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W ELL, YOU ALMOST didn 't have a May is

sue last month. It seems that our humble 
(occasionally) editor, Tom Darter, was a bit 
distracted from his appointed task of whatever it 
is he does. 

His wife Sibyl decided it was time to give 
birth , and damn the deadlines, full speed 
ahead! Or rather, nature gave her her own 
deadline, and husband Tom had to choose his 
allegiance. Wisely, he elected to turn most of 
the actual work on the May issue over to Jim, 
Bob, Dominic, and Ellayn. It became their job 
not just to get the issue off to press, but to make 
it appear to the publisher that dear Tom had 
actually been working those last few days sur
rounding the arrival of 7-lb, 8-oz Lisa. 

Both deliveries, Keyboard's and Lisa's, had 
their strained moments, but it's nice to be able 
to report that both saw the light of day on time 
and in good spirits. Congratulations to Tom, 
Sibyl, big sister Erika, and Lisa Darter. And a few 
hefty pats on the collective back to the Key
board staff. 

This issue contains the sixth installment of 
Dominic Mi lano's new column, Keyboard 
Report. What do you think? Where are we suc
ceeding, and where are we letting you down? 
Are we on target when it comes to selecting 
products you're interested in? Are there certain 
areas of eva luation we consistently overlook? 
We try to be as fair as we can, but everybody has 
biases. Are our biases showing? 

As regular readers know, we at Keyboard 
pay a great deal of attent ion to your opinions. So 
take a minute, please, to drop me a card about 
Keyboard Report. We want to make it the most 
valuable product-purchasing aid you could 
want, and we can only succeed if we have your 
input. 

* 

For 41/i years author, pianist, composer, 
critic, and music historian Leonard Feather has 
been writ ing our Piano Giants Of Jazz column, 
but this issue marks the last installment in that 
series. During this time, Leonard has introduced 
hundreds of thousands of readers to pianists 
ranging from Ammons to Zawinul, presenting 
their history as well as an analysis of their music. 
Leonard won't be leaving Keyboard's pages 
altogether, though, we're happy to report. He's 
agreed to lend his knowledge and talent to a 
series of feature art icles, the first of which wi ll 
appear later this year. 

Also winding up in this issue is the Electron ic 
Perspectives column penned for more than four 
years by electronic music historian and synthe
sizer design consu ltant Tom Rhea. Tom 's 
column has documented the fascinating odys
sey of the development of electronic musica l 
instruments, from the Trautonium and the The
remin to today's d igital synthesizers. Tom will 
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basics of digital sound, part two: 

digital synthesis 

By John Strawn 

DURING THE LAST couple of years, the 
big news in music technology has been 
the application of digital electronic 

equipment to sound. The use of large general
purpose computers in the generation of signals 
that can be processed to produce sound dates 
back more than twenty years; and more recent
ly, advances in microcircuitry have made pradi
cal the manufadure of small digital synthesizers 
whose hardware and software are dedicated 
specifically to musical applications. This article is 
not a survey of current commercially available 
digital synthesizers, but rather an introduction 
to the theory behind their operation. In the first 
part of this article, which appeared in Keyboard 
in March, we discussed the basics of the related 

field of digital recording. This month we will go 
on to take a look at exaoly how computers and 
other digital equipment can be used to gener
ate new sounds. But first, we need to review 
briefly the terms that were introduced in the 
first article. 

What Is Digital Sound? 

\A/HEN WE HEAR SOUND, it is because the 
YYair between \he ear and the sound source 
is vibrating. The source of the vibrations can be a 
musical instrument or a loudspeaker, among 
other things. And as long as we can convince the 
loudspeaker to move in an appropriate way by 
feeding an eledrical signal into it, we can use it 
to create musical sound. Everyone who owns a 
hi-fi stereo is familiar with this. 

In digita l recording and playback of sound 
(see Figure 1), the sound is turned to an eleori-

Figure 1. Overview of recording and playback of sound with computer. 

cal signal by a microphone, and this signal is 
processed by an analog-to-digital converter. 
This device turns the smooth curves of a normal 
analog waveform, such as that in Figure 2a, into 
a chain of numbers ca lled samples. In Figure 2b, 
each sample is represented by a single vertical 
bar - the higher the bar, the larger the number. 
These samples are like snapshots of the original 
waveform as it exists during a very brief slice of 
time. The number of samples taken per second 
is expressed as the sampling frequency, which 
can be as high as 50,000 samples per second for 
high-quality audio work. The samples are stored 
in the computer memory in Figure 1, or in some 
other suitable digital storage medium. 

