle addition of a few upper

harmonics, so CHANGE it's default frequency to a new value aof 2300
and just raise it's output level to a value of 10, This will ensure that
these upper harmonics don't cut through too much - we just want to
add a little edge to the sound. Enter the following EG values for oper- o Ra34)
ator 2: 10 = 80,12, L3, and 14 = O; R1 = 41, R2 = 34, Rd = 70, RA
and, of course, R3 is trrelevant and can be left at the defauit of 99.

This gives us a very simple envelope which looks like this: {Sex Fig-
ure 15-7.)

Ligem

Hew-o0

Figure 15-7




244 / The Complete DX7

Play a note on the keyboard and LISTEN (AUDIO CUE 80C). This
will be the total contribution of operator 2 to this sound - a small one,
but an important one.

4) TURN OFF operator 2 and TURN ON the stack of operators 4,
5, and 6 (“100111"), Let's leave the bottom modulator, operator 4, at
thedefauitfmquency and set its cutput level to 79, so that we are
once Again working with a quasi-sawtooth wave. We're going to use
the stack above it to modify it and add in the characteristic distortions
and disharmonics that come from blowing hard into a brass tube like 2
trumpet. Therefore, change operator 5's frequency vatue to 4.76, and
operator 6's to 763, and set their output levels to 75 and 47 regpec-
tively. Detune operator 5 a little, to a vahue of -1. This will give us a
very slow beating effect which will only be audible on held notas. En-
ter the following EG data for operators 4, 5, and 6:

Opd Op5 Cp6
L4 0 0 0
R1 66 48 77
L1 53 g8 99
R2 92 56 56
L2 61 61 0
R3 22 22 99
L3 62 62 0
R4 50 50 70

Play a note and LISTEN (AUDIO CUE 80D). This will be the total
contribution of the stack. Now TURN ON operators 2 and 3 ("111111")
and LISTEN (AUDIO CUE 80E). We're gatting there!

5) One thing that may be apparent as you try this sound over the
keyboard is that it's a little wnrealisticalty overbright at this point. We
can start to deal with that by adding some keyboard velocity sensitiv-
ity so that only keys which are struck unrealistically hard will have this
characteristic - after all, when a horn player really blows hard, these
kinds of distortions make their presence known, Therefore, set the
velocity sensitivities for operators 2 and 3 to a value of 1. Also, when i
a horn player blows hard, the volume increases somewhat. In order to
simulate that, set the velocity sensitivity for operator 1 to a value of 2.
So far, 50 good, but it's still a little overbright, particularty in the
highest notes. This calls for sore keyboard level scaling, Set a break
point for operator 3 of A#4, and set a -LIN curve to the right of that
break point. A right scale depth of 10 will do nicely, just enough to roil
off some of those unpleasant distortions at the upper end of the key-
board: {(See Figure 15-B.)
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ALG.#18

Figure 158

&) Whﬂeahornplayermﬂreoreticallysustainahighnotejustas
long as a low note, the timbral changes that oceur within that high
note happen somewhat faster than in lower ones. Therefore, set the
keyboard rate scalings for some of our modulators as follows: operator
2 = 2, operator 3 = 1; and operator 6 = 7, This will accurately simu-
late this effect. Because we have a fair amotmt of release time i our
carrier (operator 1 R4 = 55), we'll also have to scale the carrier a bit
soitdoem'tlmngnnunmtumﬂyatthewpmdofthekeyboard.snset
ﬂwkeybuardratesca]imforoperamrltuavaluecﬂ.Playanoteand
LISTEN (AUDIO CUE 80F),

7) Finally, let's set up our LFO s0 we can access a nice skow vibrato
from any of our reaktime controllers. Change the waveshape toa
SINE wave, set the LFO speed to a value of 26, and turn the LFO key
sync OFF. Now set the pitch modulation sensitivity to a very shight 1,
and, by turning any of your real-time controllers ON for the pitch des-
tination (with a range greater than 0, of course), you'll be able to bring
a realistic slow vibrato effect in and out at will.

8) That's all there is to it! Play a note and LISTEN (AUDIC CUE
80G). Instant generic brags... try a few well-intonated chords and |
think you'll find that this sound works well as a brass ensemble also.
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GENERIC BRASS .
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Now let's take @ look at a generic string sound. While this is admittedly not ALG FL
oneoftheDKTssumgths.wewnsimulateafairlygoodbwedvio—. '
lin/viola/cello/bass sound. One of the problems, of course, is that each of
these sound somewhat similar but are nonetheless different instruments, and 6
synthesists have become accustomed to having all four at their fingertips over

the whole keyboard. Fortunately, the sophisticated keyboard level scaling on
the DX7 helps us pet around that particular problem:

EXERCISE 81
Creating a generic string sound:

1) INITIALIZE your DX7 and select algorithm #2, We've selected | I
this algorithm because the complex harmonics induced by bowing a
stringed instrument will require a stack of three modulators, and the -
comnplex beating and detuning effects we need point us in the direction Figure 15-9
of two carriers. Since both carriers will need to have overtones (a
pure sine wave being of very little use here), we are essentially given ALG #2:
the choice of algorithm #1: (See Figure 15-9))

or algorithm #2: (See Figure 15-10.) 6

The sole difference between these two is n their feedback loop. Be-
cause we're going to need the feedback loop on the single modlator-
carrier system, rather than on the stack, we've selected for this sound
algorithm #2. 2
2) We'll start as usual by working with the individual systems inside —
oura]godthm.“b'reguingtnusethemackbrthereai“bowing"part 1
of the sound, ard then blend it with a smoother string sound we'll cre- I ]
ate with the other system. Let's start with the simpler system first.
‘TURN OFF operators 3 through 6 (*130000"). Because stringed in-
struments produce a characteristic pulse-waveish shape, we'll begin 5 1510
by changing the frequency of operator 2 to 2.00, and by setting its cut- Figure 15-
put level to %{therebygivingussmﬂygreaterampﬁtude of the odd-

numbered harmonics which are normaly present in a square wave).

This still isn't nearly bright enough, so we'll also use the feedback

loop that's comveniently on opetator 2 and change it to the maximurm

vahie of 7. Play 2 note on the keyboard and LISTEN (AUDIO CUE

814). NOTE the characteristically overbright overtones. As with the

generic brass sound, even though the feedback loop is all the way

open, we're still not hearing distortion or white noise since the output

level of operator 2 is fairly low.

3) Ina string section, of course, there is always a great deal of move-

ment. As a first step in animating the sound further, let's detune oper-

ator 1 to a value of -1, and operator 2 to 7. Play a note and LISTEN

{AUDIQ CUE 81B}. That's better, but we'll need to animate the

sound even more. Therefore, CHANGE operator 1 to a fixed fre-

quency, and set that frequency at 1.259 Hz. Play a note and LISTEN

(AUDIO CUE 81C). There's plenty of movement, alright, but it stil

doesn’t sound much like a string section. Obwiously, this is because

our EGs are still at their static default states. Enter the following EG

bt
Wl e e LK

b i = Lh

vakues for operators 1 and 2:
Op1 Op2
L4 0 0
Ri 44 99
L1 99 98

R2 25 0
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Figuye 15-12

L2 97 96

"R3 16 0

L3 o 97
R4 45 30

May a note and LISTEN (AUDIO CUE 81D). Qur carrier is now ris-
ing to maximumn volume at a moderate rate, dropping slowly to a
shghtly lesser volume, and then very slowly dying back to 0: (See
Figure 15-11.)

Whereas aperator 2 is in full foree right away, but then very slowly
drops‘m a slightly lesser output, and then very slowly increases out-
put slighily: (See Figure 15-12.)

