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EPIGRAPH

Directly or indirectly, all questions connected with this subject must
come for decision to the ear, as the organ of hearing; and from it there
can be no appeal. But we are not therefore to infer that all acoustical
investigations are conducted with the unassisted ear. When once we
have discovered the physical phenomena which constitute the founda-
tion of sound, our explorations are in great measure transferred to
another field lying within the dominion of the principles of Mechanics.
Important laws are in this way arrived at, to which the sensations of
the ear cannot but conform.

Lord Raleigh in The Theory of Sound,
First Edition 1877.

(Also in first American edition, 1945,
courtesy of Dover Publications Inc.)

Copyright 2001 The McGraw-Hill Companies, Inc. Click Here for Terms of Use.
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INTRODUGTION

Excerpts from the introduction to the third edition.

In 1981, the copyright year of the first edition of this book, Manfred
Schroeder was publishing his early ideas on applying number theory
to the diffusion of sound. In the third edition a new chapter has been
added to cover numerous applications of diffraction-grating diffusors
to auditoriums, control rooms, studios and home listening rooms.

Introduction to the fourth edition.

The science of acoustics made great strides in the 20th century, during
which the first three editions of this book appeared. This fourth edi-
tion, however, points the reader to new horizons of the 21st century. A
newly appreciated concept of distortion of sound in the medium itself
(Chap. 25), a program for acoustic measurements (Chap. 26), and the
optimization of placement of loudspeakers and listener (Chap. 27), all
based on the home computer, point forward to amazing developments
in acoustics yet to come.

As in the previous three editions, this fourth edition balances treat-
ment of the fundamentals of acoustics with the general application of
fundamentals to practical problems.

F. Alton Everest
Santa Barbara

Copyright 2001 The McGraw-Hill Companies, Inc. Click Here for Terms of Use.
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fundamentals of Sound

ound can be defined as a wave motion in air or other elastic

media (stimulus) or as that excitation of the hearing mechanism
that results in the perception of sound (sensation). Which definition
applies depends on whether the approach is physical or psy-
chophysical. The type of problem dictates the approach to sound. If
the interest is in the disturbance in air created by a loudspeaker, it is
a problem in physics. If the interest is how it sounds to a person near
the loudspeaker, psychophysical methods must be used. Because
this book addresses acoustics in relation to people, both aspects of
sound will be treated.

These two views of sound are presented in terms familiar to those
interested in audio and music. Frequency is a characteristic of peri-
odic waves measured in hertz (cycles per second), readily observable
on a cathode-ray oscilloscope or countable by a frequency counter.
The ear perceives a different pitch for a soft 100 Hz tone than a loud
one. The pitch of a low-frequency tone goes down, while the pitch of
a high-frequency tone goes up as intensity increases. A famous
acoustician, Harvey Fletcher, found that playing pure tones of 168 and
318 Hz at a modest level produces a very discordant sound. At a high
intensity, however, the ear hears the pure tones in the 150-300 Hz
octave relationship as a pleasant sound. We cannot equate frequency
and pitch, but they are analogous.

Copyright 2001 The McGraw-Hill Companies, Inc. Click Here for Terms of Use.



2 CHAPTER ONE

The same situation exists between intensity and loudness. The rela-
tionship between the two is not linear. This is considered later in more
detail because it is of great importance in high fidelity work.

Similarly, the relationship between waveform (or spectrum) and
perceived quality (or timbre) is complicated by the functioning of the
hearing mechanism. As a complex waveform can be described in
terms of a fundamental and a train of harmonics (or partials) of various
amplitudes and phases (more on this later), the frequency-pitch inter-
action is involved as well as other factors.

+
[S2}

The Simple Sinusoid

The sine wave is a basic waveform closely
related to simple harmonic motion. The
weight (mass) on the spring shown in Fig.
1-1 is a vibrating system. If the weight is
pulled down to the —5 mark and released,

(=)

|
o

the spring pulls the weight back toward 0.
The weight will not, however, stop at zero; its
inertia will carry it beyond 0 almost to +5.
The weight will continue to vibrate, or oscil-
late, at an amplitude that will slowly

A weight on a spring vibrates at its natural frequency decrease due to frictional losses in the spring,
because of the elasticity of the spring and the iner- the air, etc.

tia of the weight.

The weight in Fig. 1-1 moves in what is

called simple harmonic motion. The pis-

ton in an automobile engine is connected to the crankshaft by a con-

necting rod. The rotation of the crankshaft and the up-and-down

motion of the pistons beautifully illustrate the relationship between

rotary motion and linear simple harmonic motion. The piston position

plotted against time produces a sine wave. It is a very basic type of

mechanical motion, and it yields an equally basic waveshape in sound
and electronics.

If a ballpoint pen is fastened to the pointer of Fig. 1-2, and a strip of
paper is moved past it at a uniform speed, the resulting trace is a sine
wave.

In the arrangement of Fig. 1-1, vibration or oscillation is possible
because of the elasticity of the spring and the inertia of the weight.
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<«————— Paper motion

mg

A ballpoint pen fastened to the vibrating weight traces a sine wave on a paper strip
moving at uniform speed. This shows the basic relationship between simple harmonic
motion and the sine wave.

Elasticity and inertia are two things all media must possess to be capa-
ble of conducting sound.

Sine-Wave Language

The sine wave is a specific kind of alternating signal and is described
by its own set of specific terms. Viewed on an oscilloscope, the easiest
value to read is the peak-to-peak value (of voltage, current, sound
pressure, or whatever the sine wave represents), the meaning of which
is obvious in Fig. 1-3. If the wave is symmetrical, the peak-to-peak
value is twice the peak value.

The common ac voltmeter is, in reality, a dc instrument fitted with
a rectifier that changes the alternating sine current to pulsating unidi-
rectional current. The dc meter then responds to the average value as
indicated in Fig. 1-3. Such meters are, however, almost universely cal-
ibrated in terms of rms (described in the next paragraph). For pure sine
waves, this is quite an acceptable fiction, but for nonsinusoidal wave-
shapes the reading will be in error.

An alternating current of one ampere rms (or effective) is exactly
equivalent in heating power to 1 ampere of direct current as it flows
through a resistance of known value. After all, alternating current can
heat up a resistor or do work no matter which direction it flows, it is
just a matter of evaluating it. In the right-hand positive loop of Fig. 1-3
the ordinates (height of lines to the curve) are read off for each marked
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Amplitude relationships
for
sinusoids

| Amplitude +

RMS = Sgak — (0.707) (Peak)
= 2:7_—2 (Average) = (1.1) (Average)
Peak = (V2) (RMS) = (1.414) (RMS)

= (%) (Average) = (1.57) (Average)

Amplitude relationships for sinusoids, which apply to sine waves of electrical voltage or
current, as well as to acoustical parameters such as sound pressure. Another term which
is widely used in the audio field is crest factor, or peak divided by rms.

increment of time. Then (a) each of these ordinate values is squared, (b)
the squared values are added together, (c) the average is found, and (d)
the square root is taken of the average (or mean). Taking the square root
of this average gives the root-mean-square or rms value of the positive
loop of Fig. 1-3. The same can be done for the negative loop (squaring a
negative ordinate gives a positive value), but simply doubling the pos-
itive loop of a symmetrical wave is easier. In this way the root-mean-
square or “heating power” value of any alternating or periodic waves
can be determined whether the wave is for voltage, current, or sound
pressure. Such computations will help you understand the meaning of
rms, but fortunately reading meters is far easier. Figure 1-3 is a useful
summary of relationships pertaining only to the sine wave.
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Propagation of Sound

If an air particle is displaced from its original position, elastic forces of
the air tend to restore it to its original position. Because of the inertia
of the particle, it overshoots the resting position, bringing into play
elastic forces in the opposite direction, and so on.

Sound is readily conducted in gases, liquids, and solids such as air,
water, steel, concrete, etc., which are all elastic media. As a child, per-
haps you heard two sounds of a rock striking a railroad rail in the dis-
tance, one sound coming through the air and one through the rail. The
sound through the rail arrives first because the speed of sound in the
dense steel is greater than that of tenuous air. Sound has been detected
after it has traveled thousands of miles through the ocean.

Without a medium, sound cannot be propagated. In the laboratory,
an electric buzzer is suspended in a heavy glass bell jar. As the button is
pushed, the sound of the buzzer is readily heard through the glass. As
the air is pumped out of the bell jar, the sound becomes fainter and
fainter until it is no longer audible. The sound-conducting medium, air,
has been removed between the source and the ear. Because air is such a
common agent for the conduction of sound, it is easy to forget that other
gases as well as solids and liquids are also conductors of sound. Outer
space is an almost perfect vacuum; no sound can be conducted except
in the tiny island of air (oxygen) within a spaceship or a spacesuit.

The Dance of the Particles

Waves created by the wind travel across a field of grain, yet the indi-
vidual stalks remain firmly rooted as the wave travels on. In a similar
manner, particles of air propagating a sound wave do not move far from
their undisplaced positions as shown in Fig. 1-4. The disturbance trav-
els on, but the propagating particles do their little dance close to home.

There are three distinct forms of particle motion. If a stone is
dropped on a calm water surface, concentric waves travel out from the
point of impact, and the water particles trace circular orbits (for deep
water, at least) as in Fig. 1-5(A). Another type of wave motion is illus-
trated by a violin string, Fig. 1-5(B). The tiny elements of the string
move transversely, or at right angles to the direction of travel of the
waves along the string. For sound traveling in a gaseous medium such
as air, the particles move in the direction the sound is traveling. These
are called longitudinal waves, Fig. 1-5C.
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Vibration of air particle
Maximum Equilibrium Maximum
displacement position displacement
> > L > >—>
(—4 < < <
Displacement
[}
E
=

An air particle is made to vibrate about its equilibrium position by the energy of a pass-
ing sound wave because of the interaction of the elastic forces of the air and the iner-
tia of the air particle.

Direction of Particle
wave travel motion
Water /
A surface >
Violin
B string >
Sound
C in air > 2

Particles involved in the propagation of sound waves can dance in circular, transverse,
or longitudinal motions.
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How a Sound Wave Is Propagated

How are air particles jiggling back and forth able to carry beautiful
music from the loudspeaker to our ears at the speed of a rifle bullet?
The little dots of Fig. 1-6 represent air molecules. There are more than
a million molecules in a cubic inch of air; hence this sketch is greatly
exaggerated. The molecules crowded together represent areas of com-
pression in which the air pressure is slightly greater than the prevail-
ing atmospheric pressure. The sparse areas represent rarefactions in
which the pressure is slightly less than atmospheric. The small arrows
indicate that, on the average, the molecules are moving to the right of
the compression crests and to the left in the rarefaction troughs
between the crests. Any given molecule will move a certain distance to
the right and then the same distance to the left of its undisplaced posi-
tion as the sound wave progresses uniformly to the right.

C = Compression (region of high pressure)
R = Rarefaction (region of low pressure)

>

In (A) the wave causes the air particles to be pressed together in some regions and
spread out in others. An instant later (B) the wave has moved slightly to the right.

Direction of sound wave
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Why does the sound wave move to the right? The answer is
revealed by a closer look at the arrows of Fig. 1-6. The molecules
tend to bunch up where two arrows are pointing toward each other,
and this occurs a bit to the right of each compression. When the
arrows point away from each other the density of molecules will
decrease. Thus, the movement of the higher pressure crest and the
lower pressure trough accounts for the small progression of the
wave to the right.

As mentioned previously, the pressure at the crests is higher than
the prevailing atmospheric barometric pressure and the troughs
lower than the atmospheric pressure, as shown in the sine wave of
Fig. 1-7. These fluctuations of pressure are very small indeed. The
faintest sound the ear can hear (20 pPascal) is some 5,000 million
times smaller than atmospheric pressure. Normal speech and music
signals are represented by correspondingly small ripples superim-
posed on the atmospheric pressure.
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(A) An instantaneous view of the compressed and rarefied regions of a sound wave in
air. (B) The compressed regions are very slightly above and the rarefied regions very
slightly below atmospheric pressure. Pressure variations of sound waves are thus super-
imposed on prevailing barometric pressure.
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Sound in Free Space

The intensity of sound decreases as the distance to the source is
increased. In free space, far from the influence of surrounding objects,
sound from a point source is propagated uniformly in all directions.
The intensity of sound decreases as shown in Fig. 1-8. The same sound
power flows out through A1, A2, A3, and A4, but the areas increase as
the square of the radius, r. This means that the sound power per unit
area (intensity) decreases as the square of the radius. Doubling the dis-
tance reduces the intensity to one-fourth the initial value, tripling the
distance yields /9, and increasing the distance four times yields /16 of

In the solid angle shown, the same sound energy is distributed over spherical surfaces
of increasing area as r is increased. The intensity of the sound is inversely proportional
to the square of the distance from the point source.
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the initial intensity. The inverse square law states that the intensity of
sound in a free field is inversely proportional to the square of the dis-
tance from the source. This law provides the basis of estimating the
sound level in many practical circumstances and is discussed in a
later chapter.

Wavelength and Frequency

A simple sine wave is illustrated in Fig. 1-9. The wavelength is the dis-
tance a wave travels in the time it takes to complete one cycle. A wave-
length can be measured between successive peaks or between any two
corresponding points on the cycle. This holds for periodic waves other
than the sine wave as well. The frequency is the number of cycles per
second (or hertz). Frequency and wavelength are related as follows:

Speed of sound (ft/sec)

Wavelength (ft) = Frequency (hertz) (1-1)
which can be written as:
Speed of sound
F = 1-2
requency Wavelength (1-2)

The speed of sound in air is about 1,130 feet per second (770 miles per
hour) at normal temperature and pressure. For sound traveling in air,
Equation 1-1 becomes:

Wavelength

< -

A Nl
O\

Time >

Wavelength is the distance a wave travels in the time it takes to complete one cycle. It
can also be expressed as the distance from one point on a periodic wave to the corre-
sponding point on the next cycle of the wave.
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1,130 (1-3)

Wavelength =
avelens Frequency

This relationship is used frequently in following sections. Figure
1-10 gives two graphical approaches for an easy solution to Equation 1-3.

Wavelength
Inches
Feet 1286 43 2 1
5040 20 10 5 2 1
- I|||||||I | ||I|||||I I|I |I|I||I|||| I 1
20 50 100 200 500 1k 2kHz 5kHz 10kHz 20 kHz
Frequency - Hz
100 ~
AN
50 AN
30 \\
\\
\\
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AN
\\
N
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3+ 1 \\
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(A) Convenient scales for rough determination of wavelength of sound in air from
known frequency, or vice versa. (B) A chart for easy determination of the wavelength in
air of sound waves of different frequencies. (Both based on speed of sound of 1,139 ft

per second.)
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Gomplex Waves

Speech and music waveshapes depart radically from the simple sine
form. A very interesting fact, however, is that no matter how complex the
wave, as long as it is periodic, it can be reduced to sine components. The
obverse of this is that, theoretically, any complex periodic wave can be
synthesized from sine waves of different frequencies, different ampli-
tudes, and different time relationships (phase). A friend of Napoleon,
named Joseph Fourier, was the first to develop this surprising idea. This
idea can be viewed as either a simplification or complication of the situ-
ation. Certainly it is a great simplification in regard to concept, but some-
times complex in its application to specific speech or musical sounds.
As we are interested primarily in the basic concept, let us see how even
a very complex wave can be reduced to simple sinusoidal components.

