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ABSTRACT

Improvements made to a computer controlled digital music
synthesizer are described. The basic elements of the synthesjzer.
are discussed fo give the background for these deve]épments.

‘Hardware additions have been made to extend the technical
capabilities of the system and provide the user with computer
control over various aspects of a musical sound including tremolo
(frequency, amplitude and waveshape), the attack and decay rates
of the notes and the v91umes‘0f the notes. Emphasis, however, is
placed on describing the sbftware developments, which are designed
to provide the user with powerfu] facilities which are easy to
use even if the operator has no computer training (as is likely
with musicians). The software allows the user to interact with
the timbres being produced by the synthesizer and to develop
complete performances which can then be played by a computer.

A1l aspects of the synthesizer are controlled by the computer.
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PREFACE

Originally only a scientific tool, the computer is now used in
a wide variety of disciplines, including many that have long been
considered the exclusive domain of humans. This is not to say that
computers can do all that man can, but it is becoming clear that they
can assist in much of the work done in most disciplines. This is as
true in the arts and humanities as in any other field of study and it
is with this in mind that the computer has been used as a tool for
musicians. With varying success computers have been used for musical

instruction, composition, production and analysis.

Since 1973 a system of computerized aids for musicians has been
developed, as a series of research projects, in the Electrical
Engineering Department of the University of Canterbury. Under the
supervision of Professor R.H.T. Bates and Mr. W.K. Kennedy this system
has grown to cover a wide variety of applications. A musician can
“record (on an organ keyboard) a piece of music and then edit this to
remove errors or introduce particular effects and replay it as many
times as he likes. The music can be replayed at any speed without
affecting the pitch or éan be transposed any whole number of semi-tones.
The music can be displayed on a screen in a way that reflects the input
exactly and thus provides information on the keyboard technique of the
musician. The display can also be in the form of traditional music
notation and can be printed out as such. The computer can administer
aural tests arranging these to suit the strengths and weaknesses of
individual students, it can harmoniée music in four parts, and can

assess student harmonizations. [Tucker, 1975, 1977(a), 1977(b).]

This report will deal with another aspect of the system, namely,
computer controlled music performance. To this end a digital synthesizer
was designed and built during 1975 and 1976 by R.J. Howarth and R.G.

Vaughan [Vaughan, 1977]. This was further developed by the author



during 1977 and much of the software required to control the synthesizer

was written. These developments are described in this report.

The first chapter is intended as an introduction to music
synthesis and the techniques commonly used. This information will allow
the reader to understahd and to evaluate the system described later in
the report. Excellent reviews of the historical aspects of music
synthesis are given by both Tucker and Vaughan [Tucker, 1977; Vaughan,
1977] and so are not repeated here. This report deals with the reasons
for music synthesis, particularly computer controlled synthesis, and

discusses some criteria for evaluating synthesis systems.

Chapter Two is an introduction to the system developed at the
University of Canterbury. An overview of the total system is given so
that the developments made during 1977 can be seen in context. The

philosophy behind these developments is also discussed.

The third chapter describes the functions of the software

deve]opments in detail and shows how the facilities available to the

user provide him with a flexible means of preparing musical pérformances.

Chapter Four evaluates the system as it stands at the moment and

gives suggestions for future work.

iv.
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CHAPTER ONE

ASPECTS OF MUSIC SYNTHESIS

1.1 WHAT IS A MUSICAL SOUND?

It is difficult defining exactly what music is, and modern
developments have caused this question to be widely debated. Many
sounds that would not have been tolerated five or ten years ago are
now becoming acceptable, and it has been suggested that some sounds
are not appreciated simply because they have not been heard before.

It is well known, for ekamp]e, that ideas of consonance and dissonance

vary between cultures and historical periods.

The noted exponent and composer of modern music, John Cage,
points out that nowadays "anything goes." [Cage, 1974, p.7.] "Almost
anyone who listens to sound, listens with ease to any sound no matter
what‘overtone structure it happens to have. We no longer discriminate
against noise. A]so, we can hear any pitch, whether or not it is part
of a particular scale, of one temperament or another, occidental or
6r1enta1. Sounds that formally seemed out of tune now seem, if any-

thing, more distinguished than those in tune." (p.6.)

Of course many people would not agree and would suggest that
there are clearly some sounds which are "musical" and others which
very definitely are not. While being inconclusive, this division of
opinion does show how far we still are from a clear definition of the

boundary between the "musical" and the "non-musical."

While it 1s_e1ectronic music synthesis that has stimulated much
of the above debate, we are primarily concerned, in this report, with
what might be considered "conventional" music. This is not meant to
indicate any Timitation within the synthesis system being described,

but simply to show where the emphasis has been placed. The music



produced by this system is "conventional" in that it consists of indivi-
dual notes of specified pitch arranged to produce "a beauty of form".
[Concise Oxford Dictionary, 1964, p.795.] Each note is a periodic audio
signal. This means that it is produced by the regular repetition of a
particular waveform for a given length of time. The rate at which it is
repeated determines the pitch of the note. The structure of the wave-
form during one period of the signal is called the waveshape, and this

may, theoretically, take a wide variety of forms. (See Figure1.)

The amplitude of the waveform would normally vary throughout the
duration of the note. The function that describes this variation is
called the envelope. The envelope will normally increase in amplitude
at the beginning of the note (attack), maintain an essentially constant‘
amplitude throughout most of the note (steady state), and then die away

at the end (decay). (See Figure 2.)

The quaiity that distinguishes a note performed on one instrument
from the same note on any other instrument is known as the timbre of the
note. This is found to depend largely on the waveshape and envelope used
to produce the note. In other words; the differences between timbres of
various instruments correspond with differences in the harmonics
(overtones) present in the sound. [Jacobs, 1973, p.388.] It has been
found that there are certain families of envelopes [Moorer, 1977, p.7].
There appear to be characteristic string-like attacks, brass-like attacks

and so on.

Two other factors which considerably enhance the quality of a
note are tremolo and vibrato. Tremolo is an amplitude modulation applied
to an envelope. This means that the volume of the note fluctuates in a
regular rapid way. This is the effect obtained by rapid back-and-forth
bowing of a stringed instrument. Vibrato, on the other hand, is a
frequency modulation of the note. In this case, the fluctuation is in
the pitch of the note. This effect is produced by an oscillatory motion

in the Teft hand of a violinist.
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1.2 WHAT IS ELECTRONIC MUSIC?

Electronic music is similarly difficult to define and a wide
variety‘of criteria for what constitutes electronic music has been
proposed. In the most general sense one could include any music that
employed electronic equ{pment in its production or reproduction. This
is obviously too broad a definition to be useful as it would then
include any music heard froh a radio, for example, as well as music

recorded by electronic means.

For the purpose of this report we will define electronic music
as any music which is composed or arranged specifically to take advantage
of electronic techniques. This may mean that the source of the sound
is electronic (e.g. an osci]]étor) or that the music may be modified
by electronic means (as in ?musique concréte" which electronically

distorts natural sound).

1.3 WHY ELECTRONIC SYNTHESIS?

Over recent years the electronic synthesizer has become a bopu]ar
means of producing and modifying sounds. A synthesizer is a'machine
designed to produce for the operator a wide variety of sounds. These
may range in complexity from a pure sinusoid to white noise and so cover
~both (quasi) periodic signals (generally considered musicai) and irregular
aperiodic signals (thought of as noise). Consequently, it is possible
to produce electronically any type of oscillation at any frequency.

[Douglas, 1973, p.2.]

Essential to any synthesizer is an oscillator. This is a devfce
that produces a cyclically varying voltage, which can then be converted
- by a loud speaker to a pressure function in the atmosphere which we
. perceive as sound. However, before this conversion it is highly likely
that the operator will want to modify or enhance the oscillation in some
way. For this, the synthesizer will probably include various components

such as filters, mixers, ring modulators (multipliers), envelope shapers,



amplifiers, reverberators and other specialized equipment as well as

monitoring equipment such as VU meters and spectrum analysers.

There are many different synthesizer designs and synthesis
techniques, all of which_generate and/or modify electrical signals to
produce the sounds desired by the operator. These techniques w111‘be
explored further in Section 1.5 and later in the report. But the
question still remains as to whether this form of music-making has made
~any significant contribution to music that could not have been made by

conventional instruments.

Over the ages techniques of music-making have evolved and developed.
Initially-all music would have consisted only of vocal sounds which may
later have been accompanied by the banging togethe} of pieces of wood.
However, as civilisation has progressed, so has the complexity of the
music it has produced. Technical developments have been employed to
improve and refine musical instruments, and the resultant greater power
and extended tonal qualities have been incorporated into the music of
the time. This process continued into the nineteenth century when physics
could no longer provide improvements to the qualities of conventional

instruments.

Composers and musicians therefd;e had to be content to work within
the Timitations inherent in the instruments available to them. This
meant that music ran the risk of stagnating since it seemed there was no
Tonger any room for innovation. In fact, as recently as 1963, the German
conductor, Hermann Scherchen said "that music was a dead art in the sense
that Latin was a dead language - that the rich vein of human expression
based on modal harmonies and melodies had been exhausted and that no
humanly valid alternatives exist, hence no new music could be written."

[Mathews, 1974, p.263.]

As an example of the limitations of "conventional" instruments

consider the question of temperament. Temperament is a term used to



describe the way an instrument is tuned tb play only certain pitches
which fit into some form of scale. A "natural" scale is one based on
mathematical Taws, but it is impossible to implement exactly on any
fixed interval instrument, if that instrument is to remain physically
playable. Consequently, today, all keyboard, woodwind and brass

instruments except the slide trombone are equally tempered. This means

that the intervals of the natural scale are each lessened or extended
slightly so that an octave (i.e. a frequency range of 2:1) can be

covered by 12 notes with an equal interval between each pair of

successive notes. It is a general rule that two notes sound concordant

if their frequencies can be expressed as the ratio of two small integers
(e.g. 2:1, 3:2, 4:3 ....). However, with the equa}]y tempered scale in
whicﬁ the ratio of the frequencies of fwo adjacent notes is 12/2 (1.05946)
it is impossible to find notes which have the desired small integer ratios.
For example, the closest one canget to 3/2 is 27/12 (= 1.4983071) and the
nearest to 5/3 is 29/12 (= 1.6817928). This obviously introduces errors
and these are cémpounded in waveshapes rich in harmonics. To have more
than 12 notes per octave improves the temperament, but of course makes

the instrument very difficult to play. In fact a 53 note octave has been
pfoposed, but as well as being hopelessly impractical, this is still
slightly imperfect. [Douglas, 1973, p.32.] From this we can see that most
conventional instruments sacrifice the small integer ratios (and hence
true concordance) for the sake of easier manipulation. Furthermore, there
are only 120 notes in the equally tempered scale, whereas the human ear
can distinguish approximaté]y 1400 pitch intervals over the same range.
Obviously the use of instruments which are not restricted to the equally

tempered scale would make possible a huge number of new musical forms.

Signals of any desired frequency can be generated electronically
and‘these can be sharpened or flattened at will. This gives the composer
or performer the opportunity of producing truly harmonious chords etc.

which he cannot do with conventional instruments, as well as being able



to use many more pitches and combinations of pitches than is otherwise

possible.

In virtually all conventional instruments both the power and the
quality (harmonic content etc.) of the very high notes is markedly
different from those of the very low notes. This limitation is imhosed
by the size and shape of the instrument and the fact that the energy is
provided by the performer who has only limited stamina. Because of these
restrictions, the performer cannot exploit the full range of notes
available with equal effect; moreover any one instrument is Timited to a
particular type of timbre and a particular range of pitches. This means
that the composer requiring a string tone may have to use violins, violas,
'cellos and double basses to cover the required frequency range, and even
if a violin can produce a certain pitch it can never sound like a clarinet

at that pitch.

Electronic synthesizers are not restricted in any of these ways and

so provide the performer with infinitely greater versatility.