4) Okay, that's enough manipulation of system one for the time being
- now let's work with system two. TURN QFF operators 1 and 2 and
TURN ON operators 3 through 6 (“001111"). Start by setting maxi-
mum output (99) for operator 3 (our carrier). Let's begin with a saw-
tooth waveshape this time, but raise it up an octave, so set the fre-
quency of both operator 3 and operator 4 to 2.00, and set operator 4's
ouiput level to 87 Now let’s use operator 5 to change operator 4 imo a
complex waveshape with much higher overtones. Set operator 5's fre-
quency to 8.00 and change its output level to 77, Finally, we're going to
use the top modulator - operater 6 - to induce some disharmonics, but
we want these disharmonics to change for each note on the keyboard.
How do we accomplish this? Simple - we put it into an audible range
fixed frequency® - let'’s set it at 2042 Hz, give it just a bit of output
level {44), and see what happens.

5 If vou have a strong stomach and a good imagnation, play a note
and LISTEN (AUDIO CUE 81E). Of course, this weird timhre doesnt
sound much like a string section, but again, our EGs are all still at
their square default settings. Therefore, enter the following EG

values for operators 3, 4, 5, and &:

Op3 Op4 Ops Cp6
L4 0 0 0 0
R1 53 92 29 97
L1 99 99 99 99
R2 18 . 30 49 a9
L2 95 98 90 a%
R3 17 0 55 99
L3 0 80 80 59
R4 56 35 46 59

* this will have the effect of giving us a different frequency ratio for each note
on the keyboard, See Chapter Six (pages 77 - 78) if you don't remember this

trick
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Hayamtemd[lSTENmUDIOCUESIF).Thecartierinthissys-
temisbehavingsinﬁlarlytolhecarﬂerinsymonefopem.tornbut
with enough slight differences that they are offsetting one anather. o,
mmmmofﬁumhgsomewhatsinﬁm,nﬁsetthgpat— itch
terns, with operator 8 actually pretty much reraining with the default P
square envelope. It is the quick attack of operators 4, 5, and 6 that is T
primatily responsible for the bowing sound that we hear. TURN ON & e\ 15
operators 1 and 2 again (“1111117) in order to hear the total effect. Two (&7
other “bonuses” are derived from the EGs we've set up here. First of
all, the modetate Rés in all the operators imparts & sort of digital “n
reverb effect to the total sound. Secondly, the L3 values for our car-
riers are both 0, and the R3 values for these same operators are slow F TIIE *
- meaning that our souné will simulate a sustaining sound but will also REY

do a nice, natural “fadeout” (like a violinist’s arm getting tired!) if we
hold the keys down. Try holding a chord for some time and LISTEN Figure 15-13
(AUDIC CUE 81G). NOTE the natural fadeout that occurs, similar to,
butabitlongerthan.ﬂmonewhichocmbyphyingnutessmm

6) Of course, we'll need to add some movemnent into this system too,
so detune operator 5to + 3 and operator 6 to +5; then, let's do
something fairly unusual and detune this system's carrier also: set
operator 3 to the same detune value as cperator 1, that is, 1. We
wouldn't ordinarily detune both carriers in a sound, since that will
have the effect of making the overall sound slightly out i pitch, but
the reason here is to allow us to somewhat offset an effect we're going
to set up with the Pitch EG:

7} Studies of string instruments show that they undergo a subtle
pitch change through their duration, as well as the more apparent vol-
urne and timbral changes. We can use the Pitch EG to simulate this.
TURN ON operators 1 and 2 (“111111") and CHANGE the foliowing
Pitch EG values from their initialized defaults: L1 = 47 1.2 = 51, R1
= 87, RZ = 94, and R3 = 0, yielding a Pitch EG shape like this: (See
Figure 15-13,)

In other words, our pitch will quickly (R1 = 87) drop down nearly a
quarter tone upon KEY ON (L4 = 50 but Ll = 47) and will even
more quickly (R2 = 94) rise up just a bit sharp (L2 = 51} and then
ever 50 skowly (R3 = 0) drop back to the initial pitch (L3 = 50). This
extremely subtle use of the Pitch EG really helps to add realism to
the sound. Play a note and LISTEN (AUDIO CUE 81H).

8) We're starting to get there! However, our sound is still un-
pleasantly overbright. Bearing in mind that a string section uses a
great deal of dynamic range and also is capable of undergoing a great
deal of timbral change (depending on how the instruments are played),
we will want sorne kind of real-time control over both volume and
timbre. Keyboard velocity sensitivity, being a negative sensitivity con-
trol, is the answer, as it will also serve to compensate for the current
overbrightness of our sound, and make it far more realistic than it cur-
rently is. Therefore, enter the following keyhoard velocity sensitivity
values; operator 1 = 2; operator 3 = 7; operator 5 = 2. The reason
we have assigned so much sensitivity to operator 3 (the carrier in the
secomnd gystern) is so we will hear much more of the bowing sound
when we strike our keys harder. Play a few notes at various differest
velocities and LISTEN (AUDIO CUE 81D, Since the keyboard is cur-
rently transposed at a range in which the highest violin sounds will be
too high, and the lowest bass notes nat low enough, use the Key

Transpose parameter to drop the keyboard down one octave (so that
Middie C = C2),

B0 (30
4 g
650) {11) R A

i)
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9) Now for our scalings. First of all, violins and violas undergo both
volume and timbral changes somewhat more quickly than cellos or
basses, so we'll heed to do a certam amount of keyboard rate scaling.
Enter ihe following values: operators 1 and 2 = 1; opemtors 3
through 6 = 2, Play a note and LISTEN (AUDIO CUE 81]). Sec-
andly, we'll need to adjust the relative levels of the various madulators
over the keyboard In order, as mentioned earlier, to simulate the fact
that we are attempting to recreate three or four different instruments
over our keyboard. Therefore, enter the following keyboard level scal-
ing values for operators 2, 4, 5, and 6:

Operator 6 Operator 2 Operator 4 Operator 5
Break point B1 G3 B2

F#2

Right curve - EXP -LIN -LIN

- LIN '
Right depth 35 47 22

45

Le%t curve + LIN

Left depth 4

As you can see, operator 2 is being gentty rolled off from about F3 on
up {since the exponential curve has virtually no effect for an octave
and a half), with the most drastic decrease in the upper, violin range
notes. Operator 4, whose output i actually determining the effects of
operators 5 and 6, is having its effect slightly increased below G3 and
more drstically decreased above that point (again, affecting the violin
sounds). This is the reason why the bowing is most prominent i the
bass and cello range notes. Finally, the effects of operators 5 and 6 are
pretty much heing attenuated over the upper three octaves, These
complicated keybaoard level scalings are actually vital to our being ahle
to somewhat accurately simulate the diffsrences between each of
these instruments. Play several notes and chords through the full
range of the keyboard and LISTEN (AUDIQ CUE 81K). NOTE how
the timbre of our sound now changes realistically 2s we play in the
different ranges.

10) All that's left to do now is to set up our LFO for a subtle vibrato
effect which can be added to by any of our real-time controllers. Leave
the LFD waveshape at its defauit TRIANGLE setting, and change the
speed value to 24. Set the PMD 1o a very subtle 17, and change the P
MOD SENS. valtie to 1. Now sat up any of your real-time controllers
up to route pitch modulation, and LISTEN (AUDIO CUE #1L). In-
stant generic strings! Once again, treat these as a building block from
which to program your own custornized string sounds.
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ALG.#14:

=]

uJ—lh-

Figure 15-14

Finally, let's generate a generic human voice sound - the trickiest assignment
we have so far. The only natural acoustic sound known which is believed to be
timbrally more complex than the human voice is the acoustic piano - and [
have vet to create or hear a DX7 do a convincing imitation of an acoustic piano.
This is, more than anything, a Emitation of the number of operators available to
us in the DX7 - an instnument like the Yamaha TX816, with it's forty-eight ()
operators, can ackually de a pretty good job of it. However, with that dis-
claimer in hand, let’s get ourselves at least into the ballpark of vox humana
sounds (in this instance with the sound of a choir voicing the syllable "ah™)
with the following exercise:

EXERCISE 82
Creating a generic human voice sound:

1) INITIALIZE your DX7 and select algorithm # 4. We have
selected this algorithm: {See Figure 15-14.)

for much the same reasons as we had for selecting algorithm #2 in the
last exercise. We know that we'll need a stack, but since the human
voice is far less bright than a bowed cello, we wor't need three modu-
lators in the stack. However, we want the option of having different
timbres over the keyboard in order to simulate some of the differ-
ences between soprano, alto, tenor, and bass woices, and the two-
imo-one system of cperators 6, 5, and 4 in this algorithm will fend it-
self nicely to that, Algorithms M and 15 vary only in the placement of
their feedback loop, but this time we'll need that feedback loop in the
stacked system.

