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PREFACE

Acoustics is a most fascinating subject. Music, architecture, engineer-
ing, science, drama, medicine, psychology, and linguistics all seek from it
answers to basic questions in their fields. In the Acoustics Laboratory
at M.I.T. students may be found working on such diversified problems
as auditorium and studio design, loudspeaker design, subjective percep-
tion of complex sounds, production of synthetic speech, propagation of
sound in the atmosphere, dispersion of sound in liquids, reduction of noise
from jet-aircraft engines, and ultrasonic detection of brain tumors. The
annual meetings of the Acoustical Society of America are veritable five-
ring shows, with papers and symposia on subjects in all the above-named
fields. Opportunities for employment are abundant today because man-
agement in industry has recognized the important contributions that
acoustics makes both to the improvement of their products and to the
betterment of employee working conditions.

There is no easy road to an understanding of present-day acoustics.
First the student must acquire the vocabulary that is peculiar to the
subject. Then he must assimilate the laws governing sound propagation
and sound radiation, resonance, and the behavior of transducers in an
acoustic medium. Last, but certainly not of least importance, he must
learn to understand the hearing characteristics of people and the reac-
tions of listeners to sounds and noises.

This book is the outgrowth of a course in acoustics that the author
has taught to seniors and to first-year graduate students in electrical
engineering and communication physics. The basic wave equation and
some of its more interesting solutions are discussed in detail in the first
part of the text. The radiation of sound, components of acoustical sys-
tems, microphones, loudspeakers, and horns are treated in sufficient detail
to allow the serious student to enter into electroacoustical design.

There is an extensive treatment of such important problems as sound
in enclosures, methods for noise reduction, hearing, speech intelligibility,
and psychoacoustic criteria for comfort, for satisfactory speech intelligi-
bility, and for pleasant listening conditions.

The book differs in one important respect from conventional texts on
acoustics in that it emphasizes the practical application of electrical-
circuit theory in the solution of a wide variety of problems. Wherever
possible, the background of the electrical engineer and the communica-
tion physicist is utilized in explaining acoustical concepts.
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vi PREFACE

The high-fidelity expert will find the chapters onloudspeaker enclosures,
borns, and rooms particularly interesting because they show how the per-
formance of loudspeakers either in baffles or attached to horns may be
accurately and simply calculated. These chapters also illustrate the
necessity of considering in design the over-all system, including the
amplifier, the loudspeaker, the baffle or horn and considering also the
room in which they are to be operated. Numerical examples and sum-
mary charts are given to facilitate application of this material to music-
reproduction systems.

In view of the increased interest in noise control, the author has
kept this subject in mind in writing Chapters 1, 2, 4, and 10 to 13.
These chapters served as the basis of a special summer program on
noise reduction at M.LL'T. in 1953. The material of Chapters 11 and
13 is new, and it is hoped that it will be of value to those interested in
noise and its effect on human beings.

In short, the engineer or scientist who wishes to practice in the field of
acoustics and who does not intend to confine his efforts to theoretical
matters must know the material of this text.

Problems for each chapter are included at the end of the text for use by
the student. References to collateral reading in English are given in the
text, although no attempt has been made to give a bibliography of the
primary sources of material. Suggestions to instructors for best use of
the text are given immediately after this preface.

The author wishes to express his deep appreciation to Francis M.
Wiener and Rudolph H. Nichols, Jr., for their assistance in the detailed
review and editing of the text and the preparation of some original
material. Many members of the Acoustics Laboratory at M.I.T. have
read one or more chapters and have given valuable assistance to the
author. Of these, particular mention is made of Mary Anne Summer-
field, Walter A. Rosenblith, Kenneth N. Stevens, Jerome R. Cox,
Jordan J. Baruch, Joanne J. English, and Norman Doelling.

The illustrations are due to the highly capable and untiring efforts of
Clare Twardzik. The author is deeply indebted to his typist, Elizabeth
H. Jones, to his secretary, Lydia Bonazzoli, and to his wife, Phyllis, who
made it possible for him to complete the text within a reasonably short
span of time.

Leo L. BERANEK

SUGGESTIONS FOR INSTRUCTORS

This text is divided into thirteen chapters, comprising thirty-two parts.
Fach part is intended to be approximately 1 week’s work, although this
will vary among students owing to differences in their previous training.

If the entire class expects to take a full year of acoustics, the parts
should be taught in sequence, with the exception of Part XXVIII, Meas-
urement of Acoustic Levels, which may be referred to in associated labo-
ratory experiments and demonstrations throughout the course. If only
a part of the class plans to continue through both terms, the fundamental
material should be taught in the first term and the more applied material
in the second. One suggested division, in this case, is as follows:

First Term Second Term
Part I.  Introduction Part V. Energy Density
. i )
Part 11. Terminology a.r.\d r.\tensny
Part 1X. Circuit Theorems,
Part 111 'l.‘}m Wave Kqua- Energy and Power
tion Part XI. Directivity Index
Part IV, Solutions of the and Directivity
Wave Equation Factor
Part VI. Mechanical  Cir- Part XIV. .Gre.neral Charactcr—
cuits istics of Micro-
phones
Yt V oustics
Part VII. i\( (.)‘Ub.:lf'dl Part XV. Pressure
renits Microphones
Part VIIT. - "Transducers Part XVI. Gradient and Com-
Part X.  Dircetivity bination Micro-
Patterns phones

Part XVIII. Design Factors Af-

Part XII.  Radiation I - . :
" tadiation Imped fecting Dircet-radi-

ances ator Loudspeakers
Part X111, Acoustic Part XX. Bass Reflex Enclo-
Elements sures
Part XVIi. Basic Theory of Part XXI. Horn Driving
Direct-radiator Units

Loudspeakers Part XXII. liorns

vii



viii SUGGESTIONS FOR INSTRUCTORS

First Term Second Term

Part XIX. Simple Enclosures Part XXV. Sound Transmis-
sion through Walls

Part XXIII. Sound Fields in between Enclosures
Small Regularly Part XXVI. Noise Control Pro-
Shaped Enclosures cedures and Noise
Sources
Part XXIV. Sound Fields in T2t XXVIL "fc"“;t‘thransm‘s'
Large Irregularly sion Taths
Part XXIX. Reciprocity
Shaped Enclosures . .
Calibration

of Transducers
Part XXVIII. Measurement of Part XXXI. Speech

Acoustic Levels Intelligibility
Part XXXII. Psychoacoustic
Part XXX. Hearing Criteria

A course in acoustics should be accompanied by a set of well-planned
laboratory experiments. For example, the material of the first few chap-
ters will be more significant if accompanied by a laboratory experiment
on noise measurement. This will familiarize the student with the meas-
urement of sound pressure and with the use of a frequency analyzer. He
will appreciate more fully the meaning of sound pressure, sound intensity,
decibels, sound energy density, and power level; and he will understand
the accuracy with which noise can be measured.

A suggested minimum of 10 experiments, listed both numerically for a
year’s course and by term, is as follows:

First Term Second Term
No. 1. Noise measurement No. 3. Free-field calibration of
No. 2. Measurement of the con- microphones

stants of an electro- No. 5. Design and testing of a
loudspeaker baffle

No. 8. Prediction and control of
noise in a ventilating

mechanical transducer

No. 4. Measurement of free-field
response of a loudspeaker

system
No. 6. Study of sound fieldsin a No. 9. Audiometric testing of
small rectangular hearing

enclosure No. 10.

No. 7. Study of sound fields in a
large irregular enclosure

Application of psycho-
acoustic criteria in the
design of an auditorium

An assignment of two problems per week should provide sufficient
application of the material of the text. The short list of problems for
each chapter should be supplemented by timely problems derived from
the instructor’s experience.
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PREFACE TO THE PAPERBACK EDITION

With the advent of the compact disc, with miniature high-fidelity systems
ambulating everywhere, and with emphasis on combination voice and
data in worldwide digital and telephone networks, electroacoustics is a
subject more vital today than it was three decades ago.

The heart of Acoustics, the first three-fourths of the text, Parts I-
XXV, isstill valid. These parts encompass fundamental acoustics, princi-
ples of electro-mechano-acoustical circuits, radiation of sound, acoustic
elements, microphones, loudspeakers, and their enclosures, and sound in
rooms. Even so, the literature on microphones, loudspeakers and rooms
has increased several times over since publication of the original volume.
In Appendix III I have assembled for all chapters a representative selec-
tion of textbooks and articles that have appeared since about 1950, which
contains, at various technical levels, the accomplishments leading to and
the trends of today. I have chosen not to list every article published, nor to
include literature in foreign languages. The intent is to supply supplemen-
tary reading in English.

Originally, a primary desire of the author was to help the student,
engineer and acoustical consultant visualize better how to design an audio
system to achieve the elusive goal of “high fidelity” sound reproduction.
The medium I chose for achieving that result is the schematic circuit,
analogous to that used in electronics, but differing from prior literature by
combining into one diagram the necessary electrical, mechanical, and
acoustical components, including the transduction process. An examina-
tion of the literature seems to indicate that one result of that effort was to
stimulate the development of small loudspeaker enclosures, which in most
locations have replaced the once ever-expanding “woofer” boxes.

A large proportion of the leading writers on loudspeaker system de-
sign in the last fifteen years, including E. M. Villchur, A. N. Thiele, R. H.
Small, J. R. Ashley, A. D. Broadhurst, S. Morita, N. Kyouno, A. L.
Karminsky, J. Merhaut, R. F. Allison, R. Berkovitz, and others, have
used the middle chapters of this book as their starting point. In other
words, a knowledge of the principles taught here has been a preface to
their progress.

1 hold no particular brief for Chapter 11, part XXV, through Chapter
13. My later text, Noise and Vibration Control (McGraw-Hill, New York,
1971), treats this material in more detail benefiting from nearly twenty
years of intervening progress in the field. The engineer interested in noise
control should, perhaps, consider Acoustics and Noise and Vibration Con-
trol as Volumes I and Il on the subject. The supplementary literature of
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the last 15 years on noise control, much of which is listed in Appendix III
of this reprint, is not too formidable to peruse. Finally, I have made cor-
rections to all the known errata in the book.

I wish to thank the Acoustical Society of America for their interest in
reprinting Acoustics. 1 hope their faith in this portion of the acoustical
literature is substantiated by the assistance it may give students and engi-
neers in learning and practicing in the field of electroacoustics.

Leo L. Beranek
June 1986

CHAPTER 1

INTRODUCTION AND TERMINOLOGY

PART I Introduction

1.1. A Little History. Acoustics is entering a new era—the precision-
engineering era. One hundred years ago acoustics was an art. For
measuring instruments, engineers in the field used their ears primarily.
The only controlled noise sources available were whistles, gongs, and
sirens. Microphones consisted of either a diaphragm connected to a
mechanical scratcher that recorded the shape of the wave on the smoked
surface of a rotating drum or a flame whose height varied with the sound
pressure. About that time the great names of Rayleigh, Stokes, Thom-
son, Lamb, Helmholtz, Konig, Tyndall, Kundt, and others appeared on
important published papers. Their contributions to the physics of
sound were followed by the publication of Lord Rayleigh’s two-volume
treatise, “Theory of Sound’ (1877 and 1878). Acoustics rested there
until W. C. Sabine, in a series of papers (1900-1915), advanced architec-
tural acoustics to the status of a science.

