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We describe the principal modules of analog elec-
tronic music synthesizers and discuss some ways that we
have used a synthesizer in demonstrations, psychophysi-
cal experiments, and an undergraduate laboratory
course in the physics of music and acoustics. We con-
sider the synthesis of both steady and transient auditory
phenomena.

I. INTRODUCTION

In this paper we consider the use of an electronic music
synthesizer for demonstrations and laboratory experiments
in the study of the physics and psychophysics of sound.
Our emphasis is on analog creation of sounds, rather than
the digital techniques used in computer synthesized music.
Hybrid instruments, consisting of an analog synthesizer
controlled by a computer, are a natural extension of the
analog devices to be discussed.

In Sec. II we describe briefly the functions of the most
important modules of a typical analog synthesizer. In Sec.
III we discuss the use of the synthesizer in experiments
on steady-state auditory phenomena, those in which the
relevant auditory properties can be mainly characterized
by a time-independent spectrum.

In Sec. IV we consider transient phenomena, defined
as nonperiodic or subaudible periodic spectral fluctua-
tions. Transient effects typically involve fluctuations with
a time scale from 10 msec to 1 sec (e.g., attack and de-
cay, vibrato, glissandi, and irregular intonation).

II. ANALOG SYNTHESIZERS

Modern electronic music synthesizers are available in a
variety of sizes and prices from kits costing $200 to
studio behemoths costing $20 000 or more. Most appro-
priate for an introductory physics course in sound is prob-
ably one of the class of small portable synthesizers known
as ‘‘minis,”” which cost $2000 or less but which include a
keyboard and enough modules to provide a useful
laboratory device. Although there are about a dozen differ-
ent commercial mini analog synthesizers the basic con-
cepts, described by Moog,! are common to all. These
principles of operation are an interesting combination of
musical utility and engineering convenience.

A useful musical synthesizer is a collection of electrical
signal generating and processing modules with inputs and
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outputs that are mutually compatible. The degree to
which the individual modules are hardwired together or
permit independent inputs and outputs is a compromise
between convenience and flexibility of operation and
economy of manufacture. The principal feature of the
synthesizer modules, however, is that significant parame-
ters of the modules can be controlled by a control voltage
input to the module. The basic voltage-controlled modules
are as follows.

A. Voltage-controlled oscillator (VCO)

Mini synthesizers have three or four oscillators (func-
tion generators), typically generating triangle, square, and
sawtooth wave forms. These wave forms have no particu-
lar auditory significance but are easily generated electron-
ically and with suitable processing can be converted into
interesting auditory signals. The inverse period (funda-
mental frequency) is variable from about 0.01 Hz through
the range of orchestral instruments or higher. The precise
tuning of a VCO is done with manual controls; the fun-
damental frequency f, is then determined by a control
voltage V over any selected (3- to 5-octave) portion of the
total range, according to the law

fr=0exp(V/V;) 1

Constant « tunes the instrument and V, establishes a
scale. A typical synthesizer keyboard switches contacts on
a chain of resistors providing equal steps of increasing
voltage for higher keys depressed at a rate of 1 V per
keyboard octave. Therefore, synthesizer keyboard control
is equitempered, but the number of notes per octave can
be varied by manually changing the constant V,. For the
traditional 12-note scale, Vo = (In2)™! V. Less commonly,
the frequency is linearly controlled:

fr=8V. )

B. Voltage-controlled fiiter (VCF)

A low-pass filter with at least a 12-dB/octave asymptot-
ic cutoff is musically the most useful, but band-pass and
high-pass filters are available on some synthesizers. Typi-
cally, the filter cutoff (or band center) frequency is volt-
age controlled, again according to Eq. (1). Therefore, if
the same control voltage (say from the keyboard) is used
to control both the VCO and the VCF, then the filter will
track the frequency of the VCO. The VCF typically has a
manual ‘‘resonance’’ control that can introduce a sharp
peak at the cutoff or band-pass frequency into the re-
sponse characteristic of the filter.

