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• Introduction 

In 1978, a set of auditory demonstration tapes was released by the Laboratory of 
Psychophysics of Harvard University. These demonstrations had been prepared by a 
team led by Prof. David M . Green and were sponsored by a grant from the National 
Science Foundation. The tape set, which contained 20 recorded demonstration.s on 
psychoacoustics plus an explanatory booklet, became so popular that all copies were 
quickly distributed and tape sets were no longer available. 

In 1984, the Acoustical Society of America's Committee on Education in Acoustics 
requested T.D. Rossing and W.D. Ward to look into the feasibility of re-issuing the 
"Harvard tapes". A decision was made to update the demonstration material and to 
issue it on a high-quality sound reproduction medium. The Institute for Perception 
Research (!PO) in Eindhoven was engaged to produce the audio material. Both the 
Eindhoven University of Technology and the Philips Company, the joint sponsors of 
IPO, made manpower available for the project. Philips Polygram and Philips & Dupont 
Optical Co. (PDO) agreed to handle the digital tape mastering and the production of 
a Compact Disc. Northern Illinois University supported the project through a grant for 
improvement of undergraduate education. The Acoustical Society of Amerca agree·d to 
provide further financial backing for the project. 

Many people in the United States and Europe have contributed to the realization of 
this project. A preliminary scenario by T.D. Rossing was developed through frequent 
discussions with A.J .M. Houtsma and W.M. Wagenaars, who composed and synthesized 
the audio material with 16-bit digital techniques. Th. de Jong of IPO provided invalu
able techical assistance. The narration by Prof. Ira J. Hirsh was recorded at the Cerntral 
Institute for the Deaf in Saint Louis . Speech samples in Demonstrations 4 and 35 were 
provided by, respectively, J. 't Hart and Dr. Sanford Fidel!. The instrumental scales of 
Demonstration 30 were played by bassoonist B. van den Brink of the Brabant Orches
tra. The text booklet ("libretto") was written by T .D. Rossing and A.J .M. Houts.ma. 
A trial version of the demonstrations was field-tested and critically reviewed by D.E. 
Hall , W.M. Hartmann and W.D. Ward, which led to substantial improvements. Special 
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thanks go to the IPO director H. Bouma, to G. van Hoeyen of Philips Polygram, and 
to A. Rehnberg and G.J .A. Vogelaar of PDO for their enthusiastic administrative and 
technical support. 

The 39 demonstrations on this compact disc have been put on separate tracks. Each 
demonstration can easily be found by cueing the CD player to the desired number. On 
CD players which allow indexing, parts of demonstrations can be reached individually. 
Demonstrations in Sections I through VI have been designed for typical classroom use. 
The demonstrations of Section VII must be heard through headphones to obtain the 
desired effects . 
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SECTION I. FREQUENCY ANALYSIS AND CRITICAL 
BANDS 

Signal processing in the auditory system can be divided into two parts: that done in 
the peripheral auditory organs (ears) themselves, and that done in the auditory nervo.us 
system (brain). The ears process an acoustic pressure signal by first transforming it 
into a mechanical vibration pattern on the basilar membrane, and then representimg 
this pattern by a series of pulses to be transmitted by the auditory nerve. Perceptual 
information is extracted at various stages of the auditory nervous system. 

For many years, it has been known that the cochlea of the inner ear acts as a 
mechanical spectrum analyzer. Fletcher's pioneering work in the 1940's pointed to t:he 
existence of critical bands in the cochlear response. Studying the masking of a tone 
by broadband (white) noise, Fletcher (1940) found that only a narrow band of noiise 
surrounding the tone causes masking of the tone, and that when the 1roise just masks 
the tone, the power of the noise in this band (the critical band) is equal to the powrer 
in the tone. 

Fletcher's second result suggested a means for estimating the widths of the criti<eal 
bands. Noise power is expressed in terms of the power in a band 1 Hz wide; this: is 
called the spectrum level. The ratio of the power level of a single-frequency tone to t.he 
spectrum level of the white noise masker thus yields the width of the band effective in 
masking the tone. Researchers today often call these bands "critical ratios"; they turn 
out to be about 2.5 times narrower than critical bands determined by other method:s. 

Critical bands are of great importance in understanding many auditory phenomema: 
perception of loudness, pitch, and timbre. for example. Their importance is apttly 
pointed out by Tobias (1970) in his Foreword to an article on Critical Bands: 
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"Nowhere in auditory theory or in acoustic psychophysiological practice is anything 
more ubiquitous than the critical band. It turns up in the measurement of pitch, 
in the study of loudness, in the analysis of masking and fatiguing signals, in the 
perception of phase, and even in the determination of the pleasantness of music . 



And likely, in one way or another, it will be a part of the final understanding of 
how and why we perceive anything that reaches our ears." 

Center frequency (Hz) 
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Critical bandwidth as a function of the frequency at the cri t ical band center fre
quency. The critical bandwidth varies from a little less than 100Hz at low frequency 
to between two and three musical semitones (12 to 19%) at high frequency (from 
Rossing, 1982) . 
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The auditory system performs a Fourier analysis of complex sounds into their com
ponent frequencies. The cochlea acts as if it were made up of overlapping filters having 
bandwidths equal to the critical bandwidth. The critical bandwidth varies from slightly 
less than 100Hz at low frequency to about 1/3 of an octave at high frequency, as shown 
in Fig. 1. The audible range of frequencies comprises about 24 critical bands. It should 
be emphasized that there are not 24 independent filters, however. The ear's critical 
bands are continuous, in that a tone of any audible frequency will find a critical band 
centered on it. 

Considerable understanding of the way in which the cochlea performs its frequency 
analysis resulted from the experiments of von Bekesy, who observed the patterns of 
actual basilar membranes when sound waves of different frequencies were applied. High 
frequencies created peaks toward the near (oval window) end of the basilar membrane, 
while low frequencies caused peaks toward the far (apex) end. Bekesy's tuning curves 
for the basilar membrane led to the place theory of hearing. 

Bekesy's tuning curves, measured in cadavers at very high sound intensities, were 
too broad to account for the observed frequency resolution of the auditory system. Ex
periments by Johnstone and Boyle (1967) and by Rhode and Robles (1974), using the 
Moss bauer effect to measure basilar membrane motion in animals at much lower ampli
tude, led to sharper tuning curves. Mechanical measurements on the basilar membrane 
of the cat, using laser interferometry, yielded tuning curves about as sharp as electro
physiological tuning curves measured in the 8th nerve (Khanna and Leonard, 1982). 
Still, the greater frequency resolution observed in other types of experiments suggests 
the existence of a "second filter", which might very well be associated with the hair cells 
of the basilar membrane. 

The first three demonstrations introduce frequency analysis and c.ritical bands. 
Many of the demonstrations which follow (e.g., on loudness, pitch, masking, etc.) iUus
trate these subjects as well. 
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Demonstration 1. Cancelled Harmonics (1:33) 

This demonstration illustrates Fourier analysis of a complex tone consisting of 20 
harmonics of a 200-Hz fundamental. The demonstration also illustrates how our audi
tory system, like our other senses, has the ability to listen to complex sounds in different 
modes. When we listen analytically, we hear the different components separately; when 
we listen holistically, we focus on the whole sound and pay little or no attention to the 
components. 

When the relative amplitudes of all 20 harmonics remain steady (even if the total 
intensity changes), we tend to hear them holistically. However, when one of the harmon
ics is turned off and on, it stands out clearly. The same is true if one of the harmonics 
is given a ''vibrato" (i.e., its frequency, its amplitude, or its phase is modulated at a 
slow rate) . 

Commentary 

"A complex tone is presented, followed by several cancellations and restorations of 
a particular harmonic. This is done for harmonics 1 through 10." 

References 

• R.Plomp (1964), "The ear as a frequency analyzer," J. Acoust. Soc. Am. 96, 
1628-367. 

• H. Duifhuis (1970), "Audibility of high harmonics in a periodic pulse," J. Acoust. 
Soc. Am. -/8, 888-93. 
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Demonstration 2. Critical Bands by Masking (1:50) 

This demonstration of the masking of a single 2000-Hz tone by spectrally flat (white) 
noise of different bandwidths is based on the experiments of Fletcher (1940). First, we 
use broadband noise and then noise with bandwidths of 1000, 250, and 10 Hz. 

In order to determine the level of the tone that can just be heard in the presence of 
the noise, in each case, we present the 2000-Hz tone in 10 decreasing steps of 5 decibels 
each. 

Since the critical bandwidth at 2000 Hz is about 280 Hz, you would expect to hear 
more steps in the 2000-Hz tone staircase when the noise bandwidth is reduced below 
this value. 

Since the spectrum level of the noise is kept constant, its intensity (and its subjective 
loudness) will decrease markedly as the bandwidth is decreased. 

Commentary 

"You will hear a 2000-Hz tone in 10 decreasing steps of 5 decibels. Count bow many 
steps you can hear. Series are presented twice." 
"Now the signal is masked with broadband noise." 
"Next the noise has a bandwidth of 1000 Hz." 
"Next noise with a bandwidth of 250Hz is used." 
"Finally, the bandwidth is reduced to only 10 Hz." 
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Demonstration 3. Critical Bands by Loudness Comparison (1:09) 

This demonstration provides another method for estimating critical bandwidth. The 
bandwidth of a noise burst is increased while its amplitude is decreased to keep the power 
constant. When the bandwidth is greater than a critical band, the subjective loudness 
increases above that of a reference noise burst, because the stimulus now extends over 
more than one critical band. 

The subjective loudness of a complex tone is fairly complicated, but for combining 
the loudness of two or more tones, the following rules of thumb usually apply: 

1. If the frequencies of the tones lie within the critical bandwidth, the loudness 
is calculated from the total intensity: I = /1 + /2 + /3 + ..... 

2. If the bandwidth exceeds the critical bandwidth, the resulting loudness is 
greater than obtained from a simple summation of intensities. As the band
width increases, the loudness approaches (but remains less than) a value that 
is the sum of the individualloudnesses: 8 = 81 + 82 + 83 + ..... 

In this demonstration, a noise band of 1000-Hz center frequency and 1.5% bandwidth 
(930-1075 Hz) is followed by a test band with the same center frequency and bandwidth 
(see 1 in the figure below). The bandwidth of the test band is then increased in 7 steps 
of 15% each, while the amplitude is decreased to keep the power constant. When the 
bandwidth exceeds the critical bandwidth, the loudness begins to increase. 

LLfl_ r--., r--l 
............ ~ 

_J_.J 1..-L 

r--, 
I 
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Commentary 

"Eight times you will hear a reference noise band followed by a test band of increas
ing width and identical power. Compare the loudness of reference and test bands. 
The demonstration is repeated once." 

References 
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SECTION II. SOUND PRESSURE, POWER, LOUDNESS 

In a sound wave there are extremely small periodic variations in atmospheric pres
sure to which our ears respond in a rather complex manner. The minimum pressure 
fluctuation to which the ear can respond is less than one billionth (10-9 ) of atmospheric 
pressure. (This is even more remarkable when we consider that storm fronts can cause 
the atmospheric pressure to change by as much as 5 to 10% in a few minutes.) The 
threshold of audibility, which varies from person to person, typically corresponds to 
a sound pressure amplitude of about 2x10-5 N/m2 at a frequency of 1000 Hz. The 
threshold of pain corresponds to a pressure amplitude approximately one million (lOG) 
times greater, but stiJJ less than 1/1000 of atmospheric pressure. 