Even though the contributions of these earlier workers were great, the
greatest acceleration of interest in the field of acoustics followed the
invention of triode-vacuum-tube circuits (1907) and the advent of radio-
broadcasting (1920). With vacuum-tube amplifiers available, loud
sounds of any desired frequency could be produced, and the intensity of
very faint sounds could be measured. Above all it became feasible to
build measuring instruments that were compact, rugged, and insensitive
to air drafts.

The progress of communication acoustics was hastened, through the
efforts of the Bell Telephone Laboratories (1920f), by the development of
the modern telephone system in the United States.

Architectural acoustics received a boost principally from the theory and
experiments coming out of Harvard, the Massachusetts Institute of
Technology, and the University of California at Los Angeles (1930-1940),
and several research centers in England and Europe, especially Germany.

1
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In this period, sound decay in rectangular rooms was explained in detail,
the impedance method of specifying acoustical materials was shown to be
useful, and the computation of sound attenuation in ducts was put on a
precise basis. The advantages of skewed walls and of using acoustical
materials in patches rather than on entire walls were demonstrated.
Functional absorbers were introduced to the field, and a wider variety of
acoustical materials came on the market.

The science of psychoacoustics was also developing. At the Bell Tele-
phone Laboratories, under the splendid leadership of Harvey Fletcher,
the concepts of loudness and masking were quantified, and many of the
factors governing successful speech communication were determined
(1920-1940). Acoustics, through the medium of ultrasonics, entered the
fields of medicine and chemistry. Ultrasonic diathermy was being tried,
and acoustically accelerated chemical reactions were reported.

Finally, World War II came, with its demand for the successful detec-
tion of submerged submarines and for highly reliable speech communica-
tion in noisy environments such as aircraft and armored vehicles. Great
laboratories were formed in England, Germany, France, and in the United
States at Columbia University, Harvard, and the University of California
to deal with these problems. Research in acoustics reached proportions
undreamed of a few years before and has continued unabated.

Today, acoustics is passing from being a tool of the telephone industry,
a few enlightened architects, and the military into being a concern in the
daily life of nearly every person. International movements are afoot to
legislate and to provide quiet housing. Labor and office workers are
demanding safe and comfortable acoustic environments in which to work.
Architects in rapidly increasing numbers are hiring the services of acous-
tical engineers as a routine part of the design of buildings. In addition
there is the more general need to abate the great noise threat from avia-
tion—particularly that from the jet engine, which promises to ruin the
comfort of our homes. Manufacturers are using acoustic instrumentation
on their production lines. Acoustics is coming into its own in the living
room, where high-fidelity reproduction of music has found a wide audience.

This book covers first the basic aspects of acoustics: wave propagation
in the air, the theory of mechanical and acoustical circuits, the radiation
of sound into free space, and the properties of acoustic components.
Then follow chapters dealing with microphones, loudspeakers, enclosures
for loudspeakers, and horns. The basic concepts of sound in enclosures
are treated next, and practical information on noise control is given.
The text deals finally with measurements and psychoacoustics. Through-
out the text we shall speak to you—the student of this modern and
Interesting field.

1.2. What Is Sound? In reading the material that follows, your goal
should be to form and to keep in mind a picture of what transpires when
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the diaphragm on a loudspeaker, or any surface for that matter, is
vibrating in contact with the air.

A sound is said to exist if a disturbance propagated through an elastic
material causes an alteration in pressure or a displacement of the particles
of the material which can be detected by a person or by an instrument.
Because this text deals primarily with devices for handling speech and
music, gases (more particularly, air) are the only types of elastic material
with which we shall concern ourselves. Fortunately, the physical proper-
ties of gases are relatively easy to express, and we can describe readily the
nature of sound propagation in such media.-

Imagine that we could cut a tiny cubic “box’’ out of air and hold it in
our hands as we would a block of wood. What physical properties would
it exhibit? First, it would have weight and, hence, mass. In fact, a
cubic meter of air has a mass of a little over one kilogram. If a force is
applied to it, the box will then accelerate according to Newton’s second
law, which says that force equals mass times acceleration.

If we exert forces compressing two opposing sides of the little cube, the
four other sides will bulge outward. The incremental pressure produced
in the gas by this force will be the same throughout this small volume.
This obtains because pressure in a gas is a scalar, i.e., a nondirectional
quantity.

Imagine the little box of air to be held tightly between your hands.
Still holding the box, move one hand forward so as to distort the cube
into a parallelepiped. You find that no opposition to the distortion of
the box is made by the air outside the two distorted sides. This indicates
that air does not support a shearing force.t

Further, if we constrain five sides of the cube and attempt to displace
the sixth one, we find that the gas is elastic; t.e., a force is required to
compress the gas. The magnitude of the force is in direct proportion to
the displacement of the unconstrained side of the container. A simple
experiment will convince you of this. Close off the hose of an auto-
mobile tire pump so that the air is confined in the cylinder. Push down
on the plunger. You will find that the confined air behaves as a simple
spring.

The spring constant of the gas varies, however, with the method of
compression. A force acting to compress a gas necessarily causes a dis-
placement of the gas particles. The incremental pressure produced in the
gas will be directly proportional to the incremental change in volume.
If the displacement takes place slowly one can write

AP = —K AV slow process
where K is a constant. If, on the other hand, the displacement, and

+ This is only approximately true, as the air does have viscosity, but the shearing
forces are very small compared with those in solids.
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hence the change in volume, takes place rapidly, and further if the gas is
air, oxygen, hydrogen, or nitrogen, the incremental pressure produced is
equal to 1.4K times the incremental change in volume.

AP = —14K AV fast process, diatomic gas

Note that a positive increment (increase) in pressure produces a negative
increment (decrease) in volume. Processes which take place at inter-
mediate rates are more difficult to describe, even approximately, and
fortunately need not be considered here.

What is the reason for the difference between the pressure arising from
changes in volume that occur rapidly and the pressure arising from
changes in volume that occur slowly? For slow variations in volume the
compressions are tsothermal. By an isothermal variation we mean one
that takes place at constant temperature. There is time for the heat
generated in the gas during the compression to flow to other parts of the
gas or, if the gas is confined, to flow to the walls of the container. Hence,
the temperature of the gas remains constant. For rapid variations in
volume, however, the temperature rises when the gas is compressed and
falls when the gas is expanded. There is not enough time during a cycle
of compression and expansion for the heat to flow away. Such rapid
alternations are said to be adiabatic.

In either isothermal or adiabatic processes, the pressure in a gas is due
to collisions of the gas molecules with container walls. You will recall
that pressure is force per unit area, or, from Newton, time rate of change
of momentum per unit area. Let us investigate the mechanism of this
momentum change in a confined gas. The container wall changes the
direction of motion of the molecules which strike it and so changes their
momentum; this change appears as a pressure on the gas. The rate at
which the change of momentum occurs, and so the magnitude of the pres-
sure, depends on two quantities. It increases obviously if the number of
collisions per second between the gas particles and the walls increases, or
if the amount of momentum transferred per collision becomes greater, or
both. We now see that the isothermal compression of a gas results in an
increase of pressure because a given number of molecules are forced into a
smaller volume and will necessarily collide with the container more
frequently.

On the other hand, although the adiabatic compression of a gas results
in an increase in the number of collisions as described above, it causes also
a further increase in the number of collisions and a greater momentum
transfer per collision. Both these additional increases are due to the
temperature change which accompanies the adiabatic compression.
Kinetic theory tells us that the velocity of gas molecules varies as the
square root of the absolute temperature of the gas. In the adiabatic
process then, as contrasted with the isothermal, the molecules get hotter;
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they move faster, collide with the container walls more frequently, and,
having greater momentum themselves, transfer more momentum to the
walls during each individual collision.

For a given volume change AV, the rate of momentum change, and
therefore the pressure increase, is seen to be greater in the adiabatic
process. It follows that a gas is stiffer—it takes more force to expand or
compress it—if the alternation is adiabatic. We shall see later in the
text that sound waves are essentially adiabatic alternations.
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Fra. 1.1 Pressure and displacement in a plane sound wave produced by a sinu-
soidally vibrating wall. D; = one-fourth wavelength; D. = one-half wavelength;
D, = three-fourths wavelength; D, = one wavelength; D, = two wavelengths.
R means displacement of the air particles to the right, L means displacement to the
left, and O means no displacement. Crowded dots mean positive excess pressure
and spread dots mean negative excess pressure. The frequency of vibration of the
piston is 100 cycles per second.

1.3. Propagation of Sound through Gas. The propagation of sound
through a gas can be fully predicted and described if we take into account
the factors just discussed, v7z., the mass and stiffness of the gas, and its
conformance with basic physical laws. Such a mathematical description
will be given in detail in later chapters. We are now concerned with a
qualitative picture of sound propagation.

If we put a sinusoidally vibrating wall in a gas (see Fig. 1.1a), it will
accelerate adjacent air particles and compress that part of the gas nearest
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to it as it moves forward from rest. This initial compression is shown in
Fig. 1.1b as a crowding of dots in front of the wall. The dots represent air
particles. These closely crowded air particles have, in addition to their
random velocities, a forward momentum gained from the wall. They
collide with their neighbors to the right and during the collision transfer
forward momentum to these particles, which were at rest. These par-
ticles in turn move closer to their neighbors, with which they collide, and
so on. Progressively more and more remote parts of the medium will be
set into motion. In this way, through successive collisions, the force
built up by the original compression may be transferred to distant parts
of the gas.

When the wall reverses its motion, a rarefaction occurs immediately in
front of it (see Figs. 1.1c and 1.1d). This rarefaction causes particles to
be accelerated backward. and the above process is now repeated in the
reverse direction, and so on, through successive cycles of the source.

It is important to an understanding of sound propagation that you keep
in mind the relative variations in pressure, particle displacement, and
particle velocity. Note that, at any one instant, the maximum particle
displacement and the maximum pressure do not occur at the same point
in the wave. To see this, consider Fig. 1.1c. The maximum pressure
occurs where the particles are most tightly packed, i.e., at D, = 5.6 ft.
But at D, the particles have not yet moved from their original rest posi-
tion, as we can see by comparison with Fig. 1.1a. At D,, then, the pres-
sure is a maximum, and the particle displacement is zero. At this
instant, the particles next to the wall are also at their zero-displacement
position, for the wall has just returned to its zero position. Although
the particles at both D, and do have zero displacement, their environ-
ments are quite different. We found the pressure at D; to be a maxi-
mum, but the air particles around do are far apart, and so the pressure
there is a minimum. Halfway between dy, and D, the pressure is found
to be at the ambient value (zero incremental pressure), and the displace-
ment of the particles at a maximum. At a point in the wave where
pressure is a maximum, the particle displacement is zero. Where par-
ticle displacement is a maximum, the incremental pressure is zero.
Pressure and particle displacement are then 90° out of phase with each
other.

