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Electronic Music 

at the University of Illinois 

Introduction LEJAREN A. HILLER, JR. 
Electronic music is, of necessity, institutional music because 
adequate equipment for its preparation is not cheap. Therefore 
the history of electronic music has been one of subsidized ef- 
fort. In Europe, most electronic music studios are supported 
by government broadcasting agencies or private industry. In 
this country, universities and foundations will have to fulfill a 
similar role. Therefore, our experience at the University of 
Illinois in building up facilities for experimental music com- 
position is perhaps typical of what will occur elsewhere in this 
country. Our studio is the second such to be organized in the 
United States, following the one at Columbia University now 
subsidized by the Rockefeller Foundation*l. 
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We are engaged at present in three basic activities, as follows: 
(a) The composition of electronic music of the type now gener- 
ally current, i.e., of music directly compiled on recording 
tape without recourse to musical performance in the usual 
sense. (b) The study of musical applications of electronic dig- 
ital computers; specifically, to composition, to analysis, to 
music printing, and to sound synthesis. (c) The teaching of 
courses related to these topics so that student composers can 
be adequately trained to do this type of work. 

This organizational plan reflects the history of how our studio 
came into existence, because it is an outgrowth of a series of 
experiments I carried out several years ago in collaboration 
with Leonard M. Isaacson, who was at that time a research 
associate at the University of Illinois. These were experi- 
ments to enable the ILLIAC, the computer located at the Uni- 
versity of Illinois, to generate several characteristic species 
of recognizable music. We completed a group of four basic 
experiments which were designed for string quartet perform- 
ance and which now make up The Illaic Suite for String Quartet. 
Both the score of this suite and a book describing this work in 
complete detail have since been published *2, 3. 

After this first effort was finished, we then considered a broad- 
er, more systematic approach to experimental music, one that 
would include the study of the acoustic aspects of music as 
well. Therefore, since the fall of 1958, we have gradually 
built up a program of activities that encompasses each of the 
topics tabulated above. In the present article, I propose to 
review the status of our work [as of early 1962] in electronic 
music specifically, because none of this work has yet been 
described in the literature except very briefly in one recent 
article*4. Let me emphasize, however, that, in so restricting 
my present discussion, we are equally, if not more, engaged 
in activities related to digital computer applications to musical 
problems. The results of our studies of the past several years 
in this second general area since completing the original Illiac 
Suite will be the subject of other publications in the near future. 

Electronic Music Studio Design - Some General Considerations 

We realized that the proper design of an electronic music stu- 
dio is constrained by the following general considerations: 

Electronic music procedures make use of audio components 
that are 'analog" equipment because the commodity processed 
is an electrical analog of sound. The trend in electronics is 
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that "analog" methods are developed to a certain state of func- 
tioning, but are then displaced for general use by "digital" 
methods. The complexity of design and the expense of digital 
equipment is usually much greater than of analog equipment. 
However, digital equipment possesses distinct advantages, 
notably greater versatility, speed, and precision. Therefore, 
because it is already technically feasible to synthesize sound 
by digital methods*5, electronic music as now produced is al- 
ready technologically obsolescent. Until displaced, however, 
I think analog methods will still be useful and justified as long 
as they are provided at reasonable cost, because they supply 
a wide range of compositional tools rather easily manipulated 
by the composer. Also, there is still very much to be achieved 
artistically in this medium since the music so far produced 
only begins to exploit the full range of possibilities. Finally, 
access todigital computers is not always possible and besides, 
the cost of necessary "digital-to-analog" conversion equipment 
is comparable to the investment required for an adequate elec- 
tronic music installation. 

A very clear understanding of relevant principles of the physics 
of music must be applied if a sensible assembly of components 
is to be made. This point cannot be stressed enough. Too 
often, a more-or-less haphazard assortment of readily avail- 
able commercial electronic hardware is acquired that not only 
fails to provide the composer all the tools he needs, but also 
incorporates redundant functions that are a waste of space and 
money. To illustrate, I have observed that few electronic 
music studios at present are equipped with sawtooth wave gen- 
erators that are essential to the synthesis of one important 
class of timbres. Thus, many studios simply do not provide 
those 'unlimited possibilities" that are so often claimed for 
electronic music. At the same time, the same studios may be 
oversupplied with unnecessary filter circuits, electronic in- 
struments intended for performance or, especially, more tape 
recorders than are necessary. 

With these constraints in mind, I decided to assemble our 
equipment systematically, starting with the most important 
items first, but to do this within a fairly modest budget that 
would permit us to build or acquire equipment at a rate com- 
mensurate with a rate at which I felt we could really learn to 
use it. In this way, we would minimize the chance of buying 
electronic hardware that would ultimately turn out to be of 
limited or no use. So far, our expenditure for equipment has 
not exceeded S8, 000 and our ultimate investment will not ex- 
ceed $ 20, 000. One reason these figures are in this range is 
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that by searching around our campus, we were able to locate a 
number of items for our studio that were otherwise not being 
used. This included two professional tape decks, a discarded 
broadcasting studio control panel which for the moment serves 
as our central control console, and a number of items like 
microphones, oscilloscopes, and amplifiers. As these older 
items are replaced by new equipment, our investment will be 
roughly doubled. The point is, however, that an electronic 
music studio that can provide most of the composer's needs, 
though not necessarily in the most elegant form, can be real- 
ized within a moderate budget in institutional terms if a cer- 
tain amount of ingenuity is applied. 