Because of the wide range of pressure stimuli, it is convenient to measure sound 
pressures on a logarithmic scale, called the decibel (dB) scale. Although a decibel scale 
is actually a means for comparing two sounds, we can define a decibel scale of sound level 
by comparing sounds with a reference sound having a pressure amplitude p0 = 2 x 10-5 

N/m2 assigned a sound pressure level of 0 dB. Thus we define sound pressure level as: 

Lp = 20logp/Po· 

Expressed in other units, Po =20 ~-tPa = 2 X 10-4 dynesjcm2 = 2 X 10-4 ~bars. (For 
comparison, atmospheric pressure is 105 N/m2

, or lOG ~-tbars). Sound pressure levels are 
measured by a sound level meter, consisting of a microphone, an amplifier, and a meter 
that reads in decibels. 

In addition to the sound pressure level, there are other levels expressed in decibels, 
so one must be careful when reading technical articles about sound or regulations on 
environmental noise. One such level is the sound power level, which identifies the total 
sound power emitted by a source in all directions. Sound power, like electrical power, 
is measured in watts (one watt equals one joule of energy per second). In the case of 
sound, the amount of power is very small, so the reference selected for comparison is 
the picowatt (10- 12 watt). The sound power level (in decibels) is defined as 

Lw = 10 log W /Wo, 
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where W is the sound power emitted by the source, and the reference power Wo = 10-12 

watt. 
Another quality described by a decibel level is sound intensity, which is the rate 

of energy flow across a unit area. The reference for measuring sound intensity level is 
[ 0 = 10-12 watt/m2 , and the sound intensity level is defined as 

L1 = 10logl/Io. 

For a free progressive wave in air (e.g., a plane wave traveling down a tube or a spherical 
wave traveling outward from a source), sound pressure level and sound intensity level 
are nearly equal (Lp ~ LJ) . This is not true in general, however, because sound waves 
from many directions contribute to sound pressure at a point. 

The relationship between sound pressure level and sound power level depends on 
several factors, including the geometry of the source and the room. If the sound power 
level of a source is increased by 10 dB, the sound pressure level also increases by 10 
dB, provided everything else remains the same. If a source radiates sound equally in all 
directions and there are no reflecting surfaces nearby (a free field), the sound pressure 
level decreases by 6 dB each time the distance from the source doubles. 

Loudness is a subjective quality. While loudness depends very much on the sound 
pressure level, it also depends upon such things as the frequency, the spectrum, the 
duration, and the amplitude envelope of the sound, plus the environmental conditions 
under which it is heard and the auditory condition of the listener. 

Loudness is frequently expressed in sones. One sone is equal to the loudness of a 
1000-Hz tone at a 40-dB sound pressure level, and two sones describes a sound that is 
judged twice as loud, etc. The dependence of subjective loudness on sound pressure is 
discussed in connection with Demonstration 7. 
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Demonstration 4. The Decibel Scale (1:57) 

In the first part of this demonstration, we hear broadband noise reduced in steps of 
6, 3, and 1 dB in order to obtain a feeling for the decibel scale. 

In the latter part, a voice is heard at distances of 25, 50, 100, and 200 em from an 
omni-directional microphone in an anechoic room. Under these conditions, the sound 
pressure level decreases about 6 dB each time the distance is doubled. (In a normal 
room this will not be the case, since considerable sound energy reaches the microphone 
via reflections from walls, ceiling, floor, and objects within the room.) 

Commentary 

"Broadband noise is reduced in 10 steps of 6 decibels. Demonstrations are repeated 
once." 
"Broadband noise is reduced in 15 steps of 3 decibels." 
"Broadband noise is reduced in 20 steps of 1 decibel" 
"Free-field speech of constant power at various distances from the microphone." 

References 

• ISO R532 (1966}, "Method for calculating loudness levels," (International Stan
dards Organization, Geneva, Switzerland). 

• S.S.Stevens (1955), "The measurement of loudness," J . Acoust. Soc. Am. 27, 
815-29. 
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Demonstration 5. Filtered Noise (1:50} 

This demonstration shows the effects of filtering broadband white noise with low
pass, high-pass, and band-pass filters, and also a filter with a 3 dB/octave rolloff. 

First, we hear a sample of white noise. Then it is passed through a low-pass filter 
.. with the cutoff frequency set at 10,000, 4000, 2000, 1000, and 500Hz. Next it is passed 

through a high-pass filter with cutoff frequencies of 500, 1000, 2000, 4000, and 10,000 
Hz, then through a band-pass filter to give 1/3-octave bands with center frequencies of 
500, 1000, 2000, 4000, and 8000 Hz. 

The last part of the demonstration compares samples of white and pink noise having 
the same power. The spectral difference can be seen in the graphs below. White noise 
has a constant spectrum (~vel N0 (same power in every D.f = 1 Hz band}, and thus 
appears "flat" in a graph of sound level versus frequency (left) . Pink noise, on the other 
hand, has the same amount of power in frequency bands whose widths are proportional 
to frequency (a so-called "constant-Q system where D.f=Kf}, so that its spectrum level 
is inversely proportional to the frequency f. Spectrum levels N0 are shown in the graph 
on the left for white and pink noise. The graph on the right shows plots of the power in 
proportional bands, N0 D.f = KN0f, as a function of log f. This yields a "fiat" function 
for pink noise, and a "ramp" function with 3 dB/octave slope for white noise. In the 
demonstration, the samples of white and pink noise have been adjusted to have the 
same power in the frequency range 5Q-10,000 Hz. 

No ' ',Pink 

' White 

..... .... ... ----
f(Hz) 

Nof t-'::'~ ---
White 

log/ 
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Commentary 

"This is a sample of white noise" 
"Now this same noise is passed through a low-pass filter with decreasing cutoff fre
quencies." 
"Now the noise is passed through a high-pass filter with increasing cutoff frequen
cies." 
"Next you will hear 1/3-octave noise bands with increasing center frequencies." 
"Finally you will hear samples of white and pink noise having the same sound 
power." 

References 
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Demonstration 6. Frequency Response of the Ear (2:07) 

Although sounds with a greater sound pressure level usually sound louder, this 
is not always the case. The sensitivity of the ear varies with the frequency and the 
quality of the sound. Many years ago Fletcher and Munson (1933) determined curves 

·· of equal loudness for pure tones (that is, tones of a single frequency). The curves shown 
below, recommended by the International Standards Organization, are similar to those 
of Fletcher and Munson. These curves demonstrate the relative insensitivity of the 
ear to sounds of low frequency at moderate to low intensity levels. Hearing sensitivity 
reaches a maximum around 4000 Hz, which is near the first resonance frequency of the 
outer ear canal, and again peaks around 13 kHz, the frequency of the second resonance. 
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The contours of equal loudness are labeled in units called phons, the level in phons 
being numerically equal to the sound pressure level in decibels at f = 1000 Hz. The 
phon is a rather arbitrary unit, however, and it is not widely used in measuring sound. 

In this demonstration, we compare the thresholds of audibility (in a room) of tones 
having frequencies of 125, 250, 500, 1000, 2000, 4000, and 8000 Hz. The tones are 100 
ms in length and decrease in 10 steps of -5 dB each. 

Naturally, the threshold of audibility in a room depends very much on the character 
of the background noise. Nevertheless, in most rooms the threshold should increase 
measurably at low frequency. The listener should be reminded that pure tones cause 
standing waves in a room, especially at the higher frequencies, in which the maximum 
and minimum levels may differ by 10 dB or more. 

Commentary 

"First adjust the level of the following calibration tone so that it is just audible." 
"You will now hear tones at several frequencies, presented in 10 decreasing steps 
of 5 decibels. Count the number of steps you hear at each frequency. Frequency 
staircases are presented twice." 

References 

• H.Fletcher and W .A.Munson (1933), "Loudness, its definition, measurement and 
calculation," J. Acoust. Soc. Am. 5, 82-108. 

• ISO R226 (1961), "Normal equal-loudness contours for pure tones and normal 
threshold of hearing under free-field listening conditions," (International Stan
dards Organization, Geneva, Switzerland). 
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Demonstration 7. Loudness Scaling (2:58) 

Establishing a scale of subjective loudness requires careful psychoacoustical exper
imentation involving large numbers of subjects. A scale of sones, established on the 
basis of work by Stevens (1956) and others, has been widely used to describe subjective 
loudness. On this scale, the loudness in sones S is proportional to sound pressure p 
raised to the 0.6 power: 

S = Cpo.6, 

where C depends on the frequency. In other words, the loudness doubles for about a 10-
dB increase in sound pressure level. Other investigators have found that the exponent 
varies with tone frequency (generally increasing at low frequency and low level) and 
spectral content. Some investigators find the exponent to be as great as one (loudness 
proportional to sound pressure p), which leads to a loudness doubling for a 6-dB increase 
in sound pressure level (Warren, 1970). 

In this demonstration, a reference sound of broadband noise alternates with similar 
sounds having levels of 0, ±5, ±10, ±15 or ±20 dB with respect to the reference tone. 
The tones are 1 s long, separated by 250 ms of quiet, and the trials are separated by 
2.25 s of quiet. To help establish a scale, the reference tone is first presented along with 
the strongest and weakest sounds that will be heard. It is suggested that the reference 
tone be assigned a loudness of 100, although some teachers may prefer to use 30, or 50 
or some other number. 

The test tones at each level are as follows: 
+15, -5,-20, o, -10, +20, +5, +10, -15, 0, -10, +15, +20, -5, +10, -15, -5,-20, +5, +15 
dB. 
You may wish to plot all the student responses on a graph of subjective 'loudness (log 
scale) versus sound level (linear scale) to establish an average loudness scale. In this 
case, it would be advantageous to have each listener designate a test tone that sounds 
"twice as loud" as the reference tone by 200, and one that sounds "half as loud" by 50. 
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Commentary 

"In this experiment you will rate the loudness of 20 noise samples which are preceded 
by a fixed reference. First you hear the reference sound, followed by the strongest 
and weakest noise samples." 
"Now the twenty samples. For each sample, write down a number reHecting its 
loudness relative to the reference." 

References 

24 

• G.Canevet, R.Hellman and B.Scharf (1986), "Group estimation of loudness in 
sound fields," Acustica 60, 277-82. 

• R.M. Warren (1970), "Elimination of biases in loudness judgements for tones," J. 
Acoust. Soc. Am. 48, 1397-1403. 

• D.W.Robinson (1957), "The subjective loudness scale," Acustica 9, 344-58. 

• S.S.Stevens (1956), "The direct estimation of sensory magnitudes-loudness," Am. 
J. Psych. 6g, 1-25. 



Demonstration 8. Temporal Integration (2:02) 

How does the loudness of an impulsive sound compare with the loudness of a steady 
sound at the same sound level? Numerous experiments have pretty well established 
that the ear averages sound energy over about 0.2 s (200 ms), so loudness grows with 
duration up to this value. Stated another way, loudness level increases by 10 dB when 
the duration is increased by a factor of 10. The loudness level of broadband noise seems 
to depend somewhat more strongly on stimulus duration than the loudness level of pure 
tones, however. The graph below shows the approximate way in which loudness level 
changes with duration. 

Variation of loudness level wilh 
duration. (After Zwislocki, 1969). 

- 2S'-----=,'="o- --:-:,oo"="-- -:•:-:fooo=-
Duration (ms) 

In this demonstration, bursts of broadband noise having durations of 1000, 300, 100, 
30, 10, 3, and 1 ms are presented at 8 decreasing levels (0, -16, -20, -24, -28, -32, -36, 
and -40 dB) in the presence of a broadband masking noise. Each 8-step sequence is 
presented twice. · 

Commentary 

"ln this experiment the level of a broadband noise signal decreases in 8 steps for 
several signal durations. Staircases are presented twice for each signal duration. 
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Count the number of steps you hear in each case." 

References 

• D.M.Green, T.G.Birdsall, and W.P.Tanner (1957), "Signal detection as a function 
of intensity and duration," J. Acoust. Soc. Am. 29, 523-31. 