Harmonics

A simple sine wave of a given amplitude and frequency, f, is shown in
Fig. 1-11A. Figure 1-11B shows another sine wave half the amplitude and
twice the frequency (f,). Combining A and B at each point in time the
waveshape of Fig. 1-11C is obtained. In Fig. 1-11D, another sine wave half
the amplitude of A and three times its frequency (f,) is shown. Adding
this to the f, + f, wave of C, Fig. 1-11E is obtained. The simple sine wave
of Fig. 1-11A has been progressively distorted as other sine waves have
been added to it. Whether these are acoustic waves or electronic signals,
the process can be reversed. The distorted wave of Fig. 1-11E can be dis-
assembled, as it were, to the simple f1 , f2 ,and f3 sine components by either
acoustical or electronic filters. For example, passing the wave of Fig.
1-11E through a filter permitting only f, and rejecting f, and f,, the origi-
nal f, sine wave of Fig. 1-11A emerges in pristine condition.

Applying names, the sine wave with the lowest frequency (f) of
Fig. 1-11A is called the fundamental, the one with twice the frequency
(fz) of Fig. 1-11B is called the second harmonic, and the one three
times the frequency (f,) of Fig. 1-11D is the third harmonic. The fourth
harmonic, the fifth harmonic, etc., are four and five times the fre-
quency of the fundamental, and so on.

Phase

In Fig. 1-11, all three components, f1 , f2 , and f3 , start from zero together.
This is called an in-phase condition. In some cases, the time relation-
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A study in the combination of sine waves. (A) The fundamental of frequency f . (B) A
second harmonic of frequency ’z = 2f1 and half the amplitude of ’1' (C) The sum of ’1
and [, obtained by adding ordinates point by point. (D) A third harmonic of frequency
f. = 3f and half the amplitude of ’1’ (E) The waveshape resulting from the addition
of f, f,, and f,. All three components are “in phase,” that is, they all start from zero
at the same instant.
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ships between harmonics or between harmonics and the fundamental
are quite different from this. Remember how one revolution of the
crankshaft of the automobile engine (360°) was equated with one cycle
of simple harmonic motion of the piston? The up-and-down travel of
the piston spread out in time traces a sine wave such as that in Fig. 1-12.
One complete sine-wave cycle represents 360° of rotation. If another
sine wave of identical frequency is delayed 90°, its time relationship to
the first one is a quarter wave late (time increasing to the right). A half-
wave delay would be 180°, etc. For the 360° delay, the wave at the bot-

90;

180;
270;
’( 360; ){

Illustration of the phase relationships between waves with the same amplitude and fre-
quency. A rotation of 360 degrees is analogous to one complete sine cycle.

Time >
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tom of Fig. 1-12 falls in step with the top one, reaching positive peaks and
negative peaks simultaneously and producing the in-phase condition.

In Fig. 1-11, all three components of the complex wave of Fig. 1-11E
are in phase. That is, the f1 fundamental, the fZ second harmonic, and
the f, third harmonic all start at zero at the same time. What happens if
the harmonics are out of phase with the fundamental? Figure 1-13 illus-
trates this case. The second harmonic f, is now advanced 90°, and the
third harmonic f, is retarded 90°. By combining f, f,, and f, for each
instant of time, with due regard to positive and negative signs, the con-
torted wave of Fig. 1-13E is obtained.

The only difference between Figs. 1-11E and 1-13E is that a phase
shift has been introduced between harmonics f2 and fs, and the funda-
mental f. That is all that is needed to produce drastic changes in the
resulting waveshape. Curiously, even though the shape of the wave is
dramatically changed by shifting the time relationships of the compo-
nents, the ear is relatively insensitive to such changes. In other words,
waves E of Figs. 1-11 and 1-13 would sound very much alike to us.

A common error is confusing polarity with phase. Phase is the time
relationship between two signals while polarity is the +/— or the —/+
relationship of a given pair of signal leads.

Partials

A musician is inclined to use the term partial instead of harmonic, but
it is best that a distinction be made between the two terms because the
partials of many musical instruments are not harmonically related to
the fundamental. That is, partials might not be exact multiples of the
fundamental frequency, yet richness of tone can still be imparted by
such deviations from the true harmonic relationship. For example, the
partials of bells, chimes, and piano tones are often in a nonharmonic
relationship to the fundamental.

Octaves

Audio and electronics engineers and acousticians frequently use the
integral multiple concept of harmonics, closely allied as it is to the
physical aspect of sound. The musician often refers to the octave, a
logarithmic concept that is firmly embedded in musical scales and ter-
minology because of its relationship to the ear’s characteristics. Audio
people are also involved with the human ear, hence their common use
of logarithmic scales for frequency, logarithmic measuring units, and
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A study of the combination of sine waves that are not in phase. (A) The fundamen-
tal of frequency ’1' (B) The second harmonic fz with twice the frequency and half the
amplitude of [ advanced 90 degrees with respect to f . (C) The combination of /, and
f, obtained by adding ordinates point by point. (D) The third harmonic f, with phase
90 degrees behind [, and with half the amplitude of /.. (E) The sum of [ , [, and [..
Compare this waveshape with that of Fig. 1-11(E). The difference in waveshapes
is due entirely to the shifting of the phase of the harmonics with respect to the
fundamental.
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Harmonics
Fundamental 2nd 3rd 4th 5th 6th 7th 8th
100 Hz 200 300 400 500 600 700  800...
Octaves
Fundamental
100 Hz 200 400 800
L Octave Octave Octave 4,

Comparison of harmonics and octaves. Harmonics are linearly related; octaves are loga-
rithmically related.

various devices based on octaves, which are more fully discussed
later. Harmonics and octaves are compared in Fig. 1-14.

The Concept of Spectrum

Chapter 3 relates the commonly accepted scope of the audible spec-
trum, 20 Hz to 20 kHz, to specific characteristics of the human ear.
Here, in the context of sine waves, harmonics, etc., we need to estab-
lish the spectrum concept. The visible spectrum of light has its coun-
terpart in sound in the audible spectrum, the range of frequencies that
fall within the perceptual limits of the human ear. We cannot see far-
ultraviolet light because the frequency of its electromagnetic energy is
too high for the eye to perceive. Nor can we see the far-infrared light
because its frequency is too low. There are likewise sounds of too low
(infrasound) and too high frequency (ultrasound) for the ear to hear.
Figure 1-15 shows several waveforms that typify the infinite num-
ber of different waveforms commonly encountered in audio. These
waveforms have been photographed directly from the screen of a cath-
ode-ray oscilloscope. To the right of each photograph is the spectrum
of that particular signal. The spectrum tells how the energy of the sig-
nal is distributed in frequency. In all but the bottom signal of Fig. 1-15,
the audible range of the spectrum was searched with a wave analyzer
having a very sharp filter with a passband only 5 Hz wide. In this way,
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The spectral energy of a pure sinusoid is contained entirely at a single frequency. The triangular and square
waves each have a prominent fundamental and numerous harmonics at integral multiples of the fundamental
frequency. Random noise (white noise) has energy distributed uniformly throughout the spectrum up to some
point at which energy begins to fall off due to generator limitations. Random noise may be considered a mix-
ture of sine waves with continuously shifting frequencies, amplitudes, and phases.
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concentrations of energy were located and measured with an elec-
tronic voltmeter.

For an ideal sine wave, all the energy is concentrated at one fre-
quency. The sine wave produced by this particular signal generator is not
really a pure sine wave. No oscillator is perfect and all have some har-
monic content, but in scanning the spectrum of this sine wave, the har-
monics measured were too low to show on the graph scale of Fig. 1-15.

The triangular wave of this signal generator has a major fundamental
component of 10 units magnitude. The wave analyzer detected a signif-
icant second harmonic component at f,, twice the frequency of the fun-
damental with a magnitude of 0.21 units. The third harmonic showed
an amplitude of 1.13 units, the fourth of 0.13 units, etc. The seventh har-
monic still had an amplitude of 0.19 units and the fourteenth harmonic
(about 15 kHz in this case) an amplitude of only 0.03 units, but still eas-
ily detectable. So we see that this triangular wave has both odd and even
components of modest amplitude down through the audible spectrum.
If you know the amplitude and phases of each of these, the original tri-
angular wave shape can be synthesized by combining them.

A comparable analysis reveals the spectrum of the square wave
shown in Fig. 1-15. It has harmonics of far greater amplitude than the
triangular wave with a distinct tendency toward more prominent odd
than even harmonics. The third harmonic shows an amplitude 34 per-
cent of the fundamental! The fifteenth harmonic of the square wave is
still 0.52 units! If the synthesis of a square wave stops with the fif-
teenth harmonic, the wave of Fig. 1-16C results.

A glance at the spectra of sine, triangular, and square waves reveals
energy concentrated at harmonic frequencies, but nothing between.
These are all so-called periodic waves, which repeat themselves cycle
after cycle. The fourth example in Fig. 1-15 is a random noise. The
spectrum of this signal cannot be measured satisfactorily by a wave
analyzer with a 5-Hz passband because the fluctuations are so great
that it is impossible to get a decent reading on the electronic voltmeter.
Analyzed by a wider passband of fixed bandwidth and with the help
of various integrating devices to get a steady indication, the spectral
shape shown is obtained. This spectrum tells us that the energy of the
random-noise signal is equally distributed throughout the spectrum
until the drooping at high frequencies indicates that the upper fre-
quency limit of the random noise generator has been reached.
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There is little visual similarity between

the sine and the random-noise signals as
revealed by the cathode-ray oscilloscope,

yet there is a hidden relationship. Even ran-
dom noise can be considered as being made
up of sine-wave components constantly
shifting amplitude, and
phase. If you pass random noise through a

in frequency,

K narrow filter and observe the filter output
on a cathode-ray oscilloscope, you will see
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shifts in amplitude. Theoretically, an infi-
nitely narrow filter would sift out a pure,
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but nervous, sine wave. (See chapter 5.)

a restless, sinelike wave that constantly

Electrical, Mechanical, and

Acoustical Analogs

In synthesizing the square wave of (A), including
only the fundamental and two harmonics yields (B).
Including fifteen components yields (C). It would
take many more than fifteen harmonics to smooth

An acoustical system such as a loud-
speaker can be represented in terms of an

the ripples and produce the square corners of (A).

equivalent electrical or mechanical sys-
tem. The physicist freely uses these equiv-
alents to set up his mathematical approach
for analyzing a given system. Although such approaches are far out-
side the scope of this book, it is useful to develop some appreciation
for these methods. For example, the effect of a cabinet on the func-
tioning of a loudspeaker is clarified by thinking of the air in the
enclosed space as acting like a capacitor in an electrical circuit,
absorbing and giving up the energy imparted by the cone movement.

Figure 1-17 shows the graphical representation of the three basic
elements in electrical, mechanical, and acoustical systems. Inductance
in an electrical circuit is equivalent to mass in a mechanical system
and inertance in an acoustical system. Capacitance in an electrical cir-
cuit is analogous to compliance in a mechanical system and capaci-
tance in an acoustical system. Resistance is resistance in all three
systems, whether it be the frictional losses offered to air-particle move-
ment in glass fiber, frictional losses in a wheel bearing, or resistance to
the flow of current in an electrical circuit.
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The three basic elements of electrical systems and their analogs in mechanical and
acoustical systems.
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adund Levels and the Decibel

he decibel is as commonly used in audio circles as the minute or the

mile is in general usage. A superficial understanding of the decibel
can hinder the study of the science of sound and be a barrier in the
proper use and development of its many applications. The goal of this
chapter is to show the need for the decibel concept and how decibels
can be applied in many different ways.

Levels in decibels make it easy to handle the extremely wide range
of sensitivity in human hearing. The threshold of hearing matches the
ultimate lower limit of perceptible sound in air, the noise of air mole-
cules beating a tattoo on the eardrum. The sensitivity of normal human
eyes also matches the ultimate limit by responding to one or a very few
photons of light. From these threshold responses to the most feeble
stimuli, the ear and eye are also capable of handling high intensities of
sound and light. A level in decibels is a convenient way of handling
the billion-fold range of sound pressures to which the ear is sensitive
without getting bogged down in long strings of zeros.

Ratios vs. Differences

Imagine a sound source set up in a room completely protected from
interfering noise. (The term sound-proofis avoided because there will
be much sound in it.) The sound source is adjusted for a weak sound
with a sound pressure of 1 unit, and its loudness is carefully noted.

Copyright 2001 The McGraw-Hill Companies, Inc. Click Here for Terms of Use.
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When the sound pressure is increased until it sounds twice as loud,
the level dial reads 10 units. This completes observation A. For obser-
vation B, the source pressure is increased to 10,000 units. To double
the loudness, you find that the sound pressure must be increased from
10,000 to 100,000 units. The results of this experiment can now be
summarized as follows:

Ratio of Two

Observations Two Pressures Pressures
A 10—-1 10: 1
B 100,000 — 10,000 10:1

Observations A and B accomplish the same doubling of per-
ceived loudness. In observation A, this was accomplished by an
increase in sound pressure of only 9 units, where in observation B it
took 90,000 units. Ratios of pressures seem to describe loudness
changes better than differences in pressure. Ernst Weber (1834),
Gustaf Fechner (1860), Hermann von Helmholtz (1873), and other
early researchers pointed out the importance of ratios, which we
know apply equally well to sensations of vision, hearing, vibration,
or even electric shock.

Many years ago, a friend working in a university research labora-
tory demonstrated his experiment on the hearing of cats, which in
many ways is similar to that of humans. A tone of 250 Hz, radiated
from a nearby loudspeaker, was picked up by the ears of an anes-
thetized cat, a portion of whose brain was temporarily exposed. A
delicate probe picked up the 250-Hz signal at a highly localized spot
on the auditory cortex, displaying it on a cathode-ray oscilloscope.
When the tone was shifted to 500 Hz, the signal was picked up at
another spot on the cortex. Tones of 1,000 and 2,000 Hz were detected
at other specific spots. The fascinating point here is that changing the
tone an octave resulted in the signal appearing on the auditory cortex
at discrete, equally spaced points. Frequencies in the ratio of 2 to 1
(an octave) seem to have a linear positional relationship in the cat’s
brain. This indicates a logarithmic response to frequency. Ratios of
stimuli come closer to matching up with human perception than do
differences of stimuli. This matching is not perfect, but close enough
to make a strong case for the use of levels in decibels.
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Ratios of powers or ratios of intensities, or ratios of sound pressure,
voltage, current, or anything else are dimensionless. For instance, the
ratio of 1 watt to 100 watts is 1 watt/100 watts, and the watt unit
upstairs and the watt unit downstairs cancel, leaving %o = 0.01, a pure
number without dimension. This is important because logarithms can
be taken only of nondimensional numbers.

Handling Numbers

Table 2-1 illustrates three different ways numbers can be expressed.
The decimal and arithmetic forms are familiar in everyday activity.
The exponential form, while not as commonly used, has the charm of
simplifying things once the fear of the unknown or little understood is
conquered. In writing one hundred thousand, there is a choice
between 100,000 watts and 10° watts, but how about a millionth of a
millionth of a watt? All those zeros behind the decimal point make it
impractical even to reproduce here, but 107 is easy. And the prefix
that means 107 is pico; so the power is 1 picowatt (shown later in
Table 2-4). Engineering-type calculators take care of the exponential
form in what is called scientific notation, by which very large or very
small numbers can be entered.

Table 2-1. Ways of expressing numbers.

Decimal Arithmetic Exponential
form form form
100,000 10x10x10x 10 x 10 10°
10,000 10x10x10x10 10*
1,000 10x10x 10 103
100 10 x 10 102
10 10x1 10°
1 10/10 10°
0.1 1/10 107
0.01 1/(10 x 10) 107
0.001 1/(10 X 10 x 10) 107°

0.0001 1/(10 X 10 x 10 x 10) 10
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Table 2-1. Ways of expressing numbers (Continued).