2} As usual, let's work with one systemn at a time. TURN OFF oper-
ators 3 through 6 (“110000"") and set up a frequency ratio in this sys-
tem of 1.00:2.00. This rather uausual ratio will have the effect of rais-
ing the pitch an octave and will also yield a very unusual, slightly
nasal, gently harmonic timbre. (Tip: whenever the carrier is moving
faster than the modulator, this type of resonance will ocour). Raise
the output ievel of operator 2 to 99. We will shortly be using the EG in
operator 2 to attenuate this output level, by having none of the levels
amywhere near 99, so if you listen to the sound at this point, it will
have many more overtones than we're going to end up with. Remem-
ber that the rates in the EGs vary slightly as a function of the operator
output level {as discussed n Chapter Nine), and so this is a valid al-
ternative to simply always setting whatever nominal output level you
need (with switch 27) and then setting at least one of the EG levels at
99, The technigque we are proposing here will accomplish much the
same effect, but the EG rates will be scaled slightly differently.

3 Once again, the fact that the EGs are currently at their square
defaults is keeping us from hearing this sound at anything close to
reality. Therefore, enter the following EG values for operators 1 and
2;

Op1 Op2
L4 0 51
R1 37 99
L1 99 51
R2 20 26

12 94 45
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R3 53 53
L3 97 Y
R4 62 25

Play a note and LISTEN (AUDIO CUE &2A). Qur carrier is undergo-
ing a slow series of movernents, fading in rather gently, thea dropping
a bit in valume, and then somewhat more quickly rising again in vo}-
ume: (See Figure 15-15.)

whiistourmodulalm,aspmmised,isnev&rgettmgbeyundahnuta
quarter of its nominal output level (remember that all DX7 controls
are expenential and not linear; that means that an EG level of 51
transkates to about a quarter of what a level of 99 would vield), The
fact that 14 is the same as L1, also 51, means that the first timbral
changemhearisa&ﬁghtdmpmw(da,fdluwedhyafasterdmp
again (to L3), After KEY OFF, as the carrier is moderately fading
away, operator 2 will actually increase its output level back to the
starting point of L4. {See Figure 15-16.)

If you listen carefully to just a single notz (AUDIO CUE AZB) you
should just about be able to hear that stight timbral increase after
KEY OFF.

4) System one is only going to be contributing a very slight upper
edge to our total sound: the meat of it will come from the stack
provided by system two. TURN OFF operators 1 and 2 and TURN
ON operators 3 through 6 (“001111"). Regin by giving our carrier
(operator 3) maximum output level (=99). Then set operator 48 out-
put level also to 99. As with the first system, we'll be using operator
4's EG to greatly attenuate this output level, Set up a frequency atio
between operators 4 and 3 of 1.01 ; 1.00, which gives us a rapid detun-
ing effect. Now open operator 5's cutput leve! to a value of 53, and
leave it at its default fraquency of 1,00, Raise operator 6's output level
to a value of 45, and set its frequency to 5,10, We'll be using operator 6
to provide the highest harmonics found in the singing voice, and also
the slight upper disharmonics which are inevitably present as a result
of breathiness. In order to add a Bttle more “edge” to the sound, open
the feedback loop (which in this algorithm is on cperator 6) to a value
of 4. Now enter the following EG values for operators 3, 4, 5, and 6:

Op3 Op4 Op5 Op6
L4 0 56 0 0
R1 42 72 35 99
L1 99 48 99 99
Re 20 19 21 99
L2 32 58 90 99
R3 53 41 36 99
L3 97 20 85 89
R4 53 12 83 17
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Play a note and LISTEN (AUDK) CUE 82C). The carrier in this sys-
tetn is undergning a moderate attack, followed by a slow (R2) de-
crease in volume (L2), followed by a more rapid increage back up to
pearly maximum (L3). This “roller-coaster”™ effect is meant to simu-
late the charactenstic change in volurne that choral singers typically
exhibit when holding a single note: {(See Figure 15-17.)

(NOTE once again that although the human voice is capable of gener-
ating literally millions of coruplex sounds, but that we are here at-
ternpting only one of the simplest of them - the choir “ah™)

As promised, the EG of cperator 4 is serving to attenuate its output
level in much the same way that operator 2 was affected by its EG.
This time, however, we have a slight increase in output level, followed
by a decrease, as apposed to the reverse effect engendered by opera-
tor 2's EG: (See Figure 15-18.)

Operator 5 is only undergoing a very slight decrease in output level
throughout its duration, while operator 6 is almost entirely at its de-
fault settings, adding only a very slow R4. The fact that R4 is so slow
for both operator & and operator 4 simply means that the overtone
content they are causing to be present in our carrier will remain virtu-
ally unchanged even after KEY OFF: (See Figure 15-19.)

5 TURN ON aperators 1 and 2 ("1111117} in order to hear our total
sound and LISTEN (AUDIO CUE 82D). The human voice is poten-
tially capable of extreme dynamics, but we won't need to incorporate
a whole lot of dynamic range into the simple “ahi" sound we're at-
tempting here. Therefore, set keyhoard velocity sensitivity values as
follows: operator 2 = 2; operator 3 = 3; opetators 5and 6 = 1. This
will give us slight timbral changes as we play keys harder, and also a
slight volume increase coming from system two,

6) Because both operator 4 and operator § are generating dishar-
moenics with a fast beating effect, we wort need to use detuning to
add more movement to this sound. However, in this instance we'll use
the regularity of the LFO to add a bit of delayed vibrato, so change the
LFO waveshape to a SINE, turn the LFO key sync OFF, leave the
speed at the defavlt of 35, but add in a delay time of 35. Now change
the PMD to 3 and the P. MOD SENS. to 4, and LISTEN (AUDIO
CUE 8ZE). Now change the AMD vzlue t0 3 and enter the following
A. MOD SENS. values: operator 2 = 3; operator 4 = 1. This will in-
duce a very slight “wah-wah” to the overall sound since we are affect-
ing modulators only, and will aiso allow us, by usmg EG BIAS modula-
tion, to use any of our realtime controllers as a subtle brightness
control. Turn on one of your controllers for the EG BIAS destination,
set a range of about 50, and try it out (AUDIO CUE 82F). It's very
stbtle, but it works!

71 'We only have to do a very small ament of scaing m thus sound.
Because human vocal chonds don’t quite react the same as manirnate
strings, keyboard rate scaling appears to be inappropriate, so for this
particular sound, leave it out (it's already defavited to 0 for all epera-
tors anyway). In terms of keyboard level scaling, you've probably
found that our sound is a bit dull at the lower end of the keyboard.
Therefore, enter a break point for operator 5 of C#6, enter a + EXP
curve to the left of that break point, and enter a left curve depth of 9.
Thiz will serve to make notes below A#4 brighter and brighter, with
the strongest effect at the very lowest notes.