• R.Plomp and M.A.Bouman (1959), "Relation between hearing threshold and du
ration for tone pulses," J. Acoust. Soc. Am. 91, 749-58. 

• W.Reichardt and H.Niese (1970), "Choice of sound duration and silent intervals 
for test and comparison signals in the subjective measurement of loudness level," 
J. Acoust. Soc. Am . ../1, 1083-90. 

• J.J.Zwislocki (1969), "Temporal summation of loudness," J . Acoust. Soc. Am. 
46, 431-41. 
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SECTION III. MASKING 

When the ear is exposed to two or more different tones, it is a common experience 
that one tone may mask the others. Masking is probably best explained as an upward 
shift in the hearing threshold of the weaker tone by the louder tone and depends on the 
frequencies of the two tones. Pure tones, complex sounds, narrow and broad bands of 
noise all show differences in their ability to mask other sounds. Masking of one sound 
can even be caused by another sound that occurs a split second before or after the 
masked sound. 

Some interesting conclusions can be drawn from the many masking experiments that 
have been performed: 

1. Pure tones close together in frequency mask each other more than tones 
widely separated in frequency. 

2. A pure tone masks tones of higher frequency more effectively than tones of 
lower frequency. 

3. The greater the intensity of the masking tone, the broader the range of 
frequencies it can mask. 

4. Masking by a narrow band of noise shows many of the same features as 
masking by a pure tone; again, tones of higher frequency are masked more 
effectively than tones having a frequency below the masking noise. 

5. Masking of tones by broadband ("white") noise shows an approximately lin
ear relationship between masking and noise level {that is, increasing the noise 
level 10 dB raises the hearing threshold by the same amount). 8roadband 
noise masks tones of all frequencies. 

6. Forward masking refers to the masking of a tone by a sound that ends a short 
time (up to about 20 or 30 milliseconds) before the tone begins. Forward 
masking suggests that recently stimulated cells are not as sensitive as fully
rested cells. 
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7. Backward masking refers to the masking of a tone by a sound that begins 
a few milliseconds later. A tone can be masked by a noise that begins up 
to 10 milliseconds later, although the amount of masking decreases as the 
time interval increases (Elliot, 1962). Backward masking apparently occurs 
at higher centers of processing where the later-occurring stimulus of greater 
intensity overtakes and interferes with the weaker stimulus. 

Some of the conclusions just stated can be understood by considering the way in 
which pure tones excite the basilar membrane. High-frequency tones excite the basilar 
membrane near the oval window, whereas low-frequency tones create their greatest 
amplitude at the far end. The excitation due to a pure tone is asymmetrical, however, 
having a tail that extends toward the high-frequency end. Thus it is easier to mask a 
tone of higher frequency than one of lower frequency. As the intensity of the masking 
tone increases, a greater part of its tail has amplitude sufficient to mask tones of higher 
frequency. This "upward spread" of masking tends to reduce the perception of the 
high-frequency signals that are so important in the intelligibility of speech. 

References 

• E.Zwicker and R.Feldtkeller (1967), Das Ohr als Nachrichtenempfanger (Hirzel 
Verlag, Stuttgart). 

• B.C.J.Moore (1982), An Introduction to the Psychology of Hearing (Academic 
Press, London). 

• T.D.Rossing (1982), The Science of Sound (Addison-Wesley, Reading, MA). Chap. 
6. . 

• B.Scharf and S.Buus (1986), "Audition I: Stimulus, Physiology, Thresholds," in 
Handbook of Perception and Human Performance, ed. K.R.Boff, L.Kaufman and 
J.P.Thomas (J. Wiley, New York). · 
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Demonstration 9. Asymmetry of Masking by Pulsed Tones (1:31) 

A pure tone masks tones of higher frequency more effectively than tones of lower 
frequency. This may be explained by reference to the simplified response of the basilar 
membrane for two pure tones A and B shown in the figure below. In (a), the exitations 
barely overlap; little masking occurs. In (b) there is appreciable overlap; tone B masks 
tone A more than A masks B. In (c) the more intense tone B almost completely masks 
the higher-frequency tone A. In (d) the more intense tone A does not mask the lower
frequency tone B. 

lli&hlloQ~ 
(•) k;: 

Oval 

(b) tlwbldo~ 

C<l tl---~c:...,. _ _..._ __ .._s ___ _ 

(d) .~ 
Simplified response of the basilar 
membrane (from Rossing, 1982). 

u L 
Test Tone J !1-1 -:----~ 

j.zoo m.,j J.1oo ms 
L 

Pulses used in this demonstration 

This demonstration uses tones of 1200 and 2000 Hz, presented as 200-ms tone bursts 
separated by 100 ms (see figure above). The test tone, which appears every other pulse, 
decreases in 10 steps of 5 dB each, except the first step which is 15 dB. 
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Commentary 

"A masking tone alternates with the combination of masking tone plus a stepwise
decreasing test tone. First the masker is 1200Hz and the test tone is 2000Hz, then 
the masker is 2000 Hz and the test tone is 1200 Hz. Count how many steps of the 
test tone can be heard in each case." 

References 

• G.von Bekesy (1970), "Traveling waves as frequency analyzers in the cochlea," 
Nature 225, 1207-09. 

• J .P.Egan and H.W.Hake (1950), "On the masking pattern of a simple auditory 
stimulus," J. Acoust. Soc. Am. 22, 622-30. 

• R.Patterson and D.Green (1978), "Auditory masking," in Handbook of Perception, 
Vol. 4: Hearing, ed. E.Carterette and M.Friedman (Academic Press, New York) 
pp. 337-62. 

• T.D.Rossing (1982), The Science of Sound (Addison-Wesley, Reading, MA). Chap. 
6. 

• J.J.Zwislocki (1978), "Masking:''Experimental and theoretical aspects of simulta
neous, forward, backward, and central masking," in Handbook of Perception, Vol. 
4: Hearing, ed. E.Carterette and M.Friedman (Academic Press, New York) pp. 
283-336. 
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Demonstration 10. Backward and Forward Masking (4:18) 

Masking can occur even when the tone and the masker are not simultaneous. Forward 
masking refers to the masking of a tone by a sound that ends a short time (up to about 
20 or 30 ms) before the tone begins. Forward masking suggests that recently stimulated 
sensors are not as sensitive as fully-rested sensors. Backward masking refers to the 
masking of a tone by a sound that begins a few milliseconds after the tone has ended. 
A tone can be masked by noise that begins up to 10 ms later, although the amount 
of masking decreases as the time interval increases (Elliot, 1962). Backward masking 
apparently occurs at higher centers of processing in the nervous system where the neural 
correlates of the later-occurring stimulus of greater intensity overtake and interfere with 
those of the weaker stimulus. 

First the signal (10-ms bursts of a 2000-Hz sinusoid) is presented in 10 decreasing 
steps of -4 dB without a masker. Next, the 2000-Hz signal is followed after a time gap 
t by 250-ms bursts of noise (1900-2100 Hz) . The time gap t is successively 100 ms, 20 
ms, and 0. The sequence is repeated. 

Backward 
Masking 

_j Noise 
250 ms 

signalru 
10 ms t Noise L 

250 ms 

Finally, the masker is presented before the tone, again with t = 100 ms, 20 ms, and 0. 

Forward 
Masking 

Noise 
250 ms 

Noise 
250 ms 

t1tsign.U 
t lOms 
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Commentary 

"First you will hP.ar a brief sinusoidal tone, decreasing in 10 steps of 4 decibels 
each." 
"Now the same signal is followed by a noise burst with a brief time gap in between . 
It is heard alternating with the noise burst alone. For three decreasing time-gap 
values, you will hear two staircases. Count the number of steps for which you can 
hear the brief signal preceding the noise." 
"Now the noise burst precedes the signal. Again two staircases are heard for each 
of the same three time-gap values. Count the number of steps that you can hear 
the signal following the noise." 

References 

• H.Duifhuis (1973), "Consequences of peripheral frequency selectivity for nonsi
multaneous masking," J. Acoust. Soc. Am. 54, 1471-88. 

• L.L.Elliot (1962), "Backward and forward masking of probe tones of different 
frequencies," J. Acoust. Soc. Am. 94, 1116-17. 
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• J.H.Patterson (1971), "Additivity of forward and backward masking as a function 
of signal frequency," J. Acoust. Soc. Am. SO, 1123-25. 



Demonstration 11. Pulsation Threshold (0:42) 

Perception (e.g.,visual, auditory) is an interpretive process. If our view of one object 
is obscured by another, for example, our perception may be that of two intact objects 
even though this information is not present in the visual image. In general, our inter
pretive processes provide us with an accurate picture of the world; occasionally, they 
can be fooled (e.g., visual or auditory illusions). 

Such interpretive processes can be demonstrated by alternating a sinusoidal signal 
with bursts of noise. Whether the signal is perceived as pulsating or continuous depends 
upon the relative intensities of the signal and noise. 

In this demonstration, 125-ms bursts of a 2000-Hz tone alternate with 125-ms bursts 
of noise {1875-2125 Hz), as shown below. The noise level remains constant, while the 
tone level decreases in 15 steps of -1 dB after each 4 tones. 

St. N are 0 dB; S2 is -1 dB, etc. 

The pulsation threshold is given by the level at which the 2000-Hz tone begins to 
sound continuous. 
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Commentary 

"You will hear a 2000-Hz tone alternating with a band of noise centered around 2000 
Hz. The tone intensity decreases one decibel after every four tone presentations. 
Notice when the tone begins to appear continuous." 

References 
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• A.S.Bregman (1978), "Auditory streaming: competition among alternative orga
nizations," Percept. Psychophys. 29, 391-98. 

• T.Houtgast (1972), "Psychophysical evidence for lateral inhibition in hearing," J. 
Acoust. Soc. Am. 51, 1885-94. 



SECTION IV. PITCH 

A. Pitch of Pure Tones 

Pitch is often defined as the characteristic of a sound that makes it sound high or 
low, or that determines its position on a musical scale. Pitch is related to the repetition 
rate of the waveform of a sound. For a pure tone, this corresponds to the frequency; for 
a 'complex tone it usually (but not always) corresponds to the fundamental frequency. 
Frequency is the most important contributor to the sensation of pitch, but not the only 
one by any means. Other contributors to pitch include intensity, spectrum, duration, 
amplitude envelope, and the presence of other sounds. 

Various attempts have been made to establish a psychophysical pitch scale. If, after 
listening to a 4000-Hz tone followed by a tone of very low frequency, one is asked to 
tune an oscillator to a pitch halfway between, a likely choice would be around 1000 Hz. 
On a scale of pitch, then, 1000 Hz is judged halfway between 0 and 4000 Hz. The unit 
for subjective pitch is the me/; the scale is arranged so that doubling the number of mels 
doubles the subjective pitch. A scale from 0 to 2400 mels covers the audible range of 
20 to 16,000 Hz. 

A numerical scale of pitch (in mels) is not nearly so useful as a numerical scale 
of loudness (in sones), however. Pitch is more often related to a musical scale, where 
the octave is the "natural" pitch interval that is subdivided into the desired number of 
steps. 

Two major theories of pitch perception have been developed; they are usually re
ferred to as the place (or frequency) theory and the periodicity (or time) theory. Accord
ing to the place theory, the cochlea converts a vibration in time to a vibration pattern 
in space (along the basilar membrane), and this in turn excites a spatial pattern of 
neural activity. The place theory explains some aspects of auditory perception but fails 
to explain others. 

According to the periodicity theory of pitch, the ear performs a temporal analysis 
of the sound wave. Presumably, the time distribution of impulses carried along the 
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auditory nerve has encoded into it the temporal structure of the sound wave. 

