


ABSTRACT

The Arbitrary Waveform Generator (AWG), an instrument
intended for the electronic production of musical sounds, has
been developed. The waveforms are generated by electronically
plotting a curve and periodically presenting it at the AWG output.
The time scale of the waveform to be produced is divided into
96 equal time elements and 96 values of the function are set
into the AWG memory (by the operator) in the form of dec levels.
These 96 values of wave amplitude are commutated repeatedly,
each appearing at the output for the duration of one time element.
The resulting waveform is filtered to remove discontinuities.
With the filters used in the model built by the author, it is
shown that the 16th harmonic is resolved with negligible error.
The rate at which the given waveform is repeated is continuously
variable from 40 cps to 4 kecs and is controlled by a square wave
generator. Examples of the AWG waveforms are given in the form
of scope trace photographs showing both unfiltered and filtered
forms of the output. A magnetic tape recording which accompanies

this thesis gives further examples of the resulting tones.
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A system is proposed by which the waveform repetition
rate could be derived from an external sound source rather than
the square wave generator. The fundamental frequency of the
external source is multiplied by 96 and used to drive the
commutator, producing a waveform with a repetition rate equal
to the frequency of the controlling source. In this way, the
AWG would function as a waveform converter. The system described
would make the frequency multiplication with an accuracy of 0.1%
and with a response time of two cycles at the input frequency.
This would allow the generated waveform to follow a pitch sequence
of the sound source as closely as could be resolved by the ear.

A description of computer programs used for the generation
of charts for use in loading the AWG memory is provided. Actual
charts are included which give the values of sin (nx) evaluated

at 96 equal values of x over 2 Wi
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I. INTRODUCTION

The piece of e@uipment to be described herein was con-
ceived to fill a need in electronic music. This branch of
musical composition, still in its infancy, does not yet begin to
exploit fully the potential of electronics in its present state
of art. It is hoped that the device realized through this
research is at least a small step in that direction. Inasmuch
as some of the readers of this paper will not be well acquainted
with electronic music, a brief discussion of its goals and
techniques follows.

The techniques of electronic music may be put into perhaps
three or four classifications, but in any studio, one may find two
or more of these combined. The first of these is musique conoféte,
wherein recordings of "real" sounds of all kinds (for example,
musical instruments, voices, or perhaps ever street noises) are
electronically modified into new sounds which are then organized
into a musical composition. The second classification emerged
from a desire for greater control over the sound sources and
has substituted square wave generators, sine wave generators,

random noige sources, and the like, for the real sounds.




The modification techniques however remain much the same. The
most recently evolved is that of computer music which is perhaps
really of two types. One of these types uses a digital computer
to synthesize, by means of an inverse time sampling technique,
waveforms which are realized at the output by a digital to
analogue converter. The other use of a computer which is in
a less strict sense electronic music, is that in which the
computer is actually used to choose which notes are to be
written (within certain limits given it by the composer)
[Hiller, 1958]. 1Inasmuch as computer time is expensive and
computers are much too general for efficient production of
music, widespread use of these techniques have not occurred.
Electronic generation and modifications of sounds, as
described above, is found in almost all electronic studios, which
number perhaps a few dozen in the United States today. However,
since the only additional equipment needed for musique concréte
is a microphone and perhaps a portable tape recorder, the two
are very frequently combined. A list of sound sources generally
found in the conventional electronic music studio is given in

Table I below.




TABLE T

Representative Sound Sources

Generator Spectrum
Sine wave fundamental only
Square wave all odd harmonics--amplitude

decreasing as 1/n

Saw tooth all harmonics--amplitude de-
creasing as 1/n

Triangular wave ' all odd harmonics--amplitude
decreasing as l/n2

White noise source all frequencies in audio spectrum
with flat power density

Pulse generator all harmonics in audio spectrum
--amplitudes essentially equal




Any or a combination of these sources may be used directly
as a sound or may be modified by devices such as are found in

Table«IL.




TABLE IT

Representative Modifiers

Device Result
Linear mixer adds amplitudes of inputs
Band pass filter selects specified band of the spectral

components of a sound

Band elimination filter supress specified band in the spectrum
of a sound

Balanced or product produces the product of two waveforms
modulator
Amplitude modulators one waveform becomes the envelope of

another




Other equipment consists of tape recorders, amplifiers,
gating circuitry, monitoring facilities, timing devices, and
splicing and editing equipment, to name the more important
items. No two studios will be alike in theilr specific equipnment
make-up but they wiil contain most of the basic items listed
sbove in addition to other locally developed equipment.

The goals of the composer of electronic music are
gifficult to capsulize. Perhaps we might start by clearing up
a common migconception. He is not interested in electronically
synthesizing the gsound of an orchestra performing in Carnegie
Hall because an orchestra performing in Carnegie Hall can do
this best! What he does want, rather, is to produce what
conventional musical instruments and musicians cannot produce.
This would include intricate rhythm patterns that performers
would find difficult or impossible to execute, production of
sounds which have spectra gifferent from that of any conventional
musical instrument, and, further, to manipulate tones in ways
that a conventional instrument cannot functionally operate.

In short, the composer wishes to be able to create any sound

sequence he can imagine (or perhaps a few he cannot imaginel)




and to be able to organize them into a composition. By

”organize" here, we mean not only an ordering of musical forms

in his mind or on paper but also the synchronizing of these

sounds on tape so that his composition is a reality. Unfortunately,
most studios fall short of these goals.

There are two basic methods of obtaining a desired sound
with the equipment outlined above, additive synthesis and sub-
tractive synthesis. Mixing together the various components of
a sound ig additive synthesis. Unless one has many generators of
the type mentioned above, rerecording plus mixing is reguired
--with the inherent loss of signal-to-noise ratio with each
recording. In subtractive synthesis, one generally starts with
the white noise source or some other complex sound and removes
with a filter unwanted spectral components. This process is also
quite limited by the bandwidths of the filter that the studio is
likely to possess. (Commonly available tunable filters which have
a bandpass at no less than 1/5 octave can, at best, traﬁsform
white noise into "colored" noise.) Thus, unless the studio
includes "special purpose"equipement in addition to the above,
the composer will find himself unable to produce many of the sounds

he would like.




Once the sounds are produced, the composer must face the
problems of organizing and synchronizing them on tape. Eventually,
the composer must find himself very laborously cutting tape,
splicing, dubbing, editing, mixing, building his music inch by
inch on tape, many times working weeks or months for a few
minutes of music. Unfortunately the composer is often forced
into the unhappy compromise of "wanting what he produces rather
than producing what he wants'.

Many have been searching for solutions to these difficulties,
trying to find ways to control more parameters of a sound with
less effort or even to produce "real time music". Paramount among
these attempts is the RCA synthesizer at the Columbia-Princeton
studios [Olson and Belar, 1955] (probably the best equipped studios
in America). The RCA Synthesizer is a binary paper-tape con-
trolled bank of equal-tempered pitch oscillators which may be
controlled in many parameters §o as to obtain four simultaneous
instrumental voices. No other studio has been able to afford
such an elaborate piece of equipment, yet the RCA Synthesizer
need not be considered the ultimate. Although there are other

attempts, too numerous to mention, at such automation on a lesser




scale, one more will be cited here for the purpose of comparison
with the piece of equipment to be described subsequently.

A harmonic tone generator has been designed and built at
the University of Illinois studios by James Beauchamp [1963,
196L]. His device produces a tone containing six harmonics,
independently variable in amplitude. Phase control of the second
harmonic has also been incorporated. These, as well as the
resulting waveform periods, are voltage controlled from some
external source. This device will be more thoroughly discussed

in Chapter ITT.




IT. PERCEPTUAL PARAMETERS OF MUSICAL TONES

There are three characteristics of sound waves that are
of interest in the physical sense: frequency, intensity and
wave shape. By controlling these three parameters,: one could
create any sound wave possible. However, the time variation of
these three quantities is quite complex and we find that at the
perceptual level, there are many more than three parameters.
Although the term "perceptual parameter” seems to suggest a
subjective nature (which is indeed the case), it is still true
that the time variation of the three physical parameters
mentioned will completely specify the sound experience for a
given audience. In electronically generating a musical tone,
the problem is not in the method of controlling these parameters
but rather in the knowledge of the function specifying the
variations.

Pitch is predominantly dependent upon frequency, but is
also a function of intensity and waveform. (However, for a
complex waveform, pitch is not a well defined term.) A complete
discussion of this dependence can be found in any text on

acoustics [e.g., Beranek, 1954] and would serve no real purpose here.
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We will just note in passing that many aspects of the perception
of music are "learned", as for example, an unbiased auditor will
not identify an octave in frequency as a doubling in pitch. The
ear is quite sensitive to change in frequency and is increasingly so
at higher frequencies. There is slight disagreement in the litera-
ture as to what the minimum perceptual change in frequency is, but
it can be bracketed between 0.1% and 0.5%. Our own experiments
seemed to show that the 0.1% figure is correct but it is difficult
to tell whether or not the auditor was completely unbiased.
Loudness is chiefly dependent upon intensity, but is also
a weak function of frequency. Extensive measurements of this
dependence have been made by Fletcher and Munsen [1933] for
pure tones and by Pollack for noise-bands.
Timbre has an even more complex dependence on the physical
parameters than do loudness and pitch. One usually considers
timbre as dependent upon harmonic structure and modified by fre-

quency and intensity. Olson [1942] suggests that timbre is best
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described by "the instantaneous cross section of the tone
quality'. The fact that we could find no better definition of
timbre than the above, testifies for its subjective nature.

An often quoted example of one aspect of this subjectiveness
(and was easily verified in our own studio) is that of the
"missing fundemental". If pure tones of frequencies 400, 600,
and 800 cps are linearly added (so as not to produce any product
terms) the ear will perceive this as being a waveform with a
fundamental of 200 cps. Furthermore, if tones of 500 and 700 cps
are added to the above combination the resulting sound is per-
ceived to change to a 100 cps fundamental. It is believed that
the ear is a nonlinear device and thus the "missing fundamental”
is supplied by the product terms therein.

Two other variations may be superimposed upon the above
pafameters: vibrato and tremolo. Tremolo is an amplitude
modulation of the waveform while vibrato is a frequency modulation
of the waveform. Although these are largely under the control of
the instrumentalist (or vocalist), they are usually small
variations of about 7 cps. Due to the fact that these two

variations are perceived as very nearly the same effect, and
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that in most instruments the two effects occur in combination,
there is some confusion in the literature of these two terms.
Physically, however, they are quite well defined.

The envelope of the waveform for a musical tone is
generally divided into three temporal elements: the attack-
transient, the steady state, and the decay-transient. The
attack is usually 0.1 sec or less in duration while the decay
is usually longer, perhaps even up to a few seconds. Certainly,
for electronically produced music, tthgh, there are no
restrictions on these lengths of time. The attack and decay
durations are quite important to the result which is perceived
as is evidenced by the fact that a piano recording, played
backwards, sounds very much like a pipe organ. Of the three,
the steady state duration is least important perceptually
and only determines the length of the note.