Logical Basis of Equipment Design 

In acquiring electronic music equipment, we felt that, above 
all, we must be able to construct electronically any reasonable 
desired acoustical characteristic, both steady-state or time- 
independent and transient or time-dependent. Therefore, I 
propose to review briefly the acoustical basis of sound synthe- 
sis, in terms of both steady-state and transients, beginning 
with the former. I have found most useful a classification 
scheme of all sounds which I saw first in this explicit form in 
abook by Pierce and David*6. This scheme sorts steady-state 
sounds into five categories in terms of their complexity, going 
from the simplest and most ordered to the most chaotic, as 
follows: 

1 Pure sine tones. A pure sine tone, produced by any har- 
monic oscillator, lacks all overtones and, therefore, presents 
one audible frequency characterized algebraically as follows: 

S(t) = A sin (2rlft+0) (1) 

In Eq. (1), S(t) is the instantaneous amplitude of the sine wave 
at any time, t, A is the maximum amplitude of the wave form, 
i. e., the distance from crest or trough to mean position, f is 
the frequency of the wave, i. e., the number of complete waves 
formed per second, whichis to a reasonable approximation the 
pitch we hear, and t is the phase angle, a factor of lesser mu- 
sical importance*7. 

2 Ordinary musical tones. These consist in every case of a 
fundamental plus a series of harmonically related overtones. 
Fourier's theorem can be written algebraically as follows: 
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n 

S(t) =Ai sin (2nift+0i) (2) 

i 

where S(t) is the instantaneous amplitude of the complex wave 
at any time, t, Ai is the maximum amplitude of the ith mem- 
ber of the series of partials, where i = 1, 2, 3, . .., n, being 
the highest partial present, f is the frequency of the lowest 
partial - the fundamental and also, normally, the pitch the 
listener hears - and Oi is the phase angle of the ith partial. 
It has been demonstrated that steady-state timbre depends pri- 
marily on the relative amplitudes (including zero) of the vari- 
ous partials in the above summation series. 

There exist two fundamentally different approaches to elec- 
tronic complex sound synthesis. The first is additive synthe- 
sis, in which a complex sound made up of fundamental plus 
overtones is formed by adding together pure sine waves of the 
proper frequencies in the right proportions to yield the desired 
complex wave. The second is subtractive synthesis, so called 
because it involves the production of more partials than are 
required and the discard of what is not desired. Subtractive 
synthesis is possible because timbre is most often associated 
with a characteristic formant or resonant frequency spectrum. 
To a first approximation, this formant persists no matter 
which actual note of the scale is played. That is why the low 
notes on ordinary musical instruments are usually rich in 
overtones while the higher notes begin to approximate pure 
sine tones. Therefore, since electrical resonant filter cir- 
cuits can easily be built which duplicate such formants or, for 
that matter, new formants unrelated to conventional sounds, 
many timbres are quite easily obtained by screening certain 
easily generated complex waveforms through suitable circuits. 

The two essential waveforms that must be provided for sub- 
tractive synthesis are the square wave and the sawtooth wave. 
A square wave contains all the odd partials so it is useful for 
types of timbre like clarinet tone in which the even partials are 
largely suppressed. A square wave can be described by the 
following expression: 

n 

S(t) = [Al/(2i-1)] sin [(2i-1)2fft] (3) 

i= 1 
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A sawtooth wave, in addition, provides the even partials, so it 
contains the complete complement of harmonic overtones. It 
supplies the overtones of a given fundamental such that each 
successive partial has an amplitude less than its predecessor 
in accord with the following formula: 

n 

S(t) = (A1/i) sin (21rift) (4) 

i=l 

Thus, audio frequency square and sawtooth wave generators, 
quite simple electronic circuits, can replace a whole set of 
sine-wave generators, once suitable resonant filter circuits 
are also provided. The effect on the frequency spectrum of 
the filtering action of a resonant filter circuit is shown in Fig- 
ure 1. 

Triangular waves and pulse trains can be provided, if desired, 
by coupling simple differentiating or integrating networks to 
the output stages of the above signal sources. However, tri- 
angular waves merely provide a somewhat different distribution 
of the complete overtone series and, therefore, are not nec- 
essary, and pulse trains seem more properly tobe periodically 
recurring transient phenomena and perhaps should be treated 
accordingly. 

3 Clangorous sounds. These consist in each case of a funda- 
mental plus a series of inharmonic partials that do not bear 
simple numerical ratios to one another. These sounds seem 
to have ill-defined pitches because our sense of pitch is con- 
fused by the complex spectra of objective and subjective dif- 
ference and summation tones that result. Commonly occurring 
musical tones of this category are produced by bells, gongs, 
tam-tams and the percussive instruments like xylophones and 
marimbas. In general, these sounds are less well understood, 
but they nevertheless constitute a particularly intriguing group 
of timbres for electronic music synthesis. Since usually five 
or six partials are all that are required for each tone, and 
since no other simple method of electronic synthesis is pres- 
ently available that I know of, additive synthesis is the best 
procedure. Actually, I have found additive synthesis of these 
tones to be relatively efficient. 