References 
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• B.C.J.Moore (1982), An Introduction to the Psychology of Hearing {Academic 
Press, London) . Chap. 4. 

• T .D.Rossing (1982), The Science of Sound {Addison-Wesley, Reading, MA). Chap. 
7. 

• B.Scharf and A.J.M.Houtsma {1986) , "Audition II: Loudness, pitch, localization, 
aural distortion, pathology," in Handbook of Perception and Human Performance, 
Vol. 1, ed. K.R.Boff, L.Kaufman, and J.P.Thomas (J. Wiley, New York) . 



Demonstration 12. Dependence of Pitch on Intensity (0:48) 

Early experimenters reported substantial pitch dependence on intensity. Stevens 
(1935), for example, reported apparent frequency changes as large as 12% as the sound 
level of sinusoidal tones increased from 40 to 90 dB. It now appears that the effect is 
small and varies considerably from subject to subject. Whereas Terhardt (1974) found 
pitch changes for some individuals as large as those reported by Stevens, averaging over 
a group of observers made them insignificant. 

Using tones of long duration, Stevens (1935) found that tones below 1000Hz decrease 
in apparent pitch with increasing intensity, whereas tones above 2000 Hz increase their 
pitch with increasing intensity. Using 40-ms bursts, however, Rossing and Houtsma 
(1986) found a monotonic decrease in pitch with intensity over the frequency range 
200-3200 Hz, as did Doughty and Garner (1948) using 12-ms bursts. 

In the demonstration, we use 500-ms tone bursts having frequencies of 200, 500, 
1000, 3000, and 4000 Hz. Six pairs of tones are presented at each frequency, with the 
second tone having a level that is 30 dB higher than the first one (which is 5 dB above 
the 200-Hz calibration tone). For most pairs, a slight pitch change will be audible. 

Commentary 

"First, a 200-Hz calibration tone. Adjust the level so that it is just audible". 
"Now, 6 tone pairs are presented at various frequencies. Compare the pitches for 
each tone pair." 

References 

• J.M.Doughty and W.M.Garner (1948), "Pitch characteristics of short tones II: 
Pitch as a function of duration," J. Exp. Psycho!. 98, 478-94. 

• T.D.Rossing and A.J.M.Houtsma (1986), "Effects of signal envelope on the pitch 
of short sinusoidal tones," J. Acoust. Soc. Am. 79, 1926-33. 
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• S.S.Stevens (1935), "The relation of pitch to intensity," J. Acoust. Soc. Am. 6, 
150-54. 

• E.Terhardt (1974), "Pitch of pure tones: its relation to intensity," in Facts and 
Models in Hearing, ed. E.Zwicker and E.Terhardt (Springer Verlag, New York) 
pp. 353-60. 

• J.Verschuure and A.A.van Meeteren (1975), "The effect of intensity on pitch," 
Acustica 92, 33-44. 
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Demonstration 13. Pitch Salience and Tone Duration (0:50) 

How long must a tone be heard in order to have an identifiable pitch? Early exper
iments by Savart (1830) indicated that a sense of pitch develops after only two cycles. 
Very brief tones are described as "clicks," but as the tones lengthen, the clicks take on 
a sense of pitch which increases upon further lengthening. 

It has been suggested that the dependence of pitch salience on duration follows a 
sort of "acoustic uncertainty principle", 

!:!./ t:.t = K, 

where b./ is the uncertainty in frequency and b.t is the duration of a tone burst. K, 
which can be as short as 0.1 (Majernik and Kaluzny, 1979), appears to depend upon 
intensity and amplitude envelope (Ronken, 1971). The actual pitch appears to have little 
or no dependence upon duration (Doughty and Garner, 1948; Rossing and Houtsma, 
1986). 

In this demonstration, we present tones of 300, 1000, and 3000 Hz in bursts of 1, 2, 
4, 8, 16, 32, 64, and 128 periods. How many periods are necessary to establish a sense 
of pitch? 

Commentary 

"In this demonstration, three tones of increasing durations are presented. Notice 
the change from a click to a tone. Sequences are presented twice." 

References 

• J.M.Doughty and W.M.Garner (1948), "Pitch characteristics of short tones II: 
pitch as a function of duration," J. Exp. Psych. 98, 478-94. 

• V.Majernik and J.Kaluzny (1979), "On the auditory uncertainty relations," Acus
tica 4 9, 132-46. 
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• D.A.Ronken (1971), "Some effects of bandwidth-duration constraints on frequency 
discrimination," J. Acoust. Soc. Am. 49, 1232-42. 

• T.D.Rossing and A.J.M.Houtsma (1986), "Effects of signal envelope on the pitch 
of short sinusoidal tones," J . Acoust. Soc. Am. 79, 1926-33. 

• F.Savart (1830), "Uber die Ursachen der Tonhohe," Ann. Phys. Chern. 51, 555. 
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Demonstration 14. Influence of Masking Noise on Pitch (0:28) 

The pitch of a tone is influenced by the presence of masking noise or another tone 
near to it in frequency. If the interfering tone has a lower frequency, an upward shift 
in the test tone is always observed. If the interfering tone has a higher frequency, a 
downward shift is observed, at least at low frequency ( < 300 Hz). Similarly, a band of 
interfering noise produces an upward shift in a test tone if the frequency of the noise is 
lower (Terhardt and Fast), 1971). 

In this demonstration, a 1000-Hz tone, 500 ms in duration and partially masked by 
noise low-pass filtered at 900 Hz, alternates with an identical tone, presented without 
masking noise. The tone partially masked by noise of lower frequency appears slightly 
higher in pitch (do you agree?). When the noise is turned off, it is clear that the two 
tones were identical. 

Commentary 

"A partially masked 1000-Hz tone alternates with an unmasked 1000-Hz comparison 
tone. Compare the pitches of the two tones." 

References 

• B.Scharf and A.J.M.Houtsma (1986), "Audition II: Loudness, pitch, localization, 
aural distortion, pathology," in Handbook of Perception and Human Performance, 
Vol. 1, ed. K.R.Boff, L.Kaufman, and J .P.Thomas (J. Wiley, New York) 

• E.Terhardt and H.Fastl (1971), "Zum Einfluss von Stortonen und Storgerauschen 
auf die Tonhohe von Sinustonen," Acustica 25, 53-61. 
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Demonstration 15. Octave Matching (1:46) 

Experiments on octave matching usually indicate a preference for ratios that are 
greater than 2.0. This preference for stretched octaves is not well understood. It is 
only partly related to our experience with hearing stretch-tuned pianos. More likely, 
it is related to the phenomenon we encountered in Demonstration 14, although in this 
demonstration the tones are presented alternately rather than simultaneously. 

In this demonstration, a 500-Hz tone of one second duration alternates with another 
tone that varies from 985 to 1035 Hz in steps of 5 Hz. Which one sounds like a correct 
octave? Most listeners will probably select a tone somewhere around 1010 Hz. 

Commentary 

"A 500-Hz tone alternates with a stepwise increasing comparison tone near 1000Hz. 
Which step seems to represent a "correct" octave? The demonstration is presented 
twice". 

References 

• D.AIIen (1967), "Octave discriminibility of musical and non-musical subjects," 
Psychonomic Sci. 7, 421-22. 

• E.M.Burns and W.D.Ward (1982), "Intervals, scales, and tuning," in The Psy
chology of Music, ed. D.Deutsch (Academic Press, New York) pp. 241-69. 

• J.E.F.Sundberg and J.Lindqvist (1973), "Musical octaves and pitch," J. Acoust. 
Soc. Am. 54, 922-29. 

• W.D.Ward (1954), "Subjective musical pitch," J. Acoust. Soc. Am. 26, 369-80. 
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Demonstration 16. Stretched and Compressed Scales (0:59) 

This demonstration, for which we are indebted to E.Terhardt, illustrates that to 
many listeners an over-stretched intonation, such as case (b) is acceptable, whereas a 
compressed intonation (a) is not. Terhardt has found that about 40% of a large audience 
will judge intonation (b) superior to the other two. The program is as follows: 
a) intonation compressed by a semitone (bass in C, melody in B); 
b) intonation stretched by a semitone (bass inc, melody in c•); 
c) intonation "mathematically correct" (bass and melody in C). 

Commentary 

"You will hear a melody played in a high register with an accompaniment in a low 
register. Which of the three presentations sounds best in tune?" 

In case you wish to sing along, here are some words to go with the melody: 

In Miinchen steht ein Hofbrauhaus, eins, zwei gsuffa 
Da lauft so manches Wasser! aus, eins, zwei, gsuffa 
Da hat so mancher brave Mann, eins, zwei, gsuffa 
Gezeigt was er vertragen kann, 
Schon friih am Morgen fangt er an 
Und spat am Abend hort er auf 
So schon ist's im Hofbrauhaus! 
(authenticity not guaranteed) 

References 

• E.Terhardt and M.Zick (1975), "Evaluation of the tempered tone scale in normal, 
stretched, and contracted intonation," Acustica Sf, 268-74. 

• E.M.Burns and W.D.Ward (1982), "Intervals, scales, and tuning," in The Psy
chology of Music, ed. D.Deutsch (Academic Press, New York) pp. 241-69. 
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Demonstration 17. Frequency Difference Limen or JND (2:16) 

The ability to distinguish between two nearly equal stimuli is often characterized 
by a difference limen (DL) or just noticeable difference (jnd). Two stimuli cannot be 
consistently distinguished from one another if they differ by less than a jnd. 

The jnd for pitch has been found to depend on the frequency, the sound level, the 
duration of the tone, and the suddenness of the frequency change. Typically, it is found 
to be about 1/30 of the critical bandwidth at the same frequency. 

In this demonstration, 10 groups of 4 tone pairs are presented. For each pair, the 
second tone may be higher (A) or lower (B) than the first tone. Pairs are presented in 
random order within each group, and the frequency difference decreases by 1 Hz in each 
successive group. The tones, 500 ms long, are separated by 250 ms. Following is the 
order of pairs within each group, where A represents (f,f+ll.f), B represents (f+ll.f,f), 
and f equals 1000 Hz: 

Group M(Hz) Key Group M (Hz) Key 
1 10 A,B,A,A 6 5 A,B,A,A 
2 9 A,B,B,B 7 4 B,B,A,A 
3 8 B,A,A,B 8 3 A,B,A,B 
4 7 B,A,A,B 9 2 B,B,B,A 
5 6 A,B,A,B 10 1 B,A,A,B 

Commentary 

"You will hear ten groups of four tone pairs. In each group there is a small frequency 
difference between the tones of a pair, which decreases in each successive group ." 

References 

• B.C.J.Moore (1974), "Relation between the critical bandwidth and the frequency 
difference limen," J. Acoust. Soc. Am. 55, 359. 
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• C.C.Wier, W.Jesteadt, and D.M.Green (1977), "Frequency discrimination as a 
function of frequency and sensation level," J . Acoust. Soc . Am . 61, 178-84. 

• E.Zwicker (1970), "Masking and psychological excitation as consequences of the 
ear's frequency analysis ," in Frequency Analysis and Periodicity Detection in Hear

.. ing, ed . R .Plomp and G.F .Smoorenburg (Sijthoff, Leiden) . 
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Demonstration 18. Logarithmic and Linear Frequency Scales (1:37) 

A musical scale is a succession of notes arranged in ascending or descending order. 
Most musical composition is based on scales, the most common ones being those with five 
notes (pentatonic) , twelve notes (chromatic), or seven notes (major and minor diatonic, 
Dorian and Lydian modes, etc.). Western music divides the octave into 12 steps called 
semitones. All the semitones in an octave constitute a chromatic scale or 12-tone scale. 
However, most music makes use of a scale of seven selected notes, designated as either 
a major scale or a minor scale and carrying the note name of the lowest note. For 
example, the C-major scale is played on the piano by beginning with any C and playing 
white keys until another C is reached. 