If what we have considered so far were the whole story,
the electronic generation of music could be perhaps rather
straightforward, but such is not the case. It has been shown
quite definitely that there exists a microscopic detail of
mugsical sounds which is perceptually equally as important as

the gbove. The exact nature of these variations is not known
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to any great extent but Clark and Miller [196L4], Clark et al.
[1963], and Luce [1963] have done much work in this area. Using
a digital computer, Luce has conducted a time dependent spectral
analysis of 1l nonpercussive instruments, concentrating mainly
on regularities existing in the attack-transient and the steady
state. ILuce has found that on the microscopic level, there are
both amplitude and waveform modulations which are important in
determining the timbre of a sound. He has used these terms in
the following sense: Amplitude modulations are those variations
which do not affect the relative ampiitudes of the spectral
components whereas waveform modulations do. In addition, there
appear to be random variations in phase and amplitude of each
component which Luce believes to be important in making a sound
"live".
Luce points out that the ear of necessity integrates over
a short time in the perception of a sound, and a listener is
capable of tracking temporal changes in harmonic structure subject
to the constraints imposed by a time constant of perhaps 0.2 sec.
One may easily conclude that in order to completely specify

an arbitrary musical tone, very high information rates are
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required. Of course, for the generation of a tone electronically,
any information rate less than this right down to that of
specifying an unmodulated sine wave is still sufficient for a
note to be played. A sine wave, however, is quite uninteresting.
In fact, a simple unmodulated combination of the Fourier terms
from the steady state of some musical instrument usually sounds
rather lifeless. Much more work is needed to determine just

how much variation must be specified in order to produce interest-

ing and lifelike sounds.
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IIT. GENERAL DESCRIPTION OF THE AWG

No known generator has the capability of control of all
the significant parameters of music. Such is financially and
technically impossible at this time. This research, then, was
aimed at a somewhat lower but more realistic goal, that of
producing an instrument which can control only a few of these
parameters, but in a new way. The Arbitrary Waveform Generator (Awg)

is a significant piece of equipment, then, for two reasons:

(1) It can synthesize any periodic waveform with a very good
accuracy.
(2) Circuiltry is included which causes the period of this

synthesized waveform to be the same as the period of a

controlling source.

Used in this way, the generator becomes in effect a waveform
transformer, operating at real time.

The Beauchamp Harmonic generator (see Chapter I) achieves
its waveform by using a hetrodyning technique at a high frequency,
producing a system of harmonically related frequencies all
derived from one high frequency master oscillator. The more
frequency components included, the more complex becomes the

hetrodyning scheme; hence the limitation to six harmonics.
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In synthesizing an arbitrary waveform, it is clear that
more than the first six harmonics would be required. A different
approach, then, was used in the AWG which is related to the time
sampling method of digitizing waveforms. A long used technique
is that of sampling an unknown waveform at many equally spaced
time intervals. Each time element is thus assigned a discrete
amplitude and the waveform is digitized.

Here essentially. the reverse of this process is used. The
period of the waveform to be synthesized is divided into 96 equal
time elements and the value of the waveform amplitude at the center
of . each element 1s :stored in & memorys. This memory is then
commutated by a 96 element sequence generator and the output
obtained is a close approximation to the desired waveform. This
waveform i1s then filtered to remove the discontinuities which
occur between successive time elements. Loosely speaking, the
result of this technique is to generate a sequence of "dots'
and then with a filter, draw a smooth curve through these dots.
The actual degree to which an arbitrary waveform may be thereby
synthesized will be. considered in the next chapter.. The sequence
generator is driven at 96 times the waveform period by a square

wave obtalned from a frequency multiplier whose input is a real
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sound source. This gives us the "real time" capabilities men-
tioned above. The price that must be paid for this flexibility
is that amplitude and phase of the Fourier components may not be
changed as a function of time. If we wish to charge one Fourier
component, we must change all 96 memory elements, not just one.
The block diagram for the AWG appears in Figure 1. A
brief description of the overall operation will be given here
while a more detailed discussion of each part will be saved for
the next chapter. An audio input of frequency fo is fed into
a linear frequency to voltage converter. The conversion is such
that the output voltage is proportional to the reciprocal
of fo' The reason for this will be made clear later on.
The output of the converter kl/fo drives a voltage con-
trolled oscillator whose conversion constant is l/kl. Thus
the output is f = l/fo or the reciprocal of the input
frequency. The process is repeated once more but with the VCO
producing £ = 0F fO. The accuracy of the whole frequency
multiplication process is desired to be on the order of G ol

As it is thought that each of the four elements involved in the

process might have an error of about 0.1%, a feedback loop is
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used to correct for the compounded error. The response time
of the multiplier is essentially instantaneous but with a phase
shift of two cycles. (This will be discussed later.) f' now
drives a — 96 scaler which in turn drives a diode matrix or
sequence generator. The output of the scaler also drives the
frequency comparitor in the feedback loop. If f‘/96 giffers
from fo averaged over T +then the first converter is corrected
in the proper direction.

The outputs of the diode matrix (96 lines) are
sequentially true, one at a time at a switching rate of f'.
The sequence repeats at the rate f'/96. These lines feed
96 potentiometers (see Figure 2). The potentiometers are the
memory elements which are loaded by the operator by setting
each of them to an amplitude as monitored on the panel meter.
When a given matrix output line is true, the corresponding
potentiometer amplitude is gated through to the or-gate.
The output of the or-gate is then the approximated waveform
or "dot pattern". This drives simultaneously a set of low
pass filters with cutoff frequencies spaced one octave apart

throughout the audio spectrum. We have only to gate the output
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of the proper filter which will remove only the switching dis-

continuities from the waveform at the particular frequency

occurring at that moment. This is done by level discriminators :
t

monitoring the input voltage to the last VCO. The audio output

will, then, be the waveform stored on the 96 potentiometers and

will have a frequency fo.

T

-~

Y 1min
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IV. DETATLED DESIGN CONSIDERATIONS

Ereguengy Tracking Circuits
Frequency Multiplier

Included in the general description in Chapter III was a

system for multiplying an input frequency by 96. This result

is used to drive the -~ 96 scaler thereby producing a frequency
at the output of the AWG which is equal to the input frequency.
In order for this scheme to be worthwhile as a "real-time
converter" the output must follow the input in frequency within
a fairly short response time. It is desirable that this response
time be short enough to track discrete frequency changes by the
input and have them be perceived as at least nearly discrete
changes at the output. Since pulses occurring at 20 cps or
faster are perceived as a "tone" rather than a string of pulses,
it is reasoned that a response time of 1/20 sec might be the limit
of resolution of individual events by the ear due to the "aural
integration" time noted in Chapter II. (For low frequencies
and/or small frequency changes, the ear probably does not
respond nearly this rapidly.)

It was decided that sufficient musical flexibility would

be obtained if the AWG had a range of 4O cps to L4 ke. Thus,
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if we adopt 1/20 sec as the maximum response time of our
instrument, for 4O cps, the frequency change would have to occur
within approximately two cycles. This is expecting a great

deal as will become evident in the following section.

Conventional Methods

One method of frequency multiplication which is commonly
used is shown in block form in Figure 3. A squaring circuit
consisting of perhaps a differential comparitor referenced to
zero followed by a Schmidt Trigger would provide a change of
state at each zero crossing. Provided that the input waveform
had no more than two, zero crossings per cycle (here we assume
that the waveform is adjusted so that its average dc level is
zero) the output would be a square wave at the fundamental
frequency. The following one-shot should have a period just
less than the period of the maximum input frequency; in our case,
1/(h ke) = 250 Msec. If now a low pass filter could pass only
the average dc component of the binary waveform at the one-shot
output, we would have a linear frequency to voltage converter.
(The voltage would be proportional to the number of zero crossings

occurring in a given time interval.) A linear VCO could be
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driven from this source and the constant Y\, could be adjusted
such that f2 is any multiple of fl desired. The response time with

which f2 follows f. is determined by the impulse response

2
characteristics of the low pass filter. (At low frequencies, the
250‘/4sec pulse is essentially an impulse and at higher fre-
quencies, the response may be found from the impulse response by
the convolution integral.)
Two types of filters are commonly used in this circuit:

a simple multi-section R-C integrator and a pi-section L-R-C
filter. The impulse response of & two section R-C integrator is

derived in the appendix and is plotted in Figure L. The response

is given by

2 1 - .38%/RC -2.62%/RC
Vo = Zohmec e )

We see that the rise time is much faster than the decay, the peak
occurring in about 2/5 RC and decaying asymptotically to
e—2'65£/RC. By superposition, we can infer the behavior of this

network for a pulse train. Equilibrium will be reached when,

during one period, the combined decay of all previous pulses is
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equal to the rise of the new pulse and thig equilibrium value

is the dc component fed to the VCO. A ripple will occur at

the period of the impulse train, since the combined rise and fall
do not completely cancel over all time. Since ripple could not
be tolerated in the frequency control voltage, the time constant
must be made long, or more sections added, to minimize the per-

centage of ripple. However, this is directly opposed to our

o

Objective in this case since the rate at which the network could

T IR

respond to a change in frequency, i.e., reach a new equilibrium :
voltage, is the decay slope shown in Figure L. This type of
network cannot possibly respond to changes within 1/20 sec and
still produce a smooth dec component at 40 cps .
The impulse response for a single section pi-network low-
pass filter is also derived in the appendix. It is more complex

than the above and is of the general form:

Ae-t/RC e (BeBt + Ce_at)

where @ 1is real and B may be real or imaginary, depending upon
the @ of the inductor and the filter termination. If o is made

small while B is imaginary, the filter "rings". For all but very
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light loading however, « is large and the last term damps out
quickly, which would seem to be desirable in our case. This
leaves us with a pure exponential term with the same problems as
for the R=C integretor.  Obviously, this is not a particularly
good filter for our purposes either. Since no other filter

that would serve our purposes was known to the author, this
method of frequency multiplication was abandoned.

The second commonly used frequency multiplication scheme is
shown in block form in Figure 5. The squared output from the zero
crossing sensor is this time used to excite a singularity function
such as a square wave or an impulse train and the bandpass filter
will pick off the desired harmonic. This output (which is
essentially a sine wave) is then fed into a saturating amplifier-
shaper circuit. The band width of the band pass filter must be
narrow enough to pass only one harmonic while wide enough to allow
the necessary frequency deviation, ZAf‘ » ati the tharmonic
frequency. For our case this would be possible only if the input
were hetrodyned up to a very high frequency, the 96th harmonic
of the combination picked off and then hetrodyned back down by

beating with the 96th harmonic of the original hetrodyning
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oscillator. Although this is technically a difficult enough
problem to make this method of questionable value, there is

even another more serious problem. When multiplying by large
numbers, the singularity function period is enough longer than
the natural response of the filter that only the impulse response
can be excited no matter what the input function is. The filter
will then "ring" at its natural frequency between impulses.

Since the natural frequency of the filter is a characteristic

of the filter and not the input, we have lost the objective.

It is doubtful whether this method would work for greater

multiplication factors than, say 20.