8) Finally, to complete the picture, let’s add in a slight pitch shiit
that's also characteristic of choir sounds. Enter in the followng Pitch
EG values: L1 = 48; L2 = 51; R1 = 18; R2 = 640; R3 = 95. This
will give us a Pitch EG that looks something like this: (See Figure
15-20.)
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starting point to build your own customized sounds,
lgt'scondudenuwmmmnﬁmﬁonsofthmeoriginaiaounds, which you are 2 P
welcome to use as vou see fit. Ratherthannmtheseasmerdses, Pm going I
to go easy on you and just include the parameters here on a wice data chart,
For each of these, initialize your DX7 and enter in each of the parameters. ! 3
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entered. As you are entermg i the data, THINK about how each new value is

your starting sine wave, and LISTEN periodically, The first of these OF &
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GENERIC YOICE
ALG. 413
—
SINE | 35 25 3 3 | QFF | 4
WAVE | SPEED | DELAY | PMD | AMDI| SYNC] PM3
R1 [ B3 Rl R4
i8 60 ¥ 9 TRARPOSTIHON
L = G| & oFF _ _
48 | 51| s0| 50 0sc SRe FRE?LDI:}INC\' DETUNE] A :
PITCH EN YELGPE T TR
ELINCTIONS Rl R2 [:%] jo R:
150 21| 36
POLY ! ¢ OFF 0 oz |15 |La ¢
POLY/MONC |RANGE | STEP |MODE FGLISS ANDO|TIME 09| 90|85 | o
PITCH BEND PORTAMEN i
A [
[CONTGRLLER] | RANGE |FITCH MMPLITUDE] EG BIAS L[T] o [ tos
MO WHEEL 20 oM OFF OFF F |-L R10C
(22 OL‘T’UI'%E‘!"EL MELOCITY
FOOT COMT 0 OFF OFF OFF 3 5 1
BREATHODNT. | [} OFF OFF OFF
AFTERTOLCH | 5@ OFF OFF QFF
FREQUENEY] DETUNE sias
1.00 0 3
¢ TAYY
%1 [R2 |RY |Ra
19) 16 | 55| 28
oo o o |9
145 ) 51
K
TR |
L |L L |0
R 1] * [&lo
OFW | OUTELT LEVEL T
2 99 2
FREQUENCY ] DETUNE] AMS
200 Q 1]
4+ 11
Rl 22 [ K3 [Rd |®5
37| 20| 53] B2
Lz |G = o
9| 94| 91| O
H
L |-L L |O
At
R[L RO
DPY |OUTFUT LEVEL [VELOWITY
{ 0% il

Ii.L A1 TR 7o
o;iaﬁtﬁﬂggﬂﬂ'.'n%cm

——ttp..  deimENEe. sl SENENEN  SRESEN M ] F — — — e —— — — —




Advanced Programming Techniques / 257

S5HORGAN
ALG, #5:

Secondly, here's a sound to demonstrate cregtive use of keyboard level scaling
to initiate a very radical keyboard split. This one’s called “S-H ORGAN™ and
provides a rhythmic bright bass for the left hand with a pretty convincing organ
for the right hand. Note that the carrier resporsible for the base accompani-
ment is also used as part of the organ sound: only its associated modulator is
scaled off the upper end of the keyboard. This is a good way to get around the
fact that we “only” have six operators (back in Chapter Two, that was an
astonishing amount. Here in Chapter Fifteen, it's “only”. Knowledge is
power!)
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Finally, here's one called “"HOLDMEDOWN". This is one of the longest-
developing sounds I have ever heard on the DX7, taking nearly two full
minutes to complete all of its vanious transformations. HOLDMEDOWN also

undergoes a final alteration after you release the key you are playing. This

patch may not have a lot of musical applications, but 1 think it's a pood example
of the types of complex changes the EGs in the DX7 can induce. Just be pa-
tient with this one... and happy programming!!
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CHAPTER SIXTEEN.
OTHER DIGITAL FM
INSTRUMENTS

T‘helmparalleledsuccessoftheDX?has spawned 2 whole new generation of
digital FM synthesizers, most of which, because of proprietary and patent
considemﬁom.aremmufacnuedbyﬁrmha(asofﬂﬁswﬁting.hfad,the
Gn!yemeptionisﬂleSmchvier, whichprinwﬂyusesaddiﬁveandnotFM

j shordermmnemteitssumds;memfore.wewﬂ]nutbeinchcﬁng
ilhere).TIﬁschapterwilﬂ.presentamrrent (as of June 1986) listing of all other

While marty of these newer instruments boast powerful performance and
Progranuning features, it should be noted that none of them have as yet at-
tamed anywhere near the general acceptance of the synthesizer that starieq it
all - the Yamaha DX7,

Yamaha DX9:

andpiwhEGsamcuy&msame.Mmhermmrthmg;:ﬁmisapimh
bendwheelmngemnnu]butmpitchbendstep;andﬂ:eLFUcanmtbessm—
i oard.

ﬂ)emaresﬁ]]manyDXQsinchmationbut most seem to have been bought
bypenp]efrustmtedatmeﬁmetheyspentontlwmﬁingﬁstforaDK’ﬁ Once
DX7s became readily availa .thedemandforDXQsﬁmﬂydisappemed
overnight! One can only speculate that this instrument might have done much
better if it had carried a jower Bist price.
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KEY ON

KEY OFF

Figure 15-1

Yamaha DX21:

This is one of the newer Yamaha DX instruments, and the one that has essen-
tially supplanted the DX8, albeit at a much lower list price: § 795. At just over
half the price of a DX8, in fact, you could pretty much cateporize this instru-
ment as being two DX9s in one package!

Yes, vou heard me correctly, [nside the DXZ1 are iwo completely separate 4-
operator, 8-algorithm digital FM synthesizers, labeled ‘A’ and “B”. The two
share the same keyboard (the same, five-octave non-velocity-sensitive key-
board as on the DX5) but can imeract with one another i a vaniety of ways.
Different keyboard medes allow for the different interactions: “Split” puts
each synthesizer over a different part of the keyboard, with the user able to
designate hard split points; “Dual” stacks them together over the entire key-
board and allows you to use all eight operators for a single sound; and “Single”
just puts one of the two synths over the entire keyboard. Because synth ‘A’
and synth “B" have separate audio outputs, you can get great stereo effects
“Split” or “Layet” mode, plus ¥amaha has added a stereo chorusing effect to
the output which can be switched in or out. The overall polyphony of this in-
strument 1s elght voices (not the sixteen cn the DX7 and DX9), but in “Dual”
made, of course, that means only a total of four since each note you play is
robbing a voice from synth A and a voice from synth B (a bit ke going into 2
Chinese restaurant...).

There are 128 onboard internal memory slots, but, as with the DX9, you can-
not access data cartridges and instead must store data on audio cassette tape
only. In edit mode, you can only hear one of the two synths at a time, and this
can really be a pain when you're tryiog to program "“Dual” mode sounds. Also,
severdl of the edit parameters offer far less range than equivalent ones on the
DX7. Three examples: the keyboard level scaling is less comprehensive than
on the DX7; there are usually only two Frequency Fine settings between each
Frequency Coarse value; and the operator and pitch EGs are much less com-
plex than those on the DX7, containing only one user-definable level and four
user-definzble rates with less increments per vatue available.

{See Figure 16-1.}

That said, there are quite 2 few improvements here over the original DX7 de-
sign. For one thing, there is a separate EG bias sensitivity control. For an-
other, most but not all function controls can be voice-linked, as something
called “Performance Memories”, Actually, it's the other way around: voices
are linked ¢ these sets of function controls, No matter how they do it, it's an
obvious plus - and one that DX7 owners will find very atiractive,

The two available real-time controllers - the pitch bend wheel and modulation
wheel - are somewhat unfortunately mounted on the front panel rather than to
the side of the keyboard. Even though, as with the DX9, there is no pitch
bend step control, Yamaha has added a couple of snazzy new modes to the
pitch bend wheel, allowing you to bend all notes plaved, or just the highest
note, or just the lowest pote. One really nice feature that's been added - pitch
bias, which allows you to do pitch bends from the breath controller! The MIDI
implementation is also quite improved - the DX 21 can transmit and receive on
any MIDI channel and can also listen in Omni mode.