4 Ordinary noises. These consist of the juxtapositions of any 
kinds of sounds. These noises cannot be produced by specific 
electronic tone generators as such. Electronic sound sources 
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can provide only some of the possible sounds. Complex noise 
patterns, whether highly random or highly ordered, can only 
be built by mixing or by collage and montage on tape. Thus, 
it follows that no special equipment is essential for this cate- 
gory of sounds. It is obvious that many musique concrete ef- 
fects fall into this class. 

5 White or Gaussian noise. This consists of all audible fre- 
quencies occurring at random time intervals. Typical instru- 
mental sounds constituted in large part of white noise include 
the timbres of cymbals and snare drums. White noise itself 
is a rushing, hissing sound rather like the sound of escaping 
steam. Because it is made up of all audible frequencies, it 
is deemed analogous to white light. If white noise is passed 
through the same filter circuits used for subtractive sound 
synthesis, many of these frequencies are rejected and the sound 
takes on a more characteristic quality depending on what re- 
mains. This filtered white noise is sometimes called'colored 
noise' again in line with the light analogy. 

Transient effects. Although Fourier analysis is worked out 
mathematically also for transient phenomena, actual acoustic 
transients have been at best only partially analyzed and under- 
stood. Yet we must also synthesize musically meaningful 
transients if we expect to have fully realized timbre control. 
I need only point out the effect of varying the attack when play- 
ing an ordinary musical instrument as, for example, playing 
a violin arco or pizzicato, to demonstrate the importance of 
attack and decay curves of sound in delineating the full effect 
of a tone quality. To this we can also add secondary contribu- 
tions to the total effect, such as transient noise content, and 
finally, if considerations relative to the effect on timbre of 
room acoustics are important, the phenomena of echo and re- 
verberation. 

In spite of the complexity of these problems, certain practical 
procedures exist that provide a considerable measure of con- 
trol of at least some transients. The simplest and perhaps 
most important involves the construction of a 'time envelope" 
which controls the instantaneous total amplitude of a given 
sound. This time envelope concept expresses the condition 
that, under ideal conditions, the amplitudes of most sounds 
build up and decay exponentially according to the following rate 
laws: 
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A = A (l-eklt) (5a) t max 

At A ek2t (5b) 

In (5a) and (5b) At is the instantaneous amplitude of a sound, 
while Amax is its maximum or steady-state value. The 
"attack rate constant" is represented by kl. The decay rate 
constant is represented by k2., e is the exponential function 
(=2.718) and t is time. In (5) the rate of attack and decay are con- 
sequently governed by the values assigned to k1 and k2. A 
typical time envelope based on (5) is shown in Figure 2. This 
type of transient control is easily achieved electronically, but 
it is by no means adequate for all purposes. For example, 
there is no reason why non-exponential attack and decay curves 
cannot also be experimented with. Moreover, it is desirable 
that the transients of each partial of a complex sound be con- 
trolled independently. This has been achieved electronically 
but the means for so doing are fairly complicated. 

Echo and, more importantly, reverberation (multiple echo) 
lend much presence and liveliness to real sounds and add a 
considerable contribution to the final tone quality of a real 
sound. Reverberation primarily affects the rate of decay of a 
real sound so it directly affects the time envelope we have just 
been discussing. If used aggressively, reverberation can also 
lead to many bizarre transformations of sounds through super- 
position of peculiar echo, throbbing and oscillation effects. 
However, many of these more bizarre effects by now connote 
to many listeners science fiction sound cliches - music from 
Mars, robot sounds, and so on. These developments force the 
composer to apply reverberation with considerable caution. 

The Actual equipment 

Employing these acoustic considerations, we designed our 
equipment in terms of four basic groups of functions, namely, 
(a) primary sound generation, (b) basic routing and control, 
(c) sound modification, and (d) recording and editing. In Fig- 
ure 3, a block diagram is shown that discloses how these func- 
tions are arranged into this design. I should note also that 
those functions enclosed in dotted lines in Figure 3 we do not 
yet possess, but are either building or plan to acquire or build 
in the nearfuture. These missing units are mostly sound mod- 
ifying circuits that are highly desirable components of a com- 
prehensive installation. However, their absence does not pre- 
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elude the fabrication of a wide variety of electronic sound 
structures. I wish now to describe briefly the equipment ac- 
tually and for each type of process. 

Primary sound generation. The essential signal generators 
are those that produce the four basic steady-state timbres, 
sine wave, square wave, sawtooth wave and white noise, plus 
a microphone for recording actual sounds. To this we have 
added an additive synthesis generator, a special-purpose pho- 
towaveformer, and two electronic instruments, a theremin we 
built ourselves from a published circuit*8, and an ondes Marte- 
not, planned for but not yet acquired. These last two items 
strike me as the two useful electronic instruments for special 
effects. Also, a quite independent consideration is their con- 
cert hall use, since they are the only two electronic instru- 
ments for which a substantial repertory exists. 