C. Voltage-controlled amplifier (VCA)

The voltage gain g (0 < g =< 2) of the VCA is propor-
tional to a control voltage V. On some synthesizers the
gain is optionally proportional to exp(V/V;). Typically, it
is a VCA that is used to determine the starting and stop-
ping of a note played on the synthesizer. Tuming on a
note with the VCA preserves the spectral shape of the
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note, unlike the start-up of most conventional musical in-
struments. If the output of an oscillator running at low
(subaudible) frequency is used to control the VCA, then a
tremolo (periodic variation in loudness) will result.

The above three modules are the basic building blocks
of a voltage-controlled synthesizer. The two fundamental
processors are linear devices. Other available synthesizer
modules will be discussed in remaining sections as ap-
propriate. There are, for example, direct coupled mixers,
to add two or more signal voltages or control voltages,
balanced (‘‘ring’’) modulators to form the algebraic prod-
uct of two signals, reverberation springs, sample and
hold circuits, clock pulse generators, preamplifiers for
low-level external input signals, (1 mV, rms), and
sequencers, to produce a series of control voltages. Most
synthesizers include a source of white noise (constant
average spectral power per unit frequency) and, in some
cases, pink noise (constant average spectral power per oc-
tave). Furthermore, additional parameters may be voltage
controlled. The wave form of the VCO or the width of
the resonance peak of the VCF, for example, are con-
trolled by a control voltage on some synthesizers.
Some VCOs provide a rectangular wave with a pulse width
that is voltage controlled.

Despite its keyboard, the synthesizer is basically a
monophonic instrument; it plays one note at a time. For
musical purposes one often brings all the available oscil-
lators and processing modules to bear on the creation of
the one note. Polyphony is accomplished in electronic
music studios by successive overdubs on a multitrack tape
recorder.

III. STEADY-STATE EXPERIMENTS

For physics demonstrations or lab experiments on
steady-state signals, there is little that one can do with the
synthesizer that one could not, in principle, do with the
collection of audio apparatus typically available in physics
departments. However, the convenience in patching and
complete compatibility of the modules of a synthesizer al-
lows a variety of experimentation that would be prohibi-
tively cumbersome with conventional laboratory gear.
Furthermore, the keyboard tuning provides a useful musi-
cally oriented framework for frequency control. On the
other hand, control calibration on commercial synthesizers
is generally inadequate and external instrumentation (fre-
quency counters, voltmeters, and oscilloscopes) is re-
quired for quantitative experimentation. The accuracy of
the various modules of synthesizers also reflects their
musical orientation. Because human ears are sensitive to
changes in pitch (* 0.02 semitone), synthesizer VCOs
provide accurate frequencies with good short-term stabili-
ty. Because human ears are less sensitive to audio inten-
sity changes, synthesizer manufacturers can (and do)
compromise on the accuracy of VCAs.

A. Modulation

Because its modules are voltage controlled, the synthe-
sizer provides a signal source for demonstrations and ex-
periments in modulation. Both amplitude modulation and
frequency modulation are routinely available. A voltage-
controlled pulse width rectangular wave generator allows
pulse width modulation experiments to be performed.
With an oscilloscope and a spectrum analyzer, one can
observe the results of modulation.
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Fig. 1. Block diagram for amplitude modulation. Voltage V; must be
positive so that the mixer output is nonnegative to avoid distortion.
Generally, signal voltages are indicated by horizontal arrows. Control
voltage inputs to voltage-controlled modules are indicated by vertical ar-
rows.

To produce an amplitude-modulated output voltage v,
from a carrier signal v, with modulating signal v,,,

0@)={V1+v,¢) ), (3)

the patch of Fig. 1 is made. The modulation percentage is
maxlvml/Vl. When the fundamental frequencies f, and f,
of v, and v,, do not differ greatly, it is still easy to tune
100% modulation if v,, is a square wave. Relative to any
component of the carrier, the square wave side bands oc-
cur at = f, (— 4 DB), = 3f,, (— 14 dB), * 5, (— 18 dB),
etc. Note that the first side bands at = f,, are actually
stronger than the side bands for 100% modulation by a
sine wave (— 6 dB).