Decimal Arithmetic Exponential
form form form
100,000 (100)(1,000) 102 + 10° = 10%*® = 10°
100 10,000/100 10%/10% = 10%?% = 102
10 100,000/10,000 10°/10* = 10°* = 10"' = 10
10 V100= ¥100  100Y2 = 100°°
46416 Y100 100"% = 100°-%33
31.6228 /100° 100%* = 100°7
Logarithms

Representing 100 as 10* simply means that 10 x 10 = 100 and that 10°
means 10 X 10 x 10 = 1,000. But how about 2677 That is where loga-
rithms come in. It is agreed that 100 equals 10% By definition you can
say that the logarithm of 100 to the base 10 = 2, commonly written log,,
100 = 2, or simply log 100 = 2, because common logarithms are to the
base 10. Now that number 267 needn’t scare us; it is simply expressed
as 10 to some other power between 2 and 3. The old fashioned way
was to go to a book of log tables, but with a simple hand-held calcula-
tor punch in 267, push the “log” button, and 2.4265 appears. Thus,
267 = 10***%, and log 267 = 2.4265. Logs are so handy because, as
Table 2-1 demonstrates, they reduce multiplication to addition, and
division to subtraction. This is exactly how the now-extinct slide rule
worked, by positioning engraved logarithmic scales.

Logs should be the friend of every audio worker because they are
the solid foundation of our levels in decibels. A level is a logarithm of
a ratio. A level in decibels is ten times the logarithm to the base 10
of the ratio of two power like quantities.

A power level of a power W, can be expressed in terms of a reference
power W, as follows:
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Because the decibel, from its very name, is %o bel (from Alexander Gra-
ham Bell), the level in decibels of a power ratio becomes:

W
L, =10 log,, — decibels (2-2)
W,

Equation 2-2 applies equally to acoustic power, electric power,
or any other kind of power. A question often arises when levels
other than power need to be expressed in decibels. For example,
acoustic intensity is acoustic power per unit area in a specified
direction, hence Equation 2-2 is appropriate. Acoustic power is
proportional to the square of the acoustic pressure, p, hence the
power level is:

p*
L,=10log p—z

2

=20 log % in decibels (2-3)
2

The tabulation of Table 2-2 will help you decide whether the Equa-
tion 2-2 or Equation 2-3 form applies.

Table 2-2. Use of 10 log and 20 log.

Eq(2-2) Eq(2-3)
Parameter 10 log,, s 20 log, - >
Acoustic a: b,
Power
Intensity

Air particle velocity

Pressure
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Table 2-2. Use of 10 log and 20 log (Continued).

Ea(22)  Ea(2-3)
Parameter 10 log,, R 1)) log,, %
a, b,

Electric

Power X

Current X

Voltage X
Distance

(From source-SPL; inverse square) X

Sound pressure is usually the most accessible parameter to mea-
sure in acoustics, even as voltage is for electronic circuits. For this rea-
son, the Equation 2-3 form is more often encountered in day-to-day
technical work.

Reference Levels

A sound-level meter is used to read a certain sound-pressure level. If
the corresponding sound pressure is expressed in normal pressure
units, a great range of very large and very small numbers results. Ratios
are more closely related to human senses than linear numbers, and
“the level decibels approach” compresses the large and small ratios
into a more convenient and comprehensible range. Basically, our
sound-level meter reading is a certain sound-pressure level, 20 log
(p1/p2), as in Equation 2-3. Some standard reference sound pressure
for p, is needed. The reference p, selected must be the same as that
used by others, so that ready comparisons can be made worldwide.
Several such reference pressures have been used over the years, but
for sound in air the standard reference pressure is 20 pPa (micropas-
cal). This might seem quite different from the reference pressure of
0.0002 microbar or 0.0002 dyne/cm?, but it is the same standard
merely written in different units. This is a very minute sound pres-
sure and corresponds closely to the threshold of human hearing. The
relationship between sound pressure in Pascals, pounds per square
inch, and sound pressure level is shown in the graph of Fig. 2-1.
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The relationship between sound pressure in Pascals or pounds per square inch and
sound-pressure level (referred to 20 uPa) is shown in this graph. This is a graphical
approach to the solution of Eq. 2-2.

When a statement is encountered such as, “The sound pressure
level is 82 dB,” the 82-dB sound-pressure level is normally used in
direct comparison with other levels. However, if the sound pressure
were needed, it can be computed readily by working backward from
Equation 2-3 as follows:

82 = 20 log — 2"
20 uPa
p1 82
log ——=—
20 uPa 20
P _ o
20 pPa

The y* button on the calculator (the Hewlett-Packard 41-C is assumed)
helps us to evaluate 10*". Press 10, enter 4.1 press y* power button, and
the answer 12,589 appears.
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p1 = (20 uPa)(12,589)
p. = 251,785 uPa

There is another lesson here. The 82 has what is called two signif-
icant figures. The 251,785 has six significant figures and implies a
precision that is not there. Just because the calculator says so doesn’t
make it so! A better answer is 252,000 uPa, or 0.252 Pa.

Logarithmic and
Exponential Forms Gompared

The logarithmic and exponential forms are equivalent as can be seen
by glancing again at Table 2-1. In working with decibels it is impera-
tive that a familiarity with this equivalence be firmly grasped.

Let’s say we have a power ratio of 5:

10 log1g 5 = 6.99 is exactly equivalent to

N 699 (2-4)

5-10 10
4

There are two tens in the exponential statement but they come from
different sources as indicated by the arrows. Now let us treat a sound
pressure ratio of 5:

201log105=13.98

N 1398 (2-5)

5-10 20
4

Remember that sound-pressure level in air means that the refer-
ence pressure downstairs (p,) in the pressure ratio is 20 uPa. There
are other reference quantities; some of the more commonly used
ones are listed in Table 2-3. In dealing with very large and very
small numbers, you should become familiar with the prefixes of
Table 2-4. These prefixes are nothing more than Greek names for the
powers exponents of 10.



SOUND LEVELS AND THE DECIBEL 3]

Table 2-3. Reference quantities in common use.

Level in decibels Reference quantity
Acoustic

Sound pressure level in 20 micropascal

air (SPL, dB)

Power level (Lp,dB) 1 picowatt(10-12 watt)
Electric

Power level re 1 mW 10-3 watt (1 milliwatt)

Voltage level re 1V 1 volt

Volume level, VU 10-3 watt

Acoustic Power

Table 2-4. The Greeks had a word for it.

It doesn’t take many watts of acoustic power to Prefix = Symbol  Multiple

produce some very loud sounds, as anyone who

lives downstairs from a dedicated audiophile te‘zra !
will testify. We are conditioned by megawatt 91ga 0
electrical generating plants, 350-horsepower M€92 M
(261 kilowatt) automobile engines, and 1,500- kilo k
watt flatirons that eclipse the puny watt or so the  milli m
hi-fi loudspeakers might radiate as acoustic micro M
power. Even though a hundred-watt amplifier .. n
may be driving the loudspeakers, loudspeaker pico b

1012
109
106
103
10-3
10-6
10-9
10-12

efficiency (output for a given input) is very low,
perhaps on the order of 10 percent, and head-
room must be reserved for the occasional peaks
of music. Increasing power to achieve greater results is often frustrating.
Doubling power from 1 to 2 watts is a 3-dB increase in power level (10
log 2 = 3.01), a very small increase in loudness; however, the same 3-dB
increase in level is represented by an increase in power from 100 to 200
watts or 1,000 to 2,000 watts.

Table 2-5 lists sound pressure and sound-pressure levels of some
common sounds. In the sound-pressure column, it is a long stretch
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Table 2-5. Some common sound-pressure levels and sound pressures.

Sound
Sound level*
pressure (decibels,
Sound Source (Pa) A-weighted)
Saturn rocket 100,000. 194
(one atmosphere)
Ram jet 2,000. 160
Propeller aircraft 200. 140
Threshold of pain 135
Riveter 20. 120
Heavy truck 2. 100
Noisy office, } 0.2 30
Heavy traffic
Conversational speech 0.02 60
Private office 50
Quiet residence 0.0002 40
Recording studio 30
Leaves rustling 0.0002 20
Hearing threshold, good ears at
frequency of maximum sensitivity 10

Hearing threshold, excellent
ears at frequency maximum
response 0.00002 0

* Reference pressure (take your pick, these are identical):
20 micropascal (uPa)
0.00002 pascal
2x107° newton/meter?
0.0002 dyne/cm? or microbar

from 100,000 Pa (100 kPa), which is atmospheric pressure to, 0.00002
Pa (20 pPa), but this range is reduced to quite a convenient form in the
level column. The same information is present in graphical form in
Fig. 2-2.

Another way to generate a 194-dB sound-pressure level, besides
launching a Saturn rocket, is to detonate 50 pounds of TNT 10 feet
away. Common sound waves are but tiny ripples on the steady-state
atmospheric pressure. A 194-dB sound-pressure level approaches the
atmospheric and, hence, is a ripple of the same order of magnitude as
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Sound-pressure
level-dB

Riveter

Noise near
freeway

Background noise
in studio

110

100

90

80

70

60

50

40

30

20

10

Sound pressure

<<— 0.0001 Pa

Standard reference
pressure: 20 X 106 Pa

| <«

(Approximate
threshold of hearing)

Pascal

20 pPa

An appreciation of the relative magnitude of a sound pressure of 1 Pascal can be gained
by comparison to known sounds. The standard reference pressure for sound in air is
20p.Pa, which corresponds closely to the minimum audible pressure.

atmospheric pressure. The 194-dB sound pressure is an rms (root
mean square) value. A peak sound pressure 1.4 times as great would
modulate the atmospheric pressure completely.

A level is a logarithm of a ratio of two powerlike quantities. When lev-
els are computed from other than power ratios, certain conventions are
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observed. The convention for Equation 2-3 is that sound power is pro-
portional to (sound pressure)®. The voltage-level gain of an amplifier
in decibels is 20 log (output voltage/input voltage), which holds true
regardless of the input and output impedances. However, for power-
level gain, the impedances must be considered if they are different. If
it is a line amplifier with 600-ohm input and output impedances, well
and good. Otherwise, a correction is required. The important lesson is
to clearly indicate what type of level is intended, or else label the gain
in level as “relative gain, dB.” The following examples illustrate the
use of the decibel.

Example: Sound-Pressure Level

A sound-pressure level (SPL) is 78 dB. What is the sound pressure, p?

78 dB = 20 log p/(20 x 107)
log p/(20 x 107°) = 78/20
p/(20 x 107%) = 10%°
p=(20x10"°) (7,943.3)
p =0.159 pascals

Remember that the reference level in SPL measurements is 20 pPa.

Example: Loudspeaker SPL

An input of 1 watt produces a SPL of 115 dB at 1 meter. What is the
SPL at 20 ft (6.1 meters)?
SPL =115 - 20 log (6.1/1)
=115-15.7
=99.3 dB

The assumption made in the 20 log 6.1 factor is that the loudspeaker is
operating in a free field and that the inverse square law is operating.
This is a reasonable assumption for a 20-foot distance if the loud-
speaker is remote from reflecting surfaces.

An Electro-Voice “constant directivity” horn Model HP9040 is rated at
a sound pressure level of 115 dB on axis at 1 meter with 1 watt into 8 ohms.
If the input were decreased from 1 watt to 0.22 watts, what would be the
sound-pressure level at 1 meter distance?

SPL =115 — 10 log (0.22/1)
=115-6.6
=108.4 dB
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Note that 10 log is used because two powers are being compared.

Example: Microphone Specifications

A Shure Model 578 omnidirectional dynamic microphone open-cir-
cuit voltage is specified as —80 dB for the 150-ohm case. They also
specify that 0 dB = 1 volt per ubar. What would be the open-circuit
voltage, v, be in volts?

—80 dB =20 log v/1
log v/1 =-80/20
v =0.0001 volt
= 0.1 millivolt

Example: Line Amplifier

A line amplifier (600 ohms in, 600 ohms out) has a gain of 37 dB. With
an input of 0.2 volts, what is the output voltage?

37 dB =20 log (v/0.2)
log (v/0.2) = 37/20
=1.85
/0.2 = 101%
v =(0.2)(70.79)
v =14.16 volts

Example: General-Purpose Amplifier

This amplifier has a bridging input of 10,000 Q impedance and an out-
put impedance of 600 Q. With a 50 mv input, an output of 1.5 V is
observed. What is the gain of the amplifier? The so-called voltage gain
is:

voltage gain = 20 log (1.5/0.05)
=29.5 dB

It must be emphasized that this is not a power level gain because of the
differences in impedance. However, voltage gain may serve a practical
purpose in certain cases.

Example: Concert Hall

Seat x in a concert hall is 84 feet from the tympani drums. The tympa-
nist strikes a single, mighty note. The sound-pressure level of the
direct sound of the note at seat x is measured to be 55 dB. The first
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reflection from the nearest sidewall arrives at seat x 105 milliseconds
after the arrival of the direct sound. (A) How far does the reflection
travel to reach seat x? (B) What is the SPL of the reflection at seat x,
assuming perfect reflection at the wall? (C) How long will the reflec-
tion be delayed after arrival of the direct sound at seat x?

(A) Distance = (1,130 ft/sec) (0.105 sec)
=118.7 ft

(B) First, the level, L, 1 foot from the tympani drum must be estimated:
55 = L — 20 log (84/1)
L =55+ 38.5
L=93.5dB

The SPL of the reflection at seat x is:

dB =93.5 — 20 log (118.7/1)
=93.5-41.5
=52 dB

(C) The reflection will arrive after the direct sound at seat x after:

Delay = (118.7 — 84)/1,130 ft/sec
= 30.7 milliseconds

A free field is also assumed here. In chapter 3, the 30.7 ms reflection
might be called an incipient echo.

Example: Combining Decibels

Let’s say it is warm in our studio and a fan is brought in to augment the
air conditioning (A/C) system. If both fan and the A/C are turned off, a
very low noise level prevails, low enough to be neglected in the calcu-
lation. If the A/C alone is running, the sound-pressure level at a given
position is 55 dB. If the fan alone is running, the sound-pressure level
is 60 dB. What will be the sound-pressure level if both are running at
the same time?

55 60 )

Combined dB =10 log (10E +101°

=61.19 dB

If the combined level of two noise sources is 80 dB and the level with
one of the sources turned off is 75 dB, what is the level of the remain-
ing source?
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80 75 ]

Difference dB = 10 log (10E -10™

=78.3 dB

In other words, combining the 78.3 dB level with the 75 dB level gives
the combined level of 80 dB.

Ratios and Octaves

An octave is defined as a 2:1 ratio of two frequencies. For example,
middle C (C4) on the piano has a frequency close to 261 Hz. The
next highest C (C5) has a frequency of about 522 Hz. Ratios of fre-
quencies are very much a part of the musical scale. The frequency
ratio 2:1 is the octave; the ratio 3:2 is the fifth; 4:3 is the fourth, etc.
Because the octave is very important in acoustical work, it is well to
consider the mathematics of the octave.

As the ratio of 2:1 is defined as the octave, its mathematical
expression is:

n

% =2 (2-6)

in which:

f. = the frequency of the upper edge of the octave interval.
f1 = the frequency of the lower edge of the octave interval.
n = the number of octaves.