Computational Method

An entirely different approach which eliminates the need
for a filter is the one indicated in Figure 1 and briefly out-
lined in Chapter III. The technique differs from conventional
methods in that the analogue VCO input is "computed" every two
cycles. The system devised, however, computes a voltage proportional
to the period rather than the frequency so that the multiplication
must be made in two steps with two VCO's.

The technique for obtaining the period to voltage conversion

1s shown in block form in Figure 6, and a corresponding timing
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chart is found in Figure 7. The input is squared as before but
this time is divided by two giving us the two cycle sequence.
This sequence is divided into three periods as can be seen in
Figure 7. A linear integrator is turned on with one state of the
scaler. At the end of exactly one period, the integration is
stopped and the 100 /usec.DF is triggered. During the period of
this DF, the gate is opened and the voltage, Vb, is fed through
a current amplifier to a very large capacitor, C, which charges
toward this value. At the end of the lOO/uﬂtperiod, the FF is
set_and. the integrator is zeroed. At the end of the second input
period, this FF is reset and the sequence begins again.

The value of the only fixed time element, lOO/yseh, was
chosen so as to leave a minimum of lSO/ysu‘for the zeroing to
occur (at b kc). This process would involve removing the charge
from a capacitor and must take a finite length of time. In a
trial circuit (see Chapter VI), 150 pSec.was found to be
necessary for the decay to become sufficiently close to zero.

If this minimum is accepted, this results in a fixed period of
100 /untiﬂ.which to charge the capacitor C. The capacitor, C,

is a memory device, storing the value of Vé between ”updating"




28

periods. C must be chosen so that the charging time constant is
seven times less than 100 usec and the discharge time constant
(through RL, the VCO input resistance) is at least 500 times the
maximum interval between updating periods, or ~ 25 sec. These

conditions will result in a 0.1% error in charging (e_7 <~ .001)

-.002y
)

and a 0.1% error in holding Vb for .05 seconds [(1 - e & ,998;

avr. error = 0.1% ]. Hence,

R. C = 25 sec, min

=u}
Q
11

14 usec, max

where RS is the effective charging source resistance.
Assuming that RL can be made as large as 5 Meg, the first

condition fixes C.
= 5 NBRd

The value of RS is then specified by the second condition:

R. =

g >0

If we design for VO to take on the values of 0.05 to 5.0 volts,
the maximum change in VO which could occur in one charging period
is ~ 5 weltes  {Thie ik extremely unlikely since this would mean

a frequency change from 4 ke to LO cps within .05 sec.) In this
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case, the source would have to be capable of supplying a current

of

I = 5/% = 1.67 Amps (max) .

This is quite possible since the duty cycle would be low.

As was mentioned in Chapter III, it is thought that the
other elements of the frequency multiplier, i.e., the VCO's could
also be kept within 0.1% error. Assuming the worst case, where
all the errors were additive, we will still have something less
than a total of 1% error. Since we desire an overall error of
0.1% we may use a correction feedback loop. The error sensing
element (or frequency comparitor) could utilize the pulse averaging
technique discussed earlier in this chapter since a long time
constant could be tolerated. The length of this time constant
will ultimately have to be determined by use of the instrument
but it is thought that 1 sec might be tolerable since for small
changes in frequency the nonlinearity will be quite small and for
large changes, the ear will not be as quick to sense the error.

The frequency multiplication circuits for the AWG as
well as the filter switching circuits are not completed as

of the writing of this thesis. However, it is
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felt that sufficient proof of its feasibility has been presented
and its completion is planned in the near future. Some pre-
liminary circuit design has been done however and will be discussed

in Chapter VL.

B Waveform Synthesizer (Dot Generator)

Figure 8 shows this portion of the AWG, which has been
completed and is operating very satisfactorily. (Slightly
expanded detail is shown here, compared to Figure l.) For a
general description of its operation, see Chapter III. The design
considerations and circuits are presented below, while the

evaluation of its operation appears in the next chapter.
Scaler

It was decided at the outset that about 100 elements were
desired in the time division of the waveform period. Since the
next largest power of 2 is 128, feedback would have to be
employed in the scaler. Feedback in a scaler must occur a
finite time after the normal switching transient and thus will
shorten the period of the following time element by this time

delay. It therefore seemed desirable to minimize the amount of




feedback necessary and a scale of 96 was chosen, rather than 100,
since this requires only one pulse to be fed back (see Figure 8).
When the 27 scaler has reached count number 64 (half full, or
0000001) the switching transient is fed back (delayed by
propagation time) to the next to last scaler, setting it to "1".
The scaler then has a count of 96 stored in it (OOOOOll) and
continues to count toward 127. It will take 32 more inputs to
return to zero; hence the scaler has really divided by 64 + 32,
or 96. Note that in the feedback loop (see schematic, Figure 9)
the 2N91kL transistor has deliberately been made "sluggish" by
placing a 75 prd capacitor from its base to ground thus
increasing the propagation delay of the fed back pulse to a gsafe
amount ( ~ 100 n sec).

Since the maximum driving frequency to the scaler will be
38k ke (96 x 4 ke) the scaler was designed to operate at a
maximum frequency in excess of 1 Mc to allow a margin of safety.
It is also necessary that the main switching transient propagate
through all seven scalers in a small fraction of one time element
period. Both of these objectives are met by using high-gspeed
silicon switching transistors, 2N91k's, in a high current FF

circuit. The design of the FF is quite straightforward except

o £
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that all the impedance elements are scaled to a much lower

value than usual, resulting in smaller time constants and much
faster rise times. For sake of reliability, the very conserva-
tive B of 10 was assumed for each transistor. The resulting power
supply drain is quite large but the low impedance made it

possible to use cheap germanium diodes in the diode matrix which
greatly cut the cost of the device.

In order to prevent degradation of rise times and propaga-
tion delay, isolation between the scaler circuits and the diode
matrix is provided by two amplifiers, a 2N966 high speed
germanium and a 2N3053 high current silicon switch. Since the
emitter-base junction of a germanium transistor must be driven into
the reverge region in order for the transistor to be completely cut
off, the emitters of all the 2N966 are returned to a 9 volt supply
rather than +10. This will just a little more than compensate
for the voltage divider effect of the base and collector
resistors, preventing the FF collectors from rising all the way
to +10 volts. The 2N966 is an inverting saturating amplifier
which drives the 2N3053 emitter follower current amplifier.

The maximum current supplied to the diode matrix by any given
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2N3053 (see Appendix) is 63 Ma. This places it in the range
of maximum B which is typically ~ 100 [RCA transistor data sheet,
1963] so the isolation should be good. To increase dissipation
capabilities of these transistors, a common heat sink bar was
used. (The collectors are tied to the transistor can.)

[ See Figure 10.]

Sequence Generator and Memory

Figure 11 shows schematically one element of the sequence
generator and memory circuits. There are 96 such elements. The
operation of the matrix is most easily seen if we realize that
it is made up of a series of and-gates, one for each possible
binary combination of the scaler FF's. In our case, there are
96 possible binary combinations and, hence 96 and-gates in the
matrix. The seven inputs of each and-gate are connected to the
unique permutation of the 1L scaler outputs which correspond to
that and-gate's place in the sequence. When, and only when all
seven inputs are true (O volts), the output (2N4LO4 base) will
be allowed to éall to zero. In all other 95 cases, the 2N4OL
bage will be driven to ~ +9 volts by one or more of the 7 inputs.

The emitter of all 96 2N4OL's are tied together and to a common
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load resistor (to +10). This forms a high input impedance or-
gate. The memory elements consist of 5K pots providing an
adjustable (by the operator) supply voltage to the emitter
follower or-gate elements. When the 2NLOL base is at

~ 0 volts, it is biased well into saturation, regardless of
the setting of the pot. Thus, the emitter is pulled down to
the potentiometer potential. When the 2N4OL base is at about
+9 volts, it is well cut off by virtue of the fact that some
Oother 2NLoL is saturated, forcing the common emitters to be at
a value between +1 and +6 volts. Hence, as each of the and-
gate outputs sequentially becomes true, the corresponding
potential stored on the potentiometer is gated to the output.
The driver amplifier shown in Figure 8 at the or-gate output
is simply an emitter follower current amplifier to provide a

low impedance for the filter inputs.
Resolution

The accuracy with which an arbitrary periodic waveform may
be represented by 96 sequential discrete amplitude pulses may be
considered in terms of how many harmonics may be resolved with

negligible error. For example, if the 16th harmonic were present,




there would be 6 time elements in its period. If we could filter
out all the overtones thereby generated, we would be able to
synthesize arbitrary waveforms to within the 16th harmonic.

Let us consider this case further. TFigure 12 shows the
synthesized 16th harmonic. The maximum amplitude will be con-
sidered 1 for simplicity. The value of sin t at the center of
each element has been assigned for the length of that element.

The Fourier series expansion of such a waveform is found to be:

£ () = Wisint + 1/5 sin 5t + 1/7 sin Tt

+ 1/11 sin 11t + 1/13 sin 13t + ... ].

By using a pi-network low-pass filter which has a rolloff of
~ 60 db/decade (see Figure 13) and a cutoff at @ = 1, the
first error term would be down by ~ 50 db + 20 log 5 = 64 db.
However, we wish to place these filters only one octave apart
so that this same filter must perform for a wave of 1/2 the
frequency of the above; hence with a first error term of

1/5 sin 5/2 t. The attenuation in this case would be

~ 30 db + 20 log 5 = bk db. This is deemed to be a just

satisfactory amount of attenuation and thus the 16th harmonic
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has been specified as the maximum resolution of the AWG. Perhaps
more than 16 harmonics could be resolved using filters with
sharper ewtoffs, butisince there are nine<ef these filters; it

was decided that they be kept as simple ags possible.
Filters

The nine low-pass filters whose response characteristics
have already been introduced in Figure 135 are shown in schematic
form in Figure 14. The basic circuit design for all the filters
is the same, built around the 600 ~ filter (0.068 MEd, 2 Hy.,
10 K) the others being scaled in frequency. In some cases,
impedance scaling was also used to make possible the use of
inductors on hand.

The emitter follower driver amplifier has an effective
impedance low compared to the filter input impedance so that it
does not become a part of the filter circuit (i.e., it appears
as an ideal voltage source). All nine filters are driven in
parallel and the output may be selected from the proper filter.
Pregently, a selector switch is used for the output switching

since the automatic circuit is not completed.
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Loading Memory

Loading the memory with the desired waveform is effected
by setting eaéh of the 96 potentiometers to the value of the
waveform at the center of the corresponding time element. A meter,
calibrated with a 100-0-100 scale, is connected to the dc output
of the or-gate and is used as a monitor for setting these wvalues.
For Fourier series synthesis, see charts in Appendix and
discussion in Chapter VII.