Balanced modulation is a special case of amplitude
modulation in which constant ¥, = 0 and the average val-
ues of v, and v, are also zero. If, for example, both v,
and v, are sine waves, then the output v, will be the sum
of two sine waves, one with frequency f,, + f. and the
other with frequency ‘ fn — fci. Because the carrier signal
is suppressed, balanced modulation can be used to alter
drastically the pitch and timbre of an audio signal. The
effect is a favorite among electronic musicians and mod-
ern composers. Because a VCA is only a two-quadrant
multiplier, with zero output for all negative control volt-
ages, the patch of Fig. 1 is not suitable for balanced
modulation. Instead separate modules, called ring mod-
ulators for historical reasons,? are supplied to perform the
required four-quadrant multiplication.

Frequency modulation (FM)? is obtained with the patch
of Fig. 2. To simplify experiments in FM the frequency
of VCO 2 should be a linear function of the control volt-
age [Eq. (2)] rather than exponential. Musically, an ad-
vantage of exponential control is that a given vibrato con-
trol voltage will result in equal variation in musical inter-
val at all center frequencies.! The spectrum of an expo-
nentially controlled VCO for wide-band FM has been cal-
culated by Hutchins.* However, in the narrow-band limit,
the differences between exponential and linear control can
often be neglected.

PITCH
CONTROLLER

Fig. 2. Block diagram for frequency modulation in which the musical
interval between the modulating signal from VCO 1 and the modulated
signal from VCO 2 is constant for all notes of the scale.
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In the special case that modulating signal v, is a cosine
wave of angular frequency w,,, the instantaneous angular
fundamental frequency of VCO 2 becomes

Wy =W, +Aw COSW,f. 4)

The spectrum of the output v, contains an infinite number
of side bands with spacing w,,. The decay of spectral
strength of the side bands away from the carrier fre-
quency depends upon the modulation index® 8 = Aw/w,,;
narrow-band and wide-band frequency modulation re-
gimes are characterized by 8 < @/2 and 8 > =/2. In elec-
tronic music, frequency modulation is often used to gen-
erate inharmonic tones simulating bells or gongs.

Before we discuss pulse modulation, we need to con-
sider the spectrum of a pulse wave form with period T,
which is in a low state for time 7/n and in a high state for
time T(1 — 1/n). For n = 2 the function is a square wave,
with all even harmonics missing. As n increases through
integer values, making the pulse sharper, the total higher
harmonic content increases relative to the fundamental,
and those harmonics that are integer multiples of n are
absent from the spectrum. For n nearly integral, the nth
harmonic is small [cf., Eq. (6)]. The total audio power
in the wave is proportional to the variance of the signal
voltage v from its mean (v ):

Pr (- <u>2zi(_1:;—1/i) . 5)

We therefore have the musically unusual situation that,
for fixed amplitude, as the harmonic content increases the
total power decreases. The 10-dB decrease of power as n
increases from 2 to 40 can be measured with VU meters.
For accurate measurements one must use a low fundamen-
tal frequency (=< 100 Hz) to minimize the meter roll-off at
high frequencies, which contribute importantly to the total
power at large values of n. In Fig. 3 we show the theoret-
ical spectrum of a rectangular wave with n = 8. General-
ly, the contribution of the pth harmonic to the power
spectrum of a rectangular wave is

72 = cos(2mp/n)]. (6)

and all the harmonics are in phase.

Throughout this paper we shall use the conventional
audio intensity units of decibels. This logarithmic scale
gives a distorted representation of the sensation of loud-
ness, when the relative importance of high upper partials
is compared to that of the lower partials of a tone.
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Fig. 3. Power spectrum of a rectangular wave that is low for 1/8 period
and high for 7/8 period.
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An easy way to make a pulse wave form is to input a
triangular wave to a Schmitt trigger. If the frequency of
the triangle wave is modulated, then the trigger output
exhibits pulse-position modulation (PPM). If the dc cen-
tral voltage of the triangle wave is modulated, relative to
the trigger threshold voltages, then the output is a pulse
width-modulated (PWM) signal.