Other musical cultures use different scales. The pentatonic or five-tone scale, for 
example, is basic to Chinese music but also appears in Celtic and Native American 
music. A few cultures, such as the Nasca Indians of Peru, have based their music on 
linear scales (Haeberli, 1979) , but these are rare. Most music is based on logarithmic 
(steps of equal frequency ratio 6.// f) rather than linear (steps of equal frequency !::.f) 
scales . 

In this demonstration we compare both 7-step diatonic and 12-step chromatic scales 
with linear and logarithmic steps. 

Commentary 

"Eight- note diatonic scales of one octave are presented. Alternate scales have linear 
and logarithmic steps. The demonstration is repeated once." 
"Next, 13-note chromatic scales are presented, again alternating between scales 
with linear and logarithmic steps." 

References 

• A.H.Benade (1976), Fundamentals of Musical Acoustics (Oxford Univ ., New York) . 
Chap. 15. 



• E.M.Burns and W.D. Ward (1982), "Intervals, scales , and tuning," in The Psy-
chology of Music, ed. D.Deutsch (Academic Press, New York) . pp. 241-69. 

• J.Haeberli (1979), "Twelve Nasca panpipes: A study," Ethomusicology 23, 57-74. 

• . D.E.Hall {1980), Musical Acoustics (Wadsworth, Belmont, CA) pp. 444-51. 

• T .D.Rossing {1982), The Science of Sou.nd (Addison-Wesley, Reading, MA) Chap. 
9. 
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Demonstration 19. Pitch Streaming (1:22) 

It is clear in listening to melodies that sequences of tones can form coherent patterns. 
This is called temporal coherence. When tones do not form patterns, but seem isolated, 
that is called fission. 

Temporal coherence and fission are illustrated in a demonstration first presented by 
van Noorden (1975) and included in the "Harvard tapes" (1978). Van Noorden describes 
it as a "galloping rhythm." 

We present tones A and B in the sequence ABA ABA. Tone A has a frequency 
of 2000 Hz, tone B varies from 1000 to 4000 Hz and back again to 1000 Hz . Near 
the crossover points, the tones appear to form a coherent pattern, characterized by a 
galloping rhythm, but at large intervals the tones seem isolated, illustrating fission. 

Commentary 

"In this experiment a fixed tone A and a variable tone B alternate in a fast sequence 
ABA ABA. At some places you may hear a "galloping rhythm," while at other places 
the sequences of tone A and B seem isolated ." 

References 

• A.S.Bregman (1978), "Auditory streaming: competition among alternative orga
nizations ," Percept. Psychophys. 29, 391-98. 

• L.P.A.S.van Noorden (1975), Temporal Coherence in the Perception of Tone Se
quences. Doctoral dissertation with phonograph record (Institute for Perception 
Research, Eindhoven, The Netherlands) . 

• Harvard University Laboratory of psychophysics (1978), "Auditory demonstration 
tapes," No. 18. 
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B. Pitch of Complex Tones 

One of the most remarkable properties of the auditory system is its ability to extract 
pitch from complex tones. When the complex tone consists of a number of harmonically 
related partials, the pitch corresponds to the "missing fundamental." This pitch is often 
referred to as pitch of the missing fundamental, virtual pitch, or musical pitch. 

When the partials are not exactly harmonics of a missing fundamental, we arrive at 
a "virtual pitch" by some strategy that may weigh several possibilities, and when the 
choice is difficult the pitch may be ambiguous. 

Familiar examples of such virtual pitch are the bass notes we hear from loudspeakers 
of very small size that radiate negligible power at low frequencies, and the subjective 
strike note of carillon bells, tuned church bells and orchestral chimes. 

References 

• E. de Boer (1976), "On the residue and auditory pitch perception," in Handbook of 
Sensory Physiology, ed. W.D.Keidel and W.D.Neff, (Springer Verlag, New York), 
pp. 479-583. 

• J.L.Goldstein (1973), "An optimal processor for the central formation of the pitch 
of complex tones," J. Acoust. Soc. Am. 54, 1496-1516. 

• E.Terhardt (1979), "Calculating virtual pitch," Hearing Res. 1, 155-182. 
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Demonstration 20. Virtual Pitch (0:41) 

A complex tone consisting of 10 harmonics of 200 Hz having equal amplitude is 
presented, first with all harmonics, then without the fundamental, then without the 
two lowest harmonics, etc. Low-frequency noise (300-Hz lowpass, -10 dB) is included 
to mask a 200-Hz difference tone that might be generated due to distortion in playback 
equipment. 

Commentary 

"You will hear a complex tone with 10 harmonics, first complete and then with the 
lower harmonics successively removed . Does the pitch of the complex change ? The 
demonstration is repeated once." 

References 

• A.J .M.Houtsma and J .L.Goldstein (1972), "The central origin of the pitch of com
plex tones: evidence from musical interval recognition," J. Acoust. Soc. Am. 51, 
520-529. 

• J .F.Schouten (1940), "The perception of subjective tones," Proc. Kon. Ned. 
Akad. Wetenschap 41, 1086-1093. 
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• A.Seebeck (1841), "Beobachtungen iiber einige Bedingungen der Entstehung von 
Tonen," Ann. Phys. Chern. 59, 417-436. 



Demonstration 21. Shift of Virtual Pitch (1:08) 

A tone having strong partials with frequencies of 800, 1000, and 1200 Hz will have 
a virtual pitch corresponding to the 200-Hz missing fundamental, as in Demonstration 
20. If each of these partials is shifted upward by 20 Hz, however, they are no longer 
exact harmonics of any fundamental frequency around 200 Hz. The auditory system 
will accept them as being "nearly harmonic" and identify a virtual pitch slightly above 
2QO Hz (approximately H8!0 + 1~20 + 1~20 ) = 204 Hz in this case). The auditory system 
appears to search for a "nearly common factor" in the frequencies of the partials. 

Note that if the virtual pitch were created by some kind of distortion, the resulting 
difference tone would remain at 200 Hz when the partials were shifted upward by the 
same amount. 

In this demonstration, the three partials in a complex tone, 0.5 s in duration, are 
shifted upward in ten 20-Hz steps while maintaining a 200-Hz spacing between partials. 
You will almost certainly hear a virtual pitch that rises from 200 to about ~ ( 1~0 + llf2 + 
!.~®) = 241 Hz. At the same time, you may have noticed a second rising virtual pitch 
that ends up at H 1~ + 1~00 + 1~00 ) = 200 Hz and possibly even a third one, as shown 
in Fig. 2 in Schouten et al. (1962) 

In the second part of the demonstration it is shown that virtual pitches of a complex 
tone having partials of 800, 1000, and 1200 Hz and one having partials of 850, 1050, 
and 1250Hz can be matched to harmonic complex tones with fundamentals of 200 and 
210 Hz respectively. 

Commentary 

"You will hear a three-tone harmonic complex with its partials shifted upward in 
equal steps until the complex is harmonic again . The sequence is repeated once" . 
"Now you hear a three-tone complex of 800, 1000 and 1200 Hz, followed by a 
complex of 850, 1050 and 1250 Hz. As you can hear, their virtual pitches are well 
matched by the regular harmonic tones with fundamentals of 200 and 210 Hz. The 
sequence is repeated once" 
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References 

• J.F.Schouten, R.L.Ritsma and B.L.Cardozo (1962), "Pitch of the residue," J. 
Acoust. Soc. Am. 94, 1418-1424. 

• G.F.Smoorenburg (1970), "Pitch perception of two-frequency stimuli," J . Acoust. 
Soc. Am. 4 8, 926-942. 
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Demonstration 22. Masking Spectral and Virtual Pitch (1:28) 

This demonstration uses masking noise of high and low frequency to mask out, 
alternately, a melody carried by single pure tones of low frequency and the same melody 
resulting from virtual pitch from groups of three tones of high frequency (4th, 5th and 
6.th harmonics). The inability of the low-frequency noise to mask the virtual pitch in 
the same range points out the inadequacy of the place theory of pitch. 

Commentary 

"You will hear the familiar Westminster chime melody played with pairs of tones. 
The first tone of each pair is a sinusoid, the second a complex tone of the same 
pitch." 
"Now the pure-tone notes are masked with low-pass noise. You will still hear the 
pitches of the complex tone" 
"Finally the complex tone is masked by high-pass noise. The pure-tone melody is 
still heard". 

References 

• J.C.R.Licklider (1955), "Influence of phase coherence upon the pitch of complex 
tones," J. Acoust. Soc. Am. 27, 996 (A) 

• R.J.Ritsma and B.L.Cardozo (1963/64), "The perception of pitch," Philips Techn. 
Review 25, 37-43. 
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Demonstration 23. Virtual Pitch with Random Harmonics (1:03) 

This demonstration compares the virtual pitch and the timbre of complex tones with 
low and high harmonics of a missing fundamental. Within three groups (low, medium, 
high harmonics) the harmonic numbers are randomly chosen. The Westminster chime 
melody is clearly recognizable in all three cases. This shows that the recognition of 
a virtual-pitch melody is not based on aural tracking of a particular harmonic in the 
successive complex-tone stimuli. 

Commentary 

"The tune of the Westminster chime is played with tone complexes of three ran
dom successive harmonics. In the first presentation harmonic numbers are limited 
between 2 and 6" 
"Now harmonic numbers are between 5 and 9" 
"Finally harmonic numbers are between 8 and 12" 

References 

• A.J.M.Houtsma (1984), "Pitch salience of various complex sounds," Music Perc. 
1, 296-307. 
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Demonstration 24. Strike Note of a Chime (1:22) 

In a carillon bell or a tuned church bell, the pitch of the strike note nearly coincides 
with the second partial (called the Fundamental or Prime), and thus the two are diffi
cult to separate. In most orchestral chimes, however, the strike note lies between the 
second and third partial (Rossing, 1982) . Its pitch is usually identified as the missing 
fundamental of the 4th, 5th and 6th partials, which have frequencies nearly in the ratio 
2:3:4. A few listeners identify the chime strike note as coinciding with the 4th partial 
(an octave higher) . In which octave do you hear it ? 

Commentary 

"An orchestral chime is struck eight times, each time preceded by cue tones equal 
to the first eight partials of the chime" 
"The chime is now followed by a tone matching its nominal pitch or strike note" 

References 

• T.D.Rossing (1982) The Science of Sound,' (Addison-Wesley, Reading MA), pp. 
241-242. 
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Demonstration 25. Analytic vs. Synthetic Pitch (0:28) 

Our auditory system has the ability to listen to complex sounds in different modes. 
When we listen analytically, we hear the different frequency components separately; 
when we listen synthetically or holistically, we focus on the whole sound and pay little 
attention to its components. 

In this demonstration, which was originally described by Smoorenburg (1970), a 
two-tone complex of 800 and 1000 Hz is followed by one of 750 and 1000 Hz. If you 
listen analytically, you will hear one partial go down in pitch; if you listen synthetically 
you will hear the pitch of the missing fundamental go up in pitch (a major third, from 
200 to 250 Hz). 

Commentary 

"A pair of complex tones is played four times against a background of noise. Do 
you hear the pitch go up or down ?" 

References 

• H.L.F. von Helmholtz (1877), On the Sensation of Tone, 4th ed. Trans!., A.J .Ellis, 
(Dover, New York, 1954). 

• G.F.Smoorenburg (1970), "Pitch perception of two-frequency stimuli," J. Acoust. 
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Soc. Am. 48, 924-942. 

• E.Terhardt (1974), "Pitch, consonance and harmony," J. Acoust. Soc. Am. 55, 
1061-1069. 