Provision must be made to operate the scaler in a
"push—button-advance” mode during the loading operation. Each
time element can be held until the correct reading is obtained
on the meter and then the push button causes the scaler to advance
to the next element. This is done by the circuit shown in
Figures 15 and 16. During normal cycling, the switch is in
"operate" position. This clamps the FF to the set state and
allows the square wave to pass through the and-gate and hence
to the scaler. When the switch is put into "LOAD" position,
the FF is not reset immediately but the reset input is connected
to the == 96 scaler output. When the scaler resets, the FF

resets, closing the square wave gate and opening the push button




gate. The scaler is thus stopped in the reset position and will
remain there until advanced by the push button. The purpose of
the two DF circuits is to provide isolation from the "noisy"
push button switch closures. The first DF has a period long
enough that a bouncing closure of the switch can cause it to be
triggered only once since by the end of its period, the input
transients have died out. The second DF provides a uniform
pulse as an input to the scaler in addition to providing
additional noise discrimination.

The schematic shows that straightforward logic -edreuibs
have been used throughout. Diode and gates were used while the
or-gate is a saturating amplifier type to regain any degradation

of rise times throughout the gating circuit.

Filter Switching

It is planned that when the frequency tracking portion of
the AWG is completed, the filters may be switched through a set
of discriminators operating from the VCO control voltage. The
discriminators will probably be differential comparitors with
adjustable references so that the cross-over frequencies may be

"pin—pointed". Although this detail was not shown in Figure 1
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(for sake of simplicity) an exclusive or-gate between each
successive pair of discriminators would provide the correct

fn.n

control voltage to the filter gates. If one puteds a Tl

. 1n-t . . . . .
the output is a l', but when two successive discriminators give

an output of "1" the exclusive or goes to "O". However, the
next exclusive or-gate becomes true and so on, enabling the
filter gates in succession.

The filter gates, themselves, present somewhat of a
problem. Preliminary experiments show that at least ordinary
germanium transistors used in either a shunt-gate or series-gate
configuration, show a feed-through on the order of L0-50 ab.
This probably is not tolerable since unwanted harmonics from
the higher cut-off filters would be allowed to leak through by
this amount. It is possible, however, that this figure could
be improved somewhat with the use of chopping transistors
which are made specifically to have a low leakage in saturation.
Should these still not prove satisfactory, relay switching would
be the answer, although the extra driving circuitry makes them

a second choice.
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V. EVALUATION OF SYNTHESIZED WAVEFORMS

Evaluation of the synthesizer portion of the AWG turned 1‘
out to be more difficult than originally anticipated. The
spectrograms made showed conflicting results and in many cases
were not repeatable. Thus, the spectrum analysis of the
synthesized waveforms which was expected to be most conclusive
had to be discarded.

The device used to make the amplitude vs frequency plots
was a Kay Electronics Missilizer, Model 675 . The failure
to obtain meaningful results is mainly attributed to the link
between the AWG and the Missilizer. Since the two instruments
are located in different buildings, the waveforms were recorded
on an Ampex Model 350 magnetic tape recorder and transported
to the Missilizer where they were reproduced on an Ampex
Model 302. Another recording operation occurs in the Missilizer
itself. Nonlinearity was apparently introduced in one or more
of these operations producing spectrum lines for almost all
product terms as well as harmonics which were only a few db
down from the actual spectrum lines. Some nonlinearity in

the waveform is undoubtedly produced by the nonlinearity of the




L1

meter in the AWG. This is specified by the manufacturer to be
less than 2% however and would not account for the results
obtained. One spectrogram of a filtered sine wave showed
spectral components in the cutoff region of the low-pass filter
which would indicate that the unfiltered waveform contained
harmonics 30 db stronger than the fundamental! We therefore
conclude that the distortion is occurring after the low-pass
filter which is the output of the AWG.

Since a harmonic wave analyzer was not available, perhaps
the most sensitive evaluation of the synthesized waveforms can
be made by ear. Comparisons between waveforms generated by
the four sine generators in the lab and synthesized wave-
forms showed that they were nearly indistinguishable. Some
perceptual difference is to be expected due to the non-
synchronized phase relationships of the four generators.

Another somewhat qualitative evaluation of the waveforms
can be made by observing the waveforms on an oscilloscope.
Figures 17 and 18 show photographs of synthesized waveforms
displayed on a Heathkit Model IO-12 scope. The amplitude settings
for these waveforms was obtained from the computer charts found

in the appendix. Figure 17 shows unfiltered and filtered




forms of sin x (96 dots per cycle) and sin 16x (6 dots per
cycle). Both appear to be excellent approximations to sine
waves. (With extreme concentration, the second harmonic of
the sin 16x waveform can just be heafd.) Examples of more
complex waveforms are shown in Figure 18. The complexity of
these waveforms seems to defy quantitative evaluation by any
means of measurement available to the author. The product
terms are very prominent (as they should be) as perceived by
the ear and one would find it difficult to identify any spurious
frequencies. The photographs however testify that the filtered
waveforms are indeed smooth curves through the "points" of the
unfiltered waveforms.

These results are representative of the performance
obtained throughout the 4O cps-lke range of the instrument.
An "endless" variety of waveforms can of course be produced
either by Fourier synthesis uéing the charts in the appendix
or by "drawing" a waveform on the oscilloscope screen with the
potentiometers. Rather simple examples were shown here to
make analysis uncomplicated.

Since the waveforms produced are steady states, rather

accurate spectral analysis probably could be obtained with a

L2
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wave analyzer such as a Hewlett-Packard Model 302A. It is hoped
that in the future such an instrument may be available for the

evaluation of the synthesizer.
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VI. PRELIMINARY AND PROJECTED DESIGN
OF FREQUENCY MULTIPLICATION CIRCUITRY

The accuracy required from the frequency multiplication
circuits has made it difficult to test and evaluate individual
elements with the limited equipment available in our lab.
Although the design and construction of these circuits have not
been completed as of this writing, it is believed that the pre-
liminary work to be discussed below shows that such a system is
feasible. It is hoped that this work can be completed in the
near future.

Blocks 1-L4 in Figure 6 are quite conventional circuits and
will not be discussed here. It should be noted, however, that
high speed switching transistors must be used throughout these
circuits in order to keep propagation times negligible.

Two different circuits might be used for the linear
integrator (block 5), a "boot—strap” ramp generator or an
operational amplifier integrator. The former, which is the
gimpler of the two, was constructed and is shown schematically
in Figure 19. Connected to the circuits of blocks 2, 3, and L
and a square wave generator, this circuit produced the desired

waveform, 5, in Figure 7.
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In order to generate the linear ramp portion of the wave-
form, a constant current source charges the 3 ufd capacitor.
Q) is used to "zero" the circuit and is normelly cut off. Q, is
saturated during integration and is cut off during the "hold"
period. During the zeroing period, 02 ig forced to charge to
the reference voltage through the 1N9O diode. When the "zero"
input goes neg, Cl begins charging with the current through the
15k resistor. The potential across this 15k resistor is kept
constant by the now "floating” 68 ufd capacitor and Q5’ an
emitter follower. IT Q5 has a B of about 50, the current

discharging C, 1s about 1/50 of that charging Cl and since C

2 L

is about 1/20 of the value of CE’ thé current charging Cl is
constant within 1/50 « 1/20 = 1/1000. TFor a reference of

10 voite, IC = 2/3 Ma. The slope of the ramp is then Ic/cl

since:
t ik
1 C
V = = Bodh s e 2
Cl f e Cl
0
I
A DR o .
rrilie Cl = —5— %-10 = 220 .

Thus V_ for a period of 1/40 sec = 5.5 volts and for 1/L000 sec

= 0.055 volts. By varying the reference voltage, the slope may




be changed. This provides a convenient input from the error
correction feedback loop. At the end of the "integrate" period
Ql and hence QQ is cut off and negligible current flows into Cl
leaving VO at the output until the zero period begins. (Note,

Q2 must have a low L leakage current and a PNP silicon should

CBO
be used in the final circuit.) The only test of performance of
this circuit to date was simply observation of the waveform
shape versus frequency on a Heathkit I0-12, AC-coupled oscillo-
scope. The waveshape appeared to be quite good but not much
agcuracy-can be elaimed for - this tests .-When the entire system
of Figure 6 is completed, the system may easily be evaluated
as a whole with a d.v.m.

Should this ramp generator not prove adequate, a slightly
more complicated but straightforward circuit shown in Figure 20

might be used. The operational amplifier connected as shown

behaves as a linear integrator, the transfer function being:

2 %
Your = - ®¢ £ T

assuming A is very large and VIN(O) = 0 [Hartley, 1962]. We may
achieve almost any accuracy from this circuit by making A large

enough. There is no leakage problem during the "hold" period for

L6
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we simply need to keep the input at zero volts. The zeroing of C
would be performed in much the same way as in the bootstrap
cirouit.

The circuit used to store Vb on the "memory capacitor",
C in Figure 6, can be a system of emitter followers. A
technique shown in Figure 21 would allow current amplification
without a shift in dc level. V' will be above V__ by the

IN

emitter-base Jjunction forward drop of Ql. VbUT will be below

V' by the emitter-base junction forward drop: of QQ. If Ql

and Q2 are both silicon these two forward drops cancel

and VCUT - viN” The same occurs in reverse order in Q3
and Q” and VOUT is obtained through both paths. The

complementary output gives the ability to supply charging or
discharging current, whichever happens to be needed. More
stages than are shown in Figure 21 will be required to give
the current gain necessary to allow a maximum output of
1.67 amps, while drawing no more than about 3 pA from the
5Pfd capacitor. (This value gives .1% discharge error for
4 ke.)

The gate presents somewhat more of a problem, that of

keeping leakage currents to a negligible value while the gate




is off. A complementary series gate at an intermediate level in
the current amplifier would probably suffice. The complementary
configuration would provide a slight cancellation of leakage
currents as well as supplying current in both directions.

VCO circuits with 0.1% linearity are readily found in
the literature and should not present serious problems. Voelker
[1964] published a suitable circuit using a bootstrap amplifier
driving a unijunction transistor relaxation oscillator. Another
circuit using an operational amplifier-unijunction oscillator

combination appears in the GE Transistor Manual [Seventh Ed.,

1964].

L8
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VII. RELATED COMPUTER PROGRAMS AND CONTROL

Setting the 96 potentiometers on the AWG requires that the
operator know the value of the function he wishes to generate at
96 equally spaced points over one period. If the function is not
known in analytical form, one may obtain these values through
graphical methods. Frequently, however, one would like to specify
a sound in terms of its Fourier components. If charts of
sin (nx) were available where x took on units of 277/96
over 21T, the final waveform values could be found by adding
the components from the charts. Since these charts were not
available, a simple Fortran program was written for their
generation. The Fortran source list is shown in Figure 22 and
the charts are found in the Appendix. The source list shown will
generate the 16 pages directly and requires no input data. Each
page 1is labeled according to the harmonic order of the data
printed thereon. The data are listed in tabular form with the
amplitude appearing opposite a channel number, one for each of
the 96 knobs on the memory panel. At the bottom of each chart
is phase shift information for the corresponding Fourier term.

With the information provided and a desk calculator, one can find
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the 96 input values for any Fourier sum with n < 5. “hFeer
summation, one must divide all 96 values by either the sum of
the Fourier coefficients (this will not normalize to 1.0 but
will guarantee that no number will exceed 1.0) or the largest
number obtained in the summation.