When the time comes to listen to the sound, 
the samples are passed through a digital-to
analog converter (abbreviated DAq. The result 
of this conversion is shown in Figure 2c. Given 
the right conditions (as discussed in the first 

Recording Storage Playback 

,,,.. A. ' i ,,,.. ~ ......... 

Analog Digital 

-sr Low pass to Computer to 

¥ 1 ' y Digital Memory Analog 
Converter Converter 

Air Air 
Pressure Voltage Voltage Pressure 

Variations Numbers Variations 

18 
© 1981 John Strawn 

CONTEMPORARY KEYBOARD/ JUNE 1981 

0 
> 
() 

"' > 
~ 
"' -< 
:; 
n 
I 
:; 
z 



installment of this article) it is possible to recon
struct the original signal exactly from the sam
ples stored as digital numbers. 

Digital Synthesis 

N OW THAT WE HAVE REVIEWED some of 
the terms used in working with digital 

sound, let's examine how a computer or other 
digital equipment can be used to creat e sound. 
In other words, we will split off and ignore the 
part of Figure 1 labelled "recording." The com
puter will still be providing numbers for the 
digital-to-analog converter from its memory, 
but now the numbers will be created by the 
computer itself rather than played back from a 
recorded input. To simplify matters, we will look 
at the problems involved in synthesizing a sim
ple signal such as that shown in Figure 2a. This is 
technically known as a sine wave, and it forms 
an important building block in many synthesis 
techniques. The samples representing a sine 
wave can be calculated in a computer using 
formulae from trigonometry. The simplest way 
of thinking of computer synthesis would be to 
imagine a computer program which would 
cause the computer to calculate one value of 
the sine waveform for each sample, and then 
send that sample to the DAC. This process 
would be repeated as long as the composer 
wanted to hear a sine wave. The frequency of 
the sine wave (and thus the pitch of the note) 
would be determined by how often the sine 
wave is repeated during a given time (expressed 
as the number of cycles per second). 

There are many reasons for not using the 
computer in this way, however. One is simply 
that of efficiency. If the same sine waveform is 
going to be used over and over again, it seems 

Figure 2a. This waveform is known as a sine 
wave because it can be calculated using tri
gonometric formulae for the sine of an 
angle. /t represents one of the simplest 
building blocks available in sound synthesis. 

I (\ I JV 
Figure 2b. A sampled version of the sine 
wave in Figure 2a, as it might appear at the 
output of the analog-to-digital converter in 
Figure 1. Each vertical bar represents one 
sample. Each sample is stored inside the 
computer memory as a number which 
represents the height of the vertical bar. 

Figure 2c. Reconstruction of the sampled 
version of the waveform given in Figure 2b, 
as it might appear at the output of the 
digital-to-analog converter in Figure 1. 
Roughly speaking, the tops of the samples 
are connected to form the waveform which 
eventuJ//y reaches the listener's ear. 
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Figure 3. It is possible to synthesize the waveform shown at the top by calculating and storing the 
values of the waveform in a wavetable, as shown below, and then reading out the values of the 
wavetable one at a time. 

Wavetable in Computer Memory 

O~SJ~$1$~JS~O~~~~~~~~~~~O 

number of 1 2 3 4 5 6 7 8 9 10 ·11 12 13 14 15 16 17 18 19 20 21 22 23 24 25 
location in table 

wasteful to make the computer calculate the 
same numbers every time. A simpler method is 
to have the computer calculate the numbers for 
one cycle of a sine wave and then store these 
numbers in a list inside the computer memory, 
as shown in Figure 3. Such a list is called a wave
table. After the computer has filled the wave
table with numbers, it can look up the number it 
needs for each sample, and send the number to 
the DAC. This process of table lookup is much 
quicker than calculating the value for each sam
ple from scratch. Obviously, we can ca lculate 
and store any waveshape we like in the wave
table. For purposes of discussion, we will con
tinue to assume that the wavetable contains a 
sine wave, since synthesists who work with com
puters often prefer processing and modifying 
sine waves to defining other waveshapes. 