C. Repetition Pitch 

In 1693, astronomer Christiaan Huygens, standing at the foot of a staircase at the 
castle at Chantilly de Ia Cour in France, noticed that sound from a nearby fountain 
produced a certain pitch. He correctly observed that the pitch was that of an open 
organ pipe whose length corresponded to the depth of one stair tread and concluded 
that the perceived pitch was caused by periodic reflections of the sound against the steps 
of the staircase. What Huygens discovered is that, when one or more delayed repetitions 
combine with the original sound, the resulting sound has a pitch which corresponds to 
the inverse of the time delay. This phenomenon is often called repetition pitch. The 
original sound can be noise, music, speech, single pulses, combinations of pulses, or just 
about any sound. Because the frequency response characteristic of such a time delay 
system has a comblike structure, the process is often referred to as comb filtering. The 
pitch effect is audible for time delays ranging from 1 to 10 ms. 

References 

• F .A.Bilsen (1969/1970), "Repetition pitch and its implication for hearing theory," 
Acustica 22, 63-72. 
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Demonstration 26. Scales with Repetition Pitch (1:25) 

One way to demonstrate repetition pitch in a convincing way is to play scales or 
melodies using pairs of pu!ses with appropriate time delays between members of a pair. 

In the first demonstration, a 5-octave diatonic scale is presented using pairs of iden
tical pulses. In each pair the second pulse repeats the first, with a certain time delay r, 
which changes from 15 ms to 0.48 ms as we proceed up the scale. 

Next a 4-octave diatonic scale is presented using trains of pulse pairs that occur 
at random times. Time intervals between leading pulses have a Poisson distribution. 
Delay times r between pulses of each pair vary from 15 to 0.95 ms. Although the pulses 
now appear at random times, a pitch corresponding to 1/r is heard, as in the first 
demonstration. 

The final demonstration is a 4-octave diatonic scale played with bursts of white noise 
that are echoed 15 ms to 0 .95 ms later. 

Commentary 

"First you will hear a 5-octave diatonic scale played with pulse pairs" 
"Now you hear a 4-octave diatonic scale played with pulse pairs that are samples 
of a Poisson process" 
"Finally you hear a 4-octave diatonic scale played with bursts of echoed or 'comb
filtered' white noise" 

References 

• F.A.Bilsen (1966), "Repetition pitch: monaural interaction of a sound with repe
tition of the same, but phase shifted sound", Acustica 17, 295-300. 
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D. Pitch Paradox 

Demonstration 27. Circularity in Pitch Judgment (1:20) 

One of the most widely used auditory illusions is Shepard's (1964} demonstration of 
pitch circularity, which has come to be known as the "Shepard Scale" demonstration. 
The demonstration uses a cyclic set of complex tones, each composed of 10 partials sep
arated by octave intervals. The tones are cosinusoidally filtered to produce the sound 
level distribution shown below, and the frequencies of the partials are shifted upward 
in steps corresponding to a musical semitone (:::::6%). The result is an "ever-ascending" 
scale, which is a sort of auditory analog to the ever-ascending staircase visual illusion. 

Several variations of the original demonstration have been described. J-C. Risset 
created a continuous version. Other variations are described by Burns (1981}, Teranishi 
(1986), and Schroeder (1986). 

Commentary 

"Two examples of scales that illustrate circularity in pitch judgment are presented. 
The first is a discrete scale of Roger N. Shepard, the second a continuous scale of 
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Jean-Claude Risset" . 

References 

• R.N.Shepard (1964), "Circularity in judgments of relative pitch," J. Acoust. Soc. 
Am. 96, 2346-2353. 

• !.Pollack (1977), "Continuation of auditory frequency gradients across temporal 
breaks," Perception and Psychophys. 21, 563-568. 
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• E.M.Burns (1981) "Circularity in relative pitch judgments: the Shepard demon
stration revisited, again," Perception and Psychophys . SO, 467-472. 

• R.Teranishi (1986), "Endlessly rising or falling chordal tones which can be played 
on the piano; another variation of the Shepard demonstration," Paper K2-3, 12th 
Int. Congress on Acoustics, Toronto. 

• M.R.Schroeder (1986),"Auditory paradox based on fractal waveform," J. Acoust. 
Soc. Am. 79, 186-189. 



SECTION V. TIMBRE 

The American National Standards Institute defines timbre as " ... that attribute of 
auditory sensation in terms of which a listener can judge that two sounds similarly 
presented and having the same loudness and pitch are dissimilar". According to this 
definition, timbre is the subjective correlate of all those sound properties that do not 
directly influence pitch or loudness. These properties include the sound's spectral power 
distribution, its temporal envelope (as would be shown on an oscilloscope display), rate 
and depth of amplitude or frequency modulation, and the degree of inharmonicity of 
its partials. The timbre of a sound therefore depends on many physical variables. It 
has been shown that from a subjective point of view the sensation of timbre has about 
three rather orthogonal dimensions. These can be represented by the verbal ranges dull
sharp, compact-scattered and colorful-colorless. These subjective dimensions are loosely 
related to the physical quantities of high-frequency energy in the attack, synchronicity 
in high-harmonic transients, and spectral power distribution. 

The concept of timbre plays a very important role in the orchestration of traditional 
music and in the composition of computer music. There is, however, no satisfying 
comprehensive theory of timbre perception. Neither is there a uniform nomenclature 
to designate or classify timbres. This poses considerable problems in communicating or 
teaching the skills of orchestration and computer score writing to student-composers. 

In the following demonstrations one can hear how spectral make-up, temporal en
velope and degree of spectral inharmonicity all have a very specific influence on the 
perceived timbre of sounds from musical instruments. 

References 

• G.von Bismarck (1974). "Timbre of steady-state sounds: a factorial investigation 
of its verbal attributes," Acustica 90, 146-159. 

• J .M.Grey (1977), "Multidimensional perceptual scaling of musical timbres," J. 
Acoust. Soc. Am. 61, 1270-1277. 
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• R .Plomp (1970), "Timbre as a multidimensional attribute of complex tones," in 
Frequency Analysis and Periodicity Detection in Hearing, ed. R.Plomp and G.F. 
Smoorenburg, (Sijthoff, Leiden) . 
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Demonstration 28. Effect of Spectrum on Timbre (1:17) 

The sound of a Hemony carillon bell, having a strike-note pitch around 500Hz {B4 ) , 

is synthesized in eight steps by adding successive partials with their original frequency, 
phase and temporal envelope. The partials added in successive steps are: 

1. Hum note {251Hz) 

2. Prime or Fundamental {501 Hz) 

3. Minor Third and Fifth {603, 750 Hz) 

4. Octave or Nominal {1005 Hz) 

5. Duodecime or Twelfth {1506 Hz) 

6. Upper Octave {2083 Hz) 

7. Next two partials {2421, 2721Hz) 

8. Remainder of partials 

The sound of a guitar tone with a fundamental frequency of 251 Hz is analyzed and 
resynthesized in a similar manner. The partials added in successive steps are: 

1. Fundamental 

2. 2nd harmonic 

3. 3rd harmonic 

4. 4th harmonic 

5. 5th and 6th harmonics 

6 . 7th and 8th harmonics 

7. 9th, lOth and 11th harmonics 

8. Remainder of partials 
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Commentary 

"You will hear the sounrls of two instruments built up by adding partials one at a 
time" . 

References 

66 

• A.Lehr (1986), "Partial groups in the bell sound," J . Acoust . Soc. Am. 79, 
2000-2011. 

• J .C.Risset and M .V.Mathews (1969), "Analysis of musical instrument tones" , 
Physics Today 22, 23-30. 



Demonstration 29. Effect of Tone Envelope on Timbre (2:16) 

The purpose of this demonstration (originally presented by J . Fassett) is to show 
that the temporal envelope of a tone, i.e. the time course of the tone's amplitude, has a 
significant influence on the perd~ived timbre of the tone. A typical tone envelope may 
include an attack, a steady-state, and a decay portion (e.g., wind instrument tones), or 
may merely have an attack immediately followed by a decay portion (e.g., plucked or 
struck string tones) . By removing the attack segment of an instrument's sound, or by 
substituting the attack segment of another musical instrument, the perceived timbre of 
the tone may change so drastically that the instrument is no longer recognizable. 

In this demonstration, a four-part chorale by J .S. Bach ("Ais der giitige Gott" ) is 
played on a piano and recorded on tape. Next the chorale is played backward on the 
piano from end to beginning, and recorded again . Finally the tape recording of the 
backward chorale is played in reverse, yielding the original (forward) chorale, except 
that each note is reversed in time. The instrument does not sound like a piano any 
more, but rather resembles a kind of reed organ. The power spectrum of each note, 
measured over the note's duration, is not changed by temporal reversal of the tone. 

Commentary 

"You will hear a recording of a Bach chorale played on a piano" 
"Now the same chorale will be played backwards" 
"Now the tape of the last recording is played backwards so that the chorale is heard 
forward again, but with an interesting difference". 

References 

• K .W.Berger (1963), "Some factors in the recognition of timbre," J . Acoust. Soc. 
Am. 96, 1888-1891. 

• M.Ciark, D.Luce, R.Abrams, H.Schlossberg and J.Rome (1964), "Preliminary ex
periments on the aural significance of parts of tones of orchestral instruments and 
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on choral tones," J . Audio Eng. Soc. 12, 28-31. 

• J .Fassett , "Strange to your Ears," Columbia Record No. ML 4938. 
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Demonstration 30. Change in Timbre with Transposition. (0:46) 

High and low tones from a musical instrument normally do not have the same relative 
spectrum. A low tone on the piano typically contains little energy at the fundamental 
frequency and has most of its energy at higher harmonics. A high piano tone, however, 
typically has a strong fundamental and weaker overtones. 

1f a single tone from a musical instrument is spectrally analyzed and the resulting 
spectrum is used as a model for the other tones, one almost always obtains a series 
of tones that do not seem to come from that instrument. This is demonstrated with 
a recorded 3-octave diatonic scale played on a bassoon. A similar 3-octave "bassoon" 
scale is then synthesized by temporal stretching of the highest tone to obtain the proper 
pitch for each lower note on the scale. Segments of the steady-state portions are removed 
to retain the original note lengths. This way the spectra of all tones on the scale are 
identical except for a frequency scale factor. The listener will notice that, except for 
the highest note, the second scale does not sound as played on a bassoon . 

Commentary 

"A 3-octave scale on a bassoon is presented, followed by a 3-octave scale of notes 
that are simple transpositions of the instrument's highest tone. This is how the 
bassoon would sound if all its tones had the same relative spectrum" 

References 

• J .Backus (1977), The Acoustical Foundations of Music, 2nd edition, (Norton&Co., 
New York). 

• P.R.Lehman (1962), The Harmonic Structure of the Tone of the Bassoon, (Ph.D. 
Dissertation, Univ. of Mich.). 
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Demonstration 31. Tones and Tuning with Stretched Partials. (3:05) 

Most tonal musical inst ruments used in Western culture have spectra that are exact ly 
or nearly harmonic . Tone scales used in Western music are also based on intervals or 
frequency ratios of simple integers, such as the octave (2:1), the fifth (3:2), and the 
major third (5:4) . When several instruments play a consonant chord such as a major 
triad ( do-mi-so), harmonics will match so that no beats will occur. If one changes the 
melodic scale to, for instance, a scale of equal temperament with 13 tones in an octave, 
a normally consonant triad may cause an unpleasant sensation of beats because some 
harmonics will have nearly but not exactly the same frequency. Similarly, instruments 
with a nonharmonic overtone structure, such as conventional carillon bells, can create 
unpleasant beat sensations even if their pitches are tuned to a natural scale. Beats will 
not occur, however, if the melodic scale of an instrument's tones matches the overtone 
structure of those tones. 