Most instruments depend on resonance to generate the required
power. This means that more power is required initially to start the
system resonating than to maintain it in that conditioh. However it is
impossible to sharply reduce the energy input once it has been applied
and so much of the excess energy is manifested as noise. Thus we are
accustomed to excess wind noise, bowing noise or the noise of the impact
of piano or xylophone hammers, and the click of valves. These ére
accepted but with advancing technology this degradation is no longer

necessary,

Resonant systems also require a certain amount of time to release
their energy and this means that instruments have a natural decay time.
This can be reduced by damping, but this often gives the decay curve an
undesirable shape and still means that the decay is very much out of the

control of the performer. There is no such Timitation with electronic



systems, which is advantageous as the attack and decay of a note have
been shown to be important in its overall effect. “Adding all of these
constraints together, one can see that there is obvious value in using

a system that is not subject to them. Instead of being limited to a
particular set of characteristics (only some of whicH are useful), the
composer or performer can "build up" an instrument, using a synthesizer,
to his own exact requirements, giving him far greater control and

flexibility both within and beyond the scope of conventional instruments.
To summarize, the advantages of electronic systems include :
- greater dynamic (power)range (hence crescendos and
diminuendos impossible with conventional instruments)

- greater pitch range

- infinitesimal pitch gradations (hence any degree of
g]issando or sliding scale, and no pitch inaccuracies
as with the equally tempered scale)

- completely new and infinitely variable timbres and
musical phrasings

- any extent of echo or reverberation

- arpeggios or similar progressions at greater rates
than humanly pessible

- far greater control over the above parameters as well
as others such as tremolo and vibrato.

1.4 WHY USE COMPUTERS?

A “"natural" musical sound is highly complex and is therefore
difficult td simulate exactly. Not only must several parameters be
controlled at the same time but this control must be fast and accurate.
Within the duration of a single note the frequency spectrum of the
waveshape can vary considerably and at the same time the envelope,

tremolo, vibrato and volume may be changing.

Digital synthesis systems (Section 1.5.1) must produce a sequence

of samples to describe the required waveshapes and envelopes. For high

\



quality synthesis each second of a sound is Tikely to consist of at
least 35,000 samples, and the calculation of each individual sample

may require several arithmetical operations, taxing even the fastest

of the current generation of computers. Of course, this speed is not
required if the samples can be calculated before the music is actually
heard and stored away until needed. Similarly, time is saved if the
samples of any of the waveshapes or envelopes that are to be used
repetitively are only calculated once and then stored. This illustrates
another of the strengths of the computer that make it useful in this

type of application - its ability to store vast quantities of data.

When making music with a conventional instrument many things such
as the envelope and harmonic structure of the sound produced are out of
the control of the musician. To control these things as well requires
far greater dexterity and speed than a humaﬁ possesses. A computer, on
the other hand, can supervise and control all aspects of a musical
performance and.can make changes with far greater precision than would
otherwise be possible. While doing this it can also respond to inter-
action with the musician which will determine the type of control that

is desired and the actions to be taken.

The fact that a computer can do anything for which a suitable
algorithm has been written means that the performer has tremendous
f]exibi]ity and power. The computer can simulate any signal processing
function as well as being able to do things which cannot be easily

implemented by other means.

However, it is not necessary that the musician write all of the
programmes himself. In fact, if a more technically orientated person
writes the programmes, with a sensitiVity to the needs of the musician,
the computer can then act as the bridge between the purely musical and
the purely technical. This is an important aspect of our work since

it provides the musician with the most powerful tool currently available
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to him, [Laske, 1974] without demanding tﬁat he be familiar with the
technical processes being performed. In this way the musician can do
the type of things he wishes to do both quickly and easily. This is
particularly appreciated if the task is highly repetitive or tedious,
and it is in this type of task that the computer excels. A computer
can do the same job in the Qame way any number of times without making
a mistake. On the other hand it can make minute and subtle changes in
a‘very precise manner. Here again we see the flexibility that is

available to the musician.

Using a computer, the musician is able to perform "micro-surgery"
on his music. [Moorer, 1977, p.4.] He is able to account for and control
the tiniest detail - a single waveshape sample can be altered, the timing
of an individual note can be changed by a few milliseconds. Far from re-
placing the musician (as is oféen feared), it becomes obvious that the
qualities of a computer and those of a human are essentially complementary.
While the computer takes cére of the mofe mechanical and repetitive tasks,
the musician is freed from these to concentrate on the creative and

emotional aspects to which he is infinitely more suited than any machine.

A computer can give undivided attention to unlimited detail, is
precise, reliable and immune to distraction, while being able to carry
out the most intricate and lengthy calculations with ease and without
tiring. Of course, a computer can do none of these things unless it is

_furnfshed with a suitable programme. It is the job of the programmer to
transform the machine into the powerful tool it can be, and this 1s'where
the effort must be made if a system is to be useful to and easily

utilised by a musician.

1.5.0 SYNTHESIS TECHNIQUES

The two main aspects of music synthesis are the actual production

of sound and the specification of the parameters that combine to make up
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that sound. However in both of these areas there has developed a wide
variety of techniques and processes. We will look at some of the main
classifications into which these fall in order to obtain an overview of
some of the ways that have evolved for specifying and producing

synthesis music.

1.5.1 Analogue or Digital?

A1l synthesis equipment is either analogue or digital or a combina-
tion of the two (hybrid). Analogue systems, which are by far the most
prevalent, are those which deal with signals which vary continuously in
amplitude or frequency. In other words the musician works with signals

that mirror exactly the pressure function of the sound they would produce.

Digital systems, on the other hand, deal with numbers that repre-
sent the amplitude of the corresponding analogue signal at various times.
An analogue signal can be converted to a digital one by measuring and
recording the amplitude of the signal at regular intervals. This must
be reconverted to an analogue signal before the sound can be'heard. A
digital system can consist of a computer only, a computer controlling
some specialized digital signal processing hardware or a non-computerized
digital synthesizer; A hybrid system almost always consists of a |
computer controiling (via digital-to-analogue converters (DAC's)) a

collection of analogue signal processing equipment.

An analogue synthesizer is controlled by a set of potentiometers
which vary the parameters of such components as oscillators, mixers,
filters, amplifiers, etc. The musician "twiddles" these until he obtains
a sound he 1ikes. However, unless he tape records it there and then, it
is quite Tikely he will never be able to hear that sound again. Even
if he makes a note of every patch (connection between various components)
and of every.potentiometer setting, he is unlikely to be able to reproduce

them exactly. Even a tape recording of the sound is not an‘entirely
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satisfactory answer since this is subject to noise such as "hiss"

(wideband white noise) and "dropout" (irregularities in the oxide
coating). Moreover each time the tape is copied, more and more noise
is introduced. This is a serious consideration as analogue synthesis
depends on re-recording sounds many times as they are modified or as
other sounds are added in. In contrast, digital data can be storéd,
used, transmitted or manipulated without deteriorating. Whét is more,
digital recording can be extremely accurate and can provide superior

sound quality. [Blesser, 1975, p.698.]

As opposed to analogue systems, digital systems are inherently
repeatable. Unfortunately the problem of trying to reproduce a
potentiometer setting exactly is compounded by the fact that the
components of analogue systems tend to drift (i.e: their values change

due to temperature and age). -

As mentioned, digital data can be manipulated without introducing
any inaccuracies. The manipu]dtion is often a lot easier as well.
Digita]'signallprocessing techniques can be implemented to'simu1ate
the operation of any of the analogue components (oscillators, multipliers,
filters etc.). The advantage of analogue circuits in this regard is that
) thése processes can be impleménted more or less directly, whereas a
suitable algorithm is required to do them digitally. Once a digital
system is designed, however, it can normally be depended upon to operate
more reliably. Digital data can be encoded in some form that makes the

manipulation more efficient or as a protection against errors.

Another advantage of analogue systems is that they can be patched
ina Qariety of configurations and give immediate results. In other
words the various components can be wired together in any of a large
number‘of ways so that output voltages from some modules can be used
as control voltages for others and so on. However, manual patching is
slow and so not suitable for rapid changes. Computerized patching has
been attempted but is complex and cumbersome. Furthermore, some

synthesis programmes for purely digital synthesizers have been written
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to simulate the patching together of analogue modules (e.g. MUSIC V).
[Mathews, 1969, p.37.] This eliminates the problem of timing and is
perhaps even more flexible than an actual analogue synthesizer in that

it does not suffer from circuit redundancy or insufficient modules.

1.5.2 _Turn Around Time

Another important consideration when classifying systems is the
amount of time it takes to get from an idea to a sound. The ideal
situation would be for a system to be totally real-time. This would
mean that the musician could interact with the system and the results
of this interaction would be reflected immediately in the sounds heard.
However, since a great deal of computation is reduired for any degree
of high quality synthesis, this appears to be an unrealizable goal

unless special purpose hardware is employed. [Moorer, 1977, p.5.]

The other extreme is an off-line system and most of the
synthesis systéms that have been developed so far fall into this
category. -This is far from ideal, but is often necessary where the
computer is not dedicated entirely to muéic but is shared by many users.
Under this sort of batch’processing the user usuaily submits a set of
parameters-to the computer (often on punched cards) and sometime later
the appropriate computation is carried out. The resultant digital
samples are either recorded on maQnetic tape (requiring later digital-
to-analogue conversion) or they are fed directly to a DAC and the
analogue signal recorded. Either way the sound is not heard until'
sometime after the procéss is started. Although economizing on computer
time and not requiring any special purpose hardware, batch processing

can result in delays of up to several days.

The disadvantages are obvious. Since much of the human side of
music production is entirely subjective, it is often necessary to be

able to experiment with various parameters. If each parameter change
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takes several hours or several days the musician is unable to compare
the current sound with the previous one because he cannot remember it.
Without immediate feedback it is very difficult trying to 'get a feel
for' the effects of various parameters. As mentioned, one of the
advantages of computerized systems is their ability to make subtle
changes. Unless the effects of the changes can be heard within a few
seconds this advantage is lost. It is therefore necessary to have a
system with which one can interact freely and which responds in as
short a time as possible. Providing the computer is available, it is
relatively easy to develop an interactive system but it is more diffi-

cult striving for "real-time" operation.

1.5.3 Special Purpose Hardware

The computer is quite capable of producing music without the
he]p of any external hardware besides a digital-to-analogue converter,
an amplifier and a loud speaker. The simplest way of doing this is by
using a single register bit. A bit is a computer element which can
have one of only two values (voltage levels). It can be made to
oscillate between these two Qa]ues by various computer operations,

producing square waves of varying frequency. This technique is simple,

but very 1imited.

Pure computer synthesis is the process whereby a computer calcu-
lates samples and presents these to a DAC. The output of the DAC is
either recorded, as is necessary with batch-operated programmes such as
MUSIC IV, MUSIC IVB [Mathews, 1961, p.677], MUSIC 360 [Pierce, 1965]
and MUSIC V [Mathews, 1969], or is fed directly to an amplifier to be
heard immediately. Programmes such as GROOVE [Mathews, 1970], POD6
[Truax, 1973] and EUTERPE 8 [Smoliar, 1973] employ the second of these

techniques. The problem here is that it may require several seconds of

computer time to calculate all the parameters of one second of sound.
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To obtain real-time operation it is necessary to use special
purpose hardware. This equipment is expensive and is usually not
immediately transferable to another computer, but it is necessary if
one wishes to approach real-time. The advantage is that the extra
hardware and the computer can be operating in parallel, thus 1ncréasing
the degree of real-time interaction possible without losing the
flexibility of digital control. There is no reason why the extra
hardware cannot itself contain a mini-computer or micro-processor and
this approach is being tried more and more. The special purpose hard-
ware should be designed with the needs of the particular system in
mind but the general idea is to relieve the computer of the simple but
time-consuming tasks, freeing it for more efficient use. Whatever
design is adopted it does mean that the tasks are shared and the goal

of real-time operation is closer.

1.5.4 Sound Specification

There are three main techniques used in synthesizers'to produce
sounds. These are (a) additive synthésis, (b) subtractive synthesis
and {c) summation formula synthesis. In this section each will be
discussed in more detail with particular reference to the parameters

that must be specified by the user for each one.