The above procedure is somewhat lengthy and tedious.
It is for this reason that a program has been written which pro-
duces normalized input data for the AWG from a deck of input
cards specifying the Fourier coefficients and phase shifts. A
flow chart for this program is shown in Figure 23. Many
different waveforms may be handled in one run, the output data
being tabulated in charts similar to those in the program of
Figure 22. This program is actually just an extension of the
earlier one, the first operation being the generation and storage
of the chart data. The entire 16 pages, in matrix form, “occur
twice in storage in such a manner that a simple change in the
I index results in a phase shift of the corresponding Fourier
component. A waveform is specified by one or two cards, each of
which is divided into 9 fields. A field specifies the order,
amplitude, and phase of a component of the waveform. FEach wave-

form is separated from preceding and following waveform data by a




blank field. A card with N (K) > 16 would function as a trailer
and would end the run.

One further extension which is, however, somewhat expen-
sive would provide automatic memory loading for the AWG. If the
potentiometers were replaced by digital memory elements, i.e.,
FF's, the amplitude values could be entered from a paper-tape
reader, card reader, or whatever such device might become avail-
able. In fact a very simple system is visualized which would
allow data to be stored on 1/Lk-inch tape in the form of tone
bursts and would load the AWG memory in about 1 minute. In
this way, one of the tape machines already in the studio could
function as a tape reader. The memory FF's in this case could
be of a very inexpensive design, incorporating germanium
transistors of the thirty cent variety. Each memory element
would require eight FF's for a capacity of 256 (or an amplitude
range of + 128) which gives approximately the same resolution
as the potentiometers and panel meter combination. Thus
768 FF's are required and would be connected in a shift-
register configuration allowing a simple gating system. Data
for many waveforms could be easily stored for future use on tape

reels with voice identification before each set of tone bursts.
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VIII. CONCLUSION

The Arbitrary Waveform Generator in its bresent form hag
already proven to be an interesting ang useful instrument for the
composer of electronic music. It has obvious limitations in
that waveforms cannot be changed rapidly. It does, however,
provide very accurate numerical control over waveshape parameters
for the steady state while still remaining g relatively simple
plece of equipment. This was the objective of thig project and
herein lies its value. The only other instrument (known to the
author) capable of synthesizing arbitrary waveforms with equal
accuracy is the digital computer itself.

When the frequency tracking portion of the AWG isg
completed, the advantages thereby gained should far overshadow
the tedium of loading the memory. Operating as a waveform
"transformer", the AWG should improve the composer's efficiency
by allowing him to produce a long tone Sequence in one operation.
By'experimenting with frequency modulation of the input wave-
form, new information may well be obtained as to the relative

importance of this Parameter.




Thus, it is thought that the AWG is a significant contribu-

tion to the electronic production of sound and we believe that it
will find much use in the electronic music studios at this

University.
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APPENDIX A

Impulse Responge of a Two Section R-C Integrator

The loop equations for a two section R-C integrator in
the frequency domain where Vi is the input and Vo is

the= oudbpul- axe:

= L(R+ /s ) ~To /o (1)
©O=-Li/s + T, (%cs ‘*‘?) (2)

V= J:z// Cs (3)

Yor the impulse respouse of the filter; we let YV, = / since
an impulse transforms to the frequency domain as unity. Solving

(1), (2), and (3) for Va and setting VYV, =/ , we obtain

/ /
VTR (s B ——)7 v
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By partial fraction expansion, we €ind that W) is equivalent Tos

I l l
R R E) T

Equation (5) is in standard form and may be transformed to the

time domain by the Laplace transform which yields

/ .38¢ 2.Gat
-~ e i B _Eé- g - RC—
Ve = 2.2y RC € €

This is the impulse response of a two section R-C integrator and

is plotted in Figure L.




APPENDIX B

Impulse Response of Simple R-IL~C Low Pass Filter

Figure 24 shows the schematic of a #T-section low-pass
filter. Although a specific example is shown, the impulse
response will be derived for general component values and then
applied specifically to the filter shown. Letting Rin and

R =-R_and RL = the inductor resistance, we can write the
out o

loop equations in the frequency domain:

|= T (R + l/cs) =L /Cs
0= -L/cs +I,(%s +Ls +R)- Ta/cs
O - = I;/C‘.s + _Z} Ll/Cs ‘l'l?o)

’vt = JTBI?-

where the input voltage is an impulse and U, is the output.

Selying for Wy

(1)

(2)

(3)

(4)
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. By c*s:
3 (Ra+ ,/Cs)z(a/CS * LS*RL)—:’/CQS‘(RO'”/CS)

'\)'7, (5)

Rewriting (5):

Ko C
"U‘ =
"' (X9 ,+/)Z(}, LCY)s*+(RR.CP+L Os+@kc+ R, C)]

(6)

The denominator in (6) may be factored:

. = / (7)
5 (5-;- ’/?,C)(S+°("t€)(s+°(+ﬁ)
where
o = RaRe C + L
2R L C
3 = |/ (RoR.C) + L2 -2RLC (4R +R.)
AR L C
Enpanding (7) by partial fractions, we obtain:
e / o / o
S %?.‘C“%c-l-o("-ﬂ" (s+ Vo) 28 -a@+ ¥eec (S+%-R)
« ®
/ /

28+ axa ~am/r¢c . (s+°(+,a)
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The Laplace transform of (8) is:

ket / X
. Y, T €
/R2c? - 2% C i

Py / ot / -t [ (9)
4 B* - %8 + e ;a+q/s,_%ce

e

+

Thig de the low-pass filter impulse response whose character ig
determined by the values of O and B Both, however, depend on
all four variables, Ro’ RL’ L, and C, ang it ig difficult to make
completely general statements about thig response. It can be
said, though, that « is always real ang that for all put rather
unrealistic values of RO and G, .. a8 large. B 1is generally
imaginary but could be real for sufficiently small values of RO
(heavy loading). In the particular case where the inductor Q is
high (RL, small) and the loading is very light so that RC=x1,

& will be small and the filter will "ring”. For the circuit
values shown in Figure 24, o 70, B.=J 160, and l/ROC 2 100,

Hence, the second term is oscillatory at about %ég = 25 ¢nsy

but both terms damp out in about one cycle.
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APPENDIX C

Fourier Expansion of sin (16x) Waveform

Figure 12 ghows a sine wave approximated by six discrete
square pulses. The Fourier expansion of this waveform will be

derived here. The function is specified by:

f(x) = 'z!') o< X< Tz

If

5 777_3<)<<"”73
(1)

]

—é) :773<)(<7f

f(x) is an odd function, periodic over 2 JT and can be expanded

in terms of sine functions only.

oo

Fwy= 2_ b, sintnx) (2)

=/

n
where én = %ﬂf ﬁ()() sin(rx) (/X ()
°

Evaluation of (3) gives
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’ ;
En = = (/ + CoS(Mfpy = COSUN/ o,

- cos(nx)/;,r) ; h = I, 2,8, %%~

Equation (4) yields the following coefficients:

b, = 3/m by = LTE
=0 by = 0 By © =T 3EN
= 0 b, = 3/717 by g = 3/137T
bu == 0 b8 = 0
Hence, f(x) may be written as
]F : A Sih x + L simsx + Lsmnrx
(X) = 7r 5 7

/
/ e X -f-ooo




APPENDIX D

Diode Matrix lLoading

In order to design the <= 96 scaler circuit which drives
the diode matrix it was necessary to know the amount of loading
the matrix would present, i.e., the maximum current that would be
drawn from each FF output. In an ordinary "square' matrix, there
are 2" input permutations and o™ 1oad resistors (since there are
e and—gates)- There are 2n inputs of which n are supplying
current at any time. There are s outputs, only one of which 1is
true at any time. Hence, all but one of the 2" 1oad resistors
are always drawing current. Since the square matrix is completely
symmetrical, we can simply conclude that the 2"-1 load resistors
are equally supplied by the n outputs for an average load of
2n—l/n.

In the case where feedback is used the matrix is no longer
symmetrical and the above formula does not follow. The author
was unable to derive the correct formula for a general matrix
and finally resorted to tabular methods exhausting all possible
loading conditions for each FF output. It was found that the load
was not constant in time and varied among FF outputs. The results

are tabulated below.



TABLE ITT

Matrix Loading

OQutput Number of Loads

TF:No. ¥ set output

FF No. 7 reset output

FF No. 6 set out

FPF No. 5 reset out

FFS 1-5 set and reset
outputs

10
7
6

18
6

18

10.
i

6

1h.
13.

R M or
.64 min
=05 cgvr

.1h max

0 min

O5zavr

L1 max

0 min

6.

05 avr

5 max
64 min
«05 avr

8 max
84 min

.08 avr

Since each load is 5.6 K and nearly 20 volts appears

them under load conditions the current per load is

~a
~

across

. Mz,

During the memory loading operation, the scaler will come to

rest in all 96 positions for any length of time and hence, the

outputs of the FF must be able to supply the maximum currents

continuously. For this reason all FF outputs were assumed to

have to supply ~ (18 x 3.5) Ma or 63 Ma.




APPENDIX E

Charts of sin (nx) up ton = 16

The following 16 pages contain values of sin (nx)
where x +takes on the values at the centers of 96 equal intervals
between O and 2% (i.e., x = /96, 3W/9%6, 5M/%6, ...).
Fach page contains data for a different value of n from 1 to 16
At the bottom of each chart is the number of degrees (of nx)
represented by each increment. The data were generated by the

704k computer by means of the program listed in Figure 22.



6l

SIN X = FUNDAMENTAL

CHANNEL AMPLITUDE CHANNEL AMPLITUDE CHANNEL AMPLITUDE
1 0.03 33 0.85 65 ~0.88
2 0.10 34 0.81 6b ==%
3 O.16 35 D.77 617 —-0+94
4 0.23 36 013 68 =096
5 0+29 37 0.68 69 ~0.94
6 0.35 38 0.63 10 =99
7 0.41 29 0.58 71 ~1.00
8 047 40 0.53 T2 -1.00
 J U:5% 41 0.47 15 -1.00

10 g+58 42 0.41 14 = =B
11 0:63 43 0.3b 15 =098
12 D.68 44 0.29 16 =S 9F
13 0:73 45 0.23 & 4 -0.96
14 Ottt 46 O0a.16 78 =0<9%
15 0.81 47 0.10 Y e IRE
& 085 48 0.03 80 -0.88
17 0.88 49 =D.03 81 =0.8b
18 0.91 50 =0<I0 82 =081
%, 0.94 2 =016 83 e 1 e
20 0.96 y 2 === 84 =t
21 0.97 53 =029 85 -D.68
2 FEEE 5% =G50 86 =D ts
23 1.00 55 -0.41 87 -0.58
Z4 1.00 56 —-0.47 88 ==t
£ 1.00 57 ~Ds«55 89 047
26 1.00 58 =058 90 -D.41
27 Ds99 59 “DeBD 91 —0.35
28 tEECE 60 -0.68 92 =2
z29 0.96 61 =0« 15 93 =0e¥3
30 0-9% 62 —-0.7T7 94 -0.16
31 D91 63 -0.81 95 P
32 0.88 64 =0.85 96 =003