At any given point on the wave the pressure and particle displacement
are varying sinusoidally in time with the same frequency as the source.
If the pressure is varying as cos 2xft, the particle displacement, 90° out of
phase, must be varying as sin 2xft. Particle velocity, however, is the
time derivative of displacement and must be varying as cos 2rft. At any
one point on the wave, then, pressure and particle velocity are in phase.

We have determined the relative phases of the particle displacement,
velocity, and pressure at a point in the wave. Now we ask, What phase
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relationship exists between values of, say, particle displacement measured
at two different points on the wave? If the action originating from the
wall were transmitted instantaneously throughout the medium, all par-
ticles would be moving in phase with the source and with each other.
This is not the case, for the speed of propagation of sound is finite, and at
points increasingly distant from the source there is an increasing delay in
the arrival of the signal. FEach particle in the medium is moved back-
ward and forward with the same frequency as the wall, but not at the
same time. This means that two points separated a finite distance from
each other along the wave in general will not be moving in phase with
each other. Any two points that are vibrating in exact phase will, in this
example of a plane wave, be separated by an integral number of wave-
lengths. For example, in Fig. 1.1f the 11.2- and 22.4-ft points are
separated by exactly one wavelength. A disturbance at the 22.4-ft point
occurs at about 0.01 sec after it occurs at the 11.2-ft point. This cor-
responds to a speed of propagation of about 1120 ft/sec. Mathemat-
ically stated, a wavelength is equal to the speed of propagation divided by
the frequency of vibration.

(1.1)

o

where X is the wavelength in meters (or feet), c is the speed of propagation
of the sound wave in meters (or feet) per second, and f is the frequency in
cycles per second.

It is an interesting fact that sound waves in air are longitudinal; .e., the
direction of the vibratory motion of air particles is the same as the direc-
tion in which the wave is traveling. This can be seen from Fig. 1.1.
Light, heat, or radio waves in free space are transverse; i.e., the vibrations
of the electric and magnetic fields are perpendicular to the direction in
which the wave advances. By contrast, waves on the surface of water
are circular. The vibratory motion of the water molecules is in a small
circle or ellipse, but the wave travels horizontally.

1.4. Measurable Aspects of Sound. Consider first what measure-
ments might be made on the medium before a sound wave or a disturbance
is initiated in it. The gas particles (molecules) are, on the average, at
rest. They do have random motion, but there is no net movement of the
gas in any direction. Hence, we say that the particle displacement is zero.
It follows that the particle velocity is zero. Also, when there is no dis-
turbance in the medium, the pressure throughout is constant and is equal
to the ambient pressure, so that the incremental pressure is zero. A value
for the ambient pressure may be determined from the readings of a
barometer. The density, another measurable quantity in the medium, is
defined as usual as the mass per unit volume. It equals the ambient
density when there is no disturbance in the medium,
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When a sound wave is propagated in the medium, several measurable
changes oceur. The particles are accelerated and as a result are displaced
from their rest positions. The particle velocity at any point is not zero
except at certain instants during an alternation. The temperature at a
point fluctuates above and below its ambient value. Also, the pressure
at any point will vary above and below the ambient pressure. This

“incremental variation of pressure is called the sound pressure or the
excess pressure. A pressure variation, in turn, causes a change in the
density called the incremental densily. An increase in sound pressure at a
point causes an increase in the density of the medium at that point.

The speed with which an acoustical disturbance propagates outward
through the medium is different for different gases. For any given gas,
the speed of propagation is proportional to the square root of the absolute
temperature of the gas [see Eq. (1.8)]. Asis the case for all types of wave
motion, the speed of propagation is given by Eq. (1.1).

In later chapters of this book, we shall describe instruments and tech-
niques for measuring most of the quantities named above. Sound will
then seem real, and you will have a ‘“feel’ for intensity, sound-pressure
level, power level, and the other terms of acoustics that we are about to
define.

PART II Terminology

You now have a general picture of the nature of a sound wave. To
proceed further in acoustics, you must learn the particular “lingo,” or
accepted terminology. Many common words such as pressure, intensity,
and level are used in a special manner. Become well acquainted with the
special meanings of these words at the beginning. They will be in con-
stant use throughout the text. The list of definitions below is by no
means exhaustive, and some additional terminology will be presented as
needed in later chapters.! If possible, your instructor should have you
make measurements of sounds with a sound-level meter and a sound
analyzer so that the terminology becomes intimately associated with
physical phenomena.

The mks system of units is used throughout this book. Although the
practicing acoustical engineer may believe that this choice is unwarranted
in view of the widespread use of cgs units, it will be apparent in Chap. 3,
and again in Chap. 10, that great simplicity results from the use of the mks

! A good manual of terminology is ‘‘ American Standard Acoustical Terminology,”
724.1—1951, published by the American Standards Association, Inc., New York,
N.Y.
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system. In the definitions that follow, the units in the cgs system are
indicated in parentheses following the mks units. Conversion tables are
given in Appendix II.

1.6. General. Acoustic. The word ‘““acoustic,” an adjective, means
intimately associated with sound waves or with the individual media,
phenomena, apparatus, quantities, or units discussed in the science of
sound waves. Examples: “Through the acoustic medium came an
acoustic radiation so intense as to produce acoustic trauma. The
acoustic filter has an output acoustic impedance of 10-acoustic ochms.”
Other examples are acoustic horn, transducer, energy, wave, mobility,
refraction, mass, component, propagation constant.

Acoustical. The word “acoustical,” an adjective, means associated
in a general way with the science of sound or with the broader classes of
media, phenomena, apparatus, quantities, or units discussed in the science
of sound. Example: “Acoustical media exhibit acoustical phenomena
whose well-defined acoustical quantities can be measured, with the aid of
acoustical apparatus, in terms of an acceptable system of acoustical
units.”” Other examples are acoustical engineer, school, glossary,
theorem, circuit diagram.

1.6. Pressure and Density. Static Pressure (P). The static pres-
sure at a point in the medium is the pressure that would exist at that
point with no sound waves present. At normal barometric pressure, P,
equals approximately 10° newtons/m? (10°dynes /em?). This corresponds
to a barometer reading of 0.751 m (29.6 in.) Hg mercury when the tem-
perature of the mercury is 0°C. Standard atmospheric pressure is usually
taken to be 0.760 m Hg at 0°C. This is a pressure of 1.013 X 105 new-
tons/m? In this text when solving problems we shall assume Py = 108
newtons/m?.

Mqcrobar (ub). A microbar is a unit of pressure commonly used in
acoustics. One microbar is equal to 0.1 newton per square meter or 1
dyne per square centimeter. In this text its use is not restricted to the
cgs system.

Instantaneous Sound Pressure [p(f)]. The instantaneous sound pres-
sure at a point is the incremental change from the static pressure at a
given instant caused by the presence of a sound wave. The unit is the
microbar (0.1 newton per square meter or 1 dyne per square centimeter).

Effective Sound Pressure (p). The effective sound pressure at a point is
the root-mean-square (rms) value of the instantaneous sound pressure,
over a time interval at that point. The unit is the microbar (0.1 newton
per square meter or 1 dyne per square centimeter). In the case of
periodic sound pressures, the interval should be an integral number of
periods. In the case of nonperiodic sound pressures, the interval should
be long enough to make the value obtained essentially independent of
small changes in the length of the interval.
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Density of Air (po). The ambient density of air is given by the formulas

273 P, .
= 1.2
po = 1.29 T 0776 kg/m? (mks) (1.2)
B 273 P, .

where T is the absolute temperature in degrees Kelvin and P, is the
barometric pressure in meters of mercury. At normal room tempera-
ture of T = 295°K (22°C or 71.6°F), and for a static pressure
Py, = 0.751 m Hg, the ambient density is po = 1.18 kg/m3 This value
of po will be used in solving problems unless otherwise stated.

1.7. Speed and Velocity. Speed of Sound (c). The speed of sound in
air is given approximately by the formulas

¢ = 331.4 + 0.6076 m/sec (mks) (1.4)
¢ = 33,140 4 60.76 cm/sec (cgs) (1.5)
¢ = 1087 + 1.999 ft/sec (English-centigrade) (1.6)
c = 1052 + 1.106F ft/sec (English-Fahrenheit) 1.7)

where 6§ is the ambient temperature in degrees centigrade and F is the
same in degrees Fahrenheit. For temperatures above 30°C or below
—30°C, the velocity of sound must be determined from the exact formula

| T ’ 6

where T is the ambient temperature in degrees Kelvin. At a normal
room temperature of § = 22°(F = 71.6°), ¢ = 344.8 m/sec, or 1131.2 ft/
sec. These values of ¢ will be used in solving problems unless otherwise
stated.

Instantaneous Particle Velocity (Particle Velocity) [u(f)]. The instanta-
neous particle velocity at a point is the velocity, due to the sound wave
only, of a given infinitesimal part of the medium at a given instant. Itis
measured over and above any motion of the medium as a whole. The
unit is the meter per second (in the cgs system the unit is the centimeter
per second).

Effective Particle Velocity (u). The effective particle velocity at a
point is the root mean square of the instantaneous particle velocity (see
Effective Sound Pressure for details). The unit is the meter per second (in
the cgs system the unit is the centimeter per second).

Instantaneous Volume Velocity [U(#)]. The instantaneous volume
velocity, due to the sound wave only, is the rate of flow of the medium
perpendicularly through a specified area S. That is, U(f) = Su(t),
where u(t) is the instantaneous particle velocity. The unit is the cubic

meter per second (in the cgs system the unit is the cubic centimeter per
second).
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1.8. Impedance. Acoustic Impedance (American Standard Acoustic
Impedance). The acoustic impedance at a given surface is defined as the
complex ratio} of effective sound pressure averaged over the surface to
effective volume velocity through it. The surface may be either a hypo-
thetical surface in an acoustic medium or the moving surface of a mechan-
ical device. The unit is newton-sec/m?, or the mks acoustic chm.f (In
the cgs system the unit is dyne-sec/emS5, or acoustic ohm.)

Zy = % newton-sec/m® (mks acoustic ohms) 1.9)

Specific Acoustic Impedance (Z,). The specific acoustic impedance is
the complex ratio of the effective sound pressure at a point of an acoustic
medium or mechanical device to the effective particle velocity at that
point. The unit is newton-sec/m?, or the mks rayl.§ (In the cgs system
the unit is dyne-sec/cm?, or the rayl.) That is,

Z, =

{1

newton-sec/m? (mks rayls) (1.10)

Mechanical Impedance (Zx). The mechanical impedance is the com-
plex ratio of the effective force acting on a specified area of an acoustic
medium or mechanical device to the resulting effective linear velocity
through or of that area, respectively. The unit is the newton-sec/m, or
the mks mechanical ohm. (In the cgs system the unit is the dyne-sec/
cm, or the mechanical ohm.) That is,

Zu = z_{ newton-sec/m (mks mechanical ohms) (1.11)

Characteristic Impedance (poc). The characteristic impedance is the
ratio of the effective sound pressure at a given point to the effective par-
ticle velocity at that point in a free, plane, progressive sound wave. Itis
equal to the product of the density of the medium times the speed of
sound in the medium (poc). It is analogous to the characteristic imped-
ance of an infinitely long, dissipationless transmission line. The unit is
the mks rayl, or newton-sec/m?® (In the cgs system, the unit is the
rayl, or dyne-sec/cm?3.)