Suppose, then, that the value of the first 
sample is given by the first number in the wave
table in Figure 3. For each new sample to be 
produced by our simple digital synthesizer, we 
will take the next sarr,ple from the wavetable. 
When we get to the end of the wavetable, we 
simply go back to the beginning and start read
ing out the samples again. What would be the 
frequency of the sound produced by doing this? 
If the sampling frequency were 10,000 cycles per 
second, and there were 200 numbers in the 
table, then there would be 10,000/ 200= 50 cycles 
per second, corresponding to a note near the 
bottom end of the keyboard. On the other 
hand, if the sampling frequency were 50,000 
cycles per second and the table contained 500 
entries, the output would be at 100 cycles per 
second, since 50,000/500= 100. The frequency of 
the note thus depends on the sampling fre
quency and the length of the wavetable. 

What if we want to change the frequency of 
the output signal? One way would be to change 
the sampling frequency; this is in fact the 
method used in the Synclavier and Fairlight syn
thesizers. Another solution would be to skip 
some of the samples stored in the wavetable. 
For example, if we only take the even-num
bered samples, then we would go through the 
table twice as fast. This would raise the pitch of 
the output signal by an octave. If we skip two 
samples and take every third sample, the pitch 
would be raised even further (by an octave and 
a fifth, to be exact). The number of samples 
skipped is related to a number called the incre
ment. The increment is added to the location 

we are currently looking at in the table (this 
location is sometimes called the phase) in order 
to calculate the location at which we will find 
the next sample to read and sent to the output. 
In the simple example in which we were read
ing every sample from the table, the increment 
is 1. If we read only the odd- or even-numbered 
samples, the increment will be 2. 

If we want to change the frequency by some 
amount smaller than an octave, we will have to 
use an increment between 1 and 2. Suppose, for 
example, that we use an increment of 1.125. The 
successive locations in the lookup table would 
be calculated as shown in Figure 4. For each new 

Figure 4. This table shows the proce;; of 
finding successive samples by using waveta
ble lookup. When the increment is greater 
than 1, some samples will be skipped. 

Sample Location in table 
number Calculated Actual 

1 1.000 1 
2 2.125 2 
3 3.250 3 
4 4.375 4 
5 5.500 5 
6 6.625 6 
7 7.750 7 
8 8.875 8 
9 10.000 10 

10 11.125 11 
11 12.250 12 
12 13.375 13 
13 14.500 14 
14 15.625 15 
15 16.750 16 
16 17.875 17 
17 19.000 19 

John Strawn graduated from the Oberlin Conserva
tory in 1973, where he studied organ with Haskell 
Thomson and elect ronic music with Ron Pellegrino 
and Robert Moore. After two years al the Technische 
Universitat in Berlin on a Fulbright scholar hip, he 
spent another year abroad in various electronic music 
studios on a Thomas Watson Fellowship. Since 1976, he 
has been a Ph.D. candidate at the Computer Center for 
Research in Music and Acoustics (CCR MA) at Stanford 
University, working with John Chowning. In addition, 
he has served as one of the editors of Computer Music 
Journal for the past three years. 
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DIGIT AL SYNTHESIS 

sample, 1.125 is added to the accumulated value 
given in the middle column. The fradional part 
of this number is then dropped, yielding the 
numbers in the right-hand column. These 
numbers give the adual location for retrieving 
the new sample from the wavetable. But even
tually, the fractional part of this increment 
builds up until it causes a sample to be skipped. 
This happens after samples 8 and 17 in Figure 4. 
Going back to our original example in which the 
sampling frequency was 10,000 cycles per 
second and there were 200 samples in the 
wavetable, we can see that an increment of 
1.125 has caused every ninth sample in the 
wavetable to be skipped. This means that each 
cycle will consist of around 177 samples from 
the table. The frequency of the sine wave at 
the output has thus risen to approximately 
10,000 x 1.25/200 = 56.25 cycles per second. 

As you might exped, skipping samples can 
lead to small amounts of distortion in the output 
signal. This is called table lookup noise, and 
there are various ways of dealing with it, but 
they're too complicated to go into here. 

Controlling The Parameters Of Sound 

SO FAR, WE HAVE SEEN how to produce a 
simple sine wave at a fixed frequency. Since 

the maximum value of this wave does not 
change in time, the signal would not change in 
loudness either. In fad, the computer would 
continue to create this simple-minded note 
from the time the program was started until it 
was stopped. This is not very useful for making 
music! 