Any periodic waveshape can be thought of as the sum of a series
of harmonically related sinusoids. These are known as the Fourier
components or harmonics of the waveshape. In éther words, any periodic
musical sound consists of a fundamental tone plus overtonés. It
follows from this that any periodic waveshape can be synthesized by
adding together a series of suitably weighted, harmonically related
sinusoidal signals. This is done and the technique is known as

additive synthesis. A1l that is required is a bank of sinusoidal

oscillators and a circuit for summing their outputs. Of codrse, to be

able to obtain different waveshapes one must be able to specify various



values for the amplitude of each harmonic. However, in practice it is

found that sounds are more interesting if the amplitudes of the partials

vary within a note forming what is called a quasi-periodic waveform.

A typical expression for the value of the nt

be :
X(n) =
where X(n) is
n s
T 1is
w IS
k is
Ak(n) is
nT
M is
Fk(n) is
at

h sample of a waveform would

M
Y A, (n) sin {nT [kw + 27 F, (n)]}
k=1 :

the sample value at time nT

the sample number (time index)

the time between consecutive samples

the fundamental frequency of the note (radians)
the harmonic number

the amplitude of the k™ harmonic at time
(assumed to vary slowly in time)

the number of harmonics

the frequency deviation of the k?h harmonic
time nT.

[Moorer, 1977, p.9.]

To be able to evaluate this function at any time, the computer

must be supplied with

values or functions for each of the parameters
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w, M, T, A (n), F (n). This is a powerful technique since, as mentioned,

any quasi-periodic waveform can be realised. It also has the distinct

advantage that the values that must be specified for the parameters given

above can be estimated from analysis done on existing musical sounds.

This has been found to produce "synthetic sounds with remarkable simi-

larity to the original sound." [Moorer, 1977, p.5.] Of course a

synthesizer can be used to produce sounds other than those produced by

conventional instruments but the fidelity with which it can reproduce

known sounds is a useful bench-mark as to the quality of the technique

used.  The disadvantage of this type of synthesis is that it is only

useful for producing "periodic" tones of nearly constant frequency.
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Another widely used technique is subtractive synthesis. This

uses an harmonically rich waveform such as a square wave or pulse train
(periodic) or white noise (aperiodic) as an excitation function which

is modified by a time varying filter. That is, one starts with many
harmonics, and attempts to filter out those not required. This technique
is used extensively for speech synthesis as well as music. The para-
meters that must be specified include the nature of the excitation func-
tion (periodic or aperiodic), the excitation function fundamental
frequency (if periodic), the overall gain and the filter coefficients.
Once again, these can normally be determined from analysis of actual

waveforms.,

It is thought that this method could be even more flexible than
additive synthesis sinée the harmonic content (determined by the filter)
and the pitch (determined by the excitation function) are independent
and can be varied independently. To date however, subtractive synthesis
has not produced the same high quality sounds as additive synthesis
despite the use of very accurate high order filters. This is thought
to be because insufficient is known about modelling fhe excitation
function and good tools for generating this are not avai]ab]e. [Moorer, |

1977, p.16.]

The third main synthesis technique 15 different from the previous
two in that its parameters cannot be readily derived by analysis. Con-
sequently, results are only obtained by empirical means. One must
develop an intuitive feeling for the parameter vériations that produce
particular types of sounds. This technique is classified as summation

formular synthesis. By evaluating particular formulae it is found that

the resulting function (if converted to a voltage) produces sounds which,
under certain circumstances, are "musical". The most important and

widely used of these formulae is the frequency modulation equation.

[Chowning, 1973.] This can be represented as :

X(n) = A(n) sin {27 f.nr + I(n) sin (21TfmnT)}
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where A(n) is the amplitude of the waveform (i.e. constitutes
the envelope)

I(n) is the modulation index (and is usually a simple,
slowly varying function).

This can be expressed as a summation of a series of sinusoids, the
frequencies of which are separated by the frequency, £ . What is
more, these make up a harmonic spectrum if £, and £ are related by
a rational number. The amplitudes of these harmonics are sums of
Bessel functions which are themselves functions of the modulation
index. Thus by specifying £, and £ and varying the modulation
index the spectrum can be changed dynamically, creating rich and

colourful sounds.

We have sboken mainly about the specification of waveshapes
because it is here that the harmonic components are of prime importance.
However, in the specification of envelope values it is the time domain
representation rather than the frequency domain representation that is
important. This illustrates the importance of being able to specify
shapes in either domain. Specification in the time domain is more
easily implemented since it only requires the user to te11.the.computer
the values of the samples it is to use. It‘must be remembered that
methods should be developed that make this as easy and as natura] for

a musician as possible.

1.5.5 Quality of Sound

The‘two biggest factors influencing the fidelity of digitally
synthesized sound are the number of bits per sample and the number of
samples that are calculated for one second of sound. It is not
difficult selecting appropriate values for these, but they must be kept
in mind when designing a system. Each sample is a numerical represent-
ation of the amplitude of the signal at a particular time. The more

bits there are to a sample the greater the number of voltage levels
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that can be described by that sample. Consequently, the accuracy with
which any voltage is described increases if more bits are used. Any

inaccuracy introduced by the sampling process is called quantization

noise. If the number of bits to be used (n) is known, the rms signal
to quantization noise ratio can be calculated by using the following

expression :
s/n = /3/2 .20
The maximum number of bits which can be used is often determined by the

availability of a suitable DAC. However, DAC's that can handlie 16 bits

are now obtainable and this is quite sufficient for high quality sound

]

production. s/N = v3/2 .26 = 80264 = 98 ds.

Even 12 bits (74 dB) are sufficient except when very soft sounds are

generated. [Mathews, 1969, p.6.]

The frequency range that can be obtained from a synthesizer,
depends very much on the sampling rate. It can be shown mathematically
that a signal (if it is to be faithfully reproduced) must be sampled
at at least twice the frequency of the highest frequency component of
that signal. Since humans can hear frequencies up to about 16 kHz,
sampling rates in the range of 35 kHz must be considered. This gives
us some idea of the rate at which we are asking the system to perform.
At this rate, a three minute performance would require an output of
6.3 million sampTes. It is obviously necessary that the hardware can
present samples to the DAC sufficiently quick]y.‘ If a slower sampling

rate must be used, the frequency range of the system is Timited.

The next chapters describe the work of the author in relation

to an actual system.
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To control the synthesizer from the Decwriter, the user must
learn the functions of the various commands available to him. This
is no more unreasonable than expecting a musician to learn the rules
appropriate to any instrument. Every effort has been made to make
the system easy to use, and so the commands have been kept simp]e,‘
while the jobs pefformed by them are powerful and suited to the needs

of a musician.

The synthesizer system is only part of a very much larger system
of computerized aids for musicfans and is compatible with other aspects
of that system. [Tucker, 1977.] This greatly extends the flexibility
available to the musician as, for example, the notes which are to bé
played through the synthesizer can be reéorded, rép]ayed, edited and
printed out, unfil the user is completely happy with them, before a
timbre is associated with each one. In other words, while other aspects
of the system are concerned with the notes themselves (i.e. their
pitches, start times and durations) the synthesizer system is concerned

with the timbre associated with each note.

2.1.2 Specifying a Sound

in developing a timbre the user must select a waveshape and an
envelope that produce thé sound he desires. By specifying a particular
shape (for use as a waveshape) the user is automatically specifyiné thg
number and amplitudes of the Fourier components (harmonics) that make
up that shape. Cohsequent]y, he does not have to worry about adding
more in or filtering some out as is the case with the additive and

subtractive techniques. (Section 1.5.1.)

There are various ways one can specify a shape, but they fa11
into two main categories. One can either specify the amplitudes of
- the components that make up that shape (i.e. in the frequency domain)

or one can actually describe the form of the shape (time domain
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representation). The various routines that have been written to make
shape specifying quick and easy are described more fully later in this

chapter and in Chapter Three.

-Once a shape has been produced it is stored in a catalogue of
shapes and given a catalogue number. By referring to the catalogue
number, any shape can be retrieved for use or for further modification.
A shape that is not quite as the user requires can be modified in a

number of ways.

Any catalogued shape can be used at any later time, as either
an envelope or a waveshape.  The catalogue system is a similar concept
to that used with MUSIC V [Mathews, 1969, p.35] and GROOVE [Mathews,
1970, p.715].

The timbre can be further enhanced by the specification of a
particular type of tremolo. The user has control over the waveshape
of the tremolo function, its amplitude and its frequency, and therefore
has at his disposal a wide variety of tremolo functions which can be
applied to any of the notes played. These functions include signals
that are themselves at audible frequencies and which hroduce interesting
effects by beating with the note. The volume of the individual notes

can also be controlled.

Each note played is either percussive or non-percussive. A

percussive note goes through the attack portion of the envelope and,
omitting fhe steady state portion completely, goes straight through
the decay énd stops. A,non-percussive note stays in the steady-state
portion for as long as is desired by the user, before beginning the
decay. A note played on a piano is percussive since it dies away
and stops even if the player keeps his finger on the key. An organ,

however, will continue playing a note as long as a key is depressed,

As well as controlling whether a note is percussive or not, the

user can also determine how long the attack and decay portions take '
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to be completed. They can be short, producing very abrupt (staccato)
notes or they can take several seconds so that the note builds up and

decays slowly (legato).

It would be possible to include the gain information and the
attack and decay rates into the envelope, since the gain is simp]yla
multiplication of the amplitude by a constant factor, and the attack
and decay rate simply a multiplication of the time scale by a constant
factor. However, there are distinct advantages in maintaining complete
independence of timbre parameters. The most obvious advantage is that,
with independent parameters, the shape of the envelope is the important
factor and not the units used to describe it. Therefore the enve]ope‘
can be used with any note irrespective of the gain to be applied to it.
Far fewer envelopes need to be specified than would otherwise have been
the case. As well as this, all shapes can be standardized to a maximum
amplitude of 8 bits. Parameter independence also greatly increases the
reso]utioﬁ obtainable. An independent gain factor, for example,
increases the number of different amplitude levels from fewer than 256
to 65236 (2562). This finer resolution is particularly noticeable
during soft sounds. The independence of the gain variable from the
envelope also gives rise to the possibility of creating new envelopes
bykvarying the’gain during the note rather than just between notes.
Because of these advantages, all of the timbre parameters can be varied

independently by the computer or by the user via the computer.

An ihportant aspect of this synthesizer is the idea of a voice.
A voice is essentially a channel through which a sound is made. The
number of voices determines how many different sounds can be heard at
any one time. Each voice is completely independent of the others and
each contains all of the elements of the final composite sound produced.
For example, the tremolo on each voice can be controlled, and each voice
can be producing different tremolo signals at the same time. When

varying timbre parameters, the user can specify to which voice the change
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is to apply. The individual elements of a single voice will be described

more fully in Section 2.1.4.

A note can be played over a particular voice only if that voice
is "free" (i.e. it is not already being used to play a note).‘ When-
playing individual notes, the user can select the voice over which the
next note is to be played. If a sequence of notes is being played by
the computer, it must be continually monitoring the states of the voices

in order to know which ones are available at any time,

A multiple-voice system has the advantage that two notes originally
recorded as non-overlapping, can be méde to overlap in playback while
still starting at the correct times. This is the situation that ar{ses,
for example, when a piano key is struck and the note continues to be
heard for some time even though subsequent notes are being played. The
first note can still be heard because'of the time it takes to complete
the decay part of the envelope and this effect can be simulated on this
synthesizer by‘specifying a sTow rate of decay (i.e. a slow envelope
clock). This is the same effect as 1s'produced by the "susfain" stop
on an electronic organ. The disadvantage of a system consﬁsting of a
fixed number of voices is that if, at any time, the total number of
notes required exceeds the total number of voices available, some must

be delayed or ignored.

2.1.3 Using the System

The-ultimate goal of the user is 1ikely to be the performance
of a piece of music consisting of a variety of notes. However, in
working towards this, he will probably wish to experiment with individual
sounds and to vary any of the timbre parameters whilst Teaving the rest

unchanged. Provision is made in the software for this.

A performance consists of a score and an orchestration. The

score contains the information about the notes that form the piéce of
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music (i.e. the pitches, start times and durations) and the orchestration
contains the information on the timbre. In the context of this system,
the timbre is made up from the waveshape, envelope, tremolo waveshape,
tremolo amplitude, tremolo frequency, envelope clock rate and the volume
associated with each note. The score provides the skeleton for the

performance while the orchestration puts the flesh on the bones.