For 1 octave, n =1 and Equation (2-6) becomes f,/f; = 2, which is the
definition of the octave. Other applications of Equation (2-6) are now
explored:

Example

The low-frequency edge of a band is 20 Hz, what is the high-frequency
edge of a band 10 octaves wide?
fZ = 210
20 Hz
f>=(20) (2")
f. =(20) (1,024)
f, = 20,480 Hz
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Example
If 446 Hz is the lower edge of a % octave band, what is the frequency of
the upper edge?
fZ — 21/3
446

f, = (446) (27)
f, = (446) (1.2599)
f» =561.9 Hz

Example
What is the lower edge of a % octave band centered on 1,000 Hz? The
f is 1,000 Hz but the lower edge would be % octave lower than the %

octave, so n = %:

f2 _ 1,000 _ s

f fi
1,000
fl = 91/6
1,000
1= 112246
f, =890.9 Hz
Example
At what frequency is the lower edge of an octave band centered on
2,500 Hz?
2,500 _ 512
1
2,500
f1 = 21/2
2,500
1= Tz

f,=1,767.8 Hz

What is the upper edge?
fZ — 21/2
2,500




SOUND LEVELS AND THE DECIBEL 39

f. = (2,500) (2
f, = (2,500) (1.4142)
f, =3,535.5 Hz

Measuring Sound-Pressure Level

A sound level meter is designed to give readings of sound-pressure
level; sound pressure in decibels referred to the standard reference
level, 20 uPa. Sound level meters usually offer a selection of weighting
networks designated A, B, and C having frequency responses shown in
Fig. 2-3. Network selection is based on the general level of sounds to
be measured (background noise? jet engines?), such as:

e For sound-pressure levels of 20-55 dB...use network A.
e For sound-pressure levels of 55-85 dB...use network B.
e For sound-pressure levels of 85-140 dB...use network C.

These network response shapes are designed to bring the sound level
meter readings into closer conformance to the relative loudness of

sounds.
10
0 = r— e Suggs
) ol T BN
—? A
g —10 -
g v
& {B}
= —20
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—40
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Frequency - Hz

A, B, and C weighting response characteristics for sound level meters. (ANSI S1 .4-1971.)
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(e Ear and the
Perception of dound

he study of the structure of the ear is a study in physiology. The

study of human perception of sound comes under the general head-
ing of psychology. Psychoacoustics is an inclusive term embracing the
physical structure of the ear, the sound pathways, the perception of
sound, and their interrelationships. Psychoacoustics, quite a recent
term, is especially pertinent to this study because it emphasizes both
structure and function of the human ear.

The stimulus sound wave striking the ear sets in motion mechani-
cal movements that result in neuron discharges that find their way to
the brain and create a sensation. Then comes the question, “How are
these sounds recognized and interpreted?” In spite of vigorous
research activities on all aspects of human hearing, our knowledge is
still woefully incomplete.

sensitivity of the Ear

The delicate and sensitive nature of our hearing can be underscored dra-
matically by a little experiment. A bulky door of an anechoic chamber is
slowly opened, revealing extremely thick walls, and three-foot wedges of
glass fiber, points inward, lining all walls, ceiling, and what could be
called the floor, except that you walk on an open steel grillwork.

A chair is brought in, and you sit down. This experiment takes time,
and as a result of prior briefing, you lean back, patiently counting

Copyright 2001 The McGraw-Hill Companies, Inc. Click Here for Terms of Use.
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the glass fiber wedges to pass the time. It is very eerie in here. The sea
of sound and noises of life and activity in which we are normally
immersed and of which we are ordinarily scarcely conscious is now
conspicuous by its absence.

The silence presses down on you in the tomblike silence, 10 min-
utes, then a half hour pass. New sounds are discovered, sounds that
come from within your own body. First, the loud pounding of your
heart, still recovering from the novelty of the situation. An hour goes
by. The blood coursing through the vessels becomes audible. At last, if
your ears are keen, your patience is rewarded by a strange hissing
sound between the “ker-bumps” of the heart and the slushing of blood.
What is it? It is the sound of air particles pounding against your
eardrums. The eardrum motion resulting from this hissing sound is
unbelievably small—only Y00 of a millionth of a centimeter—or %o
the diameter of a hydrogen molecule!

The human ear cannot detect sounds softer than the rain of air par-
ticles on the eardrum. This is the threshold of hearing. There would be
no reason to have ears more sensitive, because any lower-level sound
would be drowned by the air-particle noise. This means that the ulti-
mate sensitivity of our hearing just matches the softest sounds possi-
ble in an air medium. Accident? Adaptation? Design?

At the other extreme, our ears can respond to the roar of a cannon, the
noise of a rocket blastoff, or a jet aircraft under full power. Special pro-
tective features of the ear protect the sensitive mechanism from damage
from all but the most intense noises.

A Primer of Ear Anatomy

The three principal parts of the human auditory system, shown in Fig.
3-1, are the outer ear, the middle ear, and the inner ear. The outer ear
is composed of the pinna and the auditory canal or auditory meatus.
The auditory canal is terminated by the tympanic membrane or the
eardrum. The middle ear is an air-filled cavity spanned by the three
tiny bones, the ossicles, called the malleus, the incus, and the stapes.
The malleus is attached to the eardrum and the stapes is attached to
the oval window of the inner ear. Together these three bones form a
mechanical, lever-action connection between the air-actuated eardrum
and the fluid-filled cochlea of the inner ear. The inner ear is termi-
nated in the auditory nerve, which sends impulses to the brain.
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Pinna

Semicircular
canals

Middle Round Cochlea

ear Window
. .. Eardrum
R Y. .

=% Auditory

canal

The four principal parts of the human ear: the pinna, the auditory canal, the middle ear,
and the inner ear.

The Pinna: Directional Encoder of Sound

In ancient times, the pinna was regarded as either a vestigial organ or
a simple sound-gathering device. True, it is a sound-gathering device.
The pinna offers a certain differentiation of sounds from the front as
compared to sound from the rear. Cupping your hand behind the ear
increases the effective size of the pinna and thus the apparent loud-
ness by an amount varying with frequency. For the important speech
frequencies (2,000 to 3,000 Hz), sound pressure at the eardrum is
increased about 5 dB. This front-back differentiation is the more mod-
est contribution of the pinna.

Recent research has revealed that the pinna performs a very crucial
function in imprinting directional information on all sounds picked
up by the ear. This means that information concerning the direction to
the source is superimposed on the sound content itself so that the
resultant sound pressure on the eardrum enables the brain to interpret
both the content of the sound and the direction from which it comes.
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Directional Cues: An Experiment

If the equipment is available, a simple psychoacoustical experiment can
illustrate how subjective directional impressions result from simple
changes in sounds falling on the ear. Listen with a headphone on one ear
to an octave bandwidth of random noise centered on 8 kHz arranged
with an adjustable notch filter. Adjusting the filter to 7.2 kHz will cause
the noise to seem to come from a source on the level of the observer. With
the notch adjusted to 8 kHz the sound seems to come from above. With
the notch at 6.3 kHz the sound seems to come from below. This experi-
ment' demonstrates that the human hearing system extracts directional
information from the shape of the sound spectra at the eardrum.

The Ear Canal

The ear canal also increases the loudness of the sounds traversing it. In
Fig. 3-2 the ear canal, with an average diameter of about 0.7 cm and
length of about 3 cm, is idealized by straightening and giving it a uni-

form diameter throughout its length.

Pressure

Acoustically, this is a reasonable approxi-
mation. It is a pipe-like duct, closed at the

Eardrum

inner end by the eardrum.

Organ pipes were studied intensely by
early investigators when the science of

acoustics was in its infancy. The acoustical
similarity of this ear canal to an organ pipe

was not lost on early workers in the field.
The resonance effect of the ear canal
increases sound pressure at the eardrum at
certain frequencies. The maximum is near
the frequency at which the 3-cm pipe is
one-quarter wavelength—about 3,000 Hz.
Figure 3-3 shows the increase in sound

pressure at the eardrum over that at the

Distance ——> opening of the ear canal. A primary peak is

The auditory canal, closed at one end by the eardrum,
acts as a quarter-wavelength “organ pipe.” Reso-
nance provides acoustic amplification for the impor-
tant voice frequencies.

noted around 3,000 Hz caused by the quar-
ter-wave pipe resonance effect. The pri-
mary pipe resonance amplifies the sound
pressure at the eardrum approximately
12 dB at the major resonance at about
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The transfer function (frequency response) of the ear canal. This is a fixed component that is combined with
every directionally-encoded sound reaching the eardrum. See also Figs. 3-15 and 3-16. (After Mehrgardt and
Mellart.?)

4,000 Hz. There is a secondary resonance nearer 9,000 Hz of lower
peak pressure.?

The Middle Ear

Transmitting sound energy from a tenuous medium such as air into a
dense medium like water is a serious problem. Without some very spe-
cial equipment, sound originating in air bounces off water like light off
a mirror. It boils down to a matter of matching impedances, and in this
case the impedance ratio is something like 4,000:1. Consider how sat-
isfactory it would be to drive the 1-ohm voice coil of a loudspeaker
with an amplifier having an output impedance of 4,000 ohms! Clearly
not much power would be transferred.

The object is to get the feeble energy represented by the vibratory
motion of a rather flimsy diaphragm, transferred with maximum effi-
ciency to the fluid of the inner ear. The two-fold solution is suggested in
Fig. 3-4. The three ossicles (hammer, anvil, and stirrup) form a mechan-
ical linkage between the eardrum and the oval window, which is in inti-
mate contact with the fluid of the inner ear. The first of the three bones,
the malleus, is fastened to the eardrum. The third, the stapes, is actually
a part of the oval window. There is a lever action in this linkage with a
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Ossicles \

Eardrum Oval window
Eardrum I
80Sqmm —
1.3-3.1to1

— — 3Sq mm

| oval window

(A) The ossicles (hammer, anvil, and stirrup) of the middle ear, which transmit mechan-
ical vibrations of the eardrum to the oval window of the cochlea. (B) A mechanical ana-
log of the impedance-matching function of the middle ear. The difference in area
between the eardrum and the oval window, coupled with the step-down mechanical link-
age, match the motion of the air-actuated eardrum to the fluid-loaded oval window.

ratio leverage ranging from 1.3:1 to 3.1:1. That is, the eardrum motion is
reduced by this amount at the oval window of the inner ear.

This is only part of this fascinating mechanical-impedance-match-
ing device. The area of the eardrum is about 80 sq mm, and the area of
the oval window is only 3 sqg mm. Hence, a given force on the eardrum
is reduced in the ratio of 80/3, or about 27-fold.

In Fig. 3-4B, the action of the middle ear is likened to two pistons
with area ratios of 27:1 connected by an articulated connecting rod
having a lever arm ranging from 1.3:1 to 3.1:1, making a total mechan-
ical force increase of between 35 and 80 times. The acoustical imped-
ance ratio between air and water being on the order of 4,000:1, the
pressure ratio required to match two media would be V 4,000, or about
63.2, and we note that this falls within the 35 to 80 range obtained
from the mechanics of the middle ear illustrated in Fig. 3-4B.
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The problem of matching sound in air to sound in the fluid of
the inner ear is beautifully solved by the mechanics of the middle
ear. The evidence that the impedance matching plus the resonance
amplification of Fig. 3-3 really work is that a diaphragm motion com-
parable to molecular dimensions gives a threshold perception.

A schematic of the ear is given in Fig. 3-5. The conical eardrum at
the inner end of the auditory canal forms one side of the air-filled mid-
dle ear. The middle ear is vented to the upper throat behind the nasal
cavity by the Eustachian tube. The eardrum operates as an “acoustic
suspension” system, acting against the compliance of the trapped air
in the middle ear. The Eustachian tube is suitably small and con-
stricted so as not to destroy this compliance. The round window sep-
arates the air-filled middle ear from the practically incompressible
fluid of the inner ear.

The Eustachian tube fulfills a second function by equalizing the
static air pressure of the middle ear with the outside atmospheric pres-
sure so that the eardrum and the delicate membranes of the inner ear
can function properly. Whenever we swallow, the Eustachian tubes

Eardrum — \ / N L G G, W‘j“?{)’

Ear canal
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Basilar membrane

Eustachian

e NIEITEE

Highly idealized sketch of the human ear showing the unrolled fluid-filled cochlea.
Sound entering the ear canal causes the eardrum to vibrate. This vibration is transmit-
ted to the cochlea through the mechanical linkage of the middle ear. The sound is ana-
lyzed through standing waves set up on the basilar membrane.
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open, equalizing the middle ear pressure. When an aircraft (at least
those without pressurized cabins) undergoes rapid changes in alti-
tude, the occupants might experience momentary deafness or pain
until the middle ear pressure is equalized by swallowing. Actually, the
Eustachian tube has a third emergency function of drainage if the mid-
dle ear becomes infected.

The Inner Ear

Only the acoustical amplifiers and the mechanical impedance matching
features of the middle ear have been discussed so far. These are relatively
well understood. The intricate operation of the cochlea is still clouded in
mystery, but extensive research is steadily adding to our knowledge.

Figure 3-1 shows the close proximity of the three mutually-perpen-
dicular, semicircular canals of the vestibular mechanism, the balanc-
ing organ, and the cochlea, the sound-analyzing organ. The same fluid
permeates all, but their functions are independent.

The cochlea, about the size of a pea, is encased in solid bone. It is
coiled up like a cockleshell from which it gets its name. For the pur-
poses of illustration, this 2%-turn coil has been stretched out its full
length, about one inch, as shown in Fig. 3-5. The fluid-filled inner ear
is divided lengthwise by two membranes, Reissner’s membrane and
the basilar membrane. Of immediate interest is the basilar membrane
and its response to sound vibrations in the fluid.

Vibration of the eardrum activates the ossicles. The motion of the
stapes, attached to the oval window, causes the fluid of the inner ear to
vibrate. An inward movement of the oval window results in a flow of
fluid around the distant end of the basilar membrane, causing an out-
ward movement of the membrane of the round window. Sound actuat-
ing the oval window results in standing waves being set up on the
basilar membrane. The position of the amplitude peak of the standing
wave on the basilar membrane changes as the frequency of the exciting
sound is changed.

Low-frequency sound results in maximum amplitude near the dis-
tant end of the basilar membrane; high-frequency sound produces
peaks near the oval window. For a complex signal such as music or
speech, many momentary peaks are produced, constantly shifting in
amplitude and position along the basilar membrane. These resonant
peaks on the basilar membrane were originally thought to be so broad
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as to be unable to explain the sharpness of frequency discrimination
displayed by the human ear. Recent research is showing that at low
sound intensities, the basilar membrane tuning curves are very sharp,
broadening only for intense sound. It now appears that the sharpness
of the basilar membrane’s mechanical tuning curves is comparable to
the sharpness of single auditory nerve fibers, which innervate it.

Stereocilia

Waves set up on the basilar membrane in the fluid-filled duct of the
inner ear stimulate hairlike nerve terminals that convey signals to the
brain in the form of neuron discharges, about 15,000 outer hair cells
with about 140 tiny hairs called stereocilia jutting from each one. In
addition, there are about 3,500 inner hair cells, each having about 40
stereocilia attached. These stereocilia are the true transducers of
sound energy to electrical discharges. There are two types of hair cells,
inner and outer, so-called by their placement and arrangement. As
sound causes the cochlear fluid and the basilar membrane to move, the
stereocilia on the hair cells are bent, initiating neural discharges to the
auditory cortex.

When sound excites the fluid of the inner ear, membrane and hair
cells are stimulated, sending an electrical wave through the surround-
ing tissue. These so-called microphonic potentials (analog) can be
picked up and amplified, reproducing the sound falling on the ear,
which acts as a biological microphone. These potentials are propor-
tional to the sound pressure and linear in their response over an 80-dB
range. While interesting, this microphonic potential must not be con-
fused with the action potentials of the auditory nerve, which convey
information to the brain.