We have one sine wave generator built from a kit and rack 
mounted plus two spare generators, one of which is presently 
used solely for equipment test purposes. The oscillator built 
from a kit (actually a sine-squarewave generator) provides an 
undistorted sine wave quite adequate for sound synthesis. Our 
second generator is a beat-frequency audio-oscillator that has 
the total audible frequency range on its dial and not split up in- 
to parts chosen by means of a range selection switch. This is 
of occasional interest for such things as very wide glissandi. 

Our square wave generator is simply part of the above sine- 
square generator while our sawtooth wave generator is a unit 
we built ourselves from our considerable adaptation of a pub- 
lished circuit*9. We likewise built ourselves our own white 
noise generator, again after redesigning apublished circuit*l0. 
A white noise generator is nothing more than a high-gain am- 
plifier that amplifies the random noise of stray electrons or 
positive ions rushing about inside any electronic tube. In prac- 
tice, it is a good idea to use a 'noisy" tube for this sound 
source such as the Type 884 gas-filled tube we employed. 

Our present additive synthesis tone generator is a multiple 
sine-wave generator so designed as to provide successive over- 
tones to a fundamental up to the tenth partial. Each, or any, 
of the partials can be switched in or out at will. Moreover, 
any of the partials can be deliberately mistuned within certain 
limits if desired to produce sustained beating inharmonic par- 
tials. Finally, our one special-purpose generator, the photo- 
waveformer, is built again by ourselves. It makes use of a 
circuit described by Sunstein*ll. This unit employs a Type 
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931A photomultiplier tube to control the vertical gain in a 
cathode ray tube equipped with a short persistence-time screen. 
If a cardboard or black paper waveform is cut out and placed 
in front of the screen, the photomultiplier tube causes the 
trace to follow the edge of the card and the associated circuit 
simultaneously produces a tone with this wave form. As will 
be mentioned below, we also anticipate using this unit also for 
producing unusual time envelopes for transient tone quality 
effects. 

Control panel and test equipment. The heart of an electronic 
music assembly is a control panel or console at which basic 
processes of analysis and control of sounds are achieved. 
These processes include amplifying sounds and adjusting their 
relative volume levels, perhaps adjusting the equalization 
(bass-to-treble ratio), mixing and combining sounds and pro- 
viding basic circuit paths to the various other components. 
The design of this unit can drastically affect the efficiency of 
the total apparatus. The control panel can be a simple plug- 
board plus a few amplifiers, or it can be an elaborate control 
assembly. 

We improvised a reasonable compromise between these two 
extremes by building a control console out of a discarded, but 
not deteriorated, broadcasting studio control board. After 
more or less routine rewiring to make it more nearly fit our 
particular needs, we obtained a unit with a plugboard arrange- 
ment providing eight input channels and four output channels, 
most with independent amplification and volume controls. We 
also incorporated in it various minor supplementary functions 
such as extra transformers. More recently we have designed 
a completely new console specifically tailored to the problems 
of electronic music synthesis. This new unit will have twelve 
independent 'normal" inputs that can be mixed in any combina- 
tion. It will contain patch panels to insert any equipment we 
wish and will be a two-channel stereophonic system through- 
out. 

Certain essential control and test equipment are also func- 
tionally part of any console such as ours. These include: 

1 A loudspeaker, (or loudspeakers) that permits the composer 
to hear what he is doing. This is best placed across the output 
lines leading to the tape recorders. 

2 An oscilloscope for observing the wave forms of sounds 
visually. This also has many other uses such as, for example, 



112 

checking wave forms for distortion and very fine tuning by the 
visual observation of beats between pairs of tones. 

3 An accurate frequency counter that reads in cycles per sec- 
ond. Ordinary frequency meters are insufficiently precise and 
stroboscopic instruments reading in deviations in cents from 

equal temperament are awkward to use once equal temperament 
is not desired. 

4 An electric stopclock for measuring and controlling time 
duration. Two additional pieces of measuring equipment for 
which I can see many uses -two items we do not presently 
have but hope to acquire eventually - are a sound level meter 

reading in decibels and a harmonic spectrum analyzer for an- 
alyzing complex steady-state tones. 

Modification of sounds. Of the processes that alter the sounds 
produced by one or more of the above sound sources (and in- 

cluding, too, playbackof sound already recorded), the following 
are the most important: (1) formant construction by means of 
resonant circuits, (2) time envelope control, (3) reverberation, 
(4) vibrato and tremulo generation, (5) time compression and 
expansion, and (6) frequency shifting or transposition. 