As we have mentioned, other aspects of the music system are
admirably suited to score production and modification. [Tucker, 1977.]
The synthesizer system is primarily concerned with the orchestration of
the score. This basically involves associating with each note the timbre

parameters required.

The software modules written fall into categories that reflect
the major steps that lead to the production of a performance. These

classifications are :

1) specifying and modifying shapes

2) producing individual sounds and experimenting with
the timbre parameters

3) preparing and playing sequences of notes (i.e. the
performance).

In Section 2.4 we will look at the range‘of commands available

and how these can be combined to form a useful system.

Although the system is desfgned so that even the most inexperienced
user can get results, he will benefit from practice and experience as he
would with any other instrument. As the musician learns more and more
about the capabilities of an instrument he is able to use it to greater
éffect, and to ask more of it. This is particularly true of a synthesis
system as there are many more possibilities to be explored than with a
conventional instrument. To develop this rapport between musician and
‘instrument, it is necessary to provide the user with feedback within
a short time that demonstrates the effects of his actions. The ideal

situation would allow the user to vary parameters continuously and for
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the sound heard to vary at the same time, reflecting the changes. This

is fea]—time interaction and will be discussed more fully later.

2.1.4 Background to Synthesizer Hardware

Vaughan (1977) documents the synthesizer hardware as it stood at
the beginning of 1977, but-a brief overview will be given here so that

the developments that have been made can be seen in context.

Figure 3 is a schematic representation of the various components
of a single voice showing how the timbre parameters are incorporated

into the final sound.

The most important elements of each voice are the two shift
registers which are recirculating digital memories and which hold the
samples up the envelope and wéyeshape to be used on that voice. Each
shift register contains 128 eight-bit samples. For high quality music
prbduction samples of 8 bits would be insufficient (see Section 1.5.5)
but for experimental purposes they are adequate. Standardizing the
samples for both the envelope and the waveshape to 8 bits also simplifies
the shift regiéter loading hardware and thus reduces the cost. Before
a note can be played, both shift reigsters must be loaded with the
appropriate samp1és, which are calculated by the computer and Toaded

via the B.D.I. into the shift register of the appropriate voice.

To play a note the waveshape shift register is recirculated and
the samples cyclically presented to a DAC. Each of the 128 samples
must be presented during one period of the note and so the recirculating
clock frequency is 128 times the fréquency of the note. This clock
signal is obtained from a commercially available integrated circuit,
which produces the frequencies of the twelve equally tempered notes of
the top octave. The notes of the other four octaves (61 notes are .

available) are derived from these by successive divisions by 2. The
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integrated circuit 1§ driven_by a crystal oscillator and so the resultant
pitches are highly accurate and stable. The generation of the pitches

of the lower octaves by frequency division also means that the relation-
ships between the various pitches is stable and no tuning is required.
While these equally tempered frequencies are required for the production
of conventional music, there is also provision in the system for the
utilization of a continubusly variable clock to drive the waveshape shift
register. This allows for the production of music not limited to the

equally tempered scale.

The envelope shift register contains the attack and decay of the
envelope, but not the steady state portion. When a note is started, the
shift register cycles through one half of the available samples (64) and
then stops. The envelope then remains constant until the decay is
initialized, when the shift register presents the remaining 64 samples
to the DAC. Consequently, while the attack and decay take a certain
length of time, the steady-state portion can be of any duration and the
enve]opé shift register recirculates exactly once no matter what the
length of the note. To give the user control over the attack and decay
rates of the envelope, this shift register is also driven by a variable

frequency clock. This is described in Section 2.2.4.

- The inclusion of tremolo and gain, and the implementation of
computer control over all of the timbre parameters is also discussed in

Sections 2.2.3 and 2.2.5.

The main tasks of the synthesizer are to control the playing of
notes at particular pitches, incorporating any combination of the
timbre parameters and to route all timbre data (including the waveshape
and envelope samplie) and control signals to the appropriate section of
any selected voice. The data channel is time-shared rather than
parallel hardware and so is common to all voices. This arrangement

avoids circuit redundancy and expensive duplication of hardware.
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Both the hardware and the software have a modular structure which,
as well as making them flexible to use, means that both can be expanded
easily by adding new modules that are compatible with existing ones. As
far as the hardware is concerned, this modularity means that all compon-
ents of the fiﬁa] sound are available and could be processed or modified
by any new modules addea to the system. The main advantage in the soft-
ware is that the modules can be used in almost any order allowing the
user to perform a wide variety of tasks in the way he finds easiest and

most natural.

2.2 HARDWARE DEVELOPMENTS

2.2.1 Voice Extension

Work has been done by the author to exfend the synthesizef from
a two vpice instrument without computér controlled tremolo, gain and
envelope clock, to one of four voices with the above control. This
means that four sounds can be heard simultaneously instead of only
two, thus reducing the chances of the timing of the notes béing disrupt-

ed, because of notes having to be delayed until a voice becomes free.

This system was originally designed to control sixteen voices,
and it would be extremely flexible if all of these were implemented.
It was decided, however, that this number of voices was not necessary
for experimental purposes, and the cost was not warranted. Nevertheless,
the fact that the system was designed to control sixteen voices does

show that this is a feasible and worthwhile goal.

2.2.2 Multiplication

We saw in Section 2.1.4 that the envelope and waveshape samples
are converted to analogue signals before being multiplied together.

(See Figure 3.) The multiplication of the resultant signal with the



30.

tremolo signal and gain factor is also done in the analogue phase. This
introduces some inaccuracies due to drift and noise susceptibility
(Section 1.5.1) but there are also definite advantages. Digital multipli-
cation is possible and accurate but hardware multipliers of sufficient
speed are only just becoming available [Snell, 1977, p.38], and afe very
expensive. If this was not the case, digital multiplication would be
preferable and this may become feasible with advances in technology and

reductions in costs.

To perform these multiplications, an analogue module was added
to the system to take the place of the analogue computer which had
previously been employed. A schematic diagram of this can be seen in

Figure 4,

2.2.3 Tremolo

The tremolo signal is generated by another module which employs
a voltage contfo]]ed oscillator (V.C.0.) in the generation of sine and
square waves at varying frequencies. Figure 5 shows how the waveshape,
frequency and amplitude are specified in digital form by the computer,

thus providing quick, accurate and repeatable control.

This module has also been incorporated into the system and
provides four types of tremolo waveshape (no tremolo, sinewave tremolo,
squarewave tremolo and the sum of a square and a sine wave tremolo) at
frequencies from 0.1 Hz to 1 kHz. These frequencies are divided into
two ranges (0.1 Hz to 50 Hz and 10 Hz to 1000 Hz) and the amplitude can
be varied from 0% to 100% modulation. This module replaced a manually
controlled sine wave generator that was used to produce the tremolo

signal.

It would be possible to produce a digital tremolo signal but
this, once again, would require digital multiplication. It cannot be

superimposed on the envelope within the shift register because ne
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tremolo would be heard during the steady state portion of the note, when

the shift register is not being recirculated.

Both the multiplier module and the tremolo generator were
designed and built by David Fitzgeka]d, under the partial supervision
of the author, as a Third Professional Year project and are more fully

documented by him [Fitzgerald, 1977].

2.2.4 Envelope Clock

Another addition to the hardware was a computer controllied clock
for the envelope shift register of each voice, providing the musician
with control over the attack and decay rates of the notes. It was |
necessary to be able to vary the attack and decay times from several
milliseconds to several seconds and this was achieved by designing a
‘programmable frequency divider circuit driven by a fixed frequency clock

as can be seen in Figure 6,

Using this method a maximum/minimum frequency ratio of 256 is
obtained which allows the duration.of a note to vary from, say 40 msec.
to 10 seconds. This circuit was implemented in TTL logic and is docu-

mented in Appendix A.

2.2.5 Computer Control

As a result of these additions, all of the following parameters

could be applied to each note played.:

Tremolo waveshape 2 bits
Tremolo amplitude 6 bits
Tremolo frequency 8 bits
Envelope Clock rate 8 bits

Gain 8 bits
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To be able to change these quickly and accurately, computer control

had to be implemented. This involves routing the timbre data to the
relevant Tatch of the appropriate voice. It was decided to modify

the synthesizer control unit slightly so that eight of the unused
voices (i.e. voices 5 to 12) could be used to route this data instead
of the waveshape and envelope data that would have been required had
these voices been implemented. This also required new software. A1l
data had to be 1atchéd because of the time shared nature of the control
unit and so latches and level shifting circuitry had to be added to the

synthesizer.

Computer control was implemented by the author and the hardware
additions and modifications are documented in Appendix A. A1l software
is held in the Electrical Engineering Department, as is documentation

produced by the author, for most of the rest of the synthesizer.

2.2.6 Real-Time Interaction

In an attempt to provide the musician with real-time feedback,
a control unit has been designed to interfage to the synthesizer and to
vary any of the parameters on any voice in response to the user's inter-
action. This is being built by Susan Frykberg and will be discussed

more fully in Sections 2.4 and Chapter Three.

2.3 GENERAL PHILOSOPHY BEHIND SOFTWARE

It is with software 6f a system that the user must interact.
Therefore, it is the software that hust bridge the gap between the
discipline of computer technology and the discipline of’the user. it
must appear completely nétura] to use and must do the sort of job the

user wants done.
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In the music system the user interacts with the software via
the Decwriter. Any software module can be initiated by the use of -
a simple command. At this point a certain operation begins. If more
interaction is required, the computer will ask questions or give
information or advice. In this way the user is led through the pfocess
until the task is completed and another module can be used. The action
taken by some modules depends on sub-commands entered once that module
has been initialized. These sub-commands must be learnt but this is
not difficult as they are all short (not exceeding one character) and
many similar operations within different commands are performed by
entering the same sub-command. As well as this, almost all commands
and sub-commands are abbreviations of the title of the operation sub-
sequently performed. For example, both the command #S and the sub-
command 'S' mean "show". This will become clear as each command is

discussed in the next chapter.

Often questions are asked which require only "yes" or "no" as
an answer. In this case, the user must enter "Y" (yes) or "N" (no)
at the Decwriter.> To make it even easier, the computer will, in certain
cases, accept just a "carriage-return" and interpret that as meaning

"no". Other questions require one of a 1ist of options to be entered.

Experienced users do not want their time wasted while messages
éontaihing information they already know are printed out. A sense-switch
option has been built into the software so that the computer prints out
only the prompts and questions, and not the more informative messages
and 1ists of options. This saves a considerable amount of time and

paper.

It has already been mentioned that the modular structure of the
software means that the various functions can be used in any order. As
well as this, some modules can be operated while the user is within other

modules. This provides for nesting of modules and thus increases the

power of the system, Sometimes this is done automatically without the
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user being aware of it, but at other times the nested modules must be
initialized by the user. For example, it is possible to write comments
on the display screen while within the module which calculates the
waveform to be loaded to a shift register, or at any other time between

other modules (command #A).

A1l of the commands associated with the synthesizer are preceded
by a hash (#) sign to distinguish them from commands used for other
aspects of the computerized musicianship aids system. This is followed,
in all cases; by a letter which determines which module is required.
This may or may not be followed by further parameters which specify more
precisely the action to be taken (for example which voice is involved or
which waveshape is to be modified). Allowing for these parameters to
appear in the original command speeds up the process, but makes the
structure of the command more complex. In order\to preserve both
simplicity and speed, the computer will in some cases accept the command
with or without subsequent parameters. If the parameter is not given,
the computer will ask for the relevant information. Some other commands
will, if not provided with a particular parameter, simply employ a default
option. This is only done {n cases where the user still has the oppor-
tunity to verify or alter that choice. Both of these devices mean that

the same result can be obtained from a variety of commands.

The rigidity of input required by computers is a common complaint
amongst users who cannot see why the machine cannot tolerate slight
mistakes or variations. This problem is partially o?ercome by the use
of questions and default options. As well as this, a musician who is
uncertain how to operate the system can be guided through it, and before

too Tong, achieve results.

A11 communijcation between the computer and the musician is
expressed in musical terms, rather than technical ones, to make the

system even easier to use,



2.4 SOFTWARE DEVELOPMENTS

In this section we will look at the general requirements of the

software. Details of the individual modules are given in Chapter Three.