Fmnally, even though the DXZ] keyboard iz itsel not velocty sensitive, the
voice generating circuitry is, so if you play this instrument from an external
MIDTed velocity-sensitive keyboard, the DX21 voices will respond accord-
ingly. Unfortunately, that isn't the case with after-touch, which is non-existenit
on this instmiment.

Allin all, though, the DX?] is a very impressive instrument in its own right
and a particularly good value in terms of its low price. I suspect that DX7
owners would eventually become frustrated at some of its limitations, but for
someone first approaching digital FM synthesis, it's really the ideal instru-
ment, with some great performance features to boat,
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Yamaha DX5:

we have come to know and love on the DX7. All this gives this instrument a
whopping thirty-two note polyphony (in “Single” or “Spijt” mede), and, as
with the DX2], in “Split” mode you can specify hard spiits on the keyboard.

Ah, the keyboard. A larget keyhoard, for one thing, ranging from EQ to F7

{that's nearly an octave and a half extra, for those of you who aren't counting),
and it's got full veloeity and after-touch sensitivities. It's also got a nicer feel to
it than the DX7 keyboard, which can sometimes be a little orl the spongy side.

The actual switches on the DX5 are alsg much nicer than those on the DX7:
N0t membrane switches, but real bonest-to-goodness, light-up-under-your-
fingertips switches. And there are 2 Jot more of them, b gumn! Instead of an
“operator select” switch, there are six operator select switches, so instead of
cycling through, you just press the one corresponding to the operator you
wish to select. Each Rate and Level for the operator and pitch EGs has its own

But where's the separate EG biag sensitivity switch??

I shouldn't be complaining - this really is a beautifid mstrument. Among other
improvements is the fact that there are 64 internai memory slots, and two car-
tridge slots, one for each synthesizer. The LCD dispiay is Quite a bit larger,
100 - 40 characters - allowing you to view quite a bit more editing dataat 3
time. As with the DX21, Yamaha again gives us “Performance Memory” slots,
which are essentially sets of function control data, to which specific combinza-
tions of voices can be finked.

Last but not least is a separate headphone preamgplifier with its own volume
control - something that I'm sure maily performing DX7 owmers have wished
for. And the price: $3495. A bit less than two DX7s for the convenience of two
DX7s in one nicely packaged urit. There’s nothing revelutionary about the
DXS, but it's certainly the first-class way to travel!

Yamaha DX1:

The Yamaha DX1, although still in production as of this writing, was essentially
the super-duper deluze rock star precursor to the DX5, bgsi ing

two complete DX7 in one very large chassis. The list price of this beast, how-
ever, is an astronomical $10,9001! Improvements over the DX5? Not $7500
worth, that’s for sure. The keyboard on the DX1 is a weighted-action,
wooden-key piano-type keyboard, very similar to that used on the old Yamaha
CSB0 analog synthesizer, The keyboard after-touch, like the old CS80 {and
unlike the DX7) is polyphonic, In fact, the whole instrument has the faed fand
nearly the bulk) of a CS80, even ncluding the really wonderful CS80 pitch
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Casio CZ101. The woice circuitry inside both the DX 27 and DX100 is essen-
tially half of a DX21, that is, a single four-operator, eight-algorithm configura-
tion, with no keybtoard splits and no stereo audic output. Both these instru-
ments come with 192 preset sounds in ROM memory {and several of these
presets are startlingly good!), and both are capable of storing 96 additional
user-created sounds. But probably the most amazing thing of all about the
DX27 and DX100 is their price: § 645 for the DX 27 and an almost unbelievable
3 445 for the DX100. It's expected that Yamaha will tnake these machines
available through non-music store outlets, such as department stores and
general electronic stores; that means it's more than likely that these instru-
ments will eventually be as widely available and as ubiquitous as the Casio syn-
thesizers already are. Another blow for digital FM!

Yamaha TX7 FM Expander:

This is a Little add-on box for the DX7 that cannot do very much on its own,
but is meant mstead to add the scund capabilities of a second DX7 to your ex-
isting one. For a start, it h2s no keyboard, and no cartridge slot, though it
does have thirty-twe interal voice memory slots. As with the DX7, the TX7
can play up to 16 notes at a time, and each voice is composed of exactly the
same parameters as a DX7's (i.e. six operators, thirty-two algorithins, the
same EGs, ete.). Additionally, there are sixty-four function memory slots.
Thirty-two are used by the TX7 for linking sets of function controls to its own
internal wices, and the other thirty-two are available for a DX7 to use to link
to its internal voices.

The only editing capabilities on the TX7, however, are for function controls - to
change edit parameters, you have to dump the TX7 voice into the DX7, and
then back again - a procedure that’s not nearly as time-consuming or compli-
cated as it sounds, thanks to the wonders of MIDI. The only data storage the
TX7 can access is to an audio cassette, but one nice feature is that it allows
you to also store DX woices onbo cassette, by dumping the DX7 voices into
the TX7 memary first, The MIDI implementation here is essentially the same
as that of a DX7, with the additionat ability of being able to receive in Omni
mode.

There is a programmable voice-linked volurme control, which will save you
having to balance the relative volumes of TX7 and DX7 woices when you're us-
ing them together; and, of course, the TX7 has its own audio output, so you
can ron them in stereo. You can specify hard splits on the DX7 keyboard for
each mstrument, so for all intents and purposes, this nice little unit (st price:
$845) pretty much gives you a second DX7, playable from your existing instru-
ment. The real selling point for me is the ability to voice-link function controls.
That feature alone makes this a very attractive add-on to your DX7,

Yamaha TX816 and TX216 MIDI rack:

Now this is a synthesizer! In this section, you'll have to forgive my unquatified
ravings, because the TXR16 is the instrument I'd Most Like ‘Ib Be Stranded
Om A Desert Island With.

If you take a DX7, strip away the keyboard, displays, switches, and chassis,
you end up with a circuit card about 4 inches by 6 inches. Take eight of these
cards, mount them in a standard 19-inch rack with a common power supply
and MIDI buss, add a couple of programming improvements (including voice-
linking of all hanction controls), and you've got a TXB16.

The TXB16, therefore, gives you forty-eight, I repeat FORTY-EIGHT beauti-
ful Yamaha digital FM opermators, complete with forty-eight, I repeat, FORTY.
EIGHT beautiful ¥amaha digital FM envelopes, and all the bells and whisties
you're used to on the DX7, plus a few more (like hard keyboard splits,
programumable voice attenuation, and even a reference A44() tuning tone).
Each module, being essentially a DX7, has thirty-two internal memory shots,
and, of course, can be playing up to sixteen notes at a time, via its own audio




wilh two of these modules (this is the TX216) for $2095, and you can add on
the individual TF1 modyles (at $545 a shot) as ¥you need them.

Each module can receive on any or all MIDI chanpels, and each module can be
listening at any given time to either its own mdmdual MIDI input, or via 2

[ can't possibly say enotgh good things about the TX8I6. | love the design, T

the concept, but most of all I love the sound. You owe it to yourself to at
least hear this instrument. In the words of KEYBOARD magazine (October
1985 issue):

“..1f you liked the sound of the DX7, you're going to think you died and went
to heaven wher you hear the TXRI15"

Yamaha CX5M computer:

This isn't strictly a synthesizer, but since this computer, manufactured by
Yamaha, containg z digital FM sound chip (essentially the same one that was
used i the DX9), it's worth a brief mention here.