In calculating the spectrum for the pulse signals, it is
perhaps helpful to consider instead the time derivative of
the pulse train. (The two amplitude spectra are related by
a simple factor of w,.) Then the calculation of the spec-
trum of the modulated pulse train is isomorphic with the
problem of scattering in a linear diatomic chain with .al-
ternating + and — delta function potentials and a periodic
displacement of the atoms. Setting up the calculation in this
way we find several properties of pulse modulation: (i) As in
the case of frequency modulation, the number of side bands
depends upon a modulation index that is an expansion
parameter. For PPM the natural small parame-
ter is Aw/w, and for PWM with pulse width 7, A(7™Y)/w,.
These small parameters are clearly different from the
modulation index, Aw/w,,, for ordinary frequency mod-
ulation. The pulse width modulation technique above is
really a modulation of the fraction of a period for which
the output is high. Therefore, the parameter A(7™%)/w, is
determined only by voltage levels and is independent of
w,; that is, the output spectra for different notes are con-
gruent for a given w,,. If the modulation frequency wy, is
varied, the relative importance of the various side bands
is again left unchanged. (ii) To leading order in the ex-
pansion parameter (analogous to the phonon expansion for
the diatomic chain), there are two side bands, 180° out of
phase, for each harmonic of the unmodulated puise wave
described above. However, the power spectrum of these
side bands oscillates at a different rate with increasing
frequency than does the spectrum for the parent har-
monics. (iii) In the case of PPM, the absence of a har-
monic in the unmodulated pulse wave implies the absence
of the modulation side bands to this harmonic. In the case
of PWM, however, side bands of a harmonic may be
strong even if the harmonic itself is absent from the spec-
trum by symmetry.

B. Filters

The synthesizer filter can be used in various qualitative
experiments in Fourier series. Effective demonstrations
make the output wave both audible, through an accurate
audio system, and visible on an oscilloscope. Suppose
that the square wave or sawtooth output of an oscillator is
sent to a low-pass filter. If the filter cutoff frequency is
manually increased, then the filter output provides a de-
monstration of cumulative Fourier synthesis of a square or
sawtooth wave. The demonstration is greatly improved if
the low-pass response function. includes the sharp reso-
nance for the following reason: If the low-pass response
were ideally rectangular or if additive synthesis were
used, then the cumulative synthesis of a square or saw-
tooth would include oscillations with as many peaks and
valleys per cycle as indicated by the highest harmonic in-
cluded. In practice, the usual maximally flat-amplitude-
response low-pass filter does not lead to Gibbs
phenomena of this sort. However, adding the resonance at
the cutoff frequency produces oscillations by subtractive
synthesis that are similar to those which would be pro-
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duced by the more exact additive synthesis.

The sharply tuned band-pass filter of a synthesizer can
be used in semiquantitative Fourier analysis. By using the
keyboard to control the filter passband, one can quickly
pull out the various harmonics of a short-lived tone such
as a percussive or plucked note. One simply tunes the fil-
ter so that the passband is centered on the fundamental
frequency of the note to be analyzed when key Cl is de-
pressed. Then depressing keys C2, G2, C3, E3, G3, Bb3,
and C4 will reveal harmonics numbered 2-8. (The filter
is typically broad enough that Bb is an adequate approxi-
mation to the seventh harmonic.) With some careful
coordination with the instrumentalist, the filter keyboard
operator can select specific harmonics of the notes of a
tune to transform a tune played by the instrumentalist into
quite a different tune.

A low-pass filter which tracks a VCO is useful in
creating reference sounds used in pitch-matching experi-
ments. None of the usual wave forms produced by a func-
tion generator is truly satisfactory for these experiments.
Many musical people have difficulty matching the pitches
of sine waves. Square and triangle waves contain no even
harmonics, and sawtooth or ramp waves are too rich in
harmonics. A low-pass-filtered sawtooth wave is a good
choice for critical experiments.