EACH CHANNEL = 315 DEGREES




65

SIN 2X = 2ND HARMONIC
CHANNEL AMPLITUDE CHANNEL AMPLITUDE CHANNEL AMPLITUDE

] 0.07 33 ~U<90 65 0.83
2 0.20 34 =095 66 EEEE

3 0.32 35 =98 617 D.66

4 O.44 36 ~1.,00 68 0.56

5 0.56 37 -1.00 69 D44
6 Oe66 38 =098 170 C.32

7 0.75 39 =095 4! 0.20

8 0.83 40 -0.90 12 0«07

9 0.90 : 41 ~0.83 3 -0.07
10 0.95 42 =0T 14 =Uee b
11 0.98 43 -0.66 Fi =~UaB2
= 1.00 iy ~=0+56 16 =
13 1.00 45 -0.44 77 =056
14 Ue.98 46 =C e 78 -0.66
1 0.95 47 ~0s 20 19 1 P A
16 0.90 48 =He U T 80 -0.83
17 0.83 %9 0.07 81 -0.90
18 Oe 75 50 0.20 82 =095
19 0.66 51 0.32 83 =098
2( 0.56 52 O.44%4 84 =-1.00
21 Oe.44 53 0.56 85 ~1500
e 0.32 54 D.66 86 =098
Z3 0.20 55 0.75 87 =3+ 95
L 0.07 56 0.83 88 =0
& - PRI 57 0.90 89 =-0.83
26 =0.20 58 050 90 s T
27 ~0«32 > 0.98 9L -0.66
28 ~0s44 60 1.00 92 = soh
29 =0« 56 61 1.00 93 -0.44
30 =0.66 62 0.98 94 =057
1 =UelD 63 0.95 95 =020
> -0.83 64 0.90 96 —-0.07

EACH CHANNEL = 7.50 DEGREES




66

SIN 3X = 3RD HARMONIC
CHANNEL AMPLITUDE CHANNEL AMPLITUDE CHANNEL AMPLITUDE

1 0.10 33 0.10 65 0.10
z 0.29 34 0.29 66 0.29
3 D47 35 D.47 67 D47
4 0.63 36 0.63 68 0.63
5 0.77 37 D.77 69 0.77
6 0.88 38 0.88 70 0.88
{ 0«96 39 0.96 1 0.96
8 1.00 40 1.00 12 1.00
9 1.00 41 1.00 73 1.00
10 0.96 42 0.96 14 0.96
11 0.88 43 0.88 15 0.88
12 0.77 bty 0.77 76 0.77
13 0.63 45 0.63 17 D.63
14 Q.47 46 O.417 78 De&7
1% 0.29 47 0.29 FA) 0.29
16 0.10 48 0.10 80 0.10
1¢ ~f. 10 49 -0.10 81 =0+ 50
i8 =029 50 =2 82 =029
i9 ~0.47 51 —-0.47 83 =047
20 =563 52 =0.63 84 =0=b3
21 s £ T & 53 =L 85 -0.77
22 -0.88 54 -0.88 86 ~0.88
23 ~80<96 55 —0.936 87 -0.96
24 -1.00 56 =1,.00 88 -1.00
25 —1.06G0 oC ~1.00 89 -1.00
26 =T 58 -0.96 90 ==t
2t -0.88 59 -0.88 g1 -0.88
28 ==t 60 it & 92 =it
29 .03 61 ~0.03 99 =063
30 =047 62 =047 94 =047
31 ~0.Z29 63 | B 895 =029
32 -0.10 64 =10 96 -0.10

EACH CHANNEL = 11.25 DEGREES




67

SIN 4X = 4TH HARMDNIC
CHANNEL AMPLITUDE CHANNEL AMPL ITUDE CHANNEL AMPLITUDE

1 0.13 33 0.79 65 -0.92
= 0.38 34 0.61 66 =599
3 D.61 35 0.38 67 ~0.99
4 0.79 36 0.13 68 ~=0.92
5 0.92 37 —0.13 69 ~-0.79
6 0.99 38 -0.38 70 =061
7 0.99 39 -0.61 11 -0.38
8 0.92 40 =0+ 79 T2 =0.13
9 0.79 51 ~0+92 3 0.13
10 0.61 42 -0.99 14 0.38
11 0.38 43 =9 5 0.61
12 0«13 44 =097 16 =49
i2 ~0.13 45 0w 69 £t 0.92
L4 -0.38 46 =01 78 D3
15 ~0 .61 47 ~0.38 19 0.99
16 =019 438 -0.13 80 0.92
17 ~0 94 49 0.13 1 D.79
18 =0.99 50 0.38 Fs 0.61
i9 =U.99 51 0.61 83 0.38
20 === 52 D.79 84 DeEs
P | ~0 - #+9 £ 0.92 85 ~Ue13
= —0.61 5% 0.99 86 =38
- -0.38 52 U959 87 -0.61
25 =—0=1> 56 0.92 886 ==t
25 O.13 37 0.79 89 =0.92
26 0.38 58 0.61 50 =00
2F 0.61 59 0.38 21 P
28 O.79 60 0.13 92 =l e
29 0.92 61 ~0a. 13 935 -0.79
30 0.39 62 = 94 =0361
31 0.99 63 -0.61 95 =0+38
= 5 0.92 64 = F=a 96 ===

EACH CHANNEL = 15.00 DEGREES




68

SEN. 853 = 5TH HARMDNIC
CHANNEL AMPLITUDE CHANNEL AMPL ITUDE CHANNEL AMPLITUDE

1 0.16 G -0.94 65 0i%7
2 047 34 =100 66 ge53
3 0.73 35 ~-0.96 67 0.23
4 0.91 36 =0.81 68 =010
5 1.00 ST =258 69 -0.41
6 0.97 38 U 70 -0.68
¢ 0.85 39 0.03 11 -0.88
8 0.63 40 0.35 12 =Y
9 0.35 41 0.63 & ~—0 295
10 0.03 42 0.85 14 -0.88
11 0229 43 0.97 75 —Jatit
s =H=58 46 1.00 76 -0.41
D -0.81 45 PR A 11 =1
14 ~0.96 46 073 18 7S
1> ~1580 47 O.47 19 LR
16 —0.9%4 48 0.16 80 0.77
17 =T 49 =10 81 0.94
18 =0=53 50 =047 82 1.00
19 =323 51 =02 19 83 0.96
20 0.10 52 = 84 0.81
21 O+41 53 ~¥s 00 85 0.58
22 0.68 54 RS E 86 0.29
23 0.88 55 -0.85 87 =13203
24 0299 56 =-0.63 88 =0.35
25 0.99 51 =20 89 -0.63
26 0.88 58 = 90 =0t
27 0.68 59 0.29 91 =091
28 De41 60 0.58 92 =1.00
29 0.10 61 0.81 59 =391
30 =0 62 0.96 94 =573
31 =0353 63 1.00 95 =047
32 =EiEE S b4 0.94 96 -0.16

EACH CHANNEL = 18.75 DEGREES




69

SIN 6X = 6TH HARMONIC
CHANNEL AMPLITUDE CHANNEL AMPLITUDE CHANNEL AMPLITUDE

1 0.20 33 0.20 65 0.20
2 D.56 34 D.56 66 0.56
3 0.83 35 0.83 67 0.83
4 0.98 36 0.98 68 0.98
5 0.98 37 0.98 69 0.98
6 0.83 38 0.83 70 De83
7 0.56 3 0.56 1 0.56
8 020 40 0.20 12 0.20
9 -0.20 41 ~0.20 5 -0.20
10 =056 42 -0.56 14 ~0.56
3 ] ~0.83 43 ~0.83 D -0.83
12 =095 44 == 16 =098
13 ~«98 45 ~Q«98 (£ =0+ 98
14 -0.83 46 -0.83 78 =0.83
i5 ~0.56 47 — .56 % ~0<56
16 -0.20 48 -0.20 80 ~0.20
17 0.20 49 0.20 81 0.20
18 D56 50 0.56 82 0.56
19 0.83 31 0.83 83 0.83
20 0.98 50 0.98 84 0.98
21 0.98 AE 0.98 85 0.98
2= 0.83 54 0.83 86 0.83
23 0.56 55 0.56 87 0.56
2% 0.20 56 0.20 88 0.20
25 -0.20 57 Vel 89 -0.20
26 -0.56 58 -0.56 90 ~0.56
27 -0.83 59 -0.83 1 -0.83
28 -0.98 60 ==98 92 =090
29 =tis 3B 61 —U 98 CE =0 4+98
30 =083 62 ==t 94 -0.83
31 -0.56 63 0«56 95 =0 +506
= =020 64 — 96 -0.20

EACH CHANNEL = 22.50 DEGREES




70

SIN 717X = 1TH HARMONIC
CHANNEL AMPLITUDE CHANNEL AMPLITUDE CHANNEL AMPLITUDE

1 0.23 33 0.73 65 -0.96
2 0.63 34 0.35 66 =099
3 g.9l 25 ~Ue 10 67 =i
4 1.00 ' 36 =0+53 68 -0.47
9 0.88 5y -0.85 69 ~0.03
6 0.58 38 =1.00 70 0.41
4 0.16 24 -0.94% 1 0.77
8 -—0.29 40 —0.68 12 0.91
9 -0.68 41 =led 2 13 0.97
10 =—0.9% 42 0.16 14 0.77
5 =130 43 0.58 15 D.41
= = B> 44 0.88 76 -0.03
13 =-H3 45 1.00 17 ~0.47
14 =010 46 D91 18 -0.81
15 0.35 &7 0.63 19 =050
16 0.73 48 0.23 80 ~-0.96
1 0.96 49 -0.23 81 ~Je13
18 0.99 50 ~0+63 82 =0.35
19 0.81 21 =091 83 0.10
20 0«47 52 =100 B4 0«53
21 0.03 53 ={). B8 5 0.85
ZZ =5t 54 =t 86 1.00
23 =k 9b =016 87 0.9%
24 =97 56 0.2° 88 0.68
25 Q-9 2L 0.68 89 0.29
26 =G tf 58 0.94 30 =ESEC
o E -0.41 29 1.00 g -0.58
28 0.03 60 0«85 92 -0D.88
29 0.47 b1 0.53 93 =100
30 0.81 62 0.10 94 =l
71 Q.99 53 =35 90 =ils B3
T 0.96 64 =013 96 =D