The only keyboard the CX5M comes supplied with is a typewriter-like com-
puter keyboard, so in order to “play” this instrument, you'll need some kind of
MIDI keyboard (again, the DX7 will do fine). The digital FM circuitry here can
produce up to eight voices simuitaneously, but what is interesting is that each
voice can be accessed independently via MIDI - in other words, like the much
larger TXBIE, this can be used as a multi-timbral instrument . Of course,
whereas the TX816 could output up to 128 notes (16 x B) simubtaneously, the

cause at a list price of $469 (plus $50 for each software cartridge), this is a
very interesting ittle computer - remember, when vou're done making sounds
with it, you can ziso balnce your checkbook in it!

As the CX5M possesses what was basically the DX9 voice chip, each of its

voices has only four operators within eight possible algorithms, so the sounds
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Another software package allows for rudimentary sequencer functions - you
can store up to 2,000 notes (not a lot), but each of the sequencer’s eight
tracks can be outputied to a separate MIDI channel, which compensates
somewhat for the very small memory capacity.

The CXSM has been primarily oriented towards a non-professional consumer
market, and if it helps spread the word about digital FM, then it's providing a
valuable service. As a synthesizer, it's quite linited, and 2z a computer, its
lack of memory and disk drive, along with a non-standardized operating sys-
tem, have made it something less than a smash hit so far,

Still, it's a step in the right direction. Any fusing of synthesizer technology and
computer technology is inevitably productive - witness MIDI, And witness
Chowning’s work and its end product - the DX7,

A final word:

Some of you reading this book may be amazed to know that the sum total of
the information presented here was actually the curticutum of an 18-hour
course }initiated at the Public Access Synthesizer Studio in New York. They
were eighteen of the most data-intensive hours you can imagine, but somehow
myy students all got through it, none the worse for wear.

1 sincerely hope tha same has been true for you.
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APPENDIX A: QUICK REFERENCE GUIDE TO THE DX7 SWITCHES
AND CONTROLS
SWITCHES PARAMETER RANGE CHAPTER # PAGES
Data entry - Two
section
Store - Eight
(also as EG copy) - Nine
Internal memory on-off Eight
protect
Cartridge memory on-off Eight
protect
Operator select - Four
Edit mods - Two
(as Compare mode) - Eight
(as Character key) - Eight
Internal memory - Two
select
Cartridge memory - Two
select
Function mode - Two
LED/LCD dispiay . Two
Cartridpe siot - Two
ROM cartridpes - Two
RAM cartridges - Two,
Thirteen

Editl1-6 Operator on-off - Four
Edit 7 Algorithm select 1-32 Four
Edit 8 Feedback 1-7 Seven
Edit ¢ LFO wave Triangle; Ten

Saw down;

Saw up;

Square;

Sine;

Sample/hold
Edit 10 LFO speed 0-99 Ten
Edit 11 LFO delay 0-99 Ten
Edit 12 FMD 0-99 Ten
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SWITCHES PARAMETER RANGE CHAPIER #
Edit 13 AMD 0-99 Ten
Edit 14 LFO key sync on-off Ten
Edit 15 P mod sens. 0-7 Ter
Edit 16 A mod sens. 0.3 Ten
Edit 17 (once) Oscillator mode Frequency Five
(Ratio) or
Fixed Prequency
Edit 17 ({twice) Oscillator syne on-off Five
Edit 18 Frequency coarse (0.50-31.00 Five
Edit 19 Frequency fine 0.50-61.69 Five
(ranpge depends
on Freq. Coarse)
Edit 20 Detune -Tto +7 Five
Edit 21 EG Rate 0-59 Nine
for all rates
Edit 22 EG Level 0-99 Nine
for all levels
Edit 23 Break Point A-1t0C8 Twelve
Edgit 24 Curve -LIN, -EXP, Twelve
+EXP, or +L.IN
Edit 25 Depth 0-99 Twelve
for both curves
Edit 26 Keyboard rate 0-7 Nine
scaling
Edit 27 Operator output 0-99 Four
level
Edit 28 Keyboard velocity 0-7 Eleven
sensitivity
Edit 29 Pitch EG rate 0-99 Nine
for all rates
Edit 30 Pitch EG level 0-99 Nine
for all levels
Edit 31 Key transpose CltoCS Two
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SWITCHES PARAMETER RANGE CHAPTER #
Edit 32 Voice name (use with Eight
character keys)
Punction 1 Master tune (approx. Two
adjust one semitane)
Fanction 2 Poly/mono poly or mono Thirteen
Function 3 Pitch bend wheel 0-12 Thirteen
range
Function 4 Pitch bend wheel 0-12 Thirteen
step
Function 5 Portamento mode SUS-KEY PRETAIN Thirteen
or SUS-KEY P FOLLOW
in Poly mode;
FULLTIME PORTA
or FINGERED PORTA
in Mono mode
Function 6 Glissando on-off Thirteen
Function 7 Portamento time 0-99 Thirteen
Funetion 8 MID]I Receive channel Fourteen
1-16;
S5YS INFO AVAILABLE
or UNAVAILABLE;
MIDI TRANSMIT
¥€S Or no
Function 9 Edit recall ¥E5-NIO Eight
Function 10 Voice initialization y&5-10 Four
Function 11-13 Cartridge formatting yes-no Thirteen
Function 14 Battery check - Thirteen
Function 15 Cartridge save yes-no Thirteen
Function 16 Cartridge load yE£5-N0 Thirteen
Function 17 Mod wheel range 0-99 Ten
Function 18 Mod wheel pitch on-off Ten
Function 19 Mod wheel amp on-off Ten
Function 20 Med wheel EG bias on-off Eleven
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SWITCHES PARAMETER RANGE CHAPTER #

Function 21 Foot control range 0-99 Ten

Function 22 Foot control pitch on-off Ten

Function 23 Foot control amp on-off Ten

Functon 24 Foot control on-off Eleven
EG bias

Function 25 Breath control 0-99 Ten
range

Function 26 Breath control on-off Ten
pitch

Function 27 Breath control on-off Ten
amp

Function 28 Breath control on-off Eleven
EG bias

Functon 29 After touch range 0-99 Ten

Function 30 After touch pitch ot-off Ten

Function 31 Afier touch amp on-off Ten

Function 32 After touch on-off Eleven
EG bias

N.B. information regarding the DX7 controllers and footswitches can be found in the following

Chapters:

Pitch bend wheel: Chapter Thirteen, pages
Medulation wheel: Chapter Ten, pages

Foot controller: Chapter Ten, pages

Yolume pedal: Chapter Ten, page

Breath controller: éjhaptcr Ten, pages
Keyboard after-touch: Chapter Ten, pages
Sustain footswitch: Chapter Ning, pages
Portamento footswitch: Chapter Thirteen, page
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APPENDIX B: VOICE INITIALIZATION DEFAULTS FOR THE DX7

The following is a complete summary of all the DX7 default values that are inserted upon entering
the voice intialization procedure (see Chapter Four for more details):

Mzin Mode: The DX7 defaults to edit mode.