Bending the stereocilia triggers the nerve impulses that are carried
by the auditory nerve to the brain. While the microphonic signals are
analog, the impulses sent to the acoustic cortex are impulses gener-
ated by neuron discharges. A single nerve fiber is either firing or not
firing (binary!). When it fires, it causes an adjoining one to fire, and so
on. Physiologists liken the process to a burning gunpowder fuse. The
rate of travel bears no relationship to how the fuse was lighted. Pre-
sumably the loudness of the sound is related to the number of nerve
fibers excited and the repetition rates of such excitation. When all the
nerve fibers (some 15,000 of them) are excited, this is the maximum
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loudness that can be perceived. The threshold sensitivity would be
represented by a single fiber firing. An overall, well-accepted theory of
how the inner ear and the brain really function has not yet been for-
mulated.**

This has been a highly simplified presentation of a very complex
mechanism to which much current research is being devoted. Some of
the numbers used and theories discussed are not universally accepted.
Popularization of a subject such as the ear is an occupation that might
be hazardous to my health, but audio workers must surely be amazed
at the delicate and effective workings of the human ear. It is hoped that
a new awareness of, and respect for, this delicate organism will be
engendered and that damaging high levels of sound be avoided.

Loudness vs. Frequency

The seminal work on loudness was done at Bell Laboratories by
Fletcher and Munson and reported in 1933,” and refinements have
been added by others since that time. The family of equal-loudness
contours of Fig. 3-6, the work of Robinson and Dadson,® has been
adopted as an international standard (I.S.0. 226).

Each equal-loudness contour is identified by its value at 1,000 Hz,
and the term loudness level in phons is thus defined. For example, the
equal-loudness contour passing through 40-dB sound-pressure level at
1,000 Hz is called the 40-phon contour. Loudness is a subjective term;
sound-pressure level is strictly a physical term. Loudness level is also
a physical term that is useful in estimating the loudness of a sound (in
units of sones) from sound-level measurements. The shapes of the
equal-loudness contours contain subjective information because they
were obtained by a subjective comparison of the loudness of a tone to
its loudness at 1,000 Hz.

The surprising thing about the curves of Fig. 3-6 is that they reveal
that perceived loudness varies greatly with frequency and sound-pres-
sure level. For example, a sound-pressure level of 30 dB yields a loud-
ness level of 30 phons at 1,000 Hz, but it requires a sound-pressure
level of 58 dB more to sound equally loud at 20 Hz as shown in Fig.
3-7. The curves tend to flatten at the higher sound levels. The 90-phon
curve rises only 32 dB between 1,000 Hz and 20 Hz. Note that invert-
ing the curves of Fig. 3-7 gives the frequency response of the ear in
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Equal-loudness contours of the human ear. These contours reveal the relative lack of sensitivity of the ear to
bass tones, especially at lower sound levels. Inverting these curves give the frequency response of the ear in
terms of loudness level. (After Robinson and Dadson.?)

terms of loudness level. The ear is less sensitive to bass notes than
midband notes at low levels. There are wiggles in the ear’s high-
frequency response that are relatively less noticeable. This bass prob-
lem of the ear means that the quality of reproduced music depends on
the volume-control setting. Listening to background music at low levels
requires a different frequency response than listening at higher levels.

Loudness Gontrol

Let us assume that the high fidelity enthusiast adjusts the volume con-
trol on his or her amplifier so that the level of recorded symphony
music is pleasing as a background to conversation (assumed to be
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A comparison of the ear’s response at 20 Hz compared to that at 1,000 Hz. At a loud-
ness level of 30 phons, the sound-pressure level of a 20-Hz tone must be 58 dB higher
than that at 1,000 Hz to have the same loudness. At 90 phons loudness level, an
increase of only 32 dB is required. The ear’s response is somewhat flatter at high loud-
ness levels. Loudness level is only an intermediate step to true subjective loudness as
explained in the text.

about 60 phons). As the passage was played at something like an 80-
phon loudness level in the concert hall, something needs to be done to
give the bass and treble of the music the proper balance at the lower-
than-concert-hall level. Our enthusiast would find it necessary to
increase both bass and treble for good balance.

The loudness control found on many amplifiers adjusts electrical net-
works to compensate for the change in frequency response of the ear for
different loudness levels. But the curve corresponding to a given setting
of the loudness control applies only to a specific loudness level of repro-
duced sound. The loudness control is far from a complete solution to the
problem. Think of all the things that affect the volume-control setting in
a particular situation. The loudspeakers vary in acoustic output for a
given input power. The gain of preamplifiers, power amplifiers, tuners,
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and phono pickups differs from brand to brand and circuit to circuit. Lis-
tening-room conditions vary from dead to highly reverberant. With all of
these variables, how can a manufacturer design a loudness control truly
geared to the sound-pressure level at the ear of listener x with the partic-
ular variables of x’s equipment and x’s listening environment? For a
loudness control to function properly, x’s system must be calibrated and
the loudness control fitted to it.°

Area of Audibility

Curves A and B of Fig. 3-8 were obtained from groups of trained lis-
teners. In this case, the listeners face the sound source and judge
whether a tone of a given frequency is barely audible (curve A) or

Threshold of feeling
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The auditory area of the human ear is bounded by two threshold curves, (A) the thresh-
old of hearing delineating the lowest level sounds the ear can detect, and (B) the
threshold of feeling at the upper extreme. All of our auditory experiences occur within
this area.
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beginning to be painful (curve B). These two curves represent the
extremes of our perception of loudness.

Curve A of Fig. 3-8, the threshold of hearing, tells us that human
ears are most sensitive around 3 kHz. Another way to state this is that
around 3 kHz a lower-level sound elicits a greater threshold response
than higher or lower frequencies. At this most sensitive region, a
sound-pressure level of 0 dB can just barely be heard by a person of
average hearing acuity. Is it fortuitous that this threshold is at a nice,
round, 0-dB level? No, the reference level of pressure of 20 mPa (20
micropascals) was selected for this reason. It is both instructive and
comforting to know that a sound-pressure level of 60 dB turns out to
be approximately 60 dB above our threshold of hearing.

Curve B of Fig. 3-8 represents the level at each frequency at which
a tickling sensation is felt in the ears. This occurs at a sound-pressure
level of about 120 or 130 dB. Further increase in level results in an
increase in feeling until a sensation of pain is produced. The threshold
tickling is a warning that the sound is becoming dangerously loud and
that ear damage is either imminent or has already taken place.

In between the threshold of hearing (curve A of Fig. 3-8) and the
threshold of feeling (curve B) is the area of audibility. This is an area
with two dimensions: the vertical dimension of sound-pressure level
and the horizontal range of frequencies that the ear can perceive. All
the sounds that humans experience must be of such a frequency and
level as to fall within this auditory area. Chapter 5 details more specif-
ically how much of this area is used for common music and speech
sounds.

The area of audibility for humans is quite different from that of
many animals. The bat specializes in sonar cries that are far above the
upper frequency limit of our ears. The hearing of dogs extends higher
than ours, hence the usefulness of ultrasonic dog whistles. Sound in
the infrasonic and ultrasonic regions, as related to the hearing of
humans, is no less true sound in the physical sense, but it does not
result in human perception.

Loudness vs. Sound-Pressure Level

The phon is the unit of loudness level that is tied to sound-pressure
level at 1,000 Hz as we have seen in Figs. 3-6, 3-7, and 3-8. This is
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useful up to a point, but it tells us little about human reaction to loud-
ness of sound. We need some sort of subjective unit of loudness. Many
experiments conducted with hundreds of subjects and many types of
sound have yielded a consensus that for a 10-dB increase in sound-
pressure level, the average person reports that loudness is doubled.
For a 10-dB decrease in sound level, subjective loudness is cut in half.
One researcher says this should be 6 dB, others say 10 dB, so work on
the problem continues. However, a unit of subjective loudness has
been adopted called the sone. One sone is defined as the loudness
experienced by a person listening to a tone of 40-phon loudness level.
A sound of 2 sones is twice as loud, and 0.5 sone half as loud.

Figure 3-9 shows a graph for translating sound-pressure levels to
loudness in sones. One point on the graph is the very definition of the
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sone, the loudness experienced by a person hearing a 1,000-Hz tone at
40-dB sound-pressure level, or 40 phons. A loudness of 2 sones is then
10 dB higher; a loudness of 0.5 sones is 10 dB lower. A straight line can
be drawn through these three points, which can then be extrapolated
for sounds of higher and lower loudness.

As crude as this graph may be, it is a way of getting at the subjec-
tive factor of loudness. The value of this line of reasoning is that if a
consultant is required by a court to give his or her opinion on the loud-
ness of an industrial noise that bothers neighbors, he or she can make
a one-third octave analysis of the noise, translate the sound-pressure
levels of each band to sones by the help of a series of graphs such as
Fig. 3-9, and by adding together the sones of each band, arrive at an
estimate of the loudness of the noise. This idea of being able to add
component sones is very nice; adding decibels of sound-pressure lev-
els is a path that leads only to confusion.

Table 3-1 shows the relationship between loudness level in phons
to the subjective loudness in sones. Although most audio workers will
have little occasion to become involved in phons or sones, it is good to
realize that a true subjective unit of loudness (sone) is related to loud-
ness level (phon), which is in turn related by definition to what we can
measure with a sound-level meter. There are highly developed empir-
ical methods of calculating the loudness of sound as they would be
perceived by humans from purely physical measurements of sound
spectra, such as those measured with a sound-level meter and an
octave or one-third octave filter."

Table 3-1. Loudness level in phons vs. Loudness and Bandwidth

loudness in sones.

In the discussion of loudness we have

Loudness  Subjective talked tones up to this point, but single-
level loudness . .
. frequency tones do not give all the informa-
(phons) (sones) Typical examples ] .
tion we need to relate subjective loudness
100 64 Hany truck passing  to meter readings. The noise of a jet aircraft
80 16 Talk1‘ng loudly taking off sounds much louder than a tone
60 4 Tal!<1ng softly of the same sound-pressure level. The
40 1 Quiet room . .
s ) bandwidth of the noise affects the loudness
20 0.25 Very quiet studio

of the sound, at least within certain limits.
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Figure 3-10A represents three sounds having the same sound-
pressure level of 60 dB. Their bandwidths are 100, 160, and 200 Hz,
but heights (representing sound intensity per Hz) vary so that areas
are equal. In other words, the three sounds have equal intensities.
(Sound intensity has a specific meaning in acoustics and is not to be
equated to sound pressure. Sound intensity is proportional to the
square of sound pressure for a plane progressive wave). The catch is
that all three sounds of Fig.3-10A do not have the same loudness.
The graph in Fig. 3-10B shows how a bandwidth of noise having a
constant 60-dB sound-pressure level and centered on 1,000 Hz is
related to loudness as experimentally determined. The 100-Hz noise

<100 3
Hz < 160 >
Hz <— 21_(1)0 —>
Z
| | |
| | |
1kHz 1kHz 1kHz
A
80 — —16

Loudness level - phons

Loudness - sones
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B

(A) Three noises of different bandwidths, but all having the same sound-pressure level
of 60 dB. (B) The subjective loudness of the 100- and 160-Hz noise is the same, but the
200-Hz band sounds louder because it exceeds the 160-Hz critical band width of the ear
at 1,000 Hz.
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has a loudness level of 60 phons and a loudness of 4 sones. The 160-
Hz bandwidth has the same loudness, but something mysterious
happens as the bandwidth is increased beyond 160 Hz. The loud-
ness of the noise of 200-Hz bandwidth is louder, and from 160 Hz or
up, increasing bandwidth increases loudness. Why the sharp change
at 160 Hz?

It turns out that 160 Hz is the width of the ear’s critical band at
1,000 Hz. If a 1,000-Hz tone is presented to a listener along with ran-
dom noise, only the noise in a band 160 Hz wide is effective in
masking the tone. In other words, the ear acts like an analyzer com-
posed of a set of bandpass filters stretching throughout the audible
spectrum. This filter set is nothing like that found in the electronics
laboratory. The common “-octave filter set may have 28 adjacent fil-
ters overlapping at the —3 dB points. The set of critical band filters is
continuous; that is, no matter where you might choose to set the sig-
nal generator dial, there is a critical band centered on that fre-
quency.

Many years of research on this problem has yielded a modicum of
agreement on how the width of the critical-band filters varies with fre-
quency. This classical bandwidth function is shown in the graph of
Fig. 3-11. There has been some question as to the accuracy of this
graph below about 500 Hz that has led to other methods of measuring
the bandwidth. Out of this has come the concept of the equivalent rec-
tangular bandwidth (ERB) that applies to young listeners at moderate
sound levels." This approach is based on mathematical methods and
offers the convenience of being able to calculate the ERB from the
equation given in Fig. 3-11.

One-third-octave filter sets have been justified in certain mea-
surements because the filter bandwidths approach those of the criti-
cal bands of the ear. For comparison, a plot of one-third-octave
bandwidths is included in Fig. 3-11. One-third-octave bands are 23.2
percent of the center frequency. The classical critical-band function
is about 17 percent of the center frequency. It is interesting to note
that the ERB function (12 percent) is very close to that of one-sixth-
octave bands (11.6 percent). This suggests the possibility of one-
sixth-octave filter sets playing a larger role in sound measurements
of the future.
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Loudness of Impulses

The examples discussed up to this point have been concerned with
steady-state tones and noise. How does the ear respond to transients of
short duration? This is important because music and speech are essen-
tially made up of transients. To focus attention on this aspect of speech
and music, play some tapes backward. The initial transients now
appear at the ends of syllables and musical notes and stand out promi-
nently. These transients justify a few words on the ear’s response to
short-lived sounds.

A 1,000-Hz tone sounds like 1,000 Hz in a 1-second tone burst, but
an extremely short burst sounds like a click. The duration of such a
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burst also influences the perceived loudness. Short bursts do not
sound as loud as longer ones. Figure 3-12 shows how much the level
of the shorter pulses has to be increased to have the same loudness as
a long pulse or steady tone. A pulse 3 milliseconds long must have a
level about 15 dB higher to sound as loud as a 0.5-second (500 mil-
lisecond) pulse. Tones and random noise follow roughly the same rela-
tionship in loudness vs. pulse length.

The 100-msec region is significant in Fig. 3-12. Only when the
tones or noise bursts are shorter than this amount must the sound-
pressure level be increased to produce a loudness equal to that of long
pulses or steady tones or noise. This 100 msec appears to be the inte-
grating time or the time constant of the human ear.

In reality, Fig. 3-12 tells us that our ears are less sensitive to short
transients. This has a direct bearing on understanding speech. The con-
sonants of speech determine the meaning of many words. For instance,
the only difference between bat, bad, back, bass, ban, and bath are the
consonants at the end. The words led, red, shed, bed, fed, and wed have
the all-important consonants at the beginning. No matter where they
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Short pulses of tones or noise are less audible than longer pulses as these graphs indi-
cate. The discontinuity of the 100- to 200-msec region is related to the integrating time
of the ear.
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occur, these consonants are genuine transients having durations on the
order of 5 to 15 msec. A glance at Fig. 3-12 tells you that transients this
short must be louder to be comparable to longer sounds. In the above
words, each consonant is not only much shorter than the rest of the
word, it is also at a lower level. Thus you need good listening conditions
to distinguish between such sets of words. Too much background noise
or too much reverberation can seriously impair the understandability of
speech because of the consonant problem."

Audibility of Loudness Changes

Modern faders are of the composition type giving gradations in level
so small as to be inaudible. Wire-wound faders of early mixing con-
soles produced discrete steps in level that could be audible. Steps of
5 dB were definitely audible, steps of 0.5 dB were inaudible, but these
steps cost too much to produce and 0.5 dB steps were not necessary.
Steps of 2 dB, an economic compromise, produced changes in signal
level that were barely detectable by an expert ear. Detecting differ-
ences in intensity varies somewhat with frequency and also with
sound level.