Let us imagine that the user is ready to prepare a pekformance
which can be heard at some later time. We will assume that he has a
score (recorded at the keyboard) and that he now must develop the
timbres he requires and fit these into the orchestration as seen in

Section 2.1.3,

2.4.1 Shape Specifying Routines -

The user will probably want to begin by creating his catalogue
of shapes. The shapes can be specified in either the time or frequency
domain. For the user who wants to make sure that certain harmonics are
present in certain proportions, the best way is to actually specify
these in the ffequency domain. One software option (Section 3.1.1)
allows him to specify the amplitudes of up to 64 harmonically related
components. A Fourier Transform is then performed and the correspond-
ing shape drawn on the screen. In this way, a particular spectrum is
described which can then be used with any note. Consequently, as with
subtractive synthesis, the spectrum and the frequency are independently
specified and can be varied 1ndependent1y, This process gives the user
complete flexibility in the frequency domain, but it is only useful if

he knows the harmonic content of the sound for which he is looking.

36.

This information is easily obtained from analysis of known musical sounds,

but this is not always helpful as the musician may not be interested in

mathematical analysis, or he may be searching for a particular sound

that he has never heard before.

To increase the control the user has over the frequency domain,
another option (Section 3.1.6) allows him to vary the amplitude of any

of the individual harmonics of a shape. The amplitude of any component
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can be increased or decreaeed and each time a change is made, the new
shape is drawn on the screen and the new sound heard (at any desired
pitch)f This technique can be used to vary either the waveshape or the
envelope of the sound. In providing both visual-and auoitory feedback,
it is hoped that the user will, with experience, develop a feeling for
the correspondence between the spectrum, the shape and the resultant

sound.

To further help the user to be able to think in terms of both
the time and frequency domains, another of the software modules
(Section3.1.3) draws the frequency spectrum of any of the catalogued -
shapes on the screen. Thus the user can go from the time domain to .A

the frequency domain and vice versa.

The harmonic varying routine was written to provide almost
immediate feedback reflecting a oarticu1ar parameter change. '~ Although
the user interacts with it via the Decwriter at present, it was this
programme that was written to service the reai—time parameter varying
hardware mentioned in Section 2.2.6 and this will be the case as soon
as the hardware is ready to be incorporated into the system. However,
'there is no reason why this should be restricted to varying only the
harmonics of a waveshape or envelope. In fact, the other timbre
parameters are even easier to change. The hardware is general purpose
and the software can be extended to be similarly general. The harmonic
varying routine does however show the usefulness of this type of
technique and the exciting results that can be obtained: from real-time

interaction.

Tnere are various routines for specifying shapes in the time
domain too. The simplest of these (Section 3.1.1) allows the user to
specify square waves of varying mark/space ratios and triangular waves
of which the positiVe and negative slopes can be specified. This is a

quick method for generating standard shapes, but complete flexibility
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is obtained in the time domain by the use of an interactive graphics
system that has been developed (Section 3.1.2). Using this routine the
musician can draw any shape by positioning a cursor on the screen using
a joy-stick. Points can be added or removed from the drawing, and the
shape formed by a linear interpolation between the points can be viewed
at any stage. This process is repeated until the user is satisfied
with the shape. Existing shapes can also be graphically edited by

using this routine.

Any existing shape can be modified by filtering, rotating or
reflecting. In all cases the user has the option of cataloguing either

the original and the modified versions or just the new shape.

The facility to increase or decrease individual components has
already been discussed, but it is also possible to apply a software,
Tow-pass ideal filter to a shape (Secfion 3.1.5). To do this the user
must specify what percentage of the components are to be removéd. This
process can be‘repeated over and.over again, 1ea§ing feWer componenfs

each time, until the user is happy with the sound produced~by the shape.

In the time domain, a shabe can be reflected about a yeftical
axis to give ité mirror image (Section 3.1.7) or it can be rotated
(Section 3.1.8). To avoid~hearing "clicks" the first ({eft-most) sample
of each envelope is always of zero amp11tude. However, since any shape
can be used as an envelope, all shapes catalogued have a sample of zero
ampiitude in the first position. When a shape is rotated, all of the
samples are shifted along until a sample of zero amplitude again lies
in the first position. Mirror imaging. can be_used, for exaﬁp]e, to
reverse the attack and decay characteristics of an envelope, while
rotating can transform an envelope that would produce a loud note with
two quiet echoes into one producing a quiet note with a Toud and a
guiet echo. Diagrams illustrating these processes can be found in

Chapter Three.



The above facilities not only allow the quick production of

new shapes from old ones, but also allow the user to investigate the

effects of progressive changes. For example, the use of successively -

filtered shapes would demonstrate a progression from harmonically

complex tones to pure ones.

Any catalogued shape can be recalled and drawn on the display
screen as a reminder to the user of the contents of his catalogue

(see Section 3.1.9).

Whenever a shape or a frequency spectrum is drawn on the screen,
a "hard-copy" version of this can be obtained for future reference;’
It is often valuable to be able to write comments on the screen that
will also appear on the printed version. These comments may include
information as to the type of sound produced, the method of production,
a title and the date. An option is aVai]ab]e (Section 3.1.4) to write
comments on the d%sp]ay screen after they have been entered at the

Decwriter.

2.4.2 Producfng Sounds

The musician can at any time play an individual note at any of
the 61 available pitches on any voice (Section 3.2.1). He can control
whether the notes he plays are percussive or non-percussive (Section.

3.2.3). ahd he is able to change this at any time.

0Of course, no sound will be heard unless an envelope and a
waveéhape have been Toaded into the appropriate shift registers. Ahy
of the catalogued shapes can be loaded out (Section 3.2.2) to any of

the voices as either an envelope or a waveshape.

At this stage the user can generate any waveshape he likes and
Tisten to it being played with any envelope. While it is playing the
other timbre parameters can all be altered independently. One routine

(Section 3.2.4) allows the user to vary any parameter in real-time and

39.
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to listen to the result. Consequently he can "play around" with sounds
until he finds one he 1ikes or he can strive after a particular sound,

varying each parameter slightly until it is reached.

When playing a complete performance, the computer has control
of all of the timbre parameters and so must know which ones the musician
wishes to be associated with each note. A table must be built up con-
taining all of this information, but for the user to go through each
note and specify the seven parameters that go with it, is potentially
the most tedious aspect of the whole procedure. To overcome this, there
are eight different ways in which this timbre tab]é can be edited.
These allow the user to edit only specific notes or parameters within
the table or to edit whole blocks of notes at oncé. These editing
options are more fully described in Section 3.3.1. It is sufficient
to say here that they make the editing of the timbre table a re]ativeiy
painless procedure. Here again we see the computer being used to do the
tedious parts of the work, so that the musician can feel at ease with

the system.

To select the waveshape and envelope, the catalogue number of
the appropriate shape must be entered in the timbre table. There are
four choices for the tremolo waveshape and these are :

- no tremolo

- sine wave tremolo
square wave tremolo

w NN - O
1

- sine + square wave tremolo

'The tremolo amplitude ranges from 0% to 100% modulation and the
frequency from 0.1 Hz to 1000 Hz. The duration of the envelope of a
percussive note ranges from 40 ms to 10.24 sec in steps of 40 ms and

there are 256 different volume levels.

Once.the timbre table has been set up, the complete performance
can be heard. Following this, the musician can change anything at all

and hear the performance again.
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the programmes with which the musician must interact must be carefully

written to overcome this.

The general problem of making the computer approachable and
useful to people who have no computer training, is one occupying a
large number of researchers throughout the world, as computers are
being used in an ever-growing range of disciplines and applications.
Although not the main motivation for our work, this has been a very

important aspect and one in which considerable progress has been made.

During 1977 work has been done to convert the synthesizer from
a system with a large potential, but which was difficult to use, into
one which can be used easily, and thus the potential realised. As well
as this, however, the technical capabilities of the system have been

considerably extended.
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CHAPTER THREE
SYSTEM SOFTWARE STRUCTURE

In the previous chapter we saw how each command available to
the user fits into the total synthesizer system and how they could be
used in various combinations to produce a performance. In this chapter
we will examine each of the software modules in more detail to see

exactly what facilities are available and how these are implemented.

Each module is initiated by a short command, but its actions
may depend to a large extent on the sub-commands used. For example,
the user can "escape" from several of the routines by entering 'N'.
Some routines enter a loop in which they ask for an option and then
‘perform an éction fepeated]y. If 'N' is entered 1nsteéd of one of the
valid options the loop is broken. Similarly if a module is entered by

mistake this sub-command may be used.

A summary of all of the commands and a brief description of

their functions can be found in Appendix B.

3.1 SHAPE SPECIFYING ROUTINES

- 3.1.1 Shape Calculation (#C)

Any shape that can be classified as either a rectangular wave,
a triangular wave, or the sum of a series of harmonically related
sinusoids of zero phase can be calculated using this routine. In all
cases, once the shape has been fu11y specified by the user, it is cal-
culated by the computer and drawn on the display screen. This gives
the musician the opportunity to see the shape and to consider whether
or not it is as required. The computer asks for a catalogue number and
as soon as this is supplied stores away the samples at the appropriate

position in the catalogue. Once a shape has been catalogued it can be
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used to produce notes within a sequence (performance)(see Section 3.3),
or a single note while the musician experiments with sounds (see Section
3.2). It can also be modified in a number of ways or completely replaced

by another shape.

Once the shape calculation routine is initialized, the user is
asked which family of shapes he requires. Providing sense switch C is
not depressed, the options are Tisted on the Decwriter and the computer
waits for the musician to respond. As soon as the user has entered
either '1' (rectangular), '2' (triangular) or '3' (sum-of-sines) the
computer asks for the parameters required to fully specify that type

of shape.

The rectangular and triangular options offer quick but useful
"standard" shapes which require only one parameter to specify.them
compTete1y. If the user requests a réctangu]ar wave, the computer asks
for the mark/space ratio. This is expressed by the percentage of the
total period f&r which the shape is "high". Two examples are shown in
Figure 7. A similar parameter specifies a triangular wave. In this
case, the parameter describes the percentage of the total period for
which the siope of the shape is positive. (See Figure 8.) Triangular
shapes are convenient approximations for many useful enve]opeé. For =
example, a "20%" triangular shape approximates the envelope of a

percussive instrument such as a piano.

Because of the greater flexibility afforded by the "sum-of-sines"
option, more than one parameter must be specified. The’user must
specify how many harmonics are to be included, and then enter the
relative amplitudes of these. This type of shape is ca]cd]ated using’
the Fast Fourier Transform (FFT) algorithm [Brigham, 1967, p.63] in order
to minimize computation times. This algorithm is idea]iy suited to
this systém. Because each shift-register contains 128 samples a max imum

of 64 harmonics can be specified since the waveshape must be sampled at
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40 Z MARK/SPACE 1972/78

RECTANGULAR WAVE
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Figure 7. Sample Rectangular Shapes (#C)
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TRIANGULAR WAVE
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Figure 8.  Sample Triangular Shapes (#C)
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at Teast twice the frequency‘of the highest component. If this is not
done, "fold-over" will occur which will introduce unwanted and unexpected
frequencies. Using the FFT, only harmonically related components can be
specified but this is not a serious restriction. It is of cdurse -
possible to write a programme that will sum sinusoids of any frequencies,
but this not only requires more computation time, it also takes the user
a longer time as he must specify the frequency as well as the amplitude
of each harmonic. A programme such as this was used before 1977 but the
implementation of the FFT has reduced the computation time for a 64
component shape from about 90 seconds to less than one second and thus

is obviously worthwhile. It will be noticed that the user does not have
to specify the phases of the components either. Although this would,
once again, have been possib]é.to implement, it has been found that the
effects of phase differences are on]y'just detectable aurally, and
therefore are of virtually no importance in comparison with other factors.

[Cabot, 1976, p.568.]

If one is trying to produce a particular shape for use as an
envelope the phase of the harmonics is important, but one would normally
work in the time domain rather than the frequency domain to do this.
Consequently, another shapé specification option may be more appropriate.