For formant synthesis, we employ an accurately calibrated 

commercially available variable bandpass filter circuit. With 
this unit, it is possible to set any formant within reason or any 
desired band of random noise, within a matter of seconds and 
also to change within limits a formant structure of a sound 
while it actually occurs. The "bandpass" is the range of fre- 
quencies this unit permits to flow through it. This can be set 
at any resonant frequency peak and the band can be made as 
wide or narrow as one wishes. Moreover, since a variable 
band-pass filter is usually made up of two independent units, 
a variable low-frequency cutoff filter and a variable high-fre- 
quency cutoff filter connected in series, we plan to connect 
these units in parallel as well as in series, so that the com- 
plete apparatus may be converted into a variable band-reject 
filter. The main limitation of variable bandpass filters is that 
the shape of the formant cannot be changed. To obtain unusu- 
ally shaped formants, such as, for example, formants with 
several peaks, it is necessary to make several "passes" through 
a variable bandpass filter or, more conveniently, to acquire a 
special filter circuit such as the 'Albis filter:' that permits the 
setting of formants of almost any reasonable shape. Eventu- 
ally, we may acquire such a unit, but I do not feel that it is an 
urgent matter at the moment. 
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For time envelope control, we constructed our own circuit 
which operates in two steps. The first is the generation of the 
time envelope itself and the second is the imposition of this 
envelope onto the audio frequency sound by amplitude modula- 
tion. Electrical voltages that behave like the real attack and 
decay curves described previously are easy to produce because 
certain common circuit components like condensers naturally 
store and discharge voltages exponentially at any rate desired. 
Moreover, other less conventional attack and decay curves are 
easily generated by the photowaveformer described earlier. 
We hope to publish a description of this circuit in the near 
future. 

Of the two methods for achieving artificial reverberation, a- 
coustical through use of echo chambers or electronic via re- 
cording techniques, only the electronic method needs to be 
considered because it is not only more convenient, it is far 
cheaper. Althoughone can purchase or build special recording 
decks for reverberation, reverberation can also be achieved by 
making very simple alterations in any tape recorder provided 
with separate recording and playback heads. If the circuit of 
the recorder is modified, as shown in Figure 4, to provide a 
feedback wire from the playback head through the playback pre- 
amplifier to the recording head, reverberation is immediately 
attained. If a sound from some independent source is fed to 
the recording head and recorded on the moving tape, a mo- 
ment later it is picked up by the playback head, fed back to the 
recording head and recorded again on the tape at an echo time 
interval later than the first sound that depends on the distance 
between the two heads and the velocity of tape travel. On spe- 
cial reverberation disks, the echo interval time is varied by 
changing the spacing of the heads. However, this is not prac- 
tical on a regular tape deck so it is necessary to vary the tape 
speed instead, by means of variable speed drive. This feed- 
back process repeats indefinitely as long as the sound level is 
maintained constant. However, if the amplitude of the feedback 
is reduced with the playback volume control, the echoes be- 
come progressively softer and die out like natural echoes. In 
this way, the reverberation time (the time in seconds for a 
sound to diminish to 60 decibels less than its former value) is 
controlled. However, if the feedback signal is amplified rather 
than diminished, the echoes get progressively louder and the 
sound degenerates into oscillations which depend on the tape 
speed. 

I find it desirable in most instances to apply reverberation to 
a sound after it has already been recorded and often even after 
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a certain amount of the sound structure has been otherwise 
"composed" Therefore, we setup two tape recorders as shown 
in Figure 5 because this arrangement, being symmetrical, not 
only eliminates muchmoving back and forth of reels and tapes, 
but permits also by means of two simple switches dubbing from 
Deck 1 to Deck 2 or vice versa, with or without reverberation. 
Simply switching the playback switch to "BOTH;' introduces 
reverberation in a sound being dubbed from one deck to the 
other. A simple three-position double pole switch in the sig- 
nal leads from the playback heads to the playback amplifier is 
all that is required to effect this switching operation 

Circuits for vibrato (frequency fluctuation) and tremulo (am- 
plitude fluctuation) are simple to build according to published 
information*12; moreover, special kits for such generators 
can be purchased from electronic organ kit manufacturers. To 
the extent that vibrato and tremulo find use in electronic music, 
it seems important that it be variable so that unusual slower 
and faster rates and also wider and narrower amplitude and 

frequency spans be available. We presently plan to include 
tremulo generation as a function supplied by the time envelope 
circuit mentioned earlier. To do this, we are simply adding 
a very low frequency phase-shift sine wave generator as an 
alternate input to our amplitude modulation circuit. Vibrato 
generation being frequency fluctuation, however, requires not 
only this same low frequency signal generator, but a frequency 
modulating circuit, so, for the present, we are not planning to 
supply this effect. 

Time compression and expansion and simultaneous frequency 
shifting occur automatically, as anyone who has handled a tape 
recorder knows, whenever the speed control of a tape recorder 
is changed. Independent control of eachof these is not so sim- 
ple, however, and requires special equipment. Time compres- 
sion and expansion can be accomplished by means of a special 
playback deck*13 we plan soonto acquire. Inthis unit, a sound 
already recorded on tape is played back for transferral to a 
new tape through a special multiple-head playback unit which 
rotates in line with tape travel. Since the frequency of the 
sound depends only on the relative rate of tape travel to the 
head, the frequency of the original sound is not disturbed if the 
tape travel, say, 7-1/2 ips relative to head rotation. There- 
fore, if the head rotates in the direction of the tape travel, for 
example, at a rate equivalent to 2-1/2 ips, then the actual 
speed of the tape is 10 ips and the time it takes a sound to run 
through the playback head is cut to 3/4 its original time. Al- 
ternately, if the head rotates in reverse direction to tape trav- 
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el, the time duration of tape travel is extended. We thus ac- 

complish the acoustical equivalent of the conventional pro- 
cesses of diminuation and augmentation. 