In the solution of problems in this book we shall assume for air that
poc = 407 mks rayls (or pec = 40.7 rayls) which is valid for a temperature
of 22°C (71.6°F) and a barometric pressure of 0.751 m (29.6 in.) Hg.

1.9. Intensity, Energy Density, and Levels. Sound Intensity (I). The
sound intensity measured in a specified direction at a point is the average

T “Complex ratio” has the same meaning as the complex ratio of voltage and
current in electric-circuit theory.

1 This notation is taken from Table 12.1 of American Standard Z24.1—1951.

§ Named in honor of Lord Rayleigh.
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rate at which sound energy is transmitted through a unit area per-
pendicular to the specified direction at the point considered. The unit
is the watt per square meter. (In the cgs system the unit is the erg per
second per square centimeter.) In a plane or spherical free-progressive
sound wave the intensity in the direction of propagation is

=2 watts/m? (1.12)
poC

NoTE: In the acoustical literature the intensity has often been expressed
in the units of watts per square centimeter, which is equal to 107 X the
number of ergs per second per square centimeter.

Sound Energy Densily (D). The sound energy density is the sound
energy in a given infinitesimal part of the gas divided by the volume of
that part of the gas. The unit is the watt-second per cubic meter. (In
the cgs system the unit is the erg per cubic centimeter.) In many
acoustic environments such as in a plane wave the sound energy density
at a point is

_ Tl2 _ p2
D = o = 3P, (1.13)
where v is the ratio of specific heats for a gas and is equal to 1.4 for air and
other diatomic gases. The quantity v is dimensionless.

Electric Power Level, or Acoustic Intensity Level. The electric power
level, or the acoustic intensity level, is a quantity expressing the ratio of
two electrical powers or of two sound intensities in logarithmic form.
The unit is the decibel. Definitions are

It

Electric power level = 10 log, %1 db (1.14)
2

Acoustic intensity level = 10 logm% db (1.15)
2
where Wy and W, are two electrical powers and 7/, and I, are two sound

intensities.
Extending this thought further, we see from Eq. (1.14) that

2
Electric power level = 10 log;, g—l g;";
1 2
E R
= 20 long—,: + 10 1ogm§j db  (1.16)

where E, is the voltage across the resistance R, in which a power W, is
being dissipated and E, is the voltage across the resistance R; in which a
power W, is being dissipated. Similarly,

Ry,

Acoustic intensity level = 20 logie 2 + 10 Iogio
P2 R

db (1.17)
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where p, is the pressure at a point where the specific acoustic resistance
(1.e., the real part of the specific acoustic impedance) is Bs; and p, is the
pressure at a point where the specific acoustic resistance is Bgs. We note
that 10logyo (W,/W2) = 20]ogo (E:/E;) only if R, = K, and that
10 logyo (I1/12) = 20 1ogwo (p1/p2) only if Rs, = Rgy.

Levels involving voltage and pressure alone are sometimes spoken of
with no regard to the equalities of the electric resistances or specific
acoustic resistances. This practice leads to serious confusion. It is
emphasized that the manner in which the terms are used should be
clearly stated always by the user in order to avoid confusion.

Sound Pressure Level (SPL). The sound pressure level of a sound, in
decibels, is 20 times the logarithm to the base 10 of the ratio of the meas-
ured effective sound pressure of this sound to a reference effective sound
pressure. That is,

SPL = 20 1og105”- db (1.18)
ref

In the United States p. is either

(a) Peet = 0.0002 microbar (2 X 105 newton/m?)
or
(b) Pret = 1 microbar (0.1 newton/m?)

Reference pressure (a) has been in general use for measurements dealing
with hearing and for sound-level and noise measurements in air and
liquids. Reference pressure (b) has gained widespread use for calibra-
tions of transducers and some types of sound-level measurements in
liquids. The two reference levels are almost exactly 74 db apart. The
reference pressure must always be stated explicitly.

Intensity Level (IL). The intensity level of a sound, in decibels, is
10 times the logarithm to the base 10 of the ratio of the intensity of this
sound to a reference intensity. That is,

IL = 10 logo ILM (1.19)
In the United States the reference intensity is often taken to be
10-16 watt/cm? (10712 watt/m?2). This reference at standard atmospheric
conditions in a plane or spherical progressive wave was originally selected
as corresponding approximately to the reference pressure (0.0002
microbar).
The exact relation between intensity level and sound pressure level in a
plane or spherical progressive wave may be found by substituting
Eq. (1.12) for intensity in Eq. (1.19).
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IL = SPL + 10 logy,

2
pfc'; - db (1.20)

Substituting pet = 2 X 1075 newton/m? and I = 10~12 watt/m? yields
IL = SPL + 10 1ogw%0 db 1.21)

It is apparent that the intensity level IL will equal the sound pressure
level SPL only if pec = 400 mks rayls. For certain combinations of tem-
perature and static pressure this will be true, although for T = 22°C and
P, = 0.751 m Hg, poc = 407 mks rayls. For this common case then, the
intensity level is smaller than the sound pressure level by about 0.1 db.
Regardless of which reference quantity is used, it must always be stated
explicitly.

Acoustic Power Level (PWL). The acoustic power level of a sound
source, in decibels, is 10 times the logarithm to the base 10 of the ratio of
the acoustic power radiated by the source to a reference acoustic power.
That is,

w

PWL = 10 logic 55— db (1.22)
Wnl

In this text, W. is 10~!® watt. This means that a source radiating 1
acoustic watt has a power level of 130 db.

If the temperature is 20°C (67°F) and the pressure is 1.013 X 10°
newtons/m? (0.76 m Hg), the sound pressure level in a duct with an area of
1 ft2 cross section, or at a distance of 0.282 ft from the center of a ‘‘point”’
source (at this distance, the spherical surface has an area of 1 ft?), s,
from Eqgs. (1.12) and (1.18)

Tpec Wooc
SPLI nt = 10 loglo Eo:' = 10 logl() L,g_p__zl:’
w 1
= 10 10g10 [m X 412.5 X m_—s)—é]
w
= 10 logo 10-1 + 0.5

where W = acoustic power in watts
pec = characteristic impedance
S = 1 {t? of area = 0.093 m?

Pt = Teference sound pressure = 2 X 10~° newton/m?

In words, the sound pressure level equals the acoustic power level plus
0.5 db under the special conditions that the power passes uniformly
through an area of 1 ft?, the temperature is 20°C (67°F), and the baro-
metric pressure is 0.76 m (30 in.) Hg.

Sound Level. The sound level at a point in a sound field is the reading
in decibels of a sound-level meter constructed and operated in accordance

412.5 mks rayls

It

Part I} TERMINOLOGY 15

with the latest edition of ““ American Standard Sound Level Meters for the
Measurement of Noise and Other Sounds.”?

The meter reading (in decibels) corresponds to a value of the sound
pressure integrated over the audible frequency range with a specified
frequency weighting and integration time.

Band Power Level (PWL,). The band power level for a specified fre-
quency band is the acoustic power level for the acoustic power contained
within the band. The width of the band and the reference power must
be specified. The unit is the decibel. The letter n is the designation
number for the band being considered.

Band Pressure Level (BPL,). The band pressure level of a sound for a
specified frequency band is the effective sound pressure level for the sound
energy contained within the band. The width of the band and the
reference pressure must be specified. The unit is the decibel. The
letter n is the designation number for the band being considered.

Power Spectrum Level. The power spectrum level of a sound at a
specified frequency is the power level for the acoustic power contained in
a band one cycle per second wide, centered at this specified frequency.
The reference power must be specified. The unit is the decibel (see also
the discussion under Pressure Spectrum Level).

Pressure Spectrum Level. 'The pressure spectrum level of a sound at a
specified frequency is the effective sound pressure level for the sound
energy contained within a band one cycle per second wide, centered at this
specified frequency. The reference pressure must be explicitly stated.
The unit is the decibel.

piscussioN. The concept of pressure spectrum level ordinarily has
significance only for sound having a continuous distribution of energy
within the frequency range under consideration.

The level of a uniform band of noise with a continuous spectrum exceeds
the spectrum level by

Cn = 10 logio (fo — fa) db (1.23)

where f, and f, are the upper and lower frequencies of the band, respec-
tively. The level of a uniform noise with a continuous spectrum in a band
of width f, — fe cps is therefore related to the spectrum level by the
formula

Ln = Cn + S'n (124)

where L, = sound pressure level in decibels of the noise in the band of
width f, — f, for C., see Eq. (1.23), Sx = spectrum level of the noise, and
n = designation number for the band being considered.

% “ American Standard Sound Level Meters for the Measurement of Noise and Other
Sounds,” Z24.3--1944, American Standards Association, Inc., New York, N.Y. This
standard is in process of revision.



CHAPTER 2

THE WAVE EQUATION AND SOLUTIONS

PART III The Wave Equation

2.1, Introduction. We have already outlined in a qualitative way the
nature of sound propagation in a gas. In this chapter we shall put the
physical principles described earlier into the language of mathematics.
The approach is in two steps.  First, we shall establish equations express-
ing Newton's second law of motion, the gas law, and the laws of con-
servation of mass. Second, we shall combine these equations to produce
a wave equation.

? /—-Area =AyAz
Vs
Ay )
l Az
/
le— A x —>

x
Fic. 2.1. The very small “box”’ of air shown here is part of a gaseous medium in which
the sound pressure increases from left to right at a space rate of p/az (or, in vector
notation, grad p). The sizes of the dots indicate the magnitude of the sound pressure
at each point.

The mathematical derivations are given in two ways: with and without
use of vector algebra. Those who are familiar with vector notation will
appreciate the generality of the three-dimensional vector approach. The
two derivations are carried on in parallel; on the left sides of the pages,
the one-dimensional wave equation is derived with the use of simple

16
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differential notation; on the right sides, the three-dimensional wave equa-
tion is derived with the use of vector notation. The simplicity of the
vector operations is revealed in the side-by-side presentation of the two
derivations.

2.2. Derivation of the Wave Equation. The Equation of Motion. If
we write Newton’s second law for a small volume of gas located in a
homogeneous medium, we obtain the equation of motion, or the force
equation as it is sometimes called. Imagine the small volume of gas to
be enclosed in a box with weightless flexible sides.

One-dimensional Derivation®

Let us suppose that the box is situated
in a medium where the sound pressure p
increases from left to right at a space rate

Three-dimensional Derivation?