(For example, see Section 3.1.2.) -

After a "sum-of-sines" shape has been calculated and drawn on
the screen, the corresponding frequency spectrum is also drawn. (See

Figure 9.)

It can be seen from Figures 7 to 9 that whenever a shape is drawn
by the cbmputer, all of the parameters required to reconstruct that shape
are also listed. These include the mark/space ratio for the rectangular
and triangular waves, and the number and amplitudes of the components

for "sum-of-sine" shapes.
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Figure 9.  Sample "Sum-of-Sines" Shape (#C)
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Figure 9. (Cont.) Sample "Sum-of-Sines" Shape (#C)
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3.1.2  Shape Drawing (#D)

To give the user complete flexibility in the time domain an
interactive graphics system has been deve]oped which allows him to
quickly specify shapes by drawing them. This replaces a hardware
"specifier" [Vaughan, 19757 which consisted of a perspex tablet on
which the required shape was drawn, and which was passed under an
array of phototransistors. The shape was thus transformed into digital
data and transferred to the computer. This method was cumbersome,vs1ow

and unrealiable. In contrast computer graphs are quick and easy.

The user interacts with the computer by manipulating a joy- -
stick which moves a small spot of 1light around the display screen.
It is poséib]e to draw a shape By moving the joy-stick while the
computer keeps a record of its path. However, this produces very
jagged shapes due to difficulties in co-ordinating the spot on the
screen and the hand on the joy-stick, and also due to small involuntary
hand movements. If the Tine is drawn immediately on the screen it
cannot (being a storage scope) be updated quickly if a drawing error
. is corrected. If not drawn immediately, the user cannot see what he

has done until he has finished.

To overcome these difficulties a system was designed whereby
the user could position the joy-stick before telling the computer to
record its co-ordinates. Therefore, by positioning the joy-stick and
entering a “carriage—returnﬁ on the Decwriter, the user can ensure
that only those points which are in exactly the right place ére recorded.
This eliminates errors due to unintentional hand movements. For each
point recorded, the computer draws a small cross on the screen. This
feedback allows the user to position subsequent points in relation to

those already recorded.(see Figure 10(a)).

A linear interpolation between each successive pair of points

is used to create the final shape. This produces an essentially smooth
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curve compared with the jagged path taken by the joy-stick. The user
can view the curve at any stage by entering the sub-command 'S' (show)
(Figure 10(b)), and can then, if he wishes, continue adding points

(Figure 10(c)).

Points can also be removed, as can be seen by comparing
Figures 10(d) and 10(e). To do this, the joy-stick is positioned near
the point to be removed, and an 'R' is entered at the Decwriter. As
the point nearest to the cursor is removed, the user does not have to

indicate the offending point exactly.

The sub-command 'A' allows the user to write comments on the
screen (as described in Section 3.1.4) at any stage in the drawing

process.

When the user is satisfied with his shape, the sub-command 'N'
causes the computer to calculate the values of all of the samples

between the specified points and to store the shape in the catalogue.

The 'D' command can also be used to graphically edit existing
shapes. The user can specify in the initial command (see Section 3.1.10)
that he wants a particular catalogued shape to be drawn on the screen
when this module is initialized. As Tong as this is retained on the

screen, it can be used as a guide for drawing a new, similar shape.

3.1.3  Spectrum Calculation (#U)

The Fourier option of the shape calculating routine allows the
user to specify a shape in the frequency domain.and to see the time
domain representation drawn on the screen. To go from the time domain
to the frequency domain the musician must use another command which
will analyse any of the catalogued shapes and then draw the correspond-
ing spectrum on the screen. Some examples of shapes and their spectra,

found using this routine, can be seen in Figure 11. The shape 1in
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Figure 11(a) was produced using the shape calculating routine (Section
3.1.1) and that in Figure 11(b) by using the shape drawing routine

(Section 3.1.2).

As well as helping the muéician to appreciate the correspondence
between the time and frequency domains, this routine allows him tov
analyse a shape he is using, so that he can, for example, change it
slightly using the component varying routine (Section 3.];6) or create

a new, similar one using the shape calculating routine (Section 3.1.1).

3.1.4 Routine to Add Comments (#A)

It is quite possible that a user may wish to keep a record of
those shapes (and their spectra) that produce paréitu]ar]y interesting
sounds. Whenever a shape is produced it is drawn on the screen along
with all relevant information such as the mark/space ratio or the
amplitudes of the components. A printed record of this can be obtained,
but the user méy also require other information such as the nature of
the sound produced by the shape, when used in a particular Way.

Comments of this nature can be typed at the Decwriter and transferred to
pre-specified positions on the screen. Nothing is written on the screen
until a "carriage-return” is entered, términating the comment. In this
way the user has the opportunity to correct errors before they appear

on the screen.

Positions are allocated on the screen for a title, two lines of
comments, the date and a reference number. The computer writes out
prompts on the Decwriter indicating what information is required, and
tells the user what the maximum number of characters allowed in any
message is. If this number is exceeded, no action is taken and the

prompt is repeated,



57!
Each comment is centred within the space available to it on the
screen to maintain symmetry irrespective of the length of the message.

Figures 11(a) and 11(b) show examples of these comments.

3.1.5 Shape Filtering Routine (#I)

There are various ways in which the user can modify existing

shapes, in both the time and frequency domains.

A software, ideal low-pass filter can be applied to any of the
catalogued shapes. The user must specify what percentage of the
harmonics are to be retained. Using the FFT algorithm the rest of the
components are removed and the new shape is calculated from the
remaining harmonics and displayed on the screen. If the shape has not
been sufficiently filtered, tﬁe process can be repeated until the user
is satisfied. This routine was not written by the author and has only
been modified to the extent that any of the catalogued shapes can now
be filtered, and not just the last one calculated, as was the case

previously.

Some examples of filtered shapes can be seen in Figure 12 along
with the originals. This routine is particularly useful in removing

the corners from shapes that result from the drawing routine,

3.1.6 Frequency Component Variation (#V)

As well as removing harmonics, the musician may want to add in
components or increase or decrease the amplitudes of those already
present. The routine that makes this possible has the added advantage
of allowing the user to vary any component, and not just the high

frequency harmonics, as with the filtering routine.

After each change, the new shape is drawn on the screen and a
note is played (at any specified pitch) using the new shape. Both the

envelope and the waveshape can be varied in this manner. Thus the



58.

ORIGINAL SHARPE (1)

FILTERED sSHARPE (1)

VAN

Figure 12.  Filtered Shape (#I)



ORIGINAL SHAPE (2)

FILTERED SHAPE (2)

Figure 12 (Cont.) Filtered Shape (#I)
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user has almost immediate visual and auditory feedback, illustrating
the effects of essentially continuous changes. Figure 13 illustrates
how a shape composed of first harmonic only can be slowly varied to be

composed of third harmonic only.

The user must specify whether the shape is to be considered as
a waveshape or an envelope, which harmonic is to be increased (or

decreased) and the amount by which it is to be varied.

The amount by which a component is varied is defined as a
percentage of the maximum amplitude of a shape (which is normalized
to 8 bits). For example, an increment of 100% means that a sine wave
of the required frequency and of an amplitude equal to that of the |
present shape, is added to the present shape. Thé new shapé,vcomposed
of equal quantities of the old shape and the new harmonic, is then
scaled to maintain the standard maximum amp]ifude. It would be easier
to keep track of the amplitudes of the components present if the amount
of change in aﬁy component could be expressed in terms of thé cufrent
amplitude of that component, rather than the sum of the ampTitudes of
all the components.  However, it hés been found that the musician can
more easily think of the amount of change in relation to the total sound
heard than in terms of one component of that sound. Furthermore, to
have made changes on the basis of the amplitudes of the individual
components would have required (because of the scaling of the shape
after each change) two FFT's per variation. This would have taken too
Tong, and meant that the feedback was far from real-time. Under the
present scheme, one FFT is performed when the routine is initialized
in order tb calculate the phases of a1] of the components in the
original shape, and then a sine wave of the appropriate frequency is
simply added to the existing‘shapé each tfme a change is made. To avoid
Calcu1ating'the sine values each time, these are calculated only once,
when thé routine is initialized, and are stored in a table for later

use. This makes the process even faster.



Figure 13.  Harmonic Variation (#V)
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The phase of each sine wave added is taken to be the same as
the phase of that component (if present) in the original shape. If
this was not done, the amount of change would be indeterminate. As
new components are introduced, the values of the samples change.

When the first sample becomes non-zero the shape must be rotated
automatically (see Section 3.1.8) until it again begins with a sample
of zero amplitude. The phase relationships of the components must be

maintained even when this is done.

This routine can be used to vary existing shapes as well as

producing completely new ones.

This facility, enabling the musician to hear immediately the‘
effects of changes in one paramefer, has been fouﬁd to be useful and
exciting. The immediate feedback encourages the musician to experiment
with sounds. Thefe is no reason why the other parameters of the sound
cannot be varied in the same way and programmes to facilitate this

wou]d be worthwhile.

3.1.7 Shape Mirror Imaging Routine (#M)

In the time domain a shape can be modified by either reflection
or rotation. An example of a reflected shape can be seen in Figure 14.
The mirror image of the shape is produced and thus the characteristics

of the attack and of the decay are interchanged.

Since the harmonics of the shape are not altered by reflection,
the effect of this modification will only be noticed when applied to
envelopes and not to waveshapes. Neverthe]ess, it does give the user

the ability to quickly develop new envlopes from existing shapes.

3.1.8 Shape Rotation (#R)

Rotating a shape is also only useful in the production of

envalopes. The computer scans the shape to be rotated from left to
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Figure 14. Reflected Shape (#M)
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right until a sample of zero amplitude is located. This is then
transferred to the position of the first sample and all of the other
samples are moved to maintain their original position relative to the
moved sample. 1In other words, all of the samples are shifted left,
until one with zero amplitude lies in the left-most position. Figure
15 shows the results of this process and illustrates how a variety of

envelopes can be created from the one original.

3.1.9 Shape Viewing (#S)

To remind himself of the contents of a particular catalogue
Tocation, the user can have the shape in that location drawn on the -
screen by entering the #S command. The information regarding the
mark/space ratio and Fourier quponent amplitudes is not listed, as
this information is not stored by the computer. The user can, however,

still add comments to the screen,

Like the filtering routine, this one was not written by the
author, but has been modified so that any shape can be redréwn and

not just the most recent one produced.

3.1.10 Shape Specifying Routine Parameters

Most of the routines discussed so far produce new shapes which
must be stored in the catalogue, and many of them can be used to modify
existing shapes. In either case, the catalogue number of the existing
shape and/or the catalogue 1oca£10n that is to contain the new shape

can be specified in the original command.

The general form of these commands is"#Y,C1,C2" (where Y
represents any of the shape specifying routines, C1 is the catalogue
number of the existing shape and C2 specifies the location in which the

new shape is to be stored). Several variations of this are available.

Consider, for example, the shape drawing command. If one simply

wants to draw a new shape the easiest thing to do is to enter just "#D",
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in which case the computer will ask where the shape is to be stored
after it has been drawn. If, however, he wishes to modify an existing
shape, this must be specified in the command. When "#D,C1" is entered,
the computer draws the shape already stored in catalogue position Cl

on the screen and stores the modified version in the same 1ocation.
when the modification is complete. If, on the other hand, two similar
shapes are required, one being a modification of the other, the user
can enter "#D,C1,C2" whereupon the old shape would stay in position C1

and the new one would be stored in position C2.

The component varying routine is similar in that it always produces
a new shape, but may or may not use an existing shape. The f11tering,
mirror imaging and rotating routines are s]ight1y'd1fferent in that they
must operate on a shape that has already been catalogued. In these
cases if C1 is not specified, it is assumed that the shape to be modified
is the last shape that was used. In this way, a whole sequence of
operations can be applied to a single shape without having to specify it

each time,

The shape showing and spectrum finding routines are different
again in that they must have an existing shape on which to operate, but
they do not produce new shapes. In these cases C2 is not required, and

C1 may or may not be present as in the previous example.

The shape calculating routine is a special case in that it cannot
use an existing shape in any way. The two valid forms of this command
are therefore "#C" and "#C,C2". If "#C" is entered, the computer will

ask where the shape is to be cata]ogued.