SWITCH # PARAMETER DEFAULT VALUE
Edit1 -6 Operator on-off All operators on
Edit 7 Algorithm select Algorithm #1
Edit 8 Feedback Feedback = 0
Edit 9 LFO wave Triangle
Edit 10 LFQ speed LFO speed = 35
Edit 11 LFO delay LFO delay =0
Edit 12 PMD PMD =0
Edit 13 AMD AMD =0
Edit 14 LFO key sync On
Edit 15 Pitcl'_l modulation Sensitivity = 3
sensitivity
Edit 16 Amplitude modulation Sensitivity = 0 for all
sensitivity operzators
Edit 17 Oscillator mode Frequency(ratio) for all
operators
Oscillator sync Osc key sync = on
Edit 18 Frequency coarse 1.00 for all operators
Edit 19 Frequency fine 1.00 for all operators
Edit 20 Detune Detune = 0 for ail operators
Edit 21 EG rate Rate 1 = 99 for all operators
Rate 2 = 99 for all operators
Rate 3 = 99 for all operators
Rate 4 = 99 for all operators
Edit 22 EG level Level 1=99 for all operators

Level 2=99 for all operators
Level 3=99 for ali operators
Level 4= 0 for all operatars
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SWITCH # PARAMETER DEFAULT VALUE
Edit 23 Break point A-1 for all operators
Edit 24 Keyboard level scaling - LIN for both curves,
curve all operators
Edit 25 Keyboard level scaling Depth = 0 for both curves,
depth all operators
Edit 26 Keyboard rate scaling Rate scaling = 0 for all
operators
Edit 27 Operator output level Output level = 99 for opera-
tor 1; Output level = Q for
all other operators.
Edit 28 Keyboard velocity Velocity sensitivity = 0 for
sensitivity all operators,
Edit 29 Pitch EG rate Rate 1 = 99 for all operators
Rate 2 = 9% for all operators
Rate 3 = 99 for all operators
Rate 4 = 99 for all operators
Edit 30 Pitch EG level Level 1=50 for all operators
Level 2=50 for afl operators
Level 3=50 for all operators
Leve! 4=50 for all operators
Edit 31 Key transpose Middle C=C3
Edit 32 Voice name INIT VOICE

NOTE that po function controls are issued defaults upon voice initialization; they simply remain at

their current settings (see Chapter 13).

The following is a summary of power-up defaults on the DX7; those few parameters that reset
themselves whenever turning the DX 7 on:

SWITCH PARAMETER DEFAULT

n/a Intsmal memory protection OoN

nfa Cartridge memory protection ON

Function 8 MTIDI system exclusive info UNAVAILABLE
available/unavailable
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APPENDIX C: MIDI COMPUTER PROGRAMS AND DEDICATED
SEQUENCERS FOR THE DX7

The following is & partial listing of MIDI compuier programs compatible with the Yamaha DX7,
current as of this writing (June 1986). These programs are of three different varieties: data
display, data storage, and sequencing. Refer to Chapter Fourteen (MIDI) for an explanaiion of the
difference between each category; also note that several programs listed below incorporate more
than one feature and are marked as such. Some data storage programs have the added capability of
voice-linking function controls; consult the manufacturer for details. For a more complete listing,
the reader is referred to KEYBOARD magazine, January '86 issue (MIDI Mania!). The author is
grateful to Dominic Milano and Ted Greenwald of that publication for their dedicated rescarch
which has made the presentation of this appendix so much sasier!

Key to different program types:
d/d = data display; d/s = data storage; seq = sequencer
PROGRAM NAME TYPE FOR MANUFACTURER PRICE
DX Pro did; Applell Digital Music Services $145.00
d/s 23010 Lake Forest Drive
Suite D334
Laguna Hills, CA 92653
Patch Librarian did; Commodore 64 Doctor T's Music Software $75.00
d/s 24 Lexington St,
Watertown, MA (02972
Data 7 did; Applell; Mimetics Corporation $125.00
d/s  Commodore 64; Box 60238
IBM PC Station A
Palo Alto, CA 94306
Performance? d’s  AppleII; Mimetics Corporation $125.00
; address same as above
IBM FC
MIDI Patch dis  Atari; Hybrid Arts, Inc. $ 79.00
Commodore; 11920 W. Olympic Blvd,
IBM PC Los Angeles, CA 90064
FM Drawing Board  d/id; Applell Nexus Computer $200.0C
d/s Consultants
212 Main Street
Toronto, Ontario M4E 2W1
Canada
DX-TX Master dd; Commodore 64 Syntech Corporation $149.95
d/s 23958 Craftsman Road
Calabasas, CA 91302
DX-TX EZ Voice dd; IBMPC Syntech Corporation $399.00
dfs address same as above
MIDIliby d’s IBMPC Club MIDI Software $ 49.95
Box 93895

Hollywood, CA 90093
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MegaTrack seq  Maclntosh Musgicworks $150.00
18 Haviland
Boston, MA 02116

PROGRAM NAME TYPE FOR MANUFACTURER PRICE
Midimag seq MacIntosh Opcode Systems $150.00
1040 Ramona
Palo Alto, CA 94301
Total Music seq; MacIntosh Southworth Music $439.00
d’s Systems
Box 275, RD 1

Harvard, MA (1451

The following is an incomplete listing of dedicated MIDI sequencers which will work with the

DX7. Each of these consists of hardware as well as software, and does got require an external
computer:

PRODUCT NAME MANUFACTURER PRICE

QX1* Yamaha $2,795.00
Baox 6600
Buena Park, CA 90622

QX7 Yamaha $475.00
same address as above

MBEQ-700 RolandCorp. $1,195.00
7200 Dominion Circle
Los Angeles, CA 90040

MSQ-100 RolandCorp. $6235.00
same address as above

SZ1 Casio $399.00
15 Gardner Koad

Fairfield, NJ Q7006

50D Korg/Unicord $695.00
39 Frost Street
Wesibury, NY 11590

LinnSequencer Linn Electronics $1,295.00

18720 Oxnard Street
Tarzana, CA 91356

*can also be used for DX7 data storage.
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FROGRAM NAME TYPE FOR

MANUFACTURER

PRICE

Voice Librartan

DXLib

MidiMac Parch
Editor
MidiMac Patch
Librarian
MacMIDI
Voicepatch
Libraran
Texturef
Texture II
Textures
Texture IT

Meta Track

Keyboard
Controlied
Sequencer

KSQ 300

MIDI Sequencer II

Master Tracks

MUSE

Studio 1,2

d/s
did;

d/s

d/d;
d/s

d/s

d/s

seq

seq

seq

seq

§eq

seq

seq

seq

Apple IT;
IBM P(C

IBM PC

Macintosh

MacIntosh

MacIntosh

Apple [T

IBM PC

Apple T1

Apple IT;
Commodore

Apple IT;
Commodore

Apple IT;
Commodore

Apple II:
Commodore

Apple II;
Commodore

Apple IT;
Commodore

Computers and Music
1989 Junipero Serra Blvd.
Daly City, CA 94014

Noteworthy Systems
3065 24th Street
Boulder, CO 80302

Cpcode Systems
1040 Ramona
Palo Alto, CA 94301

Opcode Systems
address same as above

Musicworks
18 Haviland
Boston, MA 02116

Magnetic Music
PO Box 328
Rhinebeck, NY 12572

Magnetic Music
address same as above

Mimetics Corporation
Box 60238, Station A
Palo Alto, CA 94306

Doctor T's Music Software
24 Lexington Street
Wateriown, MA 02972

Korg/Unicord
89 Frost Street
Westbury, NY 11590

Music Data, Inc.
8444 Wilshire Blvd.
Beverly Hills, CA 90211

Passport Designs
625 Miramontes St.
Half Moon Bay, CA 94019

RolandCorp.
7200 Dominion Circle
Los Angeles, CA 90040

Syntech Corporaticn
23958 Craftsman Road
Calabasas, CA 91302

$49.95

$49.00

$99.00

$50.00

$150.00

$199.00

$299.00

$125.00

$125.00

$ 99.50

n/a

nfa

$150.00

$225.95
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PROGRAM NAME TYPE FOR

MANUFACTURER

FRICE

Song Producer

MIDI 8 Plus

Music Shop

964

Sequencer Plus

Composer
MIDI Composer

Studio Mac

Deluxe Music

Construction Set

Concertware Plus

Musicworks

Performer

seq

seq

seq

5€q

drs

Commodore

Commodore

Commeodore

Commodore

IBMPC

BMPC

IBM PC

MacIntosh

MacIntosh

MacIntosh

MacIntosh

Macntosh

MacIntosh

Mboog Music & Electronics
2500 Walden Avenue
Buffalo, NY 14225

Passport Designs
625 Miramontes St.
Half Moon Bay, CA 54019

Passport Designs
5 SAMmeE as above

Sequential
3051 N, Ist St.
San Jose, CA 95134

Octave Plateau
Electronics

51 Main Street
Yonkers, NY 10701

RolandCorp.
7200 Dominion Circle
Los Angeles, CA 90040

Standard Productions
1314 34th Avenue
San Francisco, CA 94122

Assimilation
485 Alberto Way
Los Gatos, CA 95030

Creative Solutions
4701 Randolph St., Ste. 12
Rockville, MD 20852

Electronic Arts
2755 Campus Drive
San Maieo, CA 94403

Passport Designs
625 Miramontes St.
Half Moon Bay, CA 94019

MacroMind, Inc.
1028 W. Wolfram
Chicago, IL 60657

Mark of the Unicormn
222 3rd Street
Cambridge, MA 02142

$295.00

$149.95

$99.95

$ 99.00

$495.00

$495.00

$495.00

$29.00

$125.00

$49.95

$139.0

$79.95

$295.00
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=YAMAHA DX7Z=MID! DATA FORMAT:

N g=0 : Common DX Voice parameter S

P Parametw d

0 | OP6 EG RATE 1 0~ ab
1 = RATE2 "

2 » HATE3 "

3 n RATE4 .