EACH CHANNEL = 26.25 DEGREES




8TH HARMONIC

CHANNEL AMPLITUDE CHANNEL AMPLITUDE CHANNEL AMPLITUDE

1 0.26 3 =097 ; 0.71
2 0.71 34 =097 66 0.26
3 0.97 35 =~ e T} 67 -0.26
% 0.97 36 =026 68 ~0.71
5 0.71 37 0.26 69 o 1L
& 0.26 38 0.71 70 —0.97
T -0.26 39 0.97 1 < Qe 11
8 =0t 40 0.97 12 -0.26
9 ~Q. T 41 0.71 3 0.26
10 =007 ‘ 42 0.26 14 0.71
12K -0.71 43 -0.26 75 0.97
L2 =0=25 44 =0=f} 16 09
13 0.26 45 — (i AL O0.71
5 0.71 46 =i 78 0.26
15 0.97 47 ={h 1 153 -0.26
16 0.97 48 == h 80 ~0.71
17 0.71 49 0.26 81 . P
18 0.26 50 O=rt 82 =091
19 2 B 51 0,97 83 ~(ee £
20 =il 5+ 0.97 84 = e b
21 DR 3 0.71 85 0.26
= ks 54 0.26 86 O0.71
23 o 2§ 55 ~Oalb 87 Dt
2% = 56 =01 88 0.97
25 0.26 57 ~0sFF 89 0.71
26 0.71 58 =t 90 0.26
27 0.97 59 =001 o1 —0..26
28 fEe s 60 —0%26 2 -0. 71
2 0.71 61 0.26 93 ~ 9T
30 0.26 62 0.71 94 =]
2% -0.26 63 0.97 D =01
=% Otk b4 097 96 =afb

EACH CHANNEL = 30.00 DEGREES



o

SN 9% = 9TH HARMONIC
CHANNEL AMPLITUDE CHANNEL AMPLITUDE CHANNEL AMPLITUDE

1 0.29 33 0.29 65 0.29
2 0.77 34 .77 66 EES
3 1.00 35 1.00 67 1.00
% 0.88 36 0.88 68 0.88
5 Da47 a3t ODe&47 69 O0.47
) 0,10 38 =0=10 70 =01
7 -0.63 39 ~0.63 i1 -0 b3
8 =096 40 ~0+96 72 D96
9 ~0.96 41 -0.96 15 ~{ie96
10 —0.63 42 =0.63 14 =006
11 ~0.10 43 —0+ 10 75 =0 . LU
12 Oe47 G4 0.47 16 0.47
13 0.88 45 0.88 i1 0.88
14 1.00 46 1.00 78 1.00
15 O.77 47 0.77 79 0.77
16 0.29 4.8 0.29 80 R
(5 =0+ 29 49 ~0.29 81 =0 2Y
18 =O=Ff 50 =0ttt 82 =TI !
19 ~1 .00 2l =1.00 83 -1.00
20 -0.88 b -0.88 84 -0.868
21 -0.47 53 —0.47 85 ~0.47
22 0.10 54 0.10 86 0.10
23 0.63 55 0.63 87 0.63
24 0.96 56 0.96 88 G.96
25 0.96 8l 0.96 89 0.96
26 0.63 58 0.63 S0 0.63
27 0.10 2] 0.10 94 0.10
28 =047 60 = s o -0.47
29 -0.88 61 -0.88 93 ~-0.88
30 =100 62 =it 94 =i
31 ~Pad { 63 ~Dad ¥ 25 P
Sz == 64 = 96 =

EACH CHANNEL = 33.75 DEGREES




CHANNEL

16

26
27
28
29
30
31
e

SIN 10X =

AMPLITUDE CHANNEL
0.32 33
0.83 34
1.00 35
0.75 36
0.20 37

—Deb4 38

-0.90 39

=598 40

-0.66 41

-0.07 42
0.56 43
0+95 44
0.95 45
D.56 46

-0.07 47

-0.66 48

=0.98 49

=0590 50

-0.44 -3 |
0.20 52
D.75 53
1.00 55
0.83 55
0.32 56

~0.32 57

=D b 58

-1.00 >

—=F= i 60

- 20 61
O bk 62
0.90 63
0.98 64

EACH CHANNEL

10TH HARMONIC

AMPLITUDE CHANNEL
0.66 65
0.07 66

~D+56 67

=0.95 68

~0+95 69

—D+56 70
0.07 71
C.66 12
0.98 3
=50 14
044 75

-0.20 16

=+ 75 &

=1.00 8

~-D+83 79

=0s 32 80
0.32 81
0.83 82
1.00 83
OIS 84
0.20 85

=0sac 86

=190 87

SRR E 88

-0.66 89

—0.07 90
0.56 91
FE AT -
0.95 o5
0.56 94

D07 95

-0.66 96

= 37.50 DEGREES

AMPLITUDE

-0+ 98
=0.90
-0.44
0.20
0.75
1.00
0.83
0.32
~0s 32
=0-83
-1.00
=B=15
=020
0«44
C.S50
0.98
0.66
0.07
-0.56
==
=095
=D+ b
0.07
0.66
C.98
0.90
0.44
-0.20
“0s15
==
=0s83
~Os ol



CHANNEL

P Gy 1RV o TR o N RO R

o] et et | ot |
-+

Ji

ot poent e
eifiia ol N ilo

20
21
-
23
24
=D
26
i
28
29
30
31
32

SIN-11X =

AMPLITUDE

8+35
0.88
02971
0.58
-0 10
D73
~1.00
=0+1f
—alb
053
0.96
EE=-E:
0.41
-002(}
et
=115t
“0+63
0.03
0.68
1.00
0.81
0.23
-0.47
-0.94
-0.94%
~De&7
0.23
0.81
1.00
0.68
0,03
=

EACH

CHANNEL

33
34
%5
36
37
38
39
40

3
8

42
43
L
45
46
47
48
49
50
51
7
53
54
55
56
51
58
59
60
61
62
63
64

CHANNEL

1

1TH HARMONIC

AMPLITUDE CHANNEL
=099 65
=085 66
~0+29 67
Oefl 68
P91 69
0.96 70
0.53 i1
=U=156 12
=Uet 1 13
it 14
B 15
-0.10 16
0.58 it
sESCE 78
0.88 &
0.35 80
=0s 35 81
-0.88 82
=09l 83
=5 84
0.10 85
sEEE 86
1.00 87
O.77 88
0.16 89
={=0- 90
~0.956 31
=l L S
-0.41 33
0.29 94
0.85 95
0.99 96

41.25 DEGREES

AMPLITUDE

D.563
=t S
-0.68
=it
=08
=l

Q.47

0.94%

0.94

0.47
=Uadd
=0 L
-1 - 00
-0.68
-0.03

0.63

EE L

0.85

Deld
~0.41
e PR
=095
i) D 5

515

o A

.00

& g

0.10
~JeDl
-0.97
-0 88
~0.35



5

SIN 12X = 12TH HARMONIC
CHANNEL AMPLITUDE CHANNEL AMPL ITUDE CHANNEL AMPLITUDE

1 0.38 33 0.38 65 0.38
z 0.92 34 0.92 66 D.92
3 0.92 35 0.92 67 0.92
& 0.38 36 0.38 68 D.38
5 -0.38 37 -0.38 69 ~Da+ A8
6 =k 38 =D 70 =0.92
7 ~—3.92 39 ~U0.92 11 0«92
3 =038 40 -0.38 1 -0.38
9 0.38 41 0.38 i3 0.38
10 0.92 42 0.92 T4 0.92
11 D.92 43 0.92 75 0.92
12 0.38 G4 0.38 16 0.38
13 -0.38 45 -0.38 & 4 -0.38
14 = 0 46 =052 18 =0
15 —{s 92 47 ~D 92 79 ~Da92
16 -0.38 48 —=0.38 80 =0=-0
17 0.38 49 0.38 81 0.38
18 0.92 50 0.92 82 0.92
19 D.02 51 0.92 83 0.92
20 0.38 52 0.38 84 0.28
21 =058 53 ~0.38 85 =0+ 38
22 =0.92 54 == 86 S SFEr
£3 0,92 55 -0.92 87 =D.92
24 -0.38 56 -0.38 88 =058
25 0.38 57 0.38 89 0.38
26 0.92 58 Dt 90 0.92
21 0.92 59 0.92 91 0.52
28 0.38 60 0.38 92 0.38
29 -0.38 61 ~0.38 95 =1{].38
30 =i eos 62 == 94 =059
31 -0.92 63 s B T 95 =Ue9e
32 =eatb 64 =0.38 96 ~0.38

EACH CHANNEL = 45.00 DEGREES




76

SIN 13X = 13TH HARMDONIC
CHANNEL AMPLITUDE CHANNEL AMPLITUDE CHANNEL AMPLITUDE
1 O.41 33 0.58 65 -1.00
2 0.96 % =023 66 e
3 0.85 35 —0» 818 67 0.03
4 0.16 36 =0.9% 68 =
5 =D 63 %4 ~0.35 69 0.99
o] =100 38 D.47 70 0.53
7 -0.68 29 0.97 71 -0.29
8 0«10 40 0.81 12 =0-91
9 0.81 41 0.10 i3 -0.91
10 =91 42 -0.68 164 =
11 D.471 43 -1.00 75 a2y
12 -0.35 4Lé =0.63 16 099
13 -0+ 9% 45 0.16 5t 0.77
14 =0.88 46 0.85 78 0.03
15 ~0 s 45 47 0.96 19 ~0.13
6 0.58 48 D.%41 80 =100
17 1.00 49 -0.41 81 -0.58
18 O 13 50 ~0.96 82 0.23
19 -0.03 51 -0.85 83 0.88
20 =0 & 52 -0.16 84 0.94
21 -0.99 83 0.63 85 0.35
Z2 =H=h3 54 1.00 86 =041
23 D.29 55 0.68 87 -0.97
24 0.91 56 -0.10 88 ==l
25 0.91 ¥ 4 -0.81 89 -0.10
26 0.29 58 ~0.97 90 0.68
271 -0.53 50 -0.47 91 1.00
28 ==Y 60 =35 S92 0.63
23 —Ddd 61 0.94 93 -0.16
30 -0.03 62 0.88 94 —0aBD
31 0.73 63 D23 95 -0.96
52 1.00 64 =000 96 -D.41

EACH CHANNEL = 48.75 DEGREES




7l

SIN 14X = 14TH HARMONIC
CHANNEL AMPLITUDE CHANNEL AMPLITUDE CHANNEL AMPLITUDE

1 O.44 33 =100 65 0.56
2 0.98 34 -0.66 66 ~0.32
3 0% 75 35 0.20 67 =05
& o eiTaEs 36 0.90 68 =0t
5 —0%83 37 0.90 69 -0.07
6 =0.95 38 0.20 70 0.15

7 -0.32 39 -0.66 71 0.98
8 0.56 40 — =Esic 12 G4
9 1.00 451 ~0s50 i3 ~-0.44
i0 0.66 42 0.32 14 ==y
11 ~0.20 43 0.95 75 =Dl
12 =0=90 L4 0.83 76 0.07
i3 =0.90 45 0.07 i & 5 0.83
= =020 46 —EE A 78 0.95
15 D.66 47 -0.98 £ 0.32
L6 1.00 48 -0.44 80 ~0.56
19 0.56 49 0.44 81 -1.00
18 =037 50 0.98 82 =0.66
19 0195 51 EL A 83 0.20
20 =5 52 ~-0.07 84 0.90
21 -D307 53 -0.83 85 0.90
22 8575 54 ~0e95 86 0.20
£5 0.98 55 =G5 37 87 -0.66
24 D44 56 0.56 88 =100
Z5 -0.44 L ¥y 1.00 89 030
26 g+ 98 58 0.66 30 0.32
2T it FEL o5 ~Hi2U 97 0.95
28 0.07 60 0290 92 0.83
29 0.83 61 -0.90 g% 0.07
30 0.95 62 =070 94 == 1>
3% 0.32 63 0.66 95 -0.98
32 =0+56 64 1.00 96 ~0.44