At 1 kHz, for very low levels, a 3-dB change is the least detectable
by the ear, but at high levels the ear can detect a 0.25-dB change. A
very low level 35-Hz tone requires a 9-dB level change to be
detectable. For the important midfrequency range and for commonly
used levels, the minimum detectable change in level that the ear can
detect is about 2 or 3 dB. Making level changes in increments less than
these is usually unnecessary.

Pitch vs. Frequency

Pitch, a subjective term, is chiefly a function of frequency, but it is not
linearly related to it. Because pitch is somewhat different from fre-
quency, it requires another subjective unit—the mel. Frequency is a
physical term measured in cycles per second, now called Hertz.
Although a weak 1,000-Hz signal is still 1,000 Hz if you increase its
level, the pitch of a sound may depend on sound-pressure level. A ref-
erence pitch of 1,000 mels has been defined as the pitch of a 1,000-Hz
tone with a sound-pressure level of 60 dB. The relationship between
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pitch and frequency, determined by experiments with juries of listen-
ers, is shown in Fig. 3-13. Notice that on the experimental curve 1,000
mels coincides with 1,000 Hz, which tells us that the sound-pressure
level for this curve is 60 dB. It is interesting to note that the shape of
the curve of Fig. 3-13 is quite similar to a plot of position along the
basilar membrane of the inner ear as a function of frequency. This sug-
gests that pitch is related to action on this membrane, but much work
remains to be done to be certain of this.

Researchers tell us that there are about 280 discernible steps in
intensity and some 1,400 discernible steps in pitch that can be
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Pitch (in mels, a subjective unit) is related to frequency (in Hz, a physical unit) accord-
ing to this curve obtained by juries of listeners. (After Stevens and Volkman.*?)
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detected by the human ear. As changes in intensity and pitch are the
very stuff of communication, it would be interesting to know how
many combinations are possible. Offhand, it might seem that there
would be 280 x 1,400 = 392,000 combinations detectable by the ear.
This is overly optimistic because the tests were conducted by compar-
ing two simple, single-frequency sounds in rapid succession and bears
little resemblance to the complexities of commonly heard sounds.
More realistic experiments show that the ear can detect only about 7
degrees of loudness and 7 degrees of pitch or only 49 pitch-loudness
combinations. This is not too far from the number of phonemes (the
smallest unit in a language that distinguishes one utterance from
another) which can be detected in a language.

An Experiment

The level of sound affects the perception of pitch. For low frequencies,
the pitch goes down as the level of sound is increased. At high frequen-
cies, the reverse takes place—the pitch increases with sound level.

The following is an experiment within the reach of many readers that
was suggested by Harvey Fletcher. Two audio oscillators are required, as
well as a frequency counter. One oscillator is fed to the input of one
channel of a high-fidelity system, the other oscillator to the other chan-
nel. After the oscillators have warmed up and stabilized, adjust the fre-
quency of the left channel oscillator to 168 Hz and that of the right
channel to 318 Hz. At low level these two tones are quite discordant.
Increase the level until the pitches of the 168-Hz and 318-Hz tones
decrease to the 150-Hz—300-Hz octave relationship, which gives a pleas-
ant sound. This illustrates the decrease of pitch at the lower frequencies.
An interesting follow-up would be to devise a similar test to show that
the pitch of higher frequency tones increases with sound level.

Timbre vs. Spectrum

Timbre has to do with our perception of complex sounds. The word is
applied chiefly to the sound of various musical instruments. A flute
and oboe sound different even though they are both playing A. The
tone of each instrument has its own timbre. Timbre is determined by
the number and relative strengths of the instrument’s partials. Tonal
quality comes close to being a synonym for timbre.
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Timbre is another subjective term. The analogous physical term is
spectrum. A musical instrument produces a fundamental and a set of
partials (or harmonics) that can be analyzed with a wave analyzer and
plotted as in Fig. 1-15. Suppose the fundamental is 200 Hz, the second
harmonic 400 Hz, the third harmonic 600 Hz, etc. The subjective pitch
that the ear associates with our measured 200 Hz, for example, varies
slightly with the level of the sound. The ear also has its own subjective
interpretation of the harmonics. Thus, the ear’s perception of the overall
timbre of the instrument’s note might be considerably different from the
measured spectrum in a very complex way.

In listening to an orchestra in a music hall, the timbre you hear is
different for different locations in the seating area.'* The music is com-
posed of a wide range of frequencies, and the amplitude and phase of
the various components are affected by reflections from the various
surfaces of the room. The only way to get one’s analytical hands on
studying such differences is to study the sound spectra at different
locations. However, these are physical measurements, and the subjec-
tive timbre still tends to slip away from us. The important point of this
section is to realize that a difference exists between timbre and
spectrum.

Localization of Sound Sources

The perception of a direction to a source of a sound is, at least par-
tially, the result of the amazing encoding function of the external ear,
the pinna. Sound reflected from the various ridges, convolutions, and
surfaces of the pinna combines with the unreflected (direct) sound at
the entrance to the auditory canal. This combination, now encoded
with directional information, passes down the auditory canal to the
eardrum and thence to the middle and inner ear and on to the brain for
interpretation.

This directional encoding process of the sound signal is indicated
in Fig. 3-14. The sound wavefront can be considered as a multiplicity
of sound rays coming from a specific source at a specific horizontal
and vertical angle. As these rays strike the pinna they are reflected
from the various surfaces, some of the reflections going toward the
entrance to the auditory canal. At that point these reflected compo-
nents combine with the unreflected (direct) component.
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For a sound coming
directly from the front of
the observer (azimuth
and vertical angle = 0),
the “frequency response”
of the combination at the
opening of the ear canal
will be that shown in
Fig. 3-15. Instead of fre-
quency response, a curve
of this type is called a
transfer function because
it represents a vector
combination involving
phase angles.

For the sound at the A wavefront of a sound can be considered as numer-
entrance of the ear canal ous rays perpendicular to that wavefront. Such rays,
(Fig. 3-15) to reach the striking a pinna, are reflected from the various ridges
and convolutions. Those reflections directed to the
opening of the ear canal combine vectorially (accord-
canal must be traversed. ing to relative amplitudes and phases). In this way

As the transfer function the pinna encodes all sound falling on the ear with
at the entrance to the ear directional information, which the brain decodes as a

canal (Fig. 3-15) and that directional perception.

of the ear canal (Fig. 3-3) are combined, the shape of the resulting
transfer function impinging on the eardrum is radically changed. Fig-
ure 3-3 showed a typical transfer function of the ear canal alone. It is a
static, fixed function that does not change with direction of arrival of
the sound. The ear canal acts like a quarter-wave pipe closed at one
end by the eardrum exhibiting two prominent resonances.

The transfer function representing the specific direction to the
source of Fig. 3-15 combining with the fixed transfer function of the
ear canal (Fig. 3-3) gives the combined transfer function at the eardrum
of Fig. 3-16. The brain translates this to a perception of sound coming
from directly in front of the observer.?

The transfer function at the entrance to the ear canal (such as Fig.
3-15) is shaped differently for each horizontal and vertical direction.
This is how the pinna encodes all arriving sound enabling the brain to
yield different perceptions of direction. The sound arriving at the

eardrum, the auditory
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at the eardrum after being combined with the transfer function of the ear canal. In
other words, a sound arriving at the opening of the ear canal from a source directly in
front of the observer (Fig. 3-15) looks like Fig. 3-16 at the eardrum because it has been
combined with the characteristics of the ear canal itself (Fig. 3-3). The brain has no
trouble subtracting the fixed influence of the ear canal from every changing arriving
sound.

Related-sound pressure level - dB
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eardrum is the raw material for all directional perceptions. The brain
neglects (sees through?) the fixed component of the ear canal and trans-
lates the differently shaped transfer functions to directional perceptions.

Another more obvious directional function of the pinna is that of
forward-backward discrimination, which does not depend on encod-
ing and decoding. At the higher frequencies (shorter wavelengths), the
pinna is an effective barrier. The brain uses this front-back differentia-
tion to convey a general perception of direction.

A crucial question at this juncture is, “How about sounds arriving
in the median plane?” The median plane is a vertical plane passing
symmetrically through the center of the head and nose. Sources of
sound in this plane present identical transfer functions to the two ears.
The auditory mechanism uses another system for such localization,
that of giving a certain place identity to different frequencies. For
example, signal components near 500 and 8,000 Hz are perceived as
coming from directly overhead, components near 1,000 and 10,000 Hz
as coming from the rear.”” This is an active area of research that is
being continually refined.

The pinna, originally suspected of being only a useless vestigial
organ, turns out to be a surprisingly sophisticated sound directional
encoding mechanism.

Sound arriving from directly in front of an observer results in a
peak in the transfer function at the eardrum in the 2- to 3-kHz region.
This is the basis of the successful technique of old-time sound mixers
adding “presence” to a recorded voice by adding an equalization boost
in this frequency region. A voice can also be made to stand out from a
musical background by adding such a peak to the voice response.

Binaural Localization

Stereophonic records and sound systems are a relatively new develop-
ment. Stereo hearing has been around at least as long as man. Both are
concerned with the localization of the source of sound. In early times
some people thought that having two ears was like having two lungs or
two kidneys, if something went wrong with one the other could still
function. Lord Rayleigh laid that idea to rest by a simple experiment
on the lawn of Cambridge University. A circle of assistants spoke or
struck tuning forks and Lord Rayleigh in the center with his eyes
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Our binaural directional sense is dependent in part

on the difference in intensity and phase of the sound . .
falling on two ears. greater intensity than the

far ear because the hard
skull casts a “sound shadow.” Because of the difference of distance to
the source, the far ear receives sound somewhat later than the near ear.
Below 1 kHz the phase (time) effect dominates while above 1 kHz the
intensity effect dominates. There is one localization blind spot. A lis-
tener cannot tell whether sounds are coming from directly in front or
from directly behind because the intensity of sound arriving at each
ear is the same and in the same phase.

Another method of perception of direction comes into play in a rel-
atively small room. The sound reaches the person over a direct path
followed by many reflections from many different directions. The
sound that arrives first creates in the hearer the main perception of
direction. This has been called the law of the first wavefront.

Aural Harmonics: Experiment #1

This experiment, suggested by Craig Stark,'® can be performed easily
with your home high-fidelity system and two audio oscillators. Plug one
oscillator into the left channel and the other into the right channel, and
adjust both channels for an equal and comfortable level at some midband
frequency. Set one oscillator to 24 kHz and the other to 23 kHz without
changing the level settings. With either oscillator alone, nothing is heard
because the signal is outside the range of the ear. (He notes here, how-
ever, that the dog might leave the room in disgust!) When both oscillators
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are feeding their respective channels, one at 24 kHz and the other at 23
kHz, a distinct 1,000-Hz tone is heard if the tweeters are good enough
and you are standing in the right place.

The 1,000-Hz tone is the difference between 24,000 and 23,000 Hz.
The sum, or 47,000 Hz, which even the dog may not hear even if it
were radiated, is another sideband. Such sum and difference side-
bands are generated whenever two pure tones are mixed in a nonlin-
ear element. The nonlinear element in the above experiment is the
middle and inner ear. In addition to the intermodulation products dis-
cussed earlier, the nonlinearity of the ear generates new harmonics
that are not present in the sound falling on the eardrum.

Aural Harmonics: Experiment #2

The distortion introduced by the auditory system cannot be measured
by ordinary instruments. It is a subjective effect requiring a different
approach. Another demonstration of distortion in the ear can be
accomplished by the following method with the same equipment used
above, with the addition of a pair of headphones.

First, a 150-Hz tone is applied to the left earphone channel. If the
hearing mechanism were perfectly linear, no aural harmonics would
be heard as the exploratory tone is swept near the frequencies of the
second, third, and other harmonics. If it is nonlinear, the presence of
aural harmonics is indicated by the generation of beats. When 150 Hz
is applied to the left ear, and the exploratory tone of the right ear is
slowly varied about 300 Hz, the second harmonic is indicated by the
presence of beats between the two. If you change the exploratory oscil-
lator to a frequency around 450 Hz, the presence of a third harmonic
will be revealed by beats.

Experts have even estimated the magnitude of the harmonics by the
strength of such beats. The amount of distortion produced in the ear is
modest at lower levels but becomes appreciable at high levels. Run-
ning the above experiment with tones of a higher level will make the
presence of aural harmonics even more obvious.

The Missing Fundamental

If tones such as 1,000, 1,200, and 1,400 Hz are reproduced together, a
pitch of 200 Hz is heard. This can be interpreted as the fundamental
with 1,000 Hz as the 5th harmonic, 1,200 Hz as the 6th harmonic, etc.



]|| CHAPTER THREE

At one time this 200 Hz was called “periodicity pitch” but so-called
“pattern” theories dominate today. The auditory system is supposed to
recognize that the upper tones are harmonics of the 200 Hz and sup-
plies the missing fundamental that would have generated them. This is
a very interesting effect but explanations of it are highly controversial.

The Ear as an Analyzer

Listening to a good symphony orchestra in your favorite concert hall,
concentrate first on the violins. Now focus your attention on the clar-
inets, then the percussion section. Next listen to a male quartet and
single out the first tenor, the baritone, the bass. This is a very remark-
able power of the human ear/brain combination. In the ear canal, all
these sounds are mixed together; how does the ear succeed in separat-
ing them? The sea surface might be disturbed by many wave systems,
one due to local wind, one from a distant storm, and several wakes
from passing vessels. The eye cannot separate these, but this is essen-
tially what the ear is constantly doing with complex sound waves. By
rigorous training, a keen observer can listen to the sound of a violin
and pick out the various overtones apart from the fundamental!

The Ear as a Measuring Instrument

The emphasis on the distinction between physical measurements and
subjective sensation would seem to rule out the possibility of using the
ear for physical measurements. True, we cannot obtain digital read-
outs by looking in someone’s eyes (or ears), but the ears are very keen
at making comparisons. People are able to detect sound-level differ-
ences of about 1 dB throughout most of the audible band if the level is
reasonable. Under ideal conditions, a change of a third this amount is
perceptible. At ordinary levels, and for frequencies less than 1,000 Hz,
the ear can tell the difference between tones separated by as little as
0.3%. This would be 0.3 Hz at 100 Hz and 3 Hz at 1,000 Hz.

The eminent Harvey Fletcher'” has pointed out how the remarkable
keenness of the human ear saved the day in many of his researches in
synthesizing musical sounds. For example, in his study of piano sounds,
he initially postulated that all that is necessary is to measure the fre-
quency and magnitude of fundamental and harmonics and then combine
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them with the measured values of attack and decay. When this was done,
the listening jury unanimously voted that the synthetic sounds did not
sound like piano sounds but more like organ tones. Further study
revealed the long-known fact that piano strings are very stiff and have
properties of both solid rods and stretched strings. The effect of this is
that piano partials are nonharmonic! By correcting the frequencies of
what were assumed to be harmonics in integral multiples, the jury could
not distinguish between the synthetic piano sounds and the real thing.
The critical faculty of the ears of the jury in comparing sound qualities
provided the key.

An Auditory Analyzer: An Experiment

Knowledge of the ear’s filterlike critical bands leads to the tantalizing
idea of analyzing continuous noises such as traffic noises, underwater
background noises, etc., by using the ear instead of heavy and expen-
sive sound-analyzing gear. This must have occurred to Harvey
Fletcher, who first proposed the idea of critical bands, and to many
investigators in this field who have dealt with critical bands through
the years.