4 ~ LEVEL1 "

5| = LEVELZ v
6 » LEVEL3 w
7 »  LEVELA4 "

g | OB KEVBOARD LEVELSCALE -

9 LEFT DEPTH "

10 RIGHT DEPTH “

" LEFT CURVE 0~3
12 " RIGHT CURVE "

13 | OP& KEY BOARD RATE SCALLING 0~7
14 | OP6E MQD SENSITIVITY AMPLITUDE 0~
1§ | SRETPERATORKEY VELGTITY a~7
16 | OP6 OPERATOR OUTPUT LEVEL 0--99
17 | OP6 QSCILLATOR MODE o~
18 { OPE DSCILLATOR FREQUENCY COARSE o~
19 -- " FINE |o0~®8
20 DETUNE 0--14
21

:L ! _ 0P ~0OP1 - .

125 ']
126| PITCH EG RATE ¥ 0~ 98
127 w RATE 2 -
128 " RATE ] i
129 - RATE 4 "
130 " LEVEL 1 "
|| " LEVEL 2 "
132 - LEVEL3J -
133 " LEVEL & .
134 ALGORITHM SELECT p~3
135| FEED BACK Q~7
136| OSCILLATOR SYNC 0~
137| LFO SPEED o~ 99
138) " DELAY “
139] “ PFMD o

140 ~ AMD

[ Parameter d
141| LFOSYNC o~1
142] ~ WAVE 0—~4
143| MCD SENSITIVITY PITCH o~?
144 | TRANSPOSE 0~ 48
145| VYOICE NAME 1 ASCII

gl s H el B
15;| VOICE NAME 10 ASCIL
155| OPERATOR ON/OFF|D, |05 |04 [Dy D3 |0y | Da

0=0OFF, 1=0N | 0 (OPy joF2[0P3 [OP4 |OPS|OPE
g=2 ; DX7 Function parameter

P Parsmatar d
64 | MONO/POLY MODOE CHANGE 0 1
65 | PITCH BEND RANGE o~ 12
66 " _S_1'EP o~ 12
67 | PORTAMENT MOQOE D~ 1
658 " GLISSAND 0~ 1
69 " TIME o~ 89
70 | MODULATION WHEEL AANGE D~ B3
71 - ASSIGN o~ 7
72 | FOOT CONTROLLER RANGE o~ 99
73 - ASSIGN o~ 7

74 | BREATH CONTROLLER RANGE 0o~ 88
75 " ASSIGN g~ 17
76 | AFTER TOUCH RANGE g~ 89

7?7 * ASSIGN 0~ 7
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%

———=—u———"=——=SUSYAMAHA DX7==MIDI DATA FORMAT=
“

2. RECEPTION DATA

2-1. Channel Information

Raceistion |8 possib/e when ths channel numbar of the

recalved date matches the channel number set up althe
DX?.

1000nnnn Key OFF & Channel number

n=0ch1 — n=15; th1§)
Okkkkkik  Kay number (k=0,1; CF ,—k = 127; Gy)
Dnrerrey Koy velocity {v; Ignored)

1001nnnn Kay OM & Channsl number
{n=0;ch1—n =15, ch18}
Okickkkik Koy numbar jk=0,1; C*,—k =127, Gg)

Gvvvnewy Key valocily
{v=0; Key OFF,v=1; ppp—v = 127; ftf)

101tnnnn Control changs & channel number
ftn=0;chl — na 15; chig}
Ozcocooe Controi numbar

Qe Contral value

¢ Farameler ¥

1 | Modulation wheel 0~127

2 | Breath controller 0~ 1127
D# | After touch 0-127

4 | Foot controller Q~127

& | Partaments time 0~ 127

6 | Dataentry knob (MASTER TUNE only] |0~ 127

7 | Volume (Lowest 4 bits ignored) G--127
64 | Sustain foot switch D OFF:
€5 | Portamento foot switch :’ﬁ?‘;ﬁi
86 | Data entry +1 4 Bty
97 | Data entry —1 ey only
125| OMNI &Il keay off Igvored
126 | MONO sl key off lgnared
127 | POLY sll key off Ignored

1100nnn0 Frogram change & Channel number
{n=0; chi—n= 1% ch18)

Oppppopp Program rumber (p=0; Voice 1—
p=31; Voice 32

1110nnnn Pitch bander & Channel number
{n=0; ch1-—n=15; ch18}

Oy Pitch bender valua LS byte (Ignored)
Twrrrwy Pitch bender value MS byta {0—64— 1274

2-2_System Exclusive Information

2-2-1. MID| Active Clack

MICI active clack is recaived regardless of channel number.
It the clock | Inlerrugied for more thar 666 ms at any

tima other than during recaplion of bulk data, the X7
assumes that tranamitter power is 0f or (ha lins has bsan
dieconnected, and stops nate cutput,

2-2:2. Bulk Data lor One Voice

J-voice buik duta s recelved n the seme formal 25 the
transmission ¢ata when tha MIDI channal numbers match
inthe "System Information Avallable® roda,

2:2-3. Bulk Qtata [or 22 Voices

J-voica bulk data is racelved In the same format aa the
transmitted data whan tha MIDF ehannel numbara match
in the “Bystam Information Available™ mody, g when
Memaory Protact is OFF,

2-2-4. Parammter Changs
¥Yoice and functlon parameatess ara recsived In the sama
format as the transmitted data when the MIDI channal

nurnbers match in the “System Information Avaitabls"
mode.



Based upon his intensive workshops at PASS (Public Access Synthesizer Studio) in New York,
Howard Massey has written the most complete and informative guide to the Yamaha DX7, the
most popular synthesizer in the world. The book begins with basic audio theory, the
controls of the DX7, and the use of carriers and modulators in FM synthesis.

It then covers their use and is followed by a detailed discussion of the envelope
generators and LFO and their effect. Perhaps the most exciting sections for both the novice
and experienced synthesist are the chapters on MIDI (Musical Instrument Digital Interface) and
Advanced Programming Techniques. No other book covers these topics in such easy to follow
depth. A special feature is the inclusion of three soundsheets that act as a reference check so
you know instantly that you've mastered a particular step! With almost 400 illustrations and
photos to guide you, you'll be creating sounds and textures that you thought only the pros
could do. This book is an essential addition to your hi-tech library.

Howard Massey has been professionally involved in the world of synthesizers for over a
decade. He is a composer, record producer and engineer. in addition to his activities as a session

synthesizer programmer and synthesizer instructor. His past credits include work for
Kraftwerk, Spandau Ballet, and Roy Buchanan.

He is currently Project Director of the Public Access Synthesizer Studio in New York. He has
been teaching the intricacies of the Yamaha DX7 to novice and experienced musicians alike,
both in formal workshops and through private instruction, since 1983. Additionally, he has
organized and taught seminars on MIDI and programmable analog synthesis.
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