The variations permitted within these commands give the user
considerable freedom in the manipulation of shapes and allow him to

specify exactly what he wants to do.
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3.2 SOUND PRODUCTION

-3.2.1 Note Playing (#P, V, P)

In order to be able to experiment with sounds, the user must
.be able to play any note he wishes and vary any of the assocfated
parameters., To play a note the user must specify the voice on which
it is to be played and the pitch. Any voice (1-4) can be used
providing it is free (i.e. it is not being used already by another
note). The pitch is designated by a number from 16 ('C' two octaves
below 'middle C') to 76 ('C' three octaves above 'middle C'). The
Targer the number, the higher the pitch. 'Middle C' is designated by

the number 40.

When the command is entered the note begins and, providing it
is not percussive (see Section 3.2.3), it continues playing until told
to stop by the user. A note is stopped by repeating the #P command

with the pitch set to zero (i.e. #P, V, #).

This routine existed before 1977.

3.2.2 Shape Loading (#L, V, C)

Since two of the main timbre parameters are the waveshape and
the envelope, the musician must be able to load any of the shapes he
has developed into the shift registers of the synthesizer. In fact,
unless both the waveshape and envelope shift registers of a particular

voice are loaded with a shape, no sound can be heard from that voice.

Any shape can be loaded out -to any voice as either a waveshape
or an envelope. When the command, which contains the shape catalogue
number and the voice number, is entered by the user, the appropriate
shape is drawn on the screen and the computer asks if it is to be used
as an envelope or waveshape. The user responds with an 'E' or a 'W'
(any other character causes the question to be repeated) and the shift

register is immediately loaded. The waveshape and the envelope are
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the only timbre parameters that cannot be changed while a note is

playing ~ they must be loaded out before the note begins.

3.2.3 Envelope Status Control (#E)

Whether\a particular note played by using the #P command is
percussive or non-percussive is controlled by the user. When the
command"#E,P" is entered, all of the subsequent notes are percussive.

When "#E,N" is entered the following notes are non-percussive:

This control is more important that it might at first appear.
The effects of different envelopes and of varying the envelope clock
rate can often only be heard if the note is played right through
without a pause. On the other hand, a long steady-state portion is
needed if one wants to listen to various tremolo combinations. With
non-percussive notes, it often appears that the waveshape used is the
prime factor in determining the timbre, but as soon as percussive notes-

are heard, the effect of the envelope becomes more noticeable.

3.2.4 Timbre Parameter Variation (#T)

This routine is used to véry all of the timbre pérameters except
the waveshape and the envelope. Having been established, the timbre
parameters remain unchanged until altered by the user. Therefore,
although they can be varied within a note, they can also be set Qp

before a note is played and will apply to all subsequent notes.

When the user enters the routine, he is asked on which voice the
changes are to be made, and then which parameter is to be varied. He
may enter : ‘

- tremolo waveshape

- tremolo amplitude

- tremolo frequency
envelope clock rate
- gain (volume)

- change voice number

=Z < o m mm >» —
i

= No more,
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If 'N' is entered, this routine is terminated and the computer waits
for the next command. If 'V'«is entered, control returns to the initial
question so that the user can change to another voice. If any of the
other options is entered, the computer asks what value is to be loaded
‘out for that parameter. When the loading has been comp]eted; the
computer asks for another value for the same parameter, allowing the
musician to experiment with a single parameter without having to

specify that parameter each time.

When the musician wants to vary another parameter he enters 'P'
instead of a value, the computer asks which parameter is required, and

the process is repeated.

The fact that all parameters are independent and can be varied
independently means that any combination is possible. There are
theoretically 2.8 x 101% (28)16 combinations (including waveshapes and
envelopes) available at pfesent, although it is unlikely that all of
these are distinguishable. This does, however, give us some idea of
 the flexibility of the system and the amount of control available to
the user. This total can be extended to 6.9 x 10!® if we remember that
any of these combinations can be applied to notes of any of the 61 |
available pitches and one, two, three or four voices can be used

simultaneously.

3.3 PLAYING NOTE SEQUENCES (#Z)

Sequences of notes (and hence, complete performances) can be
played and controlled by the computer which will automatically change
all of the timbre parameters with speed and preéision. However, before
this can be done, the user must decide what parameters are to be
associated with each note. Even before this can be done, the user must
have his score and his catalogue of shapes. The score would normally
be obtained by recording input played at the organ kéyboard; This

recording is performed by using one of the commands of another of the

A
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aspects of the computerized music system [Tucker, 1977], and the notes
can be edited to eliminate any errors or to introduce particular effects.
An alternative means df specifying sequences of notés is to enter the
required pitches and durations from the Decwriter at the beginning of
the note sequencing routine, but this facility would never be used for
long or serious performances. Its purpose is to allow the user to
experiment with particular combinations or sequences of notes. We have

already discussed how the catalogue is established.

3.3.1 Establishing the Timbre Table

The only remaining task, before the performance can be heard, is
to fill in the timbre table. This contains the values for all of the
timbre parameters associated with each note. A print out of a timbre

table can be seen-in Figure 16.

To have to type in every entry in this table would be extraordiné
arily tedious, especially if the performance consisted of several hundred
notes. To overcome this, there are various options available which allow
the user to edit all or parts of the table in a number of different ways.
These will be described individually but it should be remembered that
values are entered in this table not only when it is being set up

originally, but also when the musician wishes to change parts of it.

The most obvious, but as mentioned the most tedious, way to fill
in this table, would be to go through every note and type in the seven
parameters required. This is made possible by option one. As with all
of the other options, the computér Writes the number of the note to be
edited in the first column and then the Decwriter moves across to each
of the other columns in turn, and waits for the appropriate paraheter
to be entered. If an invalid character or value is typed in, the
computer simply dutputs a "line-feed" (i.e. moves the paper .on one line),

returns the Decwriter to the same column and waits again.



NOTE Ww/s . ENV TREM TYPE TREM AMP TREM FREQ ENV RATE  VOLUME

NONOUD G-

4 2 0 63 12 254 0
34 2 0 63 12 CR254 10
2 e 2 63 174 254 20
34 2 0 63 ' 12 254 30
9 b 0 63 12 254 40
34 2 0 63 iz 254 50
5 3 2 20 212 254 60
34 X 2 20 212 254 70
5 3 2 20 212 254 80
10 34 123 2 20 TR12 254 20
11 5 o123 0 20 8 P54 100
i2 - 34 S123 2 20 212 254 110
13 5 123 0 20 1 254 120
14 34 123 0 &3 12 P54 130
15 9 2 0 &3 12 254 . 140
16 34 2 0 43 12 75 150
17 9 2 O &3 12 75 C 140
18 34 2 0 &3 12 75 170
19 , 9 2 0 63 12 75 180
20 34 1 3 63 47 180 190
21 78 1 3 &3 T 47 180 ' 200
22 78 1 3 63 47 180 210
23 78 1 3 63 47 . 180 220
24 % 2 O 63 12 254 230
25 ? 2 2 &3 210 254 _ 240
26 T 34 207 1 40 20 46 250
27 .9 2 0 63 12 254 9P
28 9 2 0

63 12 254 31
ANY MORE ENITING T :
Figure 16.  Sample Timbre Table

v
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Editing is made more convenient if the parameter values for only
a block of notes, rather than the whole performance are entered. Option
three allows the user to enter the numbers of the first and Tast notes in
the block, and the computer will then step through these notes in exactly

the same way as in option one.

If the notes to be edited do not form a block of consecutive
notes but are scattered throughout the piece of music, these can be
edited by using option two. This allows for the editing of individual
notes. The user must enter the number of the note and the Decwriter
will then step across to each of the columns and accept the parameter
values, It then returns and waits for another note number. When the
user has finished with this option, he enters 'N' instead of a note

number and can then select another option.

One very useful option (option'four) can be used to edit blocks
of notes when the same changes are to be made to each note within that
block and the harameters therefore only need to be entered once. An
example of its usefulness is its ability to enter values fof every note
in the performance (if the user defines the block to be edited as
containing every note). Of course, all of the notes would have the
“same parameters, but those which were to be different could then be

changed using other options.

If the same changes are to be applied to several notes, but once
again the notes are scattered and not in a continuous block, option
seven should be used. This allows the values to be typed in and then
the notes to be changed to be numbered by the user. This.would be
useful if, for example, the musician was orchestrating a choral piece
and wanted all of the tenor notes to have the same timbre. The tenor
notes might be notes 2, 4, 7, 12, 13, 16 . . . . . , and these numbers
could be typed in after the parameters had been entered. It is envisaged

that in the future the notes to be edited could be selected by pointing
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to them on the screen using the joy-stick. This is not possible at the
moment but as a compromise the computer helps the musician select the
correct notes. When a note number is typed in, the computer writes out
the pitch of that note. If this is confirmed as the right note by the

user, the editing is performed, If not, he must try again.

As well as Wanting to select individual notes, the user may want
to edit individual parameters. For example, he may only want to alter
the tremolo frequency or the volume. Option six allows the user to
select which parameters are to be changed. This must then be followed
by one of the other options which operates in the normal way except that
only the selected parameters are affected. For example, option six
followed by option four could mean that the tremolo amplitude and
envelope clock rate of all of the notes from note 16 to note 41 would
be changed to the same values. A1l of thé other parameters of these

notes would be unchanged.

Option five causes blocks of the timbre table to be printed out
on the Decwriter so that the user can see the current state of the

table,

3.3.2 Playing the Performance

As soon as the timbre table has been filled in, the performance
can be heard. During the performance the computer must start and stop

the notes and load out the timbre parameter values at the correct times.

Before a performance starts, it is not known on which voice a
particular note will be played. This depends on which voices are free
at the time that the new note is to be started. To complicate matters,
a voice may still be busy (after the computer has turned off the note
being played through it) if the envelope clock rate for the note is low
and the decay takes some time to be completed. Consequently, when

playing a sequence of notes, the computer is constantly testing the



status of the voices so that it knows which ones are available and can
be used to play the next note. If more than one voice is free, the one
with parameters most similar to the parameters of the new note will be
selected. To save time, only those parameters which must be changed

are loaded out. If no voice is available, the note is delayed until a

voice does become available.

To reduce delays in starting a note, the tremolo parameters can
be loaded out after the note has been turned on, but all of the other

parameters must be loaded out beforehand.

Provided there are no delayed notes, the musician need not be

concerned about which voices are selected. He can simply listen to

his music being performed and evaluate it. If there are aspects of the

berformance he does not like, the appropriate notes of the timbre table

can be re-edited and the performance re-heard until it is perfect.

3.4 MISCELLANEOUS ROUTINES

3.4.1 File Manipulation (#F, #G)

One of the major advantages of a computer based system 1is its
ability to store all of the data required by the musician. Thus for
example, an unfinished task can be Teft and picked up again at some

later date without the user having to repeat all of the previous work.

There is obvious value in being able to store all of the data
associated with a performance so that it can be re-heard or further
modified at any Tater time. The filing (#F) routine stores the score,
catalogue and timbre table away on disk. This can then be "dumped"
onto magnetic tape for permanent storage. Each file must be supplied
with a name so that it is distinguishable, and so that it can be called
back into memory when required. Files can be retrieved by the #G

command ("file getting"). A1l data is restored to its original position
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in memory so that performances can be re-heard or the musician can
continue where he finished last time. A message can be stored with
each file and this is written out on the Decwriter whenever the file

is recalled,

3.4.2 Command Listing (#X)

The routine that does the least is probably the most important
to remember, especially for inexperienced users. This writes a list
of all of the available commands on the screen, along with a brief
definition of each. AThus, if the user forgets what command is required

to do a particular job, he can look it up.