The general approach is illustrated in Fig. 3-18."® A tape record-
ing of the noise to be analyzed is played back and mixed with a tone
from a variable-frequency oscillator. The combination is amplified
and listened to with a pair of headphones having a flat frequency
response. The oscillator is set, say, at 1,000 Hz and its output

Recording
of
sound

SR

o)
Osc. E
o

Equipment arrangement for using the critical bands of the human ear for sound
analysis.
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adjusted until the tone is just hidden or masked by the noise. Only
the noise in the critical band centered on 1,000 Hz is effective in
masking the tone. If the noise is expressed in sound-pressure level
of a band 1 Hz wide, the voltage of the tone then corresponds to the
1-Hz sound-pressure level of the noise at the masked point. Adjust-
ing the voltage until the tone is just masked should yield one of the
points on our noise spectrum graph. For convenience, let us assume
that this voltmeter is calibrated in dB referred to some arbitrary base
such as 1 volt (dBv). Referring to Fig. 3-11, note that the critical
band centered on 1,000 Hz is 160 Hz wide. This can also be
expressed in decibels by taking log,,160 = 22 dB; this 22 dB, repre-
senting the width of the critical band as it does, must be subtracted
from the voltmeter reading in dB. This gives one point on the noise
spectrum graph. By repeating the process for other frequencies, a
series of points is obtained that reveal the shape of the noise spec-
trum. If the recording and the entire measuring system (including
the observer’s ears) were calibrated, the absolute levels for the noise
spectrum could be obtained.

The important point here is that there is such a set of filters in our
head that could be put to such a task, not that this method will ever
replace a good sound level meter equipped with octave or one-third
octave filters. Surely human variables would far exceed sound-level
meter fluctuations from day to day, and what the observer eats for
breakfast has no effect on the sound-level meter, although it might
affect the dependability of the readings made with physiological
equipment.

Meters vs. the Ear

There still remains a great chasm between subjective judgments of
sound quality, room acoustics, etc., and objective measurements. Con-
siderable attention is being focused on the problem. Consider the fol-
lowing descriptive words, which are often applied to concert-hall

acoustics'®?;
warmth clarity
bassiness brilliance
definition resonance

reverberance balance
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fullness of tone blend
liveness intimacy
sonority shimmering

What kind of an instrument measures warmth or brilliance? How
would you devise a test for definition? Progress, however, is being
made. Take definition for instance. German researchers have adopted
the term deutlichkeit, which literally means clearness or distinctness,
quite close to definition. It can be measured by taking the energy in an
echogram during the first 50 to 80 milliseconds and comparing it to
the energy of the entire echogram. This compares the direct sound and
early reflections, which are integrated by the ear, to the entire rever-
berant sound. This relatively straightforward measurement of an
impulsive sound from a pistol or pricked balloon holds considerable
promise for relating the descriptive term definition to an objective
measurement. It will be a long time before all of these and a host of
other subjective terms can be reduced to objective measurements, but
this is a basic problem in acoustics and psychoacoustics.

There comes a time at which meter readings must give way to obser-
vations by human subjects. Experiments then take on a new, subjective
quality. For example, in a loudness investigation, panels of listeners are
presented with various sounds, and each observer is asked to compare
the loudness of sound A with the loudness of B or to make judgments
in other ways. The data submitted by the jury of listeners are then sub-
jected to statistical analysis, and the dependence of a human sensory
factor, such as loudness, upon physical measurements of sound level is
assessed. If the test is conducted properly and sufficient observers are
involved, the results are trustworthy. It is in this way that we discover
that there is no linear relationship between sound level and loudness,
pitch and frequency, or between timbre and sound quality.

The Precedence Effect

Our hearing mechanism integrates sound intensities over short inter-
vals and acts somewhat like a ballastic measuring instrument. In sim-
pler terms, in an auditorium situation, the ear and brain have the
remarkable ability to gather all reflections arriving within about 50
msec after the direct sound and combine (integrate) them to give the
impression that all this sound is from the direction of the original
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source, even though reflections from other directions are involved.
The sound energy integrated over this period also gives an impression
of added loudness.

It should not be too surprising that the human ear fuses all sounds
arriving during a certain time window. After all, our eyes fuse a series
of still pictures at the cinema, giving us the impression of continuous
movement. The rate of presentation of the still pictures is important;
there must be at least 16 pictures per second (62-millisecond interval)
to avoid seeing a series of still pictures or a flicker. Auditory fusion
works best during the first 20 or 30 milliseconds; beyond 50 to 80 mil-
liseconds discrete echoes dominate.

Haas®' set his subjects 3 meters from two loudspeakers arranged so
that they subtended an angle of 45 degrees, the observer’s line of sym-
metry splitting this angle. The conditions were approximately anechoic.
The observers were called upon to adjust an attenuator until the sound
from the “direct” loudspeaker equaled that of the “delayed” loudspeaker.
He then proceeded to study the effects of varying the delay.

A number of researchers had previously found that very short
delays (less then 1 msec) were involved in our discerning the direction
of a source by slightly different times of arrival at our two ears. Delays
greater than this do not affect our directional sense.

As shown in Fig. 3-19, Haas found that in the 5 to 35 msec delay
range the sound from the delayed loudspeaker has to be increased
more than 10 dB over the direct before it sounded like an echo. This
is the precedence effect, or Haas effect. In a room, reflected energy
arriving at the ear within 35 msec is integrated with the direct sound
and is perceived as part of the direct sound as opposed to reverber-
ant sound. These early reflections increase the loudness of the
sound, and as Haas said, result in “...a pleasant modification of the
sound impression in the sense of broadening of the primary sound
source while the echo source is not perceived acoustically.”

The transition zone between the integrating effect for delays less
than 35 msec and the perception of delayed sound as discrete echo is
gradual, and therefore, somewhat indefinite. Some peg the dividing
line at a convenient %s second (62 msec), some at 80 msec, and some at
100 msec beyond which there is no question about the discreteness of
the echo. In this book we will consider the first 30 msec as in Fig. 3-19,
the region of definite integration.
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The precedence effect (Haas effect) in the human auditory system. In the 5 to 35 msec
region, the echo level has to be about 10 dB higher than the direct sound to be dis-
cernible as an echo. In this region, reflected components arriving from many directions
are gathered by the ear. The resulting sound seems louder, because of the reflections
and appears to come from the direct source. For delays 50 to 100 msec and longer
reflections are perceived as discrete echoes. (After Haas.”')

Perception of Reflected Sound

In the preceding section, “reflected” sound was considered in a rather
limited way. A more general approach is taken in this section. It is inter-
esting that the loudspeaker arrangement Haas used was also used by
dozens of other researchers and that this is basically the familiar stereo
setup; two separated loudspeakers with the observer (listener) located
symmetrically between the two loudspeakers. The sound from one
loudspeaker is designated as the direct sound, that from the other, the
delayed sound (the reflection). The delay injected between the two sig-
nals and their relative levels is adjustable. Speech is used as the signal.*

With the sound of the direct loudspeaker set at a comfortable level,
and with a delay of, say 10 ms, the level of the reflected, or delayed,
loudspeaker sound is slowly increased from a very low value. The
sound level of the reflection at which the observer first detects a dif-
ference in the sound is the threshold of reflection detection. For levels
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less than this, the reflection is inaudible; for levels greater than this,
the reflection is clearly audible.

As the reflection level is gradually increased above the threshold
value, a sense of spaciousness is imparted to the combined sound. This
sense of spaciousness prevails, even though the experiment is conducted
in an anechoic space. As the level of the reflection is increased about
10 dB above the threshold value, another change is noticed in the sound;
a broadening of the sound image and possibly a shifting of the image
toward the direct loudspeaker is now added to the increasing spacious-
ness. As the reflection level is increased another 10 dB or so above the
image broadening threshold, another change is noted; discrete echoes are
heard.

This is all very interesting, but what practical value does it have?
Consider a specific example: a listening room in which recorded music
will be played. Figure 3-20 contains answers to the effect of sound
reflected from floor, ceiling, and walls being added to the direct sound
from the loudspeakers. Reflections below the threshold of perception are
unusable; reflections perceived as discrete echoes are also unusable. The
usable area is the unshaded area between those two threshold curves, A
and C. Simple calculations can give estimates of the level and delay of
any specific reflection, knowing the speed of sound, the distance trav-
eled and applying the inverse square law. Figure 3-20 gives the subjec-
tive reactions the listener will probably have to the combination of any
reflection and the direct sound.

To assist in the “simple” calculations mentioned previously, the
following equations can be applied:

(reflected path, ft) — (direct path, ft)
1,130 ft/sec

Reflection delay =

This assumes 100% reflection at the reflecting surface.

direct distance, ft
reflection distance, ft

Reflection level at listening position = 20 log

This assumes the inverse square propagation.

Occupational and Recreational Deafness

The hearing of workers in industry is now protected by law. The
higher the environmental noise, the less exposure allowed (Table 3-2).
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The effects of lateral reflections on the perception of the direct sound in a simulated
stereo arrangement. These measurements were made in anechoic conditions, lateral
angles 45-90 degrees, with speech as the signal. (A) Absolute threshold of audibility
of the reflection. (B) Image shift/broadening threshold (A & B After Olive and Toole,*
and Toole.?) (C) Lateral reflection perceived as a discrete echo (After Meyer and Schod-
der,? and Lochner and Burger?®).

Researchers are trying to determine what noise exposure workers are
subjected to in different plants. This is not easy as noise levels fluctu-
ate and workers move about, but wearable dosimeters are often used to
integrate the exposure over the work day. Industries are hard pressed
to keep up with changes in regulations, let alone the installation of
noise shields around offending equipment and keeping ear plugs in or
ear muffs on the workers. Nerve deafness resulting from occupational
noise is recognized as a distinct health hazard.
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Table 3-2. OSHA permissible noise exposure
times.*

Sound pressure level, Maximum daily

It is especially bad when one works all
day in a high-noise environment, then
engages in motorcycle or automobile rac-
ing, listens to a 400-watt stereo at high
level, or spends hours in a discotheque.
The professional audio engineer operating
with high monitoring levels is risking
irreparable injury to the basic tools of the
trade—his ears. As high-frequency loss
creeps in, the volume control is turned up
to compensate, and the rate of deteriora-
tion is accelerated.

The key to conservation of hearing is
the audiogram. Comparing today’s audio-
gram with earlier ones establishes the
trend; if downward, steps can be taken to
check it. The audiogram of Fig. 3-21,
which looks something like the Big Dipper

Right

ear S
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Left
ear

I3 1 | 1 /] i

dB, A-weighting, slow exposure
response hours
85 16
90 8
92 6
95 4
97 3
100 2
102 1.5
105 1
110 0.5
115 0.25 or less
*Reference: OSHA 2206 (1978)
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Audiograms showing serious loss centered on 4 kHz, presumably resulting from years of
exposure to high-level sound in the control room of a recording studio.
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constellation, is that of a 50-ish sound mixer in a recording studio. The
indications are that this loss, centered on 4 kHz, is the accumulation of
many years of listening to high-level sounds in the control room.

Summary

B The ear is sensitive enough to hear the tattoo of air particles on
the eardrums in the quietude of an anechoic chamber.

B The auditory canal, acting as a quarter-wave pipe closed at one
end by the eardrum, contributes an acoustical amplification of
about 10 dB, and the head diffraction effect produces another 10
dB near 3 kHz. These are vital speech frequencies.

B The leverage of the ossicle bones of the middle ear and the ratio
of areas of the eardrum and oval window successfully match the
impedance of air to the fluid of the inner ear.

B The Eustachian tube and round window provide pressure
release and equalization with atmospheric pressure.

B Waves set up in the inner ear by vibration of the oval window
excite the sensory hair cells, which are connected to the brain.
There is a “place effect,” the peak of hair cell agitation for higher
frequencies being nearer the oval window, and low frequencies
at the distal end.

B The area of audibility is bounded by two threshold curves, the
threshold of audibility at the lower extreme and the threshold
of feeling or pain at the loud extreme. Our entire auditory
experience occurs within these two extremes.

B The loudness of tone bursts decreases as the length of the burst
is decreased. Bursts greater than 200 msec have full loudness,
indicating a time constant of the ear at about 100 msec.

B Our ears are capable of accurately locating the direction of a
source in the horizontal plane. In a vertical median plane, how-
ever, localization ability is less accurate.
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B Pitch is a subjective term. Frequency is the associated physical
term, and the two have only a general relationship.

B Subjective timbre or quality of sound and the physical spectrum
of the sound are related, but not equal.

B The nonlinearity of the ear generates intermodulation products
and spurious harmonics.

B The Haas, or precedence, effect describes the ability of the ear to
integrate all sound arriving within the first 50 msec, making it
sound louder.

B Although the ear is not effective as a measuring instrument
yielding absolute values, it is very keen in comparing frequen-
cies, levels, or sound quality.

B Occupational and recreational noises are taking their toll in per-
manent hearing loss. Definite precautionary steps to minimize
this type of environmentally caused deafness are recommended.
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o0und Waves In
the kree Held

ractical acoustic problems are invariably associated with people,

buildings, rooms, airplanes, automobiles, etc. These can generally
be classified either as problems in physics (sound as a stimulus) or
problems in psychophysics (sound as a perception), and often as both.
Acoustical problems can be very complex in a physical sense, for
example, thousands of reflected components might be involved or
obscure temperature gradients might bend the sound in such a way as
to affect the results. When acoustical problems involve human beings
and their reactions, “complexity” takes on a whole new meaning.

Don’t be discouraged if you want a practical understanding of acous-
tics, but your background is in another field, or you have little technical
background at all. The inherent complexity of acoustics is pointed out
only to justify going back to the inherent simplicity of sound in a free field
as a starting point in the study of other types of practical sound fields.

Free Sound Field: Definition

Sound in a free field travels in straight lines, unimpeded and unde-
flected. Unimpeded sound is sound that is unreflected, unabsorbed,
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undiffracted, unrefracted, undiffused, and not subjected to resonance
effects. These are all hazards that could (and do) face a simple ray of
sound leaving a source.

Free space must not be confused with cosmological space. Sound
cannot travel in a vacuum; it requires a medium such as air. Here, free
space means any air space in which sound acts as though it is in the
theoretical free space. Limited free space can even exist in a room
under very special conditions.

sound Divergence

The point source of Fig. 4-1 radiates sound at a fixed power. This
sound is of uniform intensity (power per unit area) in all directions.
The circles represent spheres having radii in simple multiples. All of
the sound power passing through the small square area at radius d also
passes through the areas at 2d, 3d, 4d, etc. This increment of the total
sound power traveling in this single direction is spread over increas-
ingly greater areas as the radius is increased. Intensity decreases with
distance. As the area of a sphere is 4nr?, the area of a small segment on
the surface of the sphere also varies as the square of the radius. Dou-
bling the distance from d to 2d reduces the intensity to /4, tripling the
distance reduces the intensity to /9, and quadrupling the distance
reduces intensity to /16. Intensity of sound is inversely proportional to
the square of the distance in a free field.

Intensity of sound (power per unit area) is a difficult parameter to
measure. Sound pressure is easily measured. As intensity is propor-
tional to the square of sound pressure, the inverse square law (for
intensity) becomes the inverse distance law (for sound pressure). In
other words, sound pressure varies inversely as the first power of the
distance. In Fig. 4-2, the sound-pressure level in decibels is plotted
against distance. This illustrates the basis for the common and very
useful expression, 6 dB per doubling of the distance that, again,
applies only for a free field.