Finally, though we have at present no provision for frequency 
shifting or transposition, we are well aware of the usefulness 
of such a process. Frequency shifting can be accomplished by 
a number of electronic processes, from simple to complex. 
The principal problem here is the introduction of distortion of 
one sort or another. The procedures available range from 

simple frequency dividers to complex circuits that permit 
shifting to any other frequency desired. It should be noted 
that these circuits are a great convenience, but not absolutely 
essential since the composer who wishes to transpose some 
musical material he has on tape can always start over from 
scratch if necessary, and this is what we do at the moment. 

Recording and editing. The final stage of preparing electronic 
music involves recording on tape and then editing these tapes 
often to the end of producing yet additional transformations of 
the original sounds. There are basically two types of tape 
recorders that might be used -professional quality tape re- 
corders and the home tape recorders designed as conventional 
"hi-fi" equipment. Naturally, it is preferable to use profes- 
sional equipment, but because such equipment is expensive, it 
is also possible to make some use of ordinary tape recorders 

provided certain design and function differences are recognized. 
This is what we did for the first several years. We obtained 
the essential but sufficient number of tape decks - three -by 
combining two older monaural professional decks with a modi- 
fied "hi-fi"-type deck in one rack-mounted assembly. In ad- 
dition, we acquired a small portable tape recorder for sup- 
plementary work such as recording sounds outside the studio. 
Since these machines are now getting somewhat old, they are 
being replaced at the time of writing by three new professional 
quality two-track stereophonic machines that are designed to 
operate in conjunction with the new console now being built. 
Some points that need to be considered if a non-professional 
deck is to be used as we did are the following: 

1 Professional decks usually provide the choice of 15 ips (inches 
per second) and 7-1/2 ips tape speeds whereas home recorders 
provide 7-1/2 and 3-3/4 ips. Thus, only 7-1/2 ips canbe used 
for general playback on any machine. Moreover, the higher 
tape speed is, the better the high frequency response becomes, 
which means that a home recorder is virtually a single speed 
unit because the frequency response at 3-3/4 ips is so poor as 
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to render this speed practically useless. This defect of home 
recorders must be remedied by rebuilding the drive mechanism. 

2 Most non-professional monaural tape recorders are equipped 
with dual-track heads that provide half-track rather than full- 
track recording in which the sound is spread over the full tape 
width. Dual-track recording is promoted solely because it 
permits a tape to be recorded forwards and backwards to dou- 
ble its total playing time. For electronic music preparation, 
the defects of half-track recording are many and serious. 
First, the reverse channel can never be used on any tape where 
any cutting, editing, splicing, or the insertion of leader or 
marker tape is to be done. Second, it limits the kinds of 
splices that can be done even when the back channel is empty. 
Third, it is ordinarily impossible to play a half-track sound 
backwards on an ordinary dual-track machine, thus eliminating 
a novel sound transformation that is a natural consequence of 
tape recording. Fourth, a half-track recording has a higher 
'signal to noise" ratio, i.e., strength of recorded sound to 
unavoidable background noise. For all these reasons, full- 
track heads are essential. They come as standard equipment 
on professional decks, but must be provided specially on non- 
professional equipment. (Everything I say about dual-track 
monaural tape recorders applies with even greater emphasis 
to ordinary four-channel stereophonic tape recording.) 

3 On non-professional equipment, the recording and playback 
functions are frequently combined into a single head. This 
prevents the machine from being used for reverberation by 
the circuit changes I discussed earlier and prevents monitoring 
during recording. 

4 Non-professional decks normally do not have hysteresis- 
type drive motors that depend on line frequency for speed con- 
trol. This can make it difficult to install variable speed con- 
trol. Other differences between the two types of recorders 
tend to be less serious. These are mostly quality differences 
rather than differences of function, involving such things as the 
number of drive motors used, flatness of frequency response, 
constancy of tape speed, hum level, and so on. Naturally the 
more expensive equipment tends to be better and tends to be 
more ruggedly constructed, but some non-professional equip- 
ment, even some reasonable units, are surprisingly good in 
these respects. 

Three tape recorders are all that are required for all tape 
processing, which includes, besides normal recording of sound 
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signals, the copying of tapes with or without alterations such 
as reverberation, speed changes, playing sounds backwards, 
and so on, and the essential process of combining sounds to 
build up the composite montage that is the final composition 
on tape. Normally, one combines sounds already on two sep- 
arate tapes; therefore, each of these tapes is placed on a sep- 
arate tape recorder and both played back simultaneously. The 
sounds are then mixed and recorded on the third machine. The 
main difficulty with any process for combining sounds is timing 
- getting both sounds correctly synchronized. At present, we 

simply do this by trial and error until a satisfactory combina- 
tion is obtained. If the timing is critical, I find the following 
procedure useful. After locating the beginnings of each of the 
sounds by moving the tapes back and forth by hand across the 
playback heads, I mark these points and then insert in front of 
each a fixed length of blank or leader tape to compensate for 
startup action. If each is turned on simultaneously, there is 
a good chance the two sounds will match. This can be checked, 
if really critical, by placing recorded clicks in the blank tapes 
and listening to their synchronization. In some studios this 
problem has been attacked by building special playback decks 
in which two (or more) tapes are run side by side over a spe- 
cial playback head. The deck is so designed that all such tapes 
are started by the same clutch mechanism. With our new ma- 
chine, we plan to start and stop all three with a common simple 
synchronous relay-operated starting mechanism. 