3.5 CONCLUSION

These commands do allow the musician to perform a wide variety
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of operations and to achieve any of the possible combinations of timbre -

parameters. Thus he can produce and use any of the available sounds.
However, some improvements might still be possible to make them easier
to use, especially for less technically minded users. Possible future

developments will be discussed in the next chapter.
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CHAPTER FOUR
CONCLUSIONS AND SUGGESTIONS

4.1 CONCLUSTONS

The two main objectives behind the development of the synthesizer
system have been to produce a system that has all of the technical
capabilities required to create music and control musical performances,
and to make the system easy to usé. If a system is not powerful enough
to perform the tasks thé musician requires or if he feels he has to
waste time learning néw techniques or procedures, then he will be
discouraged from using it and the project would be(a failure. However
both of these objectives have been achieved in this system. Both the
hardware and the software meet the specifications Taid down for them
and the system is convenient to use. This means that, for the first
time, the entire system is unified to the extent that the synthesizer,
the computer and the musician can communicate easily and in a meaning-

ful way.

The project is now, therefore,at the point where the next
objective must be a serious and rigorous evaluation. Part of the
assessment process isvbeing carried out at présent by Susan Frykberg
who is preparing short performances to explore and demonstrate the
various aspects of the sounds that can be produced. Some interesting
resu]ts,~111uétrating the effects of variations within the timbre
parameters and particular combinations of parameters, have been

produced.

It is true that there are still aspects of the musical sound
(such as vibrato and continuous pitch) that are not under the control
of the musician and the system should be extended to incorporate these.

The software too is still a 1ittle clumsy to use in that it is not yet
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the ideal interface between the musician and the computer. Suggestions

for future developments are given in the next section.

It has been found that there is an appreciable learning process
involved in using this system, in the same way that it takes time and
practice to learn to play an instrument well. However, every effort
should be made to make this 1earn1ngvas easy as possible. More real-time
interaction would reduce the time involved in learning about the
particular characteristics of this system and the effects of the various
timbre parameters. Interaction helps the musician to develop an intuitive
feel for the system since he can experiment with aspects of his music and

hear the.results of the changes he makes.

The only wayvthe user can interact in real-time at present is by
using the harmonic varying roufine (Section 3.1.6). This has beeh found
to be one of the most exciting programmes to use, which helps to
1i1ustrate the ya1ue of intéraction, but the musician should not be
restricted to being able to vary only this one aspect of his music.

Ideas for extending this facility are given in the next section.

4.2 SUGGESTIONS FOR FUTURE WORK

Although the system meets all of the specifications stipulated,
this does not imply that it is either perfect or complete. In fact,
there is p1ehty of room for both extension and refinement. It often
seems that every improvement that is made suggests two others that
should be made and one can always think of ideas that one would like

to try.

Because contributions have been made by a number of different
students thé synthesiier described in this report has grown in a
piecemeal manner. It is the opihion of the author that it is now
time to stand back and re-evaluate the system in order to formulate

a unified policy for future work. It was suggested to the author, by



Barry Vercoe[Vercoe,1978], that research should be carried out into the
psychoacoustical aspects of music-making so that it is known what
parameters of a musical sound are important. In this way it could be
determined what factors make music "interesting", what factors the
musician will want to control, what aspects interrelate with each other,
and so on. It would seem valuable that this information be known before

a system design philosophy is developed.

The current synthesizer would be useful in generating particular
sounds that could be evaluated in the course of this research and could
be extended‘to incorporate new techniques developed. The experienée
gained from developing the present system would also be valuable and many
of the techniques used (such as the shift registers) could be duplicated

for other aspects of the music.

Electronic music is often criticized as lacking character
compared with the sounds of more conVentiona] instruments and this is
usually attributed to the perfect regularity with which electronic music
is produced. [Von Foerster, 1969, p.133.] This apparent 1aék of
character may just be due to the fact that we have come to expect
particular types of sounds because these are the only ones we have heard
[Von Foerster, 1969, p.122] but it is worthwhile trying to eliminate
from any system any'sources of irritation. Various methods have been
suggested to overcome the regularity of most electronic music and these
should be tested to see if they produce the required effects. Most of
these techniques endeavour to introduce timbre changes within a note
(i.e. "time varying timbres") and they often depend on the introduction
of a degree of randomness. For example, the tremolo frequency can vary
randomly within certain Timits or slight random variations can be applied
to the pitch of a note. Ahother way of introducing timbre variations is
for the waveshape to change slightly between each period. This is
brought about by applying an envelope to each of the harmonics of a

sound rather than to the complete waveshape.
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With the current system it is possible to vary all of the timbre
parameters, except the waveﬁhape, while a note is playing. It is not
yet known how much effect this will have but it is one of the aspects
that must be evaluated in the 1light of the psychoacoustical requirements
of the musician and listener. The current software cannot be used to
vary the timbre parameters during a note but there is no reason why this
facility should not be added as no changes to the hardware would be re-
quired. To implement this the computer could be used to output the
necessary parameter values at the appropriate times. However, this
would require a large amount of storage as the computer would have to
know the value that was to be loaded out and the time at which this'
was done, as well as which parameter it was to apply to and which voice
was to be affected. The computer would also be occupied for a Tot of

its time supervising the Toading out of the parameters, especially if
there were to be several changes per éecond for each of the parameters
on all of the voices. One way to overcome the timing problems would be
to use shift régisters to contain the various values for each parameter
of a particular note. This would, of course, involve hardware modifi-
cations. To be able to specify the parameter profile for a complete
note the shift register would have to be clocked at such a rate that

it recircu]ated exactly once each note. This would be possible but
would require considerable calculation and accurate clocking hardware,
as the length of the particular note depends on the specified duration

and the rate of decay.

The reason that the waveshape (and hence the spectrum of the
sound) cannot be varied in real-time is that the shift register must be
reloaded every time a change is made and this cannot be done while it
is being recirculated (i.e. playing a note). If it is desired to be
able tb vary the waveshape (as well as the other timbre parameters) to
producé an aesthetically appealing sound, this could be dong using two

shift registers in parallel so that one could be loaded while the other

was being recirculated and vice versa. A counter would also be required
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to ensure that one shift register stopped recirculating, and the other
one started, only at the completion of an entire period. A multiplexer
and decoder would also be needed in order to select the correct shift

register each time.

To increase the number of timbre parameters under the control of
the musician and to introduce further means of real-time variation of
the timbre, both the continuous pitch option and vibrato should be
included in the system. The va1ué of being able to produce notes of any -
pitch was described in Section 1.3 and the continuous pitch option, for
which there is already provision in both the hardware and the software,
shotild be developed. Vibfato is more difficult to implement in the '
context of the present system but possible methods'for this are given

by Vaughan [Vaughan, 1977] and -more thought should be given to this.

As mentioned in Section 4.1 moré real-time interaction should
be included to reduce the time necessary to learn to use the system
effectively. If is the opinionvof the author that top priorjty should
be given to developing interaction in all aspects of the sound.
Special attention should be given to interaction during the playing of
performances (sequences of notes). This would mean that the one basic
performance could be reproduced in a vast number of variations reflecting

the nuances of various performers.

Interaction could bevfacilitated by a variety of devices. One
could use the instrument described in Section 2.2.6 or, perhaps,
particular processes could be initiated from the organ keyboard; a bank
of "stops" similar to those of an okdinary organ could be developed or
a bank of potentiometers could be used. Here again it is necessary to
decide exactly what is to be varied and how this is best achieved before
any hardware is developed. There is no theoretical difficulty in
implementing real-time interaction and most of the software ﬁhat would

be required already exists.
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One of the major problems facing anybody working to develop this
system fs the amount of combuter storage available. Already the
synthesizer system is divided into six "phases®. This means that the
whole of the memory must be overlaid six times if every sub-routine is
to be used. This is satisfactory except that it takes some finite time
to perform a phaée overlay and any applications which required more than
one phase would be slowed down considerably as the phasés were swapped
back-and-forth between the disk and the memory. Minor savings of memory
could be achieved by reorganizing some of the data areas and writing all
of the programmes in Assembler instead of the Fortran-Assembler mixture
that is used. The samples of the catalogued shapes could, for examp1e,
be packed two samples per computer word instead of one sample per word
as at present. While this should be done, the memory saving will not
be significant. To convert all of the programmes to Assembler would be
time consuming and tedious. The obvious solution is more memory for
the computer but if this is not possible future workers may have to
seriously consider usfng the disk as auXi]iary storage for data éreas
such as the catalogue and timbre table although the swapping in and out

of areas of core will, once again, slow down operation.

.One very important consideration that should be~taken into account
is the possibility of incorporating a micro-processor into the synthesizer
‘hardware. This could help relieve the pressuré on the computer memory
énd improve the real-time aspects of the system. The ways in which a
micro-processor could be used are numerous but the system could, for
example, be designed so that it could operate independently of the main
computer or in co-operation with it when interfaced. In thfs way a
performance could be prepared and all of the relevant data calculated
by the computer but the micro-processor could supervise the playing of
the performance {which requires very little calculation). This would

mean that the synthesizer could play performances when not interfaced
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to the computer and could thus be used as a recorder so that performances

could be heard at any suitable location.

The development of the software is very open ended. One simple
improvement would be for the computer to modify the timbre table in
some predetermined (or perhaps even random) manner and then repeat a
given pérformance using the new table. Variations on the basic theme
would then be produced and may suggest particularly pleasing arrangements

to the musician.

More thought should also be'given to the problem of making the
system easily used by a person with no cdmputer background. A discu;s-
fon of the measures that have been taken was given in Section 2.3 but
there is still room for some streamlining. For example, even though
an experienced user can suppress many of the messages that would other-
wise be printed out, there are still obcasions when he has to wait while
messageé he already knows are typed. Perhaps a second sense-switch
option could be'inc1uded so that abbreviated versions of the messages
are written (as is already done in some cases) or the message is not
written at all if the user is familiar with the sequence and can

anticipate the next question.

Of course there are many developments that can still be made and
each new user and researcher will have his own ideas. The project can

only benefit from this.

4.3 SUMMARY OF SUGGESTIONS FOR FUTURE WORK

In this section the suggestions made in Section 4.2 are summarized
for ease of reference along with several other suggestions that do not

require any discussion.

(1) Evaluate the sounds that can be produced by the present system.

(2) Remove the loud speaker from the Computer Laboratory so that the
sounds can be evaluated without a Tot of background noise.



(13)

(14)

(17)
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Develop the continuous pitch option.
Incorporate vibrato.

Change the upper 1imit of the lower tremolo frequency range
from 50 Hz to 15 Hz to give greater resolution over this range.

Investigate which parameters of a sound are important to that
sound (psychoacoustical research) and develop techniques for
incorporating these aspects.

Modify the software so that the timbre parameters can be
varied during the notes of a sequence and evaluate these
parameter changes as a means of producing time varying timbres.

Investigate and implement a method of real-time waveshabe
variation.

Investigate the use of random variations in. the timbre parameters.

Investigate the inclusion of a micro-processor as discussed
in Section 4.2.

Incorporate real-time interaction with all aspects of the music
(using potentiometers, switches (stops), the organ keyboard or
special purpose hardware).

Introduce computer modification of the timbre table between
performances.

Improve the timbre table editing options so‘that the notes can
be inserted or deleted. ’

Modify the timbre table editing options so that notes can be
selected (using the joy-stick) while drawn on the screen instead
of the user having .to type in the note number.

Minimize the storage required for data areas and programmes (e.q.
pack the shape samples two/word).

Modify the sequence playing routine so that notes can be turned
off before the duration has been completed so that the notes are
not lengthened by the decay period.

Modify the software so that short sequences of notes can be
combined in any order to produce longer sequences.
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APPENDIX B

SUMMARY OF COMMANDS

This is a summary of the commands available to the user showing

the scope of the software modules. A manual for users is held in the

Electrical Engineering Department giving full details on how to use

these commands and explaining the arguments and sub-commands that can

be used. Some details are also given in Chapter Three.

#A

#C

#D

#E

#F

#G

#1

#L

#M

#P

#R

#S

#T

#U

#V

#X

A

Add comments to screen

Calculate shape (rectangular, triangular or
sum-of-sines)

Draw shape on display screen

Set envelope status (percussfve or non—percussive)
File performance to disk

Get filed performance from disk

Low pass filter catalogued shape

Load out waveshape or envelope saﬁp1es to synthesizer
Mirror catalogued shape

Play a note

Rotate catalogued shape

Show catalogued shape

Vary timbre parameters

Calculate spectrum of catalogued shape

Vary harmonics of envelope or waveéhape

List commands on screen

Set up timbre table and play sequence of notes
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