Let us suppose that the box is situated
in a medium (see Fig. 2.1) where the
sound pressure p changes in space at &

of 9p/drx (see Fig. 2.1). . .9 ap

p/oz ( 3 ) spacerateofgradp=1£+]a—zy)+k52
where i, j, and k are unit vectors in the
z, y, and z directions, respectively, and
p is the pressure at a point.

Assume that the sides of the box are completely frictionless; 7.e., any
viscous drag between gas particles inside the box and those outside is
negligible. Thus the only forces acting on the enclosed gas are due to
the pressures at the faces of the box.

The difference between the forces acting on the two sides of our tiny
box of gas is equal to the rate at which the force changes with distance
times the incremental length of the box:

Force acting to accelerate the box in the | Force acting to accelerate the box in the

positive z direction = — (g Ax) Ay Az | positive direction = — [i (g A:c) Ay Az
(2.1a) -(ﬂ’ (3_?’
+ij ayAy Az Az + k aZAz Ax Ay
(2.1b)

Note that the positive gradient causes an acceleration of the box in the
negative direction of z.

! Nonvector derivations of the wave equation are given in Rayleigh, ‘“Theory of
Sound,” Vol. 2, pp. 1-15, Macmillan & Co., Ltc\.,, London, 1896; P. M. Morse, *‘ Vibra-
tion and Sound,” 2d ed., pp. 217-225, McGraw-Hill Book Company, Inc., New York,
1948; L. E. Kinsler and A. R. Frey, ‘“Fundamentals of Acoustics,” pp. 118-137,
John Wiley & Sons, Inc., New York, 1950; R. W. B. Stephens and A. T. Bate, “Wave
Motion and Sound,” pp. 32-43, 400-106, Edward Arnold & Co., London, 1950; and
other places.

2 A vector derivation of the wave equation is given in two papers that must be read
together: W. J. Cunningham, Application of Vector Analysis to the Wave Equation,
J. Acoust. Soc. Amer., 22: 61 (1950); and R. V. L. Hartley, Note on ““ Application of
Yector Analysis to the Wave Equation,” J. Acous. Soc. Amer., 22; 511 (1950).
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Division of both sides of the above equa-
tion by Az Ay Az = V gives the force per
unit volume acting to accelerate the box,

9p

I _
14 ax

(2.2a)

Division of both sides of the equation by
Az Ay Az = V gives the force per unit
volume acting to accelerate the box,

Lo
V= grad p (2.2b)

By Newton’s law, the force per unit volume (f/V) of Eq. (2.2) must be
equal to the time rate of change of the momentum per unit volume of the
box. We have already assumed that our box is a deformable packet so
that the mass of the gas within it is always constant. That is,

p  Mou ou
f=-R-vE=r S e
where u is the average velocity of the gas
in the “box’’ in the z direction, p’ is the
space average of the instantaneous den-
sity of the gas in the box, and M = p’'V
is the total mass of the gas in the box.

If the change in density of the gas due
to the sound wave is small enough, then
the instantaneous density p’ is approxi-
mately equal to the average density po.
Then,

_op_, ou

S5z po'b—t‘ (2.40)

f__ _MDqg_ , Dq
7= gradp-—VDt—-p Di (2.3b)

where q 1s the average vector velocity of
the gas in the “box,” p’ is the average
density of the gas in the box, and
M = p'V is the total mass of the gas in
the box. D/Di is not a simple partial
derivative but represents the total rate
of the change of the velocity of the par-
ticular bit of gas in the box regardless of
its position, t.e.,

Dg dq aq 9 9

Dt =E+qzﬁ+qv5§ +q:a—:
where ¢, ¢, and ¢, are the components
of the vector particle velocity q.

If the vector particle velocity q is small
enough, the rate of change of momentum
of the particles in the box can be approxi-
mated by the rate of change of momen-
tum at a fixed point, Dq/Dt = 3q/d¢, and
the instantaneous density p’ can be
approximated by the average density po.
Then,

9q

—grad p = py e (2.4b)

The approximations just given are generally acceptable provided the
sound pressure levels being considered are below about 110 db re 0.0002
microbar. Levels above 110 db are so large as to create hearing dis-
comfort in many individuals, as we shall see in Chap. 13 at the end of this

book.

The Gas Law. If we assume an ideal gas, the Charles-Boyle gas law

applies to the box. It is

PV =

RT (2.5)

where P is the total pressure in the box, V is the volume equal to
Azr Ay Az, T is the absolute temperature in degrees Kelvin, and R is a
constant for the gas whose magnitude is dependent upon the mass of gas
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chosen.t Using this equation, we can find a relation between the sound
pressure (excess pressure) and an incremental change in V for our box.
Before we can establish this relation, however, we must know how the
temperature T varies with changes in P and V and, in particular, whether
the phenomenon is adiabatic or isothermal.

At audible frequencies the wavelength of a sound is long compared with
the spacing between air molecules. For example, at 1000 cps, the
wavelength X equals 0.34 m, as compared with an intermolecular spacing
of 10 m. Now, whenever a portion of any gas is compressed rapidly,
its temperature rises, and, conversely, when it is expanded rapidly, its
temperature drops. At any one point in an alternating sound field,
therefore, the temperature rises and falls relative to the ambient tem-
perature. This variation oceurs at the same frequency as that of the
sound wave and is in phase with the sound pressure.

Let us assume, for the moment, that the sound wave has only one fre-
quency. At points separated by one-half wavelength, the pressure and
the temperature fluctuations will be 180° out of phase with each other.
Now the question arises, Is there sufficient time during one-half an
alternation in the temperature for an exchange of heat to take place
between these two points of maximally different temperatures?

It has been established® that under normal atmospheric conditions the
speed of trave] of a thermal diffusion wave at 1000 cps is about 0.5 m/sec,
and at 10,000 cps it is about 1.5 m/sec. The time for one-half an alterna-
tion of 1000 cps is 0.0005 sec. In this time, the thermal wave travels a
distance of only 0.00025 m. This number is very small compared with
one-half wavelength (0.17 m) at 1000 cps. At 10,000 cps the heat travels
7.5 X 1075 m, which is a small distance compared with a half wavelength
(1.7 X 102 m). It appears safe for us to conclude, therefore, that there
is negligible heat exchange in the wave in the audible frequency range.
Gaseous compressions and expansions of this type are said to be adiabatic.

For adiabatic expansions, the relation between the total pressure and
the volume is known to be*

PV~ = constant (2.6)

where v is the ratio of the specific heat of the gas at constant pressure to
the specific heat at constant volume for the gas. This equation is

+ If a mass of gas is chosen so that its weight in grams is equal to its molecular
weight (known to chemists as the gram-molecular weight, or the mole), then the
volume of this mass at 0°C and 0.76 m Hg is the same for all gases and equals
0.02242 m3. Then R = 8.314 watt-sec per degree centigrade per gram-molecular
weight. If the mass of gas chosen is n times its molecular weight, then R = 8.314n.

3See L. L. Beranek, “Acoustic Measurements,” p. 49, John Wiley & Sons, Inc.,
New York, 1949.

4 M. W. Zemansky, ‘“Heat and Thermodynamics,” 2d ed., pp. 104-114, McGraw-
Hill Book Company, Inc., New York, 1943,
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obtained from the gas law in the form of Eq. (2.5), assu.ming adiaba'tic
conditions. For air, hydrogen, nitrogen, and oxygen, t.e., gases with
diatomic molecules,

v =14

Expressing Eq. (2.6) in differential form, we have

P _ —vdV @.7)
P 14
Let
P=Py+p V=Votr (2.8)

where Py and Vo are the undisturbed pressure and volume, r.espective.ly,
and p and 7 are the incremental pressure and volume, respectively, owing

— 11
7,
1
\ Ay
1
& - g | J_[
l Az } Az
3 Bl
Tad T
A : él
L Ax+ a—f"A x
ax
Volume at one Volume at another
instant equals msatznt equals
AzAyAz (Ax+a-’~Ax)AyAz
(a) (b)

Fic. 2.2. Change in volume of the box with change in position. From ('a) and (b)
it is seen that the incremental change in volume of the box equals 7 = (94./9z) Az

Ay Az.

to the presence of the sound wave. Then, to the same approximation as
that made preceding Eq. (2.4) and because p < Py and r K V',

rp__1 (2.9)
P, Vo

The time derivative of this equation gives

1dp —vyor (2.10)
The Continuity Equation. The continuity equation is a mathematical
M $ ¥
expression stating that the total mass of gasin a defo'rmable “box’’ must
remain constant. Because of this law of conservation of mass, we are

able to write a unique relation between the time rate of change of the
incremental velocities at the surfaces of the box.

S

Part III} THE WAVE

One-dimensional Derivation

Refer to Fig. 2.2. If the mass of gas
within the box remains constant, the
change in volume r depends only on the
difference of displacement of the air
particles on the opposite sides of box.
Another way of saying this is that unless
the air particles adjacent to any given
side of the box move at the same velocity
as the box itself, some will cross in or
out of the box and the mass inside will
change.

In a given interval of time the air
particles on the left-hand side of the box
will have been displaced £,. In this
same time, the air particles on the right-
hand side will have been displaced
d¢.
3z
The difference of the two quantities
above multiplied by the area Ay Az gives
the increment in volume r

£+ Az

r=2,, Ay Az (2.11a)
Jx
or
_ oy 9s
T=Vo> (2.12)

Differentiating with respect to time
yields,

ar . ou

E = ‘OE (2.]3(1)
where u is the instantancous particle
velocity.
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Three-dimensional Derivation

If the mass of gas within the box
remains constant, the change in incre-
mental volume r depends only on the
divergence of the vector displacement.
Another way of saying this is that unless
the air particles adjacent to any given
side of the box move at the same velocity
as the side of the box itself, some will
cross into or out of the box and the mass
inside will change; so

7= VodivE (2.11b)

Differentiating with respect to time
yiclds,
ar

FTha Vodiv q (2.13b)

where q is the instantaneous particle
velocity.

The Wave Equation in Rectangular Coordinates

One~dimensional Derivation
The one-dimensional wave equation is
obtained by combining the equation of
motion (2.4a), the gas law (2.10), and the
continuity equation (2.13¢). Combina-
tion of (2.10) and (2.13a) gives
9p

Ju
3 = _-YPOE (2.14a)
Differentiate (2.14a) with respect to {.
I?p , du
e = g, (2150
Differentiate (2.4a) with respect to z.
a?p d%u
T Py (2160

Three-dimensional Derivation

The three-dimensional wave equation
is obtained by combining the equation of
motion (2.4)), the gas law (2.10), and the
continuity equation (2.13b). Combina-
tion of (2.10) and (2.13b) gives

3 .
P~ —oPudivg  (2.145)
Differentiate (2.14b) with respect to £
I*p .
i = —Podiv 7‘% (2.15b)

Take the divergence of each side of Eq.
(2.4d).