Examples: Free-Field Sound Divergence

When the sound-pressure level L, at distance d; from a point source
is known, the sound-pressure level L, at another distance d, can be
calculated from:
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In the solid angle shown, the same sound energy is distributed over spherical surfaces
of increasing area as d is increased. The intensity of sound is inversely proportional to
the square of the distance from the point source.

% Jecibels (4-1)
d;

In other words, the difference in sound-pressure level between two
points that are d, and d, distance from the source is:

Lz = L] - 20 log

d; , decibels (4-2)
d,

For example, if a sound-pressure level of 80 dB is measured at 10 ft,
what is the level at 15 ft?

LZ _L1 = 20 ].Og
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The inverse square law of sound intensity becomes the inverse distance law for sound
pressure. This means that sound-pressure level is reduced 6 dB for each doubling of
the distance.

Solution:
20 log 10/15 = 3.5 dB; the level is 80 — 3.5 = 76.5 dB.

What is the sound-pressure level at 7 ft?
Solution:

20 log 10/7 = + 3.1 dB, and level is 80 + 3.1 = 83.1 dB.

All this is for a free field in which sound diverges spherically, but
this procedure may be helpful for rough estimates even under other
conditions.

If a microphone is 5 feet from an enthusiastic soprano and the VU
meter in the control room peaks +6, moving the microphone to 10 feet
would bring the reading down approximately 6 dB. The word
“approximately” is important. The inverse square law holds true only
for free field conditions. The effect of sound energy reflected from
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walls would be to make the change for a doubling of the distance
something less than 6 dB.

An awareness of the inverse square law is of distinct help in esti-
mating acoustical situations. For instance, a doubling of the distance
from 10 to 20 feet would, for free space, be accompanied by the same
sound-pressure level decrease, 6 dB, as for a doubling from 100 to 200
feet. This accounts for the great carrying power of sound outdoors.

Inverse Square in Enclosed Spaces

Free fields exist in enclosed spaces only in very special and limited
circumstances. The reflections from the enclosing surfaces affect the
way sound level decreases with distance. No longer does the inverse
square law or the inverse distance law describe the entire sound field.
For example, assume that there is an installed loudspeaker in an
enclosed space that is capable of producing a sound-pressure level of
100 dB at a distance of 4 ft. As shown in the graph of Fig. 4-3, free field

100 N I
N Inverse square
NG L1~ (6 dB/dist. double)
m N Critical
7 ™N distance
T g0 \ / Reverberant _| |
&7 \A sound level
& NS
= A I
2 0~ —
= eC‘ ~ |
a Lo b
'E (100' S
3 80 <
wn N ~
70
4 10 20 30 50 100
Distance - ft

Even in an enclosed space the inverse square law is followed close to the source. By
definition, the critical distance is that distance at which the direct sound pressure is
equal to the reverberant sound pressure.
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conditions exist close to the loudspeaker. This means that spherical
divergence prevails in this limited space, and reflections from the sur-
faces are of negligible comparative level. Moving away from the loud-
speaker, the effects of sound reflected from the surfaces of the room
begin to be effective. At the critical distance the direct and the reflected
sound are equal. The critical distance may be taken as a rough single-
figure description of the acoustics of the environment.

In the region very close to the loudspeaker, the sound field is in
considerable disarray. The loudspeaker, at such close distances, can
in no way be considered a point source. This region is called the near
field. Only after moving several loudspeaker dimensions away from it
can significant measurements be made in the far field.

Hemispherical Propagation

True spherical divergence implies no reflecting surfaces at all. Tied to
this earth’s surface as we are, how about hemispherical sound propaga-
tion over the surface of this planet? Estimates made by the very conve-
nient “6 dB per distance double” rule are only rough approximations.

Reflections from the surface of the earth outdoors usually tend to
make the sound level with distance something less than that indicated
by the 6 dB per distance double. The reflective efficiency of the earth’s
surface varies from place to place. Note the sound level of a sound at
10 ft and again at 20 ft from the source. The difference between the two
will probably be closer to 4 dB than 6 dB. For such outdoor measure-
ments the distance law must be taken at “X dB (47, 57) per distance
double.” There is also the effect of general environmental noise that
can influence the measurement of specific sound sources.



peech, music, and noise are common in that they are within the

experience of everyone. Noise is also a common thread that runs
through speech and music. Speech sounds are but modulated noise.
Noise is a close companion to every musical instrument. The highest
skill of every musician must be exerted to minimize such incidental
noises as thumps, scratches, and wheezes. The close relationship of
speech, music, and noise is made evident in this chapter.

The Voice System

One of the many amazing things about the human body is the high
degree of efficiency associated with the multiple use of organic sys-
tems. The functions of eating, breathing, and speaking all take place in
relative simultaneous harmony. We can eat, breathe, talk practically at
the same time through the interworking of muscle action and valves,
without food going down the wrong hatch. If we sometimes try to do
too many things at once, the system is momentarily thwarted, and we
agonize as a bit of food is retrieved from the wrong pipe.

Artificial Larynx

Noise that contains energy over a wide range of constantly shifting fre-
quencies, phases, and amplitudes can be shaped even into speech.

Copyright 2001 The McGraw-Hill Companies, Inc. Click Here for Terms of Use.
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Sometimes people lose their voices. Perhaps the vocal cords are para-
lyzed, or the larynx was removed surgically. For these people, the
Western Electric Company offers a prosthetic device, which when
held against the throat, produces pulses of sound that simulate the
sounds produced by the natural vocal cords as they interrupt the air
stream. This battery-operated device even has a pitch control for con-
trolling “voice” pitch. Then the tongue, lips, teeth, nasal passages, and
throat perform their normal function of molding the pulsed noise into
words. Even if the overall effect has a somewhat duck-like quality, it
enables the user to speak by shaping the noise appropriately.

Sound Spectrograph

An understanding of speech sounds is necessary to understand how
the sounds are produced. Speech is highly variable and transient in
nature, comprising energy chasing up and down the three-dimen-
sional scales of frequency, sound level, and time. It takes the sound
spectrograph to show all three on the same flat surface such as the
pages of this book. Examples of several commonly experienced
sounds revealed by the spectrograph are shown in Fig. 5-1. In these
spectrographs, time progresses horizontally to the right, frequency
increases from the origin upward, and the sound level is indicated
roughly by the density of the trace—the blacker the trace, the more
intense the sound at that frequency and at that moment of time. Ran-
dom noise on such a plot shows up as a gray, slightly mottled rec-
tangle as all frequencies in the audible range and all intensities are
represented as time progresses. The snare drum approaches random
noise at certain points, but it is intermittent. The “wolf whistle”
opens on a rising note followed by a gap, and then a similar rising
note that then falls in frequency as time goes on. The police whistle
is a tone, slightly frequency modulated. Each common noise has its
spectrographic signature that reveals the very stuff that character-
izes it.

The human voice mechanism is capable of producing many
sounds other than speech. Figure 5-2 shows a number of these as
revealed by sound spectrograms. It is interesting to note that har-
monic trains appear on a spectrogram as more or less horizontal lines
spaced vertically in frequency. These are particularly noticeable in
the trained soprano’s voice and the baby’s cry, but traces are evident
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Sound spectrographic recordings of common sounds. Time progresses to the right, the
vertical scale is frequency, and the intensity of components is represented by the inten-
sity of the trace. AT&T Bell Laboratories.
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in other spectrograms. The following discussion owes much to the
clear presentation of Flanagan.'

Sound Sources for Speech

The artificial larynx is based on the fact that there are really two more
or less independent functions in the generation of speech sounds: the
sound source and the vocal system. In general, it is a series flow as pic-
tured in Fig. 5-3A, in which the raw sound is produced by a source
and subsequently shaped in the vocal tract. To be more exact, there are
really three different sources of sound to be shaped by the vocal tract
as indicated in Fig. 5-3B. First, there is the one we naturally think of—
the sounds emitted by the vocal cords. These are formed into the
voiced sounds. They are produced by air from the lungs flowing past
the slit between the vocal cords (the glottis), which causes the cords to
vibrate. The air stream, broken into pulses of air, produces a sound
that can almost be called periodic, that is, repetitive in the sense that
one cycle follows another.

The second source of sound is that made by forming a constriction
at some point in the vocal tract with the teeth, tongue, or lips and forc-
ing air through it under high enough pressure to produce significant
turbulence. Turbulent air creates noise. This noise is shaped by the
vocal tract to form the fricative sounds of speech such as the conso-
nants f, s, v, and z. Try making these sounds, and you will see that
high-velocity air is very much involved.

The third source of sound is produced by the complete stoppage of
the breath, usually toward the front, a building up of the pressure, and
then the sudden release of the breath. Try speaking the consonants k,
p, and t, and you will sense the force of such plosive sounds. They are
usually followed by a burst of fricative or turbulent sound. These three
types of sounds—voiced, fricative, and plosive—are the raw sources
that are shaped into the words we casually speak without giving a
thought to the wonder of their formation.

Vocal Tract Molding of Speech

The vocal tract can be considered as an acoustically resonant system.
This tract, from the lips to the vocal cords, is about 6.7 in (17 cm) long.
Its cross-sectional area is determined by the placement of the lips, jaw,
tongue, and velum (a sort of trapdoor that can open or close off the
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Sound spectrograms of human sounds other than speech. AT&T Bell Laboratories.
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(A) The human voice is produced through the interaction of two essentially inde-
pendent functions, a sound source and a time-varying-filter action of the vocal tract.
(B) The sound source can be broken down into vocal-cord vibration for voiced sounds,
the fricative sounds resulting from air turbulence, and the plosive sounds.

nasal cavity) and varies from zero to about 3 sq in (20 sq cm). The nasal
cavity is about 4.7 in (12 cm) long and has a volume of about 3.7 cu in
(60 cu cm). These dimensions are mentioned because they have a bear-
ing on the resonances of the vocal tract and their effect on speech
sounds.

Formation of Voiced Sounds

If the symbolic boxes of Fig. 5-3 are elaborated into source spectra and
modulating functions, we arrive at something everyone in audio is
interested in—the spectral distribution of energy in the voice. We also
get a better understanding of the aspects of voice sounds that contribute
to the intelligibility of speech in reverberation, noise, etc. Figure 5-4
shows the steps in producing voiced sounds. First, there is the sound
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produced by the vibration of the vocal cords, pulses of sound having a
fine spectrum that falls off at about 10 dB per octave as frequency is
increased as shown in Fig. 5-4A. The sounds of the vocal cords pass
through the vocal tract, which acts as a filter varying with time. The
humps of Fig. 5-4B are due to the acoustical resonances, called for-
mants of the vocal pipe, which is open at the mouth end and essen-
tially closed at the vocal cord end. Such an acoustical pipe 6.7 inches
long has resonances at odd quarter wavelengths, and these peaks occur
at approximately 500, 1,500, and 2,500 Hz. The output sound, shaped
by the resonances of the vocal tract, is shown in Fig. 5-4C. This applies
to the voiced sounds of speech.

Formation of Unvoiced Sounds

Unvoiced sounds are shaped in a similar manner as indicated in Fig.
5-5. Unvoiced sounds start with the distributed, almost random-noise-
like spectrum of the turbulent air as fricative sounds are produced.
The distributed spectrum of Fig. 5-5A is generated near the mouth end
of the vocal tract, rather than the vocal cord end; hence, the resonances
of Fig. 5-5B are of a somewhat different shape. Figure 5-5C shows the
sound output shaped by the time-varying filter action of Fig. 5-5B.

Putting It All Together

The voiced sounds, originating in vocal cord vibrations, the unvoiced
sounds, originating in turbulences, and plosives, which originate near
the lips, go together to form all of our speech sounds. As we speak, the

Sound source Vocal tract Sound

vocal cords time-varying filter output
% Slope % %

—10 dB/octave

g ¥ g /\/\’\ g
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g >z g

Ffequency —> Frequency —>» Frequency —)
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Sound spectrograms of human sounds other than speech. AT&T Bell Laboratories.
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A diagram of the production of unvoiced fricative sounds such as f, s, v, and z. (A) The distributed spectrum
of noise due to air turbulence resulting from constrictions in the vocal tract. (B) The time-varying filter action
of the vocal tract. (C) The output sound resulting from the filter action of the distributed sound of (A).

formant resonances shift about in frequency as the lips, jaw, tongue,
and velum change position to shape the desired words. The result is
the unbelievable complexity of human speech evident in the spectro-
gram of Fig. 5-6. Information communicated via speech is a pattern of
frequency and intensity shifting rapidly with time. Notice that there is
little speech energy above 4 kHz in Fig. 5-6, nor (which does not show)
below 100 Hz. Now it’s understandable why the presence filter peaks
in the 2- to 3-kHz region; that is where the pipes resonate!

Synthesized Speech

Mechanical speaking machines date back to 1779, when Kratzenstein
of St. Petersburg constructed a set of acoustical resonators to emulate
the human mouth. These were activated with reeds such as those of a
mouth organ. He was able to produce reasonably recognizable vowel
sounds with the contraption. Wolfgang von Kempelen of Vienna did a
much better job in 1791, which Wheatstone later improved upon. This
machine used a bellows to supply air to a leather tube that was manip-
ulated by hand to simulate mouth action and included an “S” whistle,
a “SH” whistle, and a nostril cutoff valve. After experimenting with a
copy of Kempelen’s machine in boyhood, Alexander Graham Bell
patented a procedure for producing speech in 1876. One important
precursor of the modern digital devices for synthesizing speech was
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Sound spectrogram of a sentence spoken by a male voice. AT&T Bell Laboratories.

the analog Voder from Bell Laboratories that was demonstrated at the
World Fairs in New York (1939) and in San Francisco (1940). It took a
year to train operators to play the machine to produce simple, but rec-
ognizable, speech.

Digital Speech Synthesis

Techniques for storing human speech in computer memory and playing
it back under specified, fixed conditions are widely used. Electrical
machines of this type now talk to us in the form of language translators,
talking calculators, spelling machines, as well as telephone-information
services. We will be seeing (rather, hearing) a stream of other answer-
back applications of this technique in the days ahead, including both
storage and recall, and true speech synthesis.

It is interesting to note that to program a computer to talk, a model
of speech production is necessary and that the models of Figs. 5-3, 5-4,
and 5-5 have been applied in just this way. Figure 5-7 shows a diagram
of a digital synthesis system. A random-number generator produces the
digital equivalent of the s-like sounds for the unvoiced components. A
counter produces pulses simulating the pulses of sound of the vocal
cords for the voiced components. These are shaped by time-varying
digital filters simulating the ever-changing resonances of the vocal
tract. Special signals control each of these to form digitized speech,
which is then changed to analog form in the digital-to-analog converter.
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A digital system for synthesizing speech. Note the similarity to the models of Figs. 5-3, 5-4, and 5-5.

Other applications of digital speech synthesis include voice-recog-
nition systems for “hands-free” typing and computer programs for
recording that automatically adjust the intonation of a vocalist who
might otherwise be singing sharp or flat.

Directionality of Speech

Speech sounds do not have the same strength in all directions. This is
due primarily to the sound shadow cast by the head. A question arises
as to just how such directionality can be measured. Should a sound
source be placed in the mouth? Well, the mouth itself is a continuous
source of speech sounds, so why not use these speech sounds for the
measurement of directionality? That is what Kuttruff has done with
the results shown in Fig. 5-8.* Because speech sounds are highly vari-
able and extremely complex, careful averaging is necessary to give an
accurate measure of directional effects.

The horizontal directional effects, shown in Fig. 5-8A, show only a
modest directional effect of about 5 dB in the 125- to 250-Hz band.



This is to be expected because the head is
small compared to wavelengths of 4.5 to 9
feet associated with this frequency band.
There are significant directional effects,
however, for 