First , a four-part chorale ( "Als der gutige Gott") by J .8. Bach is played on a syn
thesized piano-like instrument whose tones have 9 exactly harmonic partials with am
plitudes inversely proportional to harmonic number, and with exponential time decay. 
The melodic scale used is equally tempered, with semitone frequency ratios of o/2. 

In the second example, the same piece is played with equally stretched harmonic 
as well as melodic frequency ratios. The harmonics of each tone have been uniformly 
stretched on a log-frequency scale such that the second harmonic is 2.1 times the funda
mental frequency, the 4th harmonic 4.41 times the fundamental, etc. The melodic scale 
is similarly tuned in such a way that each "semitone" step represents a frequency rat io 
of !&"2.i. The music is, in a sense, not dissonant because no beats occur. Nevertheless 
the harmonies may sound less consonant than they did in the first demonstration. This 
suggests that the presence or absence of beats is not the only criterion for consonance. 
The listener may also find it difficult to tell how many voices or parts the chorale has, 
since notes seem to have lost their gestalt due to the inharmonicity of their partials. 

In the third example, the tones are made exactly harmonic again, but the melod ic 
scale remains stretched to an "octave" rat io of 2.1. Disturbing beats are heard, but 
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the four voices have regained their gestalt. The piece sounds as if it is played on an 
out-of-tune instrument. 

In the final example, the harmonics of all tones are stretched, as was done in example 
2, but the melodic scale is one of equal temperament based on an octave ratio of 2.0. 
Again there are annoying beats. This time, however, it is again very difficult to hear 
how many voices the chorale has. 

Commentary 

"You will hear a 4-part Bach chorale played with tones having 9 harmonic partials" 
"Now the same piece is played with both melodic and harmonic scales stretched 
logarithmically in such a way that the octave ratio is 2.1 to 1." 
"In the next presentation you hear the same piece with only the melodic scale 
stretched" 
"In the final presentation only the partials of each voice are stretched." 

References 

• E.Cohen (1984), "Some effects of inharmonic partials on interval perception," 
Music Perc. 1, 323-349. 

• H.F.L. von Helmholtz (1877), On the Sensations of Tone, 4th ed., Trans!. A.J.Ellis, 
(Dover, New York, 1954). 

• M.V.Mathews and J.R.Pierce (1980), "Harmony and nonharmonic partials," J. 
Acoust. Soc. Am. 68, 1252-1257. 

• F .H.Slaymaker (1970), "Chords from tones having stretched partials," J. Acoust. 
Soc. Am. 41, 1569-1571. 
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SECTION VI. BEATS, COMBINATION TONES, 
DISTORTION, ECHOES 

Several interesting effects can occur when two or more tones are heard simultane
ously. Among these are the creation of primary and secondary beats, and combination 
tones of various types, especially difference tones of various orders. The next four 
demonstrations illustrate some of these aural effects, as well as some audible effects of 
distortion external to the ears, and the effect of echoes that occur in rooms. Some re
lated binaural phenomena, such as binaural beats, which require the use of headphones, 
will be demonstrated in the last section. 

Beats are an important contributor to the sensation of dissonance in music, and 
form an invaluable perceptual tool for the tuning of musical instruments. Usually one 
tries to tune for minimum beats when playing several notes together, but sometimes 
instruments are purposely tuned to produce beats as a special effect, for instance the 
"Vox Celeste" organ stop or the Western "honky-tonk" piano. Combination tones, 
which are formed in our ears when two or more tones are presented, usually happen 
to coincide with partials that are already present. They can sometimes be perceived 
as separate tones, however. Distortion refers to any frequency component appearing in 
the output signal from some equipment (amplifier, loudspeaker, etc.) that was not a 
part of the input signal. Three types of distortion that are most significant in a high
fidelity sound system are harmonic distortion, intermodulation distortion, and transient 
distortion. Small amounts of harmonic distortion often escape notice, since musical 
tones already include several harmonics. Intermodulation distortion results when tones 
of two or more different frequencies are reproduced at the same time, and a nonlinear 
characteristic of some electronic component results in the creation of sum and difference 
frequencies. These new frequencies are often not harmonically related to the desired 
tones, and thus are quite noticeable. Transient distortion occurs when some electronic 
component cannot respond quickly enough to a rapidly changing sound signal. Some 
sound equipment is designed to introduce various amounts of distortion, for instance 
the typical guitar amplifier (soft, intensity-dependent distortion) and the so-called "fuzz 
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box" (hard, clipping-type distortion). 
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Demonstration 32. Primary and Secondary Beats. (1:32) 

If two pure tones have slightly different frequencies / 1 and / 2 = h + !::./, the phase 
difference r/>2 - r/> 1 changes continuously with time. The amplitude of the resultant tone 
varies between A 1 + A2 and A1 - A2 , where A1 and A2 are the individual amplitudes. 
These slow periodic variations in amplitude a t frequency !::.f are called beats, or perhaps 
we should say primary beats, to distinguish them from second-order beats, that will be 
described in the next paragraph. Beats are easily heard when !::.f is less than 10 Hz, 
and may be perceived up to about 15 Hz. 

A sensation of beats also occurs when the frequencies of two tones / 1 and h are 
nearly, but not quite, in a simple ratio. If h = 2/J + 8 (mistuned octave), beats are 
heard at a frequency 6. In general, when h = (n/m)/1 +8, mo beats occur each second. 
These are called second-order beats or beats of mistuned consonances, because the rela
tionship / 2 = (n/m)/1 , where nand mare integers, defines consonant musical intervals, 
such as a perfect fifth (3/2), a perfect fourth (4/3), a major third (5/4), etc. 

~-~---/,-/, 

Wavcrorm with beats due to pure tones 
with frequencies / 1 and/,= / 1 + M . 

(from Rossing, 1982) 



Primary beats can be easily understood as an example of linear superposition in the 
ear. Second-order beats between pure tones are not quite so easy to explain, however. 
Helmholtz (1877) adopted an explanation based on combination tones (Demonstration 
34), but an explanation by means of aural harmonics was favored by others, including 
Wegel and Lane (1924). This theory, which explains second-order beats as resulting 
from primary beats between aural harmonics of f 1 and /2, predicts the correct fre
quency m/2 - n/1, but cannot explain why the aural harmonics themselves are not 
heard (Lawrence and Yantis, 1957). 

An explanation which does not require nonlinear distortion in the ear is favored 
by Plomp (1966) and others. According to this theory, the ear recognizes periodic 
variations in waveform, probably as a periodicity in nerve impulses evoked when the 
displacement of the basilar membrane exceeds a critical value. This implies that simple 
tones can interfere over much larger frequency differences than the critical bandwidth, 
and also that the ear can detect changing phase (even though it is a poor detector of 
phase in the steady state) . 

Beats of mistuned consonances have long been used by piano tuners, for example, to 
tune fifths, fourths, and even octaves on the piano. Violinists also make use of them in 
tuning their instruments. In the case of musical tones, however, primary beats between 
harmonics occur at the same rate as second-order beats, and the two types of beats 
cannot be distinguished. 

In the first example, pure tones having frequencies of 1000 and 1004 Hz are presented 
together, giving rise to primary beats at a 4-Hz rate. 

In the next example, tones with frequencies of 2004 Hz, 1502 Hz, and 1334.67 Hz 
are combined with a 1000-Hz tone to give secondary beats at a 4-Hz rate (n/m = 2/1, 
3/2, and 4/3, respectively). 

It is instructive to compare the apparent strengths of the beats in each case. 

Commentary 

"Two tones having frequencies of 1000 and 1004 Hz are presented separately and 
then together. The sequence is presented twice." 
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"Pairs of pure tones are presented having intervals slightly greater than an octave, 
a fifth and a fourth, respectively. The mistunings are such that the beat frequency 
is always 4 Hz when the tones are played together." 

References 
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Demonstration 33. Distortion (2:17) 

This demonstration illustrates some audible effects of distortion external to the au
ditory system. These effects are of interest, not only because distortion commonly 
occurs in sound recording and reproducing systems, but because distortion is an im
portant topic in auditory theory. This demonstration replicates one presented by 
W.M.Hartmann in the "Harvard tapes" (Auditory Demonstration Tapes, Harvard Uni
versity, 1978). Both harmonic and intermodulation distortion are illustrated. 

Our first example presents a 440-Hz sinewave tone, distorted by a symmetrical com
pressor. 

Input Input Input 

Symm. Compr. Half wave Square Law 

A symmetrical compressor has an input-output relation such as that shown at the left. 
The important property is that the function describing the relation between input and 
output is an odd function-that is, f(x) is equal to -f(-x) . Because of the symmetry, only 
odd harmonics of the original sinewave are present in the output. A simple example of 
a symmetrical compressor would be a limiter. In this demonstration, the distorted tone 
alternates with its 3rd harmonic (which serves as a "pointer"). 

Next the 440-Hz tone is distorted asymmetrically by a half-wave rectifier, which 
generates strong even-numbered harmonics. The distorted tone alternates with its 2nd 
harmonic. 
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When two pure tones (sinusoids) are present simultaneously, distortion produces not 
only harmonics of each tone but also tones with frequencies nft- m/2, where m and n 
are integers. The prom:nent cubic difference tone (2/1 - / 2 ) which occurs when tones of 
700 and 1000 Hz are distorted by a symmetrical compressor alternates with a 400-Hz 
pointer in the third example. 

As a general rule the ear is rather insensitive to the relative phase angles between 
low-order harmonics of a complex tone. Distortion, however, especially if present in the 
right amount, can produce noticeable changes in the perceived quality of a complex tone 
when phase angles are changed. This is shown in the last demonstration in which the 
phase angle between a 440-Hz fundamental and its 880-Hz second harmonic is varied, 
first without distortion and with the complex fed through a square-law device. 

Commentary 
"First you hear a 440-Hz sinusoidal tone distorted by a symmetrical compressor. It 
alternates with its 3rd harmonic." 
"Next the 440-Hz tone is distorted asymmetrically by a half-wave rectifier. The 
distorted tone alternates with its 2nd harmonic." 
"Now two tones of 700 and 1000 Hz distorted by a symmetrical compressor. These 
tones alternate with a 400-Hz pointer to the cubic difference tone." 
"You will hear a 440-Hz pure tone plus its second harmonic added with a phase 
varying from minus 90 to plus 90 degrees. This is followed by the same tones, 
distorted through a square-law device." 
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Demonstration 34. Aural Combination Tones (1:35) 

When two or more tones are presented simultaneously, various nonlinear processes in 
the ear produce combination tones similar to the distortion products heard in Demon
stration 33-and many more. The most important combination tones are the difference 
tones of various orders, with frequencies fi - n(/2 - ft), where n is an integer, and 
k._ It· 

Two prominent difference tones are the quadratic difference tone 12 - It (sometimes 
referred to simply as "the difference tone") and the cubic difference tone 2/J- fz. If h 
remains constant (at 1000 Hz in this demonstration) while fz increases, the quadratic 
difference tone moves upward with 12 , while the cubic difference tone moves in the op
posite direction. At low levels (~so dB), they can be heard from about 12 / h = 1.2 to 
1.4 (solid line in the figure below), but at 80 dB they are audible over nearly an entire 
octave (fz/ h = 1 to 2, dashed line in the figure below). In this case, quadratic and 
cubic difference tones cross over at 12 / It = 1.5. They are shown on a musical staff in 
the right half of the figure. 

Most prominent combination tones l"or 
a tWO·tone presentation consisting or 
one tone or fixed frequency / 1 and one 
or variable frequency fz. 

Combination tones on a musical starr. 