— div (grad p) = po div % (2.16b)
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Three-dimensional Derivation
Replacing the div (grad p) by v?p, we get
—9%p = podiv %‘i @.17)

One-dimensional Derivation

Assuming interchangeability of the z | where V?is the operator called the Lapla-
and ¢ derivatives, and combining (2.15¢) | cian. Combining (2.15b) and (2.17), we

and (2.16a), we get get
%’; - %%@ (2.180) vip = %‘?—t’,’ (2.18b)
Let us, by definition set,
o =1 (2.19)
Po

We shall see later that ¢ is the speed of propagation of the sound wave in
the medium,.

We obtain the one-dimensional wave | We obtain the three-dimensional wave
equation equation
2. _ 161p

2

ST}
=

13%
29 = . £
Vip =550 (2.200)
In rectangular coordinates
’p  a% , I
1, =92 4 9P, OD
VP =gt T 22D
We could also have eliminated p and | We could also have eliminated p and
retained %, in which case we would have | retained q, in which case we would have

i

D

z!

1 8%q
q = —_ 2
Vi =535 (2.22b)
3_27_: - %3_2}:_ (2.224) where V"q = grad (div. q) when there is
9z ¢t ot no rotation in the medium.

Equations (2.20) and (2.22) apply to sound waves of ‘““small’’ magni-
tude propagating in a source-free, homogeneous, isotropic, frictionless gas
at rest.

The Wave Equation in Spherical Coordinates. The one-dimensional
wave equations derived above are for plane-wave propagation along one
dimension of a rectangular coordinate system. In an anechoic (echo-
free) chamber or in free space, we frequently wish to express mathe-
matically the radiation of sound from a spherical (nondirectional) source
of sound. In this case, the sound wave will expand as it travels away
from the source, and the wave front always will be a spherical surface.
To apply the wave equation to spherical waves, we must replace the
operators on the left side of Egs. (2.20) and (2.22) by operators appro-
priate to spherical coordinates.

Assuming equal radiation in all directions, the wave equation in one-
dimensional spherical coordinates is

p 29p _ 19 (2.23)

or? r or ¢? ot
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Simple differentiation will show that (2.23) can also be written

a*(pr) _ 1 3%pr)
ar? ¢z 9t

(2.24)

It is interesting to note that this equation has exactly the same form as
Eq (2.20a). Hence, the same formal solution will apply to either equa-
tion except that the dependent variable is p(z,t) in one case and pr(r,t) in
the other case.

Example 2.1. In the steady state, that is, du/3¢ = jwu, determine mathematically
how the sound pressure in a plane progressive sound wave (one-dimensional case)
could be determined from measurement of particle velocity alone.

Solution. From Eq. (2.4a) we find in the steady state that

—op __ .

oz Jwpou
where p and u are now rms values of the sound pressure and particle velocity, respec-
tively. Written in differential form,

—Ap = jwpou AT
If the particle velocity is 1 em/sec, w is 1000 radians/sec, and Az is 0.5 em, then

—70.005 X 1000 X 1.18 X 0.01
—70.059 newton /m?

Ap

We shall have an opportunity in Chap. 6 of this text to see a practical application
of these equations to the measurement of particle velocity by a velocity microphone.

pART IV Solutions of the Wave Equation

2.3. General Solutions of the One-dimensional Wave Equation. The
one-dimensional wave equation was derived with either sound pressure or
particle velocity as the dependent variable. Particle displacement, or the
variational density, may also be used as the dependent variable. This
can be seen from Egs. (2.4a) and (2.13¢) and the conservation of mass,
which requires that the product of the density and the volume of a small
box of gas remain constant. That is,

o’V = poVo = constant (2.25)
and so
p'dV = —Vdp (2.26)
Let
o =potp (2.27)

where p is the incremental change in density. Then, approximately, from
Egs. (2.8) and (2.26),
por = —Vop (2.28)
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Differentiating,
o Veds
at po Jt
so that, from Eq. (2.13a),
dp Ju
- = — 2.29
at PO (2:29)

Also, we know that the particle velocity is the time rate of change of the
particle displacement.

9t,

T

Inspection of Egs. (2.4a), (2.13a), (2.29), and (2.30) shows that the
pressure, particle velocity, particle displacement, and variational density
are related to each other by derivatives and integrals in space and time.
These operations performed on the wave equation do not change the form
of the solution, as we shall see shortly. Since the form of the solution is
not changed, the same wave equation may be used for determining
density, displacement, or particle velocity as well as sound pressure by
substituting p, or £, or u for p in Eq. (2.20a) or p, £, or q for p in Eq.
(2.20b), assuming, of course, that there is no rotation in the medium.

General Solution. With pressure as the dependent variable, the wave
equation is

(2.30)

azzz _ lazp

ar’ o (2:31)

The gencral solution to this equation is a sum of two terms,

x T
p=f1(t—z>+f2<t+z) (2.32)

where fi and f, are arbitrary functions. We assume only that they have
continuous derivatives of the first and second order. Note that because
¢ and z occur together, the first derivatives with respect to z and ¢ are
exactly the same except for a factor of +c.

The ratio /¢ must have the dimensions of time, so that ¢ is a speed.
From ¢? = vP¢/po [Eq. (2.19)] we find that

105 \* ,
c= 1.4 X m = 344.2 m,sec
in air at an ambient pressure of 10° newtons/m?® and at 22°C. This quan-
tity 1s nearly the same as the experimentally determined value of the
speed of sound 344.8 [see Eq. (1.8)], so that we recognize ¢ as the speed at
which a sound wave is propagated through the air.

From the general solution to the wave equation given in Eq. (2.32) we
observe two very important facts:
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1. The sound pressure at any point x In space can be separated into
two components: an outgoing wave, f1(t — z/c), and a backward-traveling
wave, f2(t + z/c).

2. Regardless of the shape of the outward-going wave (or of the back-
ward-traveling wave), it is propagated without change of shape. To
show this, let us assume that, at { = {;, the sound pressure at £ = 0 is
fi(t)). At a time ¢ = ¢; -+ ¢, the sound wave will have traveled a dis-
tance z equal to fo,c m. At this new time the sound pressure is equal to
p = fi(ts + t; — tsc/c) = f1(t1)). In other words the sound pressure has
propagated without change. The same argument can be made for the
backward-traveling wave which goes in the —z direction.

It must be understood that inherent in Egs. (2.31) and (2.32) are two
assumptions. First, the wave is a plane wave, 1.e., it does not expand
laterally. Thus the sound pressure is not a function of the y and 2
coordinates but is a function of distance only along the z coordinate.
Seccond, it is assumed that there are no losses of dispersion (scattering of
the wave by turbulence or temperature gradients, etc.) in the air, so that
the wave does not lose energy as it is propagated. Dissipative and dis-
persive cases are not treated analytically in this book, but are discussed
briefly in Chaps. 10 and 11.

Steady-state Solution. In nearly all the studies that we make in this
text we are concerned with the steady state. As is well known from the
theory of Fourier series, a steady-state wave can be represented by a
linear summation of sine-wave functions, each of which is of the form

() = /2 |¢’] cos (wt + 8,) (2.33a,

For example, if ¢, is sound pressure, we write

Il

PO = Y pu() = ) V2 |p] cos (@i + 0,) (2.33b
where w, = 2xf,;f, = frequency of vibration of the »th component of the
wave; 0, is the phase angle of it; and V2 |¢*| (or v/2 |p’]) is the peak
magnitude of the component. Because the wave is propagated without
change of shape, we need consider, in the steady state, only those solutions
to the wave equation for which the time dependence at each point in space
is sinusoidal and which have the same angular frequencies w, as the source.
Borrowing from electrical-circuit theory, we represent a sinusoidal
function with a frequency w by the real part of a complex exponential
function. Thus, at a fixed point in space z, we have the sound pressure,

P(x,t) = V2 Re [¢(x)ei] (2.34a)

or
p(x,t) = /2 Re [p(x)e™] (2.34b)
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where p(z) 1s a complex function (z.e., it has a real and an imaginary part)
that gives the dependence of p on z. The product of v/2 times the
magnitude of p(zx) is the peak value of the sinusoidal sound pressure
function at z. The phase angle of p(z) is the phase shift measured from
some reference position. Generally we omit writing Re although it
always must be remembered that the real part must be taken when using
the final expression for the sound pressure. In the steady state, there-
fore, we may replace f; and f, of Eq. (2.32) by a sum of functions each
having a particular angular driving frequency w,, so that

pz,t) = E p.{z,t) = 2 A/2 Re [(pyre—iewse 4 p_reiawie)eiost]  (2.35)

The part of Eq. (2.35) within the brackets is the same as that within the
brackets of Eq. (2.34). The factor \/2 is introduced so that later Py’
and p_’ may represent complex rms functions averaged in the time
dimension. The + and — subscripts indicate the forward and backward
traveling waves respectively.

It is apparent that the first term of Eq. (2.35) represents an outward-
traveling wave whose rms magnitude |p,’| does not change with time ¢
or position z. A similar statement may be made for the second term,
which is the backward-traveling wave.

It is customary in texts on acoustics to define a wave number k,

p=e 2 _2n (2.36)

Also, let us drop Re and the subscript » for convenience. Any one term
of Eq. (2.35), with these changes, becomes

p(x,t) = V2 [p@)e] = /2 (pyetc= 4 p_eitlta)  (2.37)

Similarly, the solution to Eq. (2.22a), assuming steady-state conditions,
18
w(z,t) = /2 (upe*c—=  y_eikettn) (2.38)

1t is understood that the real part of Eqs. (2.37) and (2.38) will be used in
the final answer. The complex magnitudes of p; and p_ or u. and u_ are
determined from the boundary conditions.

The complex rms pressure and particle velocity are found directly from
Eqs. (2.37) and (2.38) by canceling /2 ¢ from the right-hand sides.
When the remaining function is converted into magnitude and phase
angle, the magnitude is the quantity that would be indicated by a rms sound-
pressure meter. Note, however, that when we take the real part of
p(x,t) or u(z,t), the quantity 4/2 e* must be in the equation if the proper
values for the instantaneous pressure and particle velocity are to be
obtained.
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Example 2.2. Assume that for the steady state, at a point z = 0, the sound pres-
sure in a one-dimensional oufward-traveling wave has the recurrent form shown by
the dotted curve in the sketch below. This wave form is given by the real part of

the equation
p(0,) = /2 (4828t 4 2eitssis)

{(a) What are the particle velocity and the particle displacement as a function of time
at £ = 5 m? (b) What are the rms values of these two quantities? (c) Are the
rms values dependent upon x?