In general, composers who work with digital 
synthesis speak of the following parameters of 
sound: frequency, amplitude, timbre (or tone 
color), duration, location in space (left/ right, 
front/ back, distance), and even the motion of 
an apparent sound source relative to the lis
tener. There won't be enough space to discuss 
all these in detail here. But to give you a better 
idea of how some of these facets of sound can 
be controlled in digital synthesis, let's consider 
the control of amplitude and duration of a note. 

At this point, it will be helpful to introduce 
some notation which is often used as a form of 
shorthand in publications on digital sound syn
thesis. One of the first programs to gain wide
spread use in computer synthesis is called 
MUSIC V. An important concept in this pro
gram is the unit generator, abbreviated u.g. To 
put together an "instrument" for sound synthe
sis, the composer conneds these unit genera
tors together. (In MUSIC V these generators 
don't exist as separate hardware, but are aspeds 
of the computer program. Some commercially 
available digital synthesizers, on the other hand, 
do have unit generators that exist as dedicated 
pieces of hardware.) When a unit generator pro
duces a number at its output, that number can 
become the input of another unit generator. By 
shuffling the numbers around in this way, the 
computer "conneds" the unit generators. 

One important unit generator is the oscilla
tor, shown in MUSIC V notation in Figure Sa 
(the symbol for each generator has a unique 
shape) . The oscillator accepts two control inputs 
and produces one output. In fad, this generator 
works exactly like the wavetable lookup dis
cussed in the previous sedion. Before a given 
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oscillator can be used to produce sound, ihe 
computer must store numbers in the wavetable 
reserved for that oscillator. In general, this wave
table remains unchanged for the " life" of the 
oscillator, which for now we will consider to be 
the same as the duration of one note. When the 
next note is to be played, a different wavetable 
may have to be loaded into the oscillator. The 
right-hand input to the oscillator is the incre
ment, which was discussed above. Assuming 
that the sampling rate remains constant, the 
right-hand input alone determines the fre
quency of the output. For each sample, the 
oscillator calculates a new location in the wave
table by adding the increment to the current 
location, looks up the value of the wavetable at 
that location, and sends that value to the output. 
It also remembers the updated value of the loca
tion for use when the next sample is calculated. 

Suppose now that we want to change the 

Figure 5a. MUSIC V notation for an oscillator. 

amplitude increment 

)ff~· 
output 

Figure Sb. A two-input multiplier. 

input 1 input 2 

output 

loudness of the output of the oscillator. We 
could conceivably conned the output of the 
oscillator to the input of another unit generator, 
called a multiplier, which is shown in Figure Sb. 
The multiplier simply takes two numbers, multi
plies them together, and sends the produd to its 
output. The resulting patch, as such connec
tions are called by analog synthesists, would 
appear as shown in Figure 6. The other input to 

Figure 6. A simplistic way to control ampli
tude, expressed in the notation shown in 
Figure 5. 

increment 

amplitude 

output 

the multiplier would be some number, let's say 
between 0 and 1. When the number is 0, of 
course the output of the multiplier (and hence 
of the entire patch) would be silence. When the 
number is 1, the output of the oscillator would 

be unchanged by the multiplier. Any number 
between 0 and 1 would produce a somewhat 
softer output from the multiplier. 

The loudness of a " note" produced by a 
traditional acoustic musical instrument varies 
during the duration of the note. Typically, the 
note starts with zero amplitude, works its way up 
to some maximum value, and dies down again 
more or less slowly to zero. A simplified repre
sentation of such an amplitude envelope, as 
such a pattern is called, is shown in Figure 7. (If 

Figure 7. This graph, also called an amplitude 
envelope, shows a simplified representation 
of the way in which the amplitude of a note 
changes throughout its duration. 

you 've worked with analog synthesizers, you 're 
already familiar with the idea of envelope 
shapes.) If we could somehow hook up such an 
envelope to the second input of the multiplier 
in Figure 6, we could use this combination to 
start producing notes. In other words, we could 
multiply each sample of the sine wave from the 
oscillator by some value from an appropriate 
part of the amplitude envelope. We are now 
getting closer to controlling our simple oscil
lator in musical terms: If we can control the 
duration and maximum amplitude of the enve
lope, then the envelope will control the note for 
us. 