C. Noise bands

Some interesting acoustical experiments involve mainly
the white noise source of the synthesizer.

Because of room resonances, a white noise source is
the best choice of signal to demonstrate the inverse square
law for audio intensity. The loudspeaker should be
pointed directly at a microphone and the microphone out-
put read on a VU meter. Different microphone-speaker
separations can be measured with a tape measure to con-
firm the inverse square law for separations less than about
10 ft. For larger separations in the average lecture hall,
one notes that the constant reverberant sound field is
equally as strong as the direct field.®

If one runs white noise through a sharply resonant
band-pass filter and controls the passband frequency with
the keyboard, one has something like the ultimate in sub-
tractive synthesis. By playing the theme from ‘‘The
Bridge on the River Kwai,”” one obtains a qualtitative
notion of the physics of choral whistling.

In a more serious vein, the patch of the above item
provides a well-controlled band of noise to be used in
masking experiments. One can easily demonstrate the
asymmetry of masking for loud sounds; namely, a band
of noise will effectively mask a tone of frequency higher
than the noise band but will not effectively mask a tone
lower than the noise band.®

D. Repetition pitch

A psychophysical effect with implications for the
theory of hearing is that of repetition pitch. Bilsen and
Ritsma? give a charming history of this effect and have
reviewed experiments in ‘which a wide-band signal plus
the same signal delayed by 7 seconds (1 <7< 10 msec)
is presented to one or both ears of a subject. The subject
perceives a pitch with an apparent frequency equal to 1/7.

We find that the effect can be easily observed by a sub-
ject between two loudspeakers placed near the center of a
large room, with both driven (in phase) by a white noise
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source as shown in Fig. 4.

Relative to the noise from the near speaker (2), the
noise from speaker 1 is delayed by 7 = (L — 2a)/c, where
¢ is the speed of sound. The subject is given a remote
control box for tuning a filtered sawtooth wave of small
amplitude and for switching this signal in and out of
speaker 2. The subject tunes the VCO/filter to match the
pitch of the noise, the VCO frequency is read on a coun-
ter, and the experimental result is compared with the ex-
pected perceived frequency,

f=13560/(L - 2a), (7)

for room temperature, where L and a are in inches. For
our experiments we took L to be 150 in. and tried to
make both speakers sound equally loud to the subject.
Moving the head between the speakers immediately ver-
ifies that the noise is colored—has some tonal character.
To identify the pitch accurately requires a little practice.
However, once the subject has learned the art, he can
identify the pitch of the noise within the accuracy of the
length measurement a, at least for frequencies between
500 and 150 Hz. The above experimental arrangement
prompts the observation that the constant spacing between
the spectral peaks is the frequency for which the differ-
ence between speaker—subject distances (L — 2a) is equal
to one wavelength. Although experiments with short
pulses of sound and with phase-shifted signals appear to
make the effect a complicated one,” it is instructive to
consider only the power spectrum, P(w). For time delay =
and speakers in phase,

P)=| [  [o@®)+vt -] explwt) dt|*
=2 |v(w)|}1 +cos(wT)]. (8)

Since [v(ou){2 is constant by construction, the spectrum.
consists of a periodic series of broad lumps with common
spacing Af = 771, To first approximation, the pitch is un-
changed when the plus sign above is replaced by a minus
by phase reversal. Therefore, it is not the center fre-
quency of the lowest spectral band that is responsible for
the pitch cue. Rather, many of the equally spaced broad

lines contribute to the sensation of pitch at frequency 7.

E. Periodicity pitch

The effect of periodicity pitch has been important in
the evolution of the current theories of pitch perception.®®
If one listens to the sum of two sine waves,

v(t)=vo{sin[2n(27)] + Y sin[27 BFit)]} (¥ <1), (9)

then one may perceive a note of fundamental frequency
f1, despite the fact that the spectrum of v(r) contains no
component at frequency f;. A variety of experiments have
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