6vZ -
AT p(0,)

\ 1
t Nl
s, 42 \ : /' . w=628
s . -
= 2\\\\ : // ] w=1884
oAt ;
\ \l// \/ \/\/

1
|
|
)
]
/ |
001 0.015

0,t)

>

Sound pressure p
Newtons/mete

=]
Q
[}
=}
o

t in seconds

Solution. @. We have for the solution of the wave equation giving both z and ¢
[see Eq. (2.37)]
plz,t) = \/E (4ei628(e~2/c) | Qgi1884(t—z/e))

From Eq. (2.4a) we see that
:_1 ap(x7t)

u(x’t) = jwpo ar

or
1
= = p(x,t
u(zt) =~ pl, )
And from lq. (2.30) we have

\/_ 4 2 _ )
= 1628(t—z/c) + = 71884(¢—z/¢)
ta) Jeoc \628 ¢ 1884 °

Atz = 5m, z/c = 5/344.8 = 0.0145 sec.
ulz,t) = ‘\/i (4€7028(1-0.0145) | i 1884(=0.0148))

and

V2
[628(¢—-0.0145)—(7/2)]
e = 367 (28 *y

2 £i11884(t—0.0148) (x/2)]
1884
Taking the real parts of the two preceding equations,

ulz,t) = 4 cos (628 — 9.1) + 2 cos (1884 — 27.3))

V2,
407

V20 4
[(‘28 sin (628t — 9.1) + ==

E@) = 357 sin (1884( — 27. 3)]

1884
Note that each term in the particle displacement is 90° out of time phase with the
velocity and that the wave shape is different.  As might be expected, differentiation
emphasizes the higher frequencies.
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These equations arc plotted below:
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b. The rms magnitude of a sine wave is equal to its peak value divided by /3.
This may be verified by squaring the sine wave and finding the average value over one
cycle and then taking the square root of the result. If two sine waves of different
frequencies are present at one time, the rms value of the combination equals the
square root of the sums of the squares of the individual rms magnitudes, so that

-1
T 407
1 \/ 4\? 2\ _ -

¢. The rms values u and £. are independent of z for a plane progressive sound wave.

2.4. Solution of Wave Equation for Air in a Rigidly Closed Tube. For
this example of wave propagation, we shall consider a hollow cylindrical

V4% 4 22 = 0.011 m/sec

U

Driving piston

Hollow cylindrical tube
/ Rigid termination

e . /
é = A <
P
0
u =Re[ﬁuoejm] S=cross-sectional

area
Fic. 2.3. Rigidly terminated tube with rigid side walls. The velocity at z = O has a
value of V/2 uo ¢os wt m/sec.

tube, closed at one end by a rigid wall and at the other end by a flat
vibrating piston (see Fig. 2.3). The angular frequency of vibration of
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the piston is w, and its rms velocity is us. We shall assume that the
diameter of the tube is sufficiently small so that the waves travel down
the tube with plane wave fronts. In order that this be true, the ratio of
the wavelength of the sound wave to the diameter of the tube must be
greater than about 6.

Fic. 2.4. Portion of the tube showing the direction and magnitude of movement of the
air particles as a function of I — z. At position g, the particle velocity and displace-
ment are a maximum. At position b, they are zero.

Particle Velocity. The form of solution we shall select is Eq. (2.38).
Set uo equal to the rms velocity of the vibrating piston at z = 0, and set
1 equal to the length of the tube. The boundary conditions are

Atz =0, u(0,t) = V2 ueeit, so that

Up + U— = U
Atz =1, u = 0, so that
ure™ i 4 u_e® = 0 (2.39)
Remember that
. eiﬂ -_— e_iV
siny = %
Hence
uge— i .
- 2.40
Y- = o sn K (2.40)
and
L .
= . 2.41
U = s kL (2.41)
which gives us
_ Sk — ) 249
u(@,t) = V2 uee sin kl (2.42)
Or . ~
w = o sin k(I — z) (2.43)

sin kl

Note that the 4/2 and the time exponential have been left out of Eq.
(2.43) so that both u, and u are complex rms quantities averaged over

time.
Refer to Fig. 2.4.  If the length I and the frequency are held constant.
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the particle velocity will vary from a value of zero at z = ! to a maxi-
mum at [ — x = /4, that is, at I — z equal to one-fourth wavelength.
In the entire length of the tube the particle velocity varies according
to a sine function. Between the end of the tube and the \/4 point,
the oscillatory motions are ¢n phase. In other words, there is no pro-
gressive phase shift with z. This type of wave is called a standing wave
because, in the equation, z and ¢ do not occur as a difference or a
sum in the argument of the exponential function. Hence the wave is not
propagated.

In the region between I — z = \/4 and ! — z = \/2, the particle
velocity still has the same phase except that its amplitude decreases
sinusoidally. At I — x = A/2, the particle velocity is zero. In the
region between | — x = \/2 and Il — z = X\ the particle velocity varies
with z according to a sine function, but the particles move 180° out of
phase with those between 0 and A/2. This is seen from Eq. (2.43),
wherein the sines of arguments greater than = are negative.

If we fix our position at some particular value of z and if  is held con-
stant, then, as we vary frequency, both the numerator and denominator
of Eq. (2.43) will vary. When kI is some multiple of =, the particle
velocity will become very large, except at z = 0 or at points where

k(I — z) is a multiple of x, that is, at points where I — z equals multiples
of A/2. Then for kl = nx

! =2 n=123,... (2.44)

Equation (2.43) would indicate an infinite rms velocity under this condi-
tion. In reality, the presence of some dissipation in the tube, which was
neglected in the derivation of the wave equation, will keep the particle
velocity finite, though large.

The rms particle velocity u will be zero at those parts of the tube where
k(l — z) = nxtand nisaninteger or zero. That is,

z =l—-zn n=2012 ... (2.45)

In other words, there will be planes of zero particle velocity at points
along the length of the tube whenever [ is greater than A /2.

Some examples of the particle velocity for [ slightly greater than various
multiples of A/2 are shown in Fig. 2.5. Two things in particular are
apparent from inspection of these graphs. First, the quantity n deter-
mines the approximate number of half wavelengths that exist between
the two ends of the tube. Secondly, for a fixed uo, the maximum velocity

1 For the type of source we have assumed and no dissipation, this case breaks down
for kl = na.
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of the wave in the tube will depend on which part of the sine wave falls
at z = 0. For example, if | — n\/2 = /4, the maximum amplitude in
the tube will be the same as that at the piston. If [ — n\/2 is very near
zero, the maximum velocity in the tube will become very large.

Let us choose a frequency such that n = 2 as shown. Two factors
determine the amplitude of the sine function in the tube. First, atz = 0
the sine curve must pass through the point uo. Second, at x = [ the s%ne
curve must pass through zero. It is obvious that one and only one sine
wave meeting these conditions can be drawn so that the amplitude is
determined. Similarly, we could have chosen a frequency such that

g
L A2)
N -1
0 (=174 "
Iu(x,t)I N0
x=0 x x=1
[ 2(N2)
Uo
K
\ =
05 t=T/4 n=2
u(x,t)T t=0
x=0 * x=l
! 3(A/2)
Up
- /\
0 } \ l'“T/4 n=3
“(I't)T \/0 —

x=0 x={
FI1G. 2.5. Variation of the particle velocity u(x,t) for ¢ = 0, as a function of the distance along the
tube of Fig. 2.3 for three frequencies, i.e., for three wavelengths. Atx = 0, the rms particle velocity
is uy, and at x = /, the particle velocity is zero. The period T = 1/f.

n = 2, but where the length of the tube is slightly less than two half wave-
lengths. If this case had been asked for, the sine wave would have started
off with a positive instead of a negative slope at x = 0.

Sound Pressure. The sound pressure in the tube may be found from
the velocity with the aid of the equation of motion [Eq. (2.4a)], which, in
the steady state, becomes

p = —jupJudz (2.46)

The constant of integration in Eq. (2.46), resulting from the integration
of Eq. (2.4a), must be independent of x, because we integrated with
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respect to 2. The constant then represents an increment to the ambient
pressure of the entire medium through which the wave is passing. Such
an increment does not exist in our tube, so that in Eq. (2.46) we have set
the constant of integration equal to zero. Integration of Eq. (2.46),
after we have replaced u by its value from Eq. (2.42), yields

. cos k(l —
p(x,t) = —Jpac ‘\/§ U™ C—O-S—SH()T:Q (2.47)
ar
. k(l —
p = —Jpocuo@—si—(n—,d—x—) (2.48)

Note that the /2 and the time exponential have been left out of Eq.
{2.48) so that both p and u, are complex rms quantities averaged in time.

The rms pressure p will be zero at those points of the tube where
t(l — z) = nw + =/2, where n is an integer or zero.

72 1
e (n + 2) (2.49)

The pressure will equal zero at one or more planes in the tube whenever !
s greater than A\/4. Some examples are shown in Fig. 2.6. Here again,
quantity » is equal to approximate number of half wavelengths in tube.

Refer once more to Fig. 2.5 which is drawn for { = 0. The instan-
;aneous particle velocity is at its maximum (as a function of time). By
somparison, in Fig. 2.6 at ¢t = 0, the instantaneous sound pressure is zero.
At a later time ¢ = T/4 = 14f, the instantaneous particle velocity has
>ecome zero and the instantaneous sound pressure has reached its maxi-
num. KEquations (2.42) and (2.47) say that whenever k(I — z) is a
small number the sound pressure lags by one-fourth period behind the
sarticle velocity. At some other places in the tube, for example when
1 — z) lies between A\/4 and A/2, the sound pressure leads the particle
velocity by one-fourth period.

To see the relation between p and w more clearly, refer to Figs. 2.5 and
2.6, for the case of n = 2. 1In Fig. 2.5, the particle motion is to the right
~vhenever u is positive and to the left when it is negative. Hence, at the
27/2 point the particles on either side are moving toward each other, so
hat one-fourth period later the sound pressure will have built up to a
maximum, as can be seen from Fig. 2.6. At (I — z) = A/2, the particles
are moving apart, so that the pressure is dropping to below barometric
1s can be seen from Fig. 2.6.

Figures 2.5 and 2.6 also reveal that, wherever along the tube the magni-
tude of the velocity is zero, the magnitude of the pressure is a maximum,
and vice versa. Hence, for maximum pressure, Eq. (2.45) applies.

Specific Acoustic Impedance. 1t still remains for us to solve for the
speeific acoustie impedance Z, at any plane z in the tube. Taking the

z

Part 1V] SOLUTIONS OF THE WAVE EQUATION 33
ratio of Eq. (2.48) to Eq. (2.43) yields

Z, = g = —jpec cot k' = jX,  mks rayls (2.50)
where X, is the reactance.

‘Where we have set
l—zx=l (2.51)

That is, I’ is the distance between any plane z in Fig. 2.3 and the end
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] t-T/4 e
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\ 7
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x=0 x=1
Fic. 2.6. Variation of the sound pressure p(z,!) as a function of the distance along the
tube for three frequencies, i.e., for three wave}engths At z = 0, the rms particle
velocity is ue, and at z = [, it is zero, The period T equals 1/f.

of the tube at I. The —j; indicates that at low frequencies where
cot kI’ = 1/kl the particle velocity leads the pressure in time by 90° and
the reactance X, is negative. At all frequencies the impedance is reactive
and either leads or lags the pressure by exactly 90° depending, respec-
tively, on whether X, is negative or positive. The reactance X, varies



34 THE WAVE EQUATION AND SOLUTIONS [Chap. 2

as shown i Iig. 2.7, If the value of k' is small, we may approximate the
cotangent by the first two terms of a series.

cot k! = L K

This approximation is valid whenever the product of frequency times the
distance from the rigid end of the tube to the point of measurement is
very small. If the second term is very small, then it may be neglected
with respect to the first.