EACH CHANNEL = 52.50 DEGREES




13

SIN 16X = 16TH HARMONIC
CHANNEL AMPLITUDE CHANNEL AMPLITUDE CHANNEL AMPLITUDE

1 0.50 33 0.50 65 -1.00
Z 1.00 34 =0.50 66 =050

3 0.50 35 =1.00 67 0.50
4 =0sol 36 =050 68 1.00

5 =F= v 37 0.50 69 0.50
6 ot 38 1.00 . 70 -0.50

I4 0.50 Y9 0.50 11 =3 « 00
8 1.00 40 -0.50 72 -0.50
o 0.50 41 100 73 0.50
10 =Hs50 42 =050 T4 1.00
-5 =e Ul 43 0.50 15 0.50
12 =0D= 50 44 1.00 76 -0.50
i3 0.50 45 0.50 Ei g -1.00
14 1.00 456 =0.50 78 =50
15 0.50 4 =100 e 0.50
16 =0+50 48 =0.50 80 1.00
17 =1 <30 49 050 81 0.50
18 —0.50 50 1.00 82 =0,.50
Id 0.50 51 0.50 83 =] 00
20 1.00 52 =0550 B4 =050
Z1 0.50 23 =100 85 0.50
22 S EEEE] 54 =050 86 1.00
z3 =1.00 ] 0.50 87 0.50
25 =551 56 1.00 88 -0.50
25 0.50 s 0.50 89 ~1.00
26 1.00 58 =Dl 90 =50
27 0.50 b -1.00 91 0.50
28 -0+50 60 =0.50 e 1.00
=9 -1.00 61 0.50 93 0.50
30 -0.50 62 1.00 94 =0.50
31 0.50 63 0.50 95 =1.00
3 1.00 64 =050 96 =Dt

EACH CHANNEL = 60.00 DEGREES
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APPENDIX F

Power Supply Schematics

A1l power supplies for the AWG are regulated. TFigure 25
shows that + 10 volt power supply used mainly for the scaler and
matrix. Extreme regulation was not called for and hence
emitter-follower type regulators were used, being quite capable
of supplying the heavy current drains of these circuits.

The 22 volt power supply, Figure 26, used mainly in the frequency
multiplication circuits requirés quite good regulation. A series
regulator with a differential comparitor error-sensing element
provides the regulation. A constant current sow ce improves

the operation of the differential amplifier. Figure 27 shows

the potentiometer power supply whose operation is similar to

that of the 22 volt supply except that two series transistors are
provided to establish a "floating" dc return. The regulation
occurs between +1 and +6 volts rather than with respect to

ground..




APPENDIX G

Taped Examples

Accompanying this thesis are taped examples of waveforms
generated by the AWG. The recording was made on an Ampex Model
354 2-channel 1/L4 inch tape recorder. They were made at a tape
gpeed of T 1/2 i.p.s. on channel A. Table IV lists the wave-

forms found on the tape.

TABLE IV

Taped Examples

Number Spectrum Frequency
& gin. % +gin 2x + 1/2 sin 3x
+ 3/5 sin lLx + 1/10 sin 5x + 3/100 6x 256 cps
(Trombone)
2 ) sin ox F gin 2% F L2 sin 3%

* 535 gin Ux + .12 gin 5x + .18 ‘gsin 6x
305 SN TxtgE gin 8% + .33 gin Oz

teals Sinm 10x% 4 0B sin 1lx 256 cps
(wael ”A")
& sin x + .43 gin 2x + .23 sin A%

+ #l5 sin k¢ 12800 BEF 2 ain Tx

+ «35 gin Bx + 49 ®in 9x +-.:88 sin 10x

+ .18 sin 11x + .2 gin 15x + +2 sin 16x 256 cps
(Vowel "E")

Ly «85 simix + 186%) + .75 s8in {(2x+ 200°)
¥l sin. 3 + 55 gin (bx + 175°)
+ .4 sin (5x + 300°) + .33 sin (6x + 90°)
+ .23 sin (7x + 200°) + .18 gin 8x 932 cps
(Trumpet )




Number

10

el

12

Clbali e
+_ Ob.
+ L 3D
+:.08

sin x

Simx

Sin Y

16

=

n:

»

n=1

8

2

n=

sin x

il min 2% F L5580 0 9%
sin Ux + .32 sin 5x + .11 sin 6x
i Tz + 32 ein: g+ WJ7 sin Oz
sin 10x + .06 sin 11x

(Clarinet)

+ sin 16x

+1/3 [sin (13x + 146°)
+ gin {1hx + 158°)

+ gin (15x + 169°)]

+ .85 gin 3x + gsin bLx

+ .85 gsin {(6x +,205°)
omerwty (T 2 157)

sin (nx)

n 2
o Sin (nx)

éin [(2n-l) x]

+ sin (7x + 289°)
+1/2 sin (12x + 180°)

82

256 cps
sweep 260 cps
--20 cps

200 cps

340 cps

128 cps

100 cps

100, 50,
and 200 cps

525 ceps
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FIGURE CAPTIONS
1. Block Diagram: Frequency Tracking Waveform
Synthesizer.
2. Picture of AWG.
3. Block Diagram: Pulse Averaging Frequency Multiplier.
I, Tmpulse Response of Two Section R-C Integrator.

5. Block Diagram: Harmonic Filtering Frequency
Multiplier.

6. Block Diagram: Period Measurement Freguency to

Voltage Converter.

(. Timing Chart: Period Measurement Frequency to
Voltage Converter.

8. Block Diagram: Waveform Synthesizer.
9. 27 Scaler with Feedback: Scale of 96.
10. Sequence Generator Chassis (Picture).

11. Diode Matrix, Memory, Or-Gate, Schematic

--One Element.

12. Maximum Resolution Unfiltered Waveform for 16th

Harmonic.
15. Attenuation Characteristics of Oubtput Filters.

1L. Schematic of Output Filters.




Figure
Figure

Figure

Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure

Figure

15.
10

16th
18.
19.
20.
21.
22.
ox
2l
25.

26+

Block Diagram, Load and Cycle Circuit.
Load and Cycle Circuit (Schematic).

Synthesized Sine Wave for Case of Fundamental

Harmonic ... Showing Extremes of Resolution.
Complex Synthesized Waveforms.

Bootstrap Ramp Generator.

Operational Amplifier Ramp Generator.
"Zero-Shift" Complementary Emitter-Follower.
Fortran Source List--Chart Program.

Flow Chart Fourier Series Program.

20 cps Low Pass Filter.

Plus and Minus Ten Volt Power Supplies.

22 Volt Power Supply.

Potentiometer Power Supply.
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1251 S

+|00LL S »f

= ZERO

O
SQUARED INPUT
®

-UPDATE-

—— INTEGRATE ——

- e CE—

INTEGRATOR

4 KC

fe

CASE SHOWN :

PERIOD MEASUREMENT

FREQUENCY TO VOLTAGE CONVERTER

TIMING CHART :

FIGURE 7
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GRAPH NO. G65- 26

UNFILTERED

FILTERED

UNFILTERED

PARTIALLY

> FILTERED

FILTERED

SYNTHESIZED SINE WAVE FOR CASE OF FUNDAMENTAL
AND 16™ HARMONIC --- SHOWING EXTREMES OF RESOLUTION

FIGURE 17



GRAPH NO. G65-25

UNFILTERED

FILTERED

fx)= 174 Lsin 7x + sin 8x
+sin 9x+ sin |0x]

—==—1INFILTERED

= Pl ERELD

f(x) = |/6 [sin 2x + sin 3x + sin 7x
+sinllx+ sinI5x + sin I6x

COMPLEX SYNTHESIZED WAVEFORMS

FIGURE 18
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G65- 119

VR
Vin R [\
= = A *— ly * 0 Vour

—|INT—~<HOLD—

OPERATIONAL AMPLIFIER RAMP GENERATOR

FIGURE 20
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G65-120

"ZERO-SHIFT" COMPLEMENTARY EMITTER-FOLLOWER

FIGURE 21




©Q)
@
R

1720176 8 J CESSNA WAVFRM FORTRAN SOURCE LIST 06/24/765
ISN SOURCE STATEMENT
0 $IBFIC
i DIMENSIDN SN{(96),L{96)
s Pl=3.14159265
3 PIl=PI1/48.
& Pl2=—-P1/96.
5 DO 30 N=1l,16
6 FN=N
1 FSM=PI2
10 ElI=3,75%FN
11 DO 10 1=1,96
12 L{ili=1I
13 FSM=FS5M+PI11
14 10 SN{I)=SIN{FN*FSM)
16 IF{N.EQs1l] WRITE(H6,1)
a1 IEtNGESS 2] WRITELG,2)
24 IFINLEQ. 3} WRITE(6,3)
27 IF(N.GT-3] WRITE(G6,4)NsN
32 WRITE(645) b
S PO 20 I=1,32 .
34 20 WRITE(G6s7DLITI)SNIT),L{I+32)+SN{I+32),L{I1+64)},SN(I+64) =
56 30 WRITE(G6,8)FI ]
40 1 EORMATIIHL L/ [332230 " SIN X "= " FUNDAMENTAL ) £/ 7] =
41 2 - FORMOTLIR I 7L/ 73302468 SN 2% = = 2N HARNMONIC/ 777 )
42 3 FORMATI(1IHL1//77/733%X24H SIN 3X = 3RD HARMONIC//7/)
43 4 FORMAT(1IHLI//Z//33X4HSIN I2,6HX = 2,1 1HTH HARMONICZ//7)
fp iy 5 FORMAT(15X62HCHANNEL AMPLITUDE CHANNEL AMPLITUDE CHANNEL
1AMPLITUDE//)
45 T FORMATL120+F9.2491139F9.2:11343F9.2)
46 8 FORMAT(///7/32X15HEACH CHANNEL = Fb.248H DEGREES)
47 STOP 001

50 END




COMPUTE & STORE
SN (I,N)

| SN(I,N)=SIN(Ne€ P1/48)% T - PI/96)

| COMPUTED AS IN PROGRAM
OF FIG. 22

=l

READ:  N(K)
AMP(K), MU(K)
K=1,9

_____ —i AMP(K):  Nth

| N(K):  HARM@NIC PRDER |
COEFFICIENT (DECIMAL) :
|

PHASE SHIFT, 1-96

; MU(K):

K= 10,17

ZER® N(K), AMP(K) MU(K)

DIV=ABS (SINE (1))

CONTINUE

READ: N(K)
AMP(K), MU(K)
K= 10,I7

AMP(K), MU (K)

FLOW CHART

| g ey =

[gPuT (D= sNe@/DIV 1= |,961—————_L~omwze T8 onel
WRTE TITLE, | __ _ SAME FORMAT AS IN |
@PUT (I), N(K) | PROGRAM oF FIG.22 |

FOURIER SERIES PROGRAM
FIGURE 23
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