The question of monaural versus stereophonic recorders is 
troublesome because stereophonic equipment naturally demands 
more components - more microphones, amplifiers, loudspeak- 
ers, and so on. A reasonable compromise seems to me to be 
the one we are adapting of building a twin-channel system that 
also handles monaural processing so that (a) channels A and B 
are identical, (b) channel A is controlled by channel B, (c) 
channel B is controlled by channel A, (d) channels A and B are 
independent. In Europe, the preparation of four-channel music 
on special tape recorders employing one-inchtape is becoming 
fairly common. I am unenthusiastic about this new trend be- 
cause again all component hardware must be duplicated at con- 
siderablecost. Undoubtedly, this provides even more possi- 
bilities for spatially designed antiphonal effects, but then eight 
channels are better than four, sixteen channels better than 
eight, and so on and on. 

In considering tape editing, we realized that it is almost in- 
evitable that a great proportion of the composer's actual work 
time will be used up editing and splicing tapes. Therefore, a 
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convenient shelf for splicing was provided. In this arrange- 
ment, much of the routine splicing can be done right on the 
tape machines so that the tape reels do not have to be taken on 
and off the machines all the time. Splicing consists firstly of 
the conventional kind of splicing whereby two tapes are joined 
together to form a smooth bond. For this, a conventional small 
tape splicer is useful though I, myself, have found that with 
practice I can make a splice faster, but just as neatly, with a 
pair of small fingernail scissors with curved blades. Secondly, 
more elaborate splicing techniques are required whenever 
splicing is to be used to simulate some control of the attack 
and decay of sounds. This was necessary until we had our 
time envelope circuit built and in operation, because a varia- 
tion of the attack or a decay of a sound can be obtained by 
varying the angle of splicing a tape with sound on it to, nor- 
mally, a piece of blank tape. So for this purpose, we provided 
a small cutting board, a good ruler and a supply of razor blades 
as a temporary expedient. 

A splicing technique that the electronic music composer finds 
natural to the medium is the preparation of tape loops that can 
be run as a loop through a playback head over and over again 
to produce rhythmic or melodic ostinati. After such a loop is 
prepared, it is desirable to have a suitable tracking mechanism 
attached to one of the tape recorders to guide the loop and to 
keep it moderately taut. We built the arrangement sketched in 
Figure 6 for one of our tape recorders. It does not interfere 
with other operations and yet permits the loop size to be varied 
over wide limits. 

In some electronic music studios, large libraries of recorded 
sounds, sometimes in the form of tape loops, are maintained. 
I considered doing this at first but did not pursue the idea be- 
cause it seems more efficient to build up sounds as required 
than to spend time organizing and cataloging such a tape library 
to the extent that sounds might be located quickly and system- 
atically. The one kind of sounds that are perhaps worth keep- 
ing are musique concrete materials that have been obtained 
outside the studio, plus perhaps a few reels of partially com- 
pleted sound effects not yet used in compositions. I have ob- 
served that it is important to distinguish between materials 
stored on tape that would constitute basic sounds versus what 
would be perceived as fragments of compositions. Most of the 
tape loops I have thus far prepared, for example, quite clearly 
belong to this second category and are, therefore, not appro- 
priate material for storage for future use. 
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Shop facilities. One additional point that should be mentioned 
here is that we have provided from the start basic shop facili- 
ties for building and maintaining our apparatus. This includes 
the following: (1) a good-sized workbench with sufficient elec- 
trical outlets and with direct lines to the console described 
above, (2) basic audio test equipment such as a vacuum-tube 
voltmeter, an audio analyzer and a harmonic distortion analy- 
zer, and variable decade resistance and capacitance boxes, 
(3) basic tools such as soldering irons, electric drills and hand 
tools, (4) spare parts. At first, I did all the building up of 
equipment with the help of graduate students, but since the 
spring of 1961 Mr. Ernst Proemmel has been working part- 
time in the studio as an electronics engineer and has been re- 
sponsible for such projects as building the new console. 

Program of Instruction 

Because our electronic music studio is in a university, we have 
given considerable attention to the problem of a suitable se- 
quence of courses for students interested in acoustics, elec- 
tronic music and related topics. This is a necessary function 
of a studio located in an academic institution as opposed to, 
say, a studio located in a broadcasting organization where the 
only objective is the production of compositions. The courses 
are designed for advanced undergraduates and graduate stu- 
dents, most of whom are students majoring in music - partic- 
ularly composition and musicology. It is interesting to note, 
however, that we have had each year one or two students from 
physics or electrical engineering who have had a particular 
interest in music or audio frequency techniques. This has in- 
cluded students interested in circuit design who have helped 
build some of the equipment described in the previous section. 
At present, I teach a three-semester sequence that seems to 
me sufficient and in balance with other course offerings in our 
department. These are (1) basic musical acoustics, (2) elec- 
tronics and music, (3) seminar on musical applications of in- 
formation theory, computers and related topics. 