The problem becomes one of getting a value 
of the amplitude envelope for each sample of 
the output. And the solution may be obvious by 
now. We'll take another oscillator, but this time 
we' ll fill its wavetable with values for the ampli
tude envelope instead of values for the sine 
wave. For this second oscillator we will calculate 
the increment according to how long we want 
the envelope to last - with a smaller increment, 
it will take the computer longer to go through 
the envelope wavetable. Now we have the 
desired control over the duration of the note. 
For each sample, the second oscillator will pro
duce at its output a value derived from the 
amplitude envelope. We will then take this 
value and use it as the left-hand input for the 
multiplier. 

Since the output of an oscillator must often 
be scaled in this way, the process has been 
streamlined by including a left-hand input in 
the oscillator. After the oscillator has looked up 
a sample in its wavetable, the value of the sam
ple is multiplied inside the oscillator by what
ever appears at the left-hand input. (In Figure 6, 
this input was set to a constant number.) Since 
this multiplication can be done inside the oscil
lator itself, there is no need for the extra multip
lier. We can simply hook up the output of the 
envelope oscillator to the left-hand input of u.g. 
1, as shown in Figure 8. 

By using the patch shown in Figure 8, we 
have gained yet another control over the para
meters of musical sound. As we change the 
left-hand input to the envelope oscillator (u.g. 
2), the overall loudness of the note will change. 
A small number there will produce a soft note, 



and so on. This gives us the desired control over 
the loudness of the note. 

As you might imagine, it is possible to con
nect oscillators and other unit generators in a 
wide variety of ways in order to make (hopefully 
musical) sound. For example, if we wanted to 
make a glissando on a note, another envelope 
could be added to the increment (frequency) 
input of the sine wave oscillator (u.g.1) in Figure 
8. We could also take several such sets of oscilla
tors and add together their outputs on a sample
by-sample basis to create a more complex (and 
hopefully more interesting) sound. 

Figure 8. The upper oscillator is used as an 
"envelope generator" to control the ampli
tude of the sine wave generated by the 
lower oscillator. 

1 (duration) 

output 

Real-Time Digital Synthesis 

THERE IS ANOTHER important aspect of 
digital synthesis. Figure 9 shows the indivi

dual steps which might be necessary for calcu
lating one sample of sound in one oscillator. The 
important point here is that each step in Figure 9 
takes some amount of time to perform. For 
example, it might take .002 seconds to perform 
the calculations in steps 1 and 3 in Figure 9. For 
reasons we won't discuss here, it would typically 
take the computer even longer to do the multi
plication in step 5. But if we are using a sampling 

Figure 9. Summary of the steps necessary for 
one oscillator to calculate one sample. 

1. Add increment to current wavetable loca
tion to obtain new wavetable location. 
2. If the new location lies past the end of the 
wavetable, corred the location by subtrad
ing the wavetable length. 
3. Store the new location for use in calculat
ing the next sample (the new location for 
this sample becomes the current location 
for the next sample). 
4. Find the value in the wavetable at the new 
location. 
5. Multiply that value by the amplitude 
input. 
6. Send the product to the output. 

frequency of 50,000 samples per second, the 
time available to create one sample is only 
1/ 50,000 = .00002 second! Apparently, it would 
be impossible to have the computer do all the 
calculations necessary for one sample in one 
oscillator, not to mention the calculations 
necessary for all the other oscillators and unit 
generators. 

Figure 10. Overview of a digital recording and synthesis facility. The composer/ performer would 
communicate with the digital synthesizer using keyboards and other controls as well as a compu
ter terminal, all of which are connected to the computer. Sound can be recorded and stored in the 
computer for processing and later playback through the digital-to-analog converter. Synthesis is 
accomplished by special-purpose hardware controlled by the computer. This hardware produces 
streams of numbers which are converted to sound by the digital-to-analog converter. 

Analog to 
Digital 
Converter 

Terminal Keyboard 

In the early days of digital sound synthesis, 
the solution was to allow the computer to take 
as much time as it needed to calculate one sam
ple, and to store the samples in a file inside the 
computer. Only after the samples for all or part 
of a composition were calculated could the sam
ples be sent to the DAC so the composer could 
hear the sound. This might mean that the com
puter would have to calculate all night in order 
to produce a few minutes' worth of music! Of 
course, if some small mistake had been made, 
the entire process would have to be repeated. 
Even though this was a laborious process, to say 
the least, composers such as Jean-Claude Risset, 
J.K. Randall, and John Chowning were able to 
create full-length computer-generated works 
of music. 