(from Rossing, 1982) 

79 



In this demonstration, which follows No. 19 on the "Harvard tapes," tones with 
frequencies of 1000 and 1200 Hz are first presented. When an 804-Hz tone is added, it 
beats with the 800-Hz (quadratic) difference tone. 

Next, the frequency of the upper tone is slowly increased from / 1 = 1200 to 1600 Hz 
and back again. You should hear the cubic difference tone moving opposite to / 2 , soon 
joined by the quadratic difference tone, which first becomes audible at a low pitch and 
moves in the same direction as / 2 • They should cross over when / 2 = 1500 Hz. 

Over part of the frequency range, the quartic difference tone 3/1-/2 may be audible. 

Commentary 

"In this demonstration two tones of 1000 and 1200 Hz are presented. When an 
804-Hz probe tone is added, it beats with the 800-Hz aural combination tone." 
"Now the frequency of the upper tone is slowly increased from 1200 to 1600Hz and 
then back again ." 
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Demonstration 35. Effect of Echoes (1:47) 

This so-called "ghoulies and ghosties" demonstration (No.2 on the "Harvard tapes") 
has become somewhat of a classic, and so it is reproduced here exactly as it was presented 
there. The reader is Dr. Sanford Fidell. 

An important property of sound in practically all enclosed space is that reflections 
occur from the walls, ceiling, and floor. For a typical living space, 50 to 90 percent of 
the energy is reflected at the borders. These reflections are heard as echoes if sufficient 
time elapses between the initial sound and the reflected sound. Since sound travels 
about a foot per millisecond, delays between the initial and secondary sound will be of 
the order of 10 to 20 ms for a modest room. Practically no one reports hearing echoes 
in typical small classrooms when a transient sound is initiated by a snap of the fingers. 
The echoes are not heard, although the reflected sound may arrive as much as 30 to 50 
ms later. This demonstration is designed to make the point that these echoes do exist 
and are appreciable in size. Our hearing mechanism somehow manages to suppress the 
later-arriving reflections, and they are simply not noticed. 

The demonstration makes these reflections evident, however, by playing the recorded 
sound backward in time. The transient sound is the blow of a hammer on a brick, the 
more sustained sound is the narration of an old Scottish prayer. Three different acoustic 
environments are used, an anechoic (echoless) room, a typical conference room, similar 
acoustically to many living rooms, and finally a highly reverberant room with cement 
floor, hard plaster walls and ceiling. Little reverberation is apparent in any of the 
rooms when the recording is played forward, but the reversed playback makes the echoes 
evident in the environment where they do occur. 

Note that changes in the quality of the voice are evident as one changes rooms even 
when the recording is played forward. These changes in quality are caused by differences 
in amount and duration of the reflections occurring in these different environments. The 
reflections are not heard as echoes, however, but as subtle, and difficult to describe, 
changes in voice quality. All recordings were made with the speaker's mouth about 0.3 
meters from the microphone. 
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Commentary 

"First in an anechoic room, then in a conference room, and finally in a very rever
berant space, you will hear a hammer striking a brick followed by an old Scottish 
prayer . Playing these sounds backwards focuses our attention on the echoes that 
occur." 
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SECTION VII. BINAURAL EFFECTS 

"Nature," said the ancient Greek philosopher Zeno, "has given man one tongue, but 
two ears, that we may hear twice as much as we speak." In these last four demonstra
tions, several binaural effects will be illustrated. Listeners will need to use headphones 
to hear the effects properly. 

There are many interesting auditory effects when acoustically different signals are 
presented to each ear. Four of the more salient effects have been selected for this set of 
demonstrations. They are the effect of binaural beats, a neural interference process; the 
effect of lateralization induced by an interaural time or intensity difference; the effect of 
binaural unmasking which allows a signal in noise to be better detectable when there is 
an interaural phase difference in the signal or the noise; and finally a demonstration of 
how two different pitches presented to separate ears are perceptually "re-arranged" into 
an image that is very different from the actual physical situation. Detailed descriptions 
and models for the various binaural phenomena can be found in the references below. 
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Demonstration 36. Binaural Beats (0:42) 

An important issue in the study of sound localization concerns the ear's ability 
to process phase differences at the two ears. One way to study this phenomenon is to 
present two sinusoids of slightly different frequencies, one to each ear. At low frequencies 
the sound may appear to fluctuate or beat slowly at a rate equal to the frequency 
difference between the two tones. 

.. Note that these binaural beats are quite unlike the physical beats that can be heard 
by a single ear (Demonstration 32). There, the small difference in the two frequencies 
caused the physical stimulus to wax and wane in intensity; if this fluctuation was slow 
enough, it was experienced as a beating sensation. With binaural beats, however, the 
interaction between the two tones occurs because of some kind of interaction in the 
nervous system of the inputs from each ear. 

One might expect that these binaural beats would occur only at low frequencies, 
since at higher frequencies it is difficult to imagine that the nervous system can pre
serve the temporal structure of the waveform at each ear-a condition that must be 
met for their interaction to be noticeable. This conjecture is supported by quantitative 
measur.ements (Licklider, Webster, and Hedlun, 1950). They found that the best bin
aural beats occurred at frequency separations of about 30 Hz near 400 Hz and much 
smaller frequency ~eparations at the higher frequencies . No binaural beats are evident 
above about 1500Hz. Tobias (1965) found that men appear to perceive binaural beats 
at a higher frequency than women, but this needs more exploration. 

Commentary 

"A 250-Hz tone is presented to the left ear while a 251-Hz tone is presented to the 
right ear." 
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Demonstration 37. Binaural Lateralization (3:14) 

The most important benefit we derive from binaural hearing is the sense of localiza
tion of the sound source. Although some degree of localization is possible in monaural 
listening, binaural listening greatly enhances our ability to sense the direction of the 
sound source. 

Although localization also includes up-down and front-back discrimination, most 
attention is focussed on side-to-side discrimination or lateralization. When we listen with 
headphones, we lose front-back information, so that lateralization becomes exaggerated; 
the image of the source appears to switch from one side of the head to the other by 
moving "through the head", or the sound source appears to be "in the head." 

Lord Rayleigh (1907) was one of the first to recognize the importance of time and 
intensity cues at low frequency and high frequency, respectively. Low-frequency sounds 
are lateralized mainly on the basis of interaural time difference, whereas high-frequency 
sounds are localized mainly on the basis of interaural intensity differences. 

In the first example, tones of 500 Hz and then 2000 Hz are heard with alternating 
interaural phases of plus and minus 45 degrees. At 500 Hz, the image switches from 
side to side as the phase changes. At 2000 Hz, on the other hand, no such movement 
is perceived. (The interaural time difference varies from l::J.t = 6.¢/27r f = 14 ms to -14 
ms in the first case, but only 3.6 ms to -3.6 ms at 2000Hz). 

In the second example, a 100-~s pulse (heard as a "click") is presented with an 
interaural time difference that cycles from 5 ms to -5 ms, so that the source of the click 
appears to move between left and right 

The third example uses tones of 250 and 4000 Hz to illustrate the effects of interaural 
intensity difference at low and high frequency. The interaural intensity changes (in 1.25 
s) from 32 dB to -32 dB. In both cases, the image moves from side to side. Although the 
auditory system processes interaural intensity cues at both low and high frequency, the 
head does not cast much of an acoustic shadow at low frequency (due to diffraction), 
and hence there is little intensity difference even when the source is located to one side 
of the head. 
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Commentary 

"Tones of 500 and 2000 Hz are heard with alternating interaural phases of plus and 
minus 45 degrees." 
"Next the interaural arrival time of a click is varied . The apparent location of the 
click appears to move." 
"Finally, the interaural intensity differences of a 250-Hz and a 4000-Hz tone are 
varied." 

References 

66 

• J.Blauert (1983), Spatial Hearing (MIT Press, Cambridge, MA). 

• W.M.Hartmann (1983), "Localization of sound in rooms," J. Acoust. Soc. Am. 
7.1, 1380-91. 

• E.R.Hafter and R.H.Dye (1983), "Detection of interaural differences of time in 
trains of high-frequency clicks as a function of interclick interval and number," J. 
Acoust. Soc. Am. 79, 644-51. 

• Lord Rayleigh (J.W.Strutt) (1907), "On our perception of sound direction," Phil. 
Mag. 19, 214-32. 

• H.Wallach, E.B.Newman and M.R.Rosenweig (1949), "The precedence effect in 
sound localization," Am. J. Psych. 62, 315-36. 



Demonstration 38. Masking Level Differences (2:03) 

Besides enabling us to localize sound sources, binaural hearing helps us to receive 
auditory signals in noisy environments. Licklider (1948) discovered the phenomenon 
called "masking level difference" for speech; Hirsh (1948) demonstrated it for sinusoidal 
signals, as in this demonstration. 

The first example in the demonstration begins by playing a 500-Hz signal of 100 ms 
duration in the left ear. Then this signal is masked by noise. The staircase procedure 
is used, so that you can count the level at which the signal becomes inaudible. The 
staircase contains 10 steps; the first step is -10 dB, and the remaining 9 steps are -3 
dB each. 

In the third example, noise is added to the other ear. The noise now appears to 
have a different spatial location (albeit inside the head) from the signal, and the signal 
is much easier to hear. In the fourth example, the signal is again made difficult to hear 
by adding a signal to the noise in the right ear, so that the auditory images of signal 
and noise again coincide. 

The fifth example demonstrates that inverting the signal at one of the ears places 
the noise and signal in different auditory locations. In this configuration, the signal is 
easy to hear. 

The signal, which is similar to No. 11 in the "Harvard tapes" can be summarized 
as follows: 1) SLi 2) SLNLi 3) SLNLRi 4) SLRNLRi 5) SLSRNLR• where S = signal, 
S = signal of reversed phase, N = noise, L = left, R = right. The signal is more 
easily heard in examples 1, 3, and 5. In the original Harvard tapes, the demonstration 
is repeated at 2000 Hz, where the effect has faded, thus demonstrating the strong 
frequency dependence of masking level difference (Hirsh, 1948) . 

Commentary 

"A stepwise decreasing 500-Hz tone is applied to the left ear. Staircases are pre
sented twice. Count the number of steps you can hear." 
"Now the signal is masked with noise." 
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"Next the same masking noise is applied to both ears." 
"Now both signal and noise appear in both ears." 
"Finally signal and noise appear in both ears, but the signal phase is reversed in 
one of the ears." 
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Demonstration 39. An Auditory Illusion (0:38) 

Presenting certain tone sequences to both ears produces some interesting auditory 
illusions, including the one in this demonstration, described by Deutsch (1975). 

Tones of 400 and 800 Hz alternate in both ears in opposite phase; that is, when the 
left ear receives 400 Hz, the right ear receives 800 Hz. About 99% of listeners hear a 
single low-frequency tone in one ear and a high-frequency tone in the other ear. Quite 
~emarkably, when the headphones are reversed, most listeners hear the high tone and 
the low tone in the same ears as before (Deutsch, 1974). 

Right-handed subjects usually hear the high tone in their right ear and the low tone 
in their left ear, regardless of how the headphones are oriented. Left-handed subjects, 
on the other hand, are just as likely to hear the high tone in the right ear as in the left. 
This is because in right-handed people, the left hemisphere is dominant (and its primary 
auditory input is from the right ear), whereas in left-handed people, either hemisphere 
may be dominant. High tones apparently are perceived as being heard at the ear that 
feeds the dominant hemisphere (Deutsch, 1975). 

Stimulus Typical Percept 

Rirhl~ar • .. • 
Lcfi car Left car D D D 

1.4 J,~ ~. 4 1;4 li:! 3,4 1', I' : 
Tmlt:,!>J Tim~:t:.J 

Commentary 

"Try to guess the signal you are listening to in each ear." 
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