The introductory acoustics course, properly speaking, has 
nothing to do with electronic music but serves as a basic pre- 
requisite. The content is meant to be relevant to music in 
general and not to experimental music in particular. I use one 
of the few available texts in the field, namely Culver's Musical 
Acoustics*14, which I follow more or less closely and which 
works out quite well if it is supplemented by more recent data 
and by a more quantitative and thorough treatment of topics 
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such as basic properties of wave motion, timbre, and scales. 
I expect the students to do elementary calculations involving 
wave form equations such as those presented earlier in this 

paper, to use sine and cosine tables, and to use logarithms for 
such things as intensity level (decibel) and cents-frequency 
ratio calculations. Naturally it would be desirable to employ 
calculus to develop certain basic materials such as the funda- 
mental equation for simple harmonic motion, but this is un- 
reasonable in this context and really not necessary since one 
can almost always devise an adequate geometrical or graphical 
argument for presenting quantitative relationships. The im- 

portant thing to emphasize is pertinence to musical practice at 
each point in the course. There is no laboratory in this course 
- we lack the space - but the lecture and classroom material 
is supplemented by demonstrations on our equipment and by 
recorded examples of acoustic phenomena, some of which we 
have prepared ourselves and some of which are available in a 
useful two-record set prepared by Bell Telephone Laboratories 
*15. 

In the course following, we consider basic electrical circuit 

theory up to defining impedance relationships in alternating 
current circuits, basic electronics - e.g., how a vacuum tube 
works, how amplifiers and oscillators work, etc., sound re- 

production, and techniques of electronic music proper - this 
latter topic being a considerable expansion of the material 

presented in the present paper. In the final course, this is 
followed by a survey of electronic music thus far composed and 
then we continue with other materials - namely, information 

theory and its applications to music, structural order and dis- 
order in music, and applications of computers to musical pro- 
blems - all topics not discussed in the present paper. The ob- 

jective throughout, when the more technical aspects of these 
topics are discussed, is not to attempt to make a composer an 
expert in electronics who can do basic circuit design, but to 
make him familiar with the technical jargon of electrical en- 

gineering, to give him at least some insight into what actually 
goes on inside electronic music equipment so that it is used 
with some technical confidence and, in general, to dissipate a 
"magic black box" attitude toward electronic hardware. To 
this end, I also normally expect most students, before they 
compose electronic music, to build or work on at least some 
piece of equipment so that they acquire some practical shop 
experience as well. 
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Electronic Music Produced to Date 

The finished compositions thus far produced in this studio 
comprise the following list of compositions by myself and by 
students in the School of Music: 

L. A. Hiller, Jr., Incidental Music for Blue is the Antecedent 
of It, a one-act play by Jack Leckel(1959). Duration of Music, 
20 minutes. First production, University of IllinoisWorkshop 
Theater, March, 1959. 

R. A. Shallenberg and J. A. Hoffman, Three Electronic Studies 
(1959). Duration, 8 minutes. 

L. A. Hiller, Jr., Incidental Music for Cuthbert Bound, a one- 
act play by Christopher Newton (1960). Duration of music, 18 
minutes. First production, University of Illinois Workshop 
Theater, January, 1960. 

James Tenney, Organized Sound for Medea, by Euripedes, 
Robinson Jeffers adaptation (1960). Duration of music, 15 
minutes. First production, University of Illinois Summer The- 
ater, July, 1960. 

Thorkell Sigurdbjorrnson, Leikar No. 3 (1961), Duration, 5 
minutes. 

James Tenney, Collage No. 1 (1961), Duration, 4 minutes. 

David Ward-Steinman, Piano Collage (1961), Duration, 8 min- 
utes. 

L. A. Hiller, Jr., Nightmare Music for Time of the Heathen 
(1961), a film produced by PRP Productions, New York; dura- 
tion of music, 10 minutes. 

L. A. Hiller, Jr., Seven Electronic Studies (1962), duration, 
15 minutes. 

Thus far, we seem to have produced a reasonable balance be- 
tween abstract compositions and music to be employed in a 
supporting role as in the theater and for films. This reflects 
the general experience, with many studios, that electronic 
music seems to find a particularly useful application in support 
of dramatic productions where the sonic pattern is combined 
with and determined by visualand verbal materials. The prob- 
lem of presenting electronic music in the concert hall is not 
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quite so simple, as everyone knows, because the absence of 

performers creates a problem of how to focus attention in this 

group situation. One solution to this difficulty has been the 
recent use of compositions for tape recorder and instrumental 
groups. 

With regard to the above compositions, I might note that, in 

general, as one goes down the list, the proportion of total sound 
that is electronically generated, as opposed to being concrete 
sounds, increases. In my last two scores, all sounds are gen- 
erated electronically with one single exception, in the film 
score, of a montage of laughter. This is, in considerable 
measure, a reflection of the progress in building up the equip- 
ment described earlier. The second point is that we make no 

attempt to impose any specific aesthetic doctrine as has been 
the case in more than one other electronic music studio. Not 

only does this seem objectionable to me in any event, it seems 

particularly something to avoid in a context where composers 
are often working with this medium for the first time and need 
time to discover for themselves that the range of available 

possibilities is not limited to some particular composing tech- 

nique. 
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