As computers have become smaller and dig
ital technology has become less expensive, it has 
become pradical to build special-purpose devi
ces - digital synthesizers - which are fast 
enough to do all the calculations necessary for 
one or more samples within the time allowable 
for one sample. This is known as real-lime syn
thesis. An overview of a real-time analysis/ syn
thesis system is given in Figure 10. One obvious 
advantage of a real-time synthesizer is that con
trollers such as keyboards and footpedals can be 
attached to it, so that the sound can be modified 
as it is being produced. Another advantage of 
having a computer as part of a synthesizer is that 
the computer can quickly repatch the system 
according to the user's needs. 

Communicating Musical Ideas 
To The Computer 

THE TRADITIONAL WAY of thinking about 
construding a piece of music is to in, -. gine 

the composer seleding various notes ar,d writ
ing a score or chart which di reds the performers 
to play the notes one after another. Sound syn
thesis with computer allows us to introduce a 
more generalized idea, that of a musical event, 
which might be much longer than one note 
typically lasts, or more complicated (for ex
ample, an event might consist of several notes in 
a bundle). 

In programming a synthesizer to produce 
musical events, it is often helpful to think in 
terms of some model of the sound to be pro
duced. One method of deriving such models is 
to analyze traditional musical instruments. 

Digital to 
Analog 
Converter 

Other Performance 
Controls 
(knobs, switches, 
pedals, etc.) 

Using the techniques of digital signal process
ing, a large amount of data can be colleded 
about the instrument. When these data have 
been analyzed, a patch such as that shown in 
Figure 11 can be used to re-synthesize the origi
nal sound. If the amplitude and frequency enve
lopes controlling the sine oscillators are given 
suitable values, it is possible to generate tones 
which are very difficult to distinguish in listening 
tests from the digital recording of the original 
tone. Of course, reproducing traditional instru
ments is only one of the tricks of computer 
music. But by doing this, we can test whether 
our models of sound seem to work, and then 
use the model as a basis for exploring non
traditional sounds and compositional strudures. 

If we were using the patch shown in Figure 
11, then for each musical event produced using 
this model, we would need to specify the fol
lowing parameters for each set of oscillators: 

frequency 
overall amplitude 
amplitude envelope 
begin time of amplitude envelope 
duration of amplitude envelope 
frequency envelope 
begin time of frequency envelope 
duration of frequency envelope 
where to put the output (which channel) 

Continued 

Figure 11 . The patch shown in Figure 8 has 
been expanded to form a simplified additive 
synthesis instrument. Each sine oscillator is 
modified by amplitude and frequency enve
lopes. The outputs of the two oscillators are 
added together to make one sample. More 
three-oscillator units like these might be 
added to the patch to make more compli
cated sounds. 

ampl duralionfreq1 duration amp2 durationfreq2 duration 
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If there are 15 oscillators, and each oscillator 
requires these nine items, then 135 pieces of 
information must be specified for just one 
sound event! In addition, the patch - that is, 
the configuration of oscillators, adders, multipli
ers, and whatever - must be given. 

To help the composer keep track of the 
events which make up a composition in a com
puter, one traditional method involves the 
preparation of note lists or play lists. Typically, 
each patch can be called an instrument, and is 
assigned its own name. Every time a new musical 
event using such a patch is to be started, the 
composer enters the name of the instrument 
into the file containing the score for the compo
sition. After this name, the various parameters 
for the instrument are given. Traditionally in 
computer music, the first parameter after the 
·name of the instrument gives the start time, and 
the second parameter gives the duration for the 
event. In the case of the patch shown in Figure 
11, the same begin time and duration might be 
used for all the envelopes. Subsequent parame
ters will have different meanings, depending on 
the nature of the instrument. 

To give a concrete example, suppose the 
composer wants to invoke a musical event start
ing 15 seconds after the beginning of the com
position. The event is to be a note 1.5 seconds 
long. The sound will be created by an instru
ment which plays two oscillators, as shown in 
Figure 11 ; we will call this instrument ADD, 
because the synthesis technique which this 
patch implements is known as additive synthe
sis. The frequencies (increments) will be called 
freq1 and freq2, and the amplitudes will be 

il GPl pUb\iCll.tiOOS 

" 

amp1 and amp2 for the first and second oscilla
tors, respectively. Likewise, the envelopes will 
be called ampEnv1, ampEnv2, freqEnv1 , and so 
on. The output will be sent someplace called 
Right, which means that the event will occur 
only on the right-hand speaker of a stereo set
up. The end of an entire instrument call is 
marked by a semicolon. In the score, then, the 
composer might type some lines that would 
look like this: 

ADD 15 1.5 C-natural Right amp1 ampEnv1 
freq1 freqEnv1 amp2 ampEnv2 freq2 freqEnv2; 

When the digital synthesizer finds these lines in 
the score file, it knows how to interpret what it 
finds for each parameter of the ADD instru
ment, and creates the sound accordingly. 

When the sound is being produced in real 
time, information such as this must be sent by 
the computer to the real-time synthesizer. This 
means that each time a key is depressed, the 
computer must calculate the frequency, find 
the right envelopes, calculate the increments, 
set up the patch, and then start everything up. 
As you can see, the commercial digital synthe
sizers already on the market have to deal with 
many problems which (hopefully!) remain invis
ible to the user. For example, if the computer is 
not fast enough to transmi\ all of this data to the 
synthesizer itself, then the keyboard response 
will be sluggish, or a thick chord will sound 
arpeggiated. (This is the kind of thing to listen 
for when checking out digital keyboard synthe
sizers.) Overcoming these problems is a test of 
the programmer's skill and ingenuity, and the 
real-time playability of an instrument depends 
on the effectiveness of the solutions imple
mented. 
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Digital vs. Analog Synthesis 

I T WOULD BE IMPOSSIBLE to detail all of the 
advantages of digital synthesis in comparison 

with older synthesis techniques (such as orches
tras, pipe organs, and analog synthesizers). This 
is not meant to imply that someday digital syn
thesis might replace traditional musical instru
ments. Rather, the point is that musicians are 
fortunate in having access to digital synthesis 
because it allows them to explore musical areas 
that were previously inaccessible. 

A major advantage of digital synthesis is 
related to the fact that sound in its digital form is 
represented as a string of numbers. An enor
mous amount of work has been devoted to 
creating computers to be used for working with 
numbers. If the proper set of specifications can 
be prepared, the computer can be instructed to 
create almost any imaginable string of numbers. 
This means that the techniques of digital synthe
sis are not inherently limited in terms of the 
kinds of sounds that can be created and 
manipulated. 

Another advantage is that once a number 
has been stored inside the computer, the 
number does not change (assuming that the 
equipment is functioning properly). This tenac
ity on the part of the computer applies to indi
vidual samples as well as to the timing, loudness, 
timbre, and other features of events within the 
composition. When the composer wants to 
hear today or tomorrow what was created dur
ing yesterday's work, it will still sound the same. 
This can be a major advantage over traditional 
musical instruments, which tend to go out of 
tune, play differently under varying conditions 
of temperature and humidity, and so on. 

Finally, digital synthesis can be used to 
explore areas which were difficult even to 
imagine in previous generations. What would it 
sound like if the human voice were crossed with 
a clarinet or an oboe to create a " talking wood
wind"? What are the esthetic implications of 
structuring each individual sound in a composi
tion to match the structure of the overall com
position? Clearly, we can imagine whatever 
possibilities we like, and the techniques of dig
ital synthesis give us a powerful tool for realizing 
them. 

Summary: Digital Recording 
& Synthesis 

CURRENTLY, DIGITAL synthesizers tend to 
cost between $15,000 and $30,000. Fortu

nately for the musicians who are already work
ing in this area, or who would like to start, digital 
components (chips) are becoming cheaper and 
faster, thanks to the heavy emphasis on the 
research and development of digital electronics 
for commercial and military applications. The 
spin-off of this for the music world will be 
cheaper, more powerful digital synthesizers in 
the not-too-distant future. We can expect that 
commercially available digital synthesizers will 
follow the pattern established by their analog 
cousins; that is, the giant companies will tend to 
concentrate on push-button instruments that 
the user can operate with no knowledge what
ever of the processes being carried on behind 
the front panel. In other words, we can expect 
to see a generation of souped-up preset organs 
with the word " digital" prominently displayed 
on the front panel. The most exciting benefits of 
advanced technology, though, will go, as they 
do already, to those who are willing to learn 
enough about their equipment to envision and 
then explore these new horizons. El 
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