! | I
| I |
| | |
l
1 | i
o | { |
(N |
1] 0 4 L ' -
| i | l
| ' '
| : [
! | |
f t {
——x | | le— 1
x=|0 1 | x=1
K } |
I'=1 I'=x =% 1=0

FIG.'2.7. The specific acoustic reactance (prms/u-ms) along the tube of Fig. 2.3 for a
particular frequency, .e., a particular wavelength where 3(\/2) is a little less than the
tube length L. For this case, the number of zeros is 3, and the number of poles is 4.

Let us see how small the ratio of the distance I’ to the wavelength X must
be if the second term of Eq. (2.52) is to be 3 per cent or less of the first
term. That is, let us solve for I’/ from

2xl’ A
TN < 0.03 5l (2.53)
which gives us
U _
x < 0.05 (2.54)

In other words, if cot kI’ is to be replaced within an accuracy of 3 per cent
by the first term of its series expansion, I’ must be less than one-twentieth
wavelength in magnitude.
Assuming I’ < 7\/20, Eq. (2.50) becomes
1 1

Z, =X, = —g¢_ __ Y _ _*
] ] kl! Jw(l'/pocz) ij' ka rayls (255)

Hence, the specific acoustic impedance of a short length of tube can be
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represented as a “‘ capacitance’’ called spectfic acoustic compliance, of mag-
nitude C, = I'/pec?.. Note also that C, = I'/yP,, because of Eq. (2.19).

The acoustic tmpedance is of the same type, except that an area factor
appears so that

_ P _ 1 _ 1
T Su jw(V/pee?)  jwC,
where V = I'S is the volume and 8 is the area of cross section of the tube.

C, is called the acoustic compliance and equals V/pec?. Note also that
Cy = V/vP,, from Eq. (2.19).

Z4 mks acoustic ohms  (2.56)

Example 2.3. A cylindrical tube is to be used in an acoustic device as an impedance
element. (a) The impedance desired is that of a compliance. What length should
it have to yield a reactance of 1.4 X 102 mks rayls at an angular frequency of 1000
radians/sec? (b) What is the relative magnitude of the first and second terms of
Eq. (2.52) for this case?

Solution. The reactance of such a tube is

_ _ yPo _ 1.4 X 108
(@) X, = 14 X100 = 12 = 2o

Hence, I’ = 0.1 m.

®) TR T3 T 3a T @@ssr 0%

Hence, the second term is about 3 per cent of the first term.
2.6. Freely Traveling Plane Wave. Sound Pressure. If the rigid

termination of Fig. 2.3 is replaced by a perfectly absorbing termination, a
backward-traveling wave will not occur. Hence, Eq. (2.37) becomes

p(z,t) = V2 pietic= (2.57)

where p, is the complex rms magnitude of the wave. This equation also
applies to a plane wave traveling in free space.
Particle Velocity. From Eq. (2.4a) in the steady state, we have

- _ 1 01
U = Tome 3z (2.58)
Hence,
u(z,t) = @ eiklet—) = P (2.59)
PoC poC

The particle velocity and the sound pressure arein phase. This is mathe-
matical proof of the statement made in connection with the qualitative
discussion of the wave propagated from a vibrating wall in Chap. 1 and
Fig. 1.1

Specific Acoustic Impedance. The specific acoustic impedance is

Z, = —g = poC mks rayls (2.60)



36 THE WAVE EQUATION AND SOLUTIONS [Chap. 2

This equation says that in a plane freely traveling wave the specific
acoustic impedance is purely resistive and is equal to the product of the
average density of the gas and the speed of sound. This particular
quantity is generally called the characteristic impedance of the gas because
its magnitude depends on the properties of the gas alone. It is a quantity
that is analogous to the surge impedance of an infinite electrical line.
For air at 22 °C and a barometric pressure of 10% newtons/m?, its mag-
nitude is 407 mks rayls.

2.6. Freely Traveling Spherical Wave. Sound Pressure. A solution
to the spherical wave equation (2.24) is

—3ikr +ikr
p(rt) = /2 (Af s A“; )eiw (2.61)

where 4 is the magnitude of the rms sound pressure in the outgoing wave
at unit distance from the center of the sphere and A_ is the same for the
reflected wave.

If there are no reflecting surfaces in the medium, only the first term of
this equation is needed, i.e.,

—ik
ﬂA+e i eiwt
r

p(rt) = (2.62)

Particle Velocity. With the aid of Eq. (2.4D), solve for the particle
velocity in the r direction.

—_ \/2_A+ Jwl 1 —3ikr
u(r,t) = v A —}-].E. e (2.63)

Specific Acoustic Impedance. The specific acoustic impedance is found
from Eq. (2.62) divided by Eq. (2.63),

_P_ Jkr pockr o _
Z, = w = P i = N /90 tan—! kr mke rayls (2.64)

Plots of the magnitude and phase angle of the impedance as a function
of kr are given in Figs. 2.8 and 2.9. The real and imaginary parts, R, and
X,, are plotted in Fig. 2.10.

For large values of kr, that is, for large distances or for high frequencies,
this equation becomes, approximately,

Z, = pec mks rayls (2.65)

The impedance here is nearly purely resistive and approximately equal to
the characteristic impedance for a plane freely traveling wave. In other
words, the specific acoustic impedance a large distance from a spherical
source in free space is nearly equal to that in a tube in which no reflections
pccur from the end opposite the source,
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F16. 2.8. Plot of the magnitude of the specific acoustic-impedance ratio !Z,|/psc in a
spherical freely traveling wave as a function of kr, where k is the wave number equal
to w/c or 2r/x and r is the distance from the center of the spherical source. |Z,| is the
magnitude of ratio of pressure to particle velocity in a spherical free-traveling wave,
and poc is the characteristic impedance of air.
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Fra. 2.9. Plot of the phase angle, in degrees, of the specific acoustic-impedance ratio
Z./poc in a spherical wave as a function of kr, where k is the wave number equal to
w/cor 2r/x, and r is the distance from the center of the spherical source.
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Equations (2.62) and (2.63) are significant because they reveal the
differcnce between the responses of a microphone sensitive to pressure
and a microphone sensitive to particle velocity as the microphones are
brought close to a small spherical source of sound at low frequencies.  As
7 1s made smaller, the output of the pressure-responsive microphone will
double for ecach halving of the distance between the microphone and the

20
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P om Ropoc
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0.002 /i
Impedance
0.001 / analogy

—3 Zs Bs %x
0.0005 s

0.0003—A
0.0002 /

0'0001 2 3 4 68 2 3 4 6 8 2 34 68
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kr

Fra. 2.10. Real and imaginary parts of the normalized specific acoustic impedance
Z.,/poc of the air load on a pulsating sphere of radius r located in free space.  Fre-
quency is plotted on a normalized scale where kr = 2xfr/c = 2ar/x.  Note also that
the ordinate s equal 1o Zm/pucS, where Zu is the mechanial impedance; and to
ZaS/poc, where Z4 is the acoustic impedance.  The quantity S is the arca for which
the impedance is being determined, and poc is the characteristic impedance of the
medium,

center of the spherical source.  Expressed in decibels, the output increases
6 db for cach halving of distance. TFor the velocity-responsive micro-
phone, the output variation is not so simple. Only at sufficiently large
distances (k*?*>> 1) does the output increase 6 db for cach halving of
distance. For shorter distances the sccond term inside the parentheses
on the right-hand side of Eq. (2.63) becomes large, and the magnitude of
u Increases at a rale exceeding 46 db for cach halving of distance.  For
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very short distances (k*r? < 1), the rate of increase of w approaches :
limit of 412 db for each halving of distance. It is for this reason tha:
the voice of a radio crooner sounds ‘“‘bassy’” when he sings very near to :
velocity-sensitive microphone which was designed to have its bes
response when located a large distance from the source of sound.

Another significant thing is to be learned from Eq. (2.64). At low fre-
quencies it is very difficult to radiate sound energy from a small loud:
speaker. A small loudspeaker may be likened to a pulsating balloon of
some small radius . The specific acoustic impedance Z, of the air pre-
sented to each square centimeter of the balloon is given by Eq. (2.64) and
Fig. 2.10. At low frequencies, the impedance becomes nearly purely
reactive, and the resistance becomes very, very small. Hence, the powe:
radiated by a small loudspeaker becomes very small. At high fre-
quencies, kr > 2, the impedance Z, becomes nearly purely resistive and
has its maximum value of pec, so that the power radiated for a given value
of p, reaches its maximum,

The important steady-state relations derived in this chapter are sum-
marized in Table 2.1.

TABLE 2.1. General and Steady-state Relations for Small-signal Sound Propa-
gation in Gases

Name General equation Steady-state equation
: () _ 13 ) () w?
Wave equations T = 3 ap prealialil ()
1% ) o?
2 =— —_7 2 = —
Vi ) =55 v )= =50
*(pr) _ 13%pr) . _
ar: ¢t o2 vi{pr) = c‘_z‘ (pr)
. . dp _ _ du —14dp
Equation of motion 32 = TP U Fome 33
P = —jwpo f'u, dz
aq .
grad p = —pogy grad p = —jwpoq
. u
Displacement F= fudt t ==
Jjo
= fqdt =4
t=1Jq £=7
; L T, =P, P
Incremental density P =F, p »=p, P=35
% _ % podu
al P05z L
Toy — 1 —1
Incremental temperature AT = ZLX " 2y AT = Toy
[] Y Po v
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PART V Energy Density and Intensily

2.7. Energy Density. Energy density is an important concept in
acoustics because, in dealing with sound in enclosures, it is necessary to
study the flow of energy from a source to all parts of the room. The
energy density, ¢.e., watt-seconds per unit volume, is greater near the
source than farther away and is the variable that appears in the equations
describing the aeoustical conditions. On the other hand, the ear and
most sound-level meters respond to rms sound pressure. We need to
ascertain, therefore, the relation between energy density and sound
pressure in sound fields.

The energy density associated with the small ‘““box’’ of gas at any par-
ticular instant is the sum of the kinetic and potential energies per unit
volume of the air particles in the box. The kinetic energy density due to
the excess pressure of the sound wave Dxg is

DKE = = p0u2 (266)

where u is the average instantaneous velocity of the air particles in the
box, po is the average density, and M /V, is the mass per unit volume.
The potential energy density due to the sound wave Dy may be found
from the gas law. For very small changes in the volume of the box, we
may write [see Eqgs. (2.8)]
Des = — 1297 (2.67)
Vo
If we differentiate Eq. (2.9) and substitute the resulting expression for
dr, the potential energy density becomes

2
Degx = M = l b (2.68)

When the sound pressure p is equal to zero, the potential energy due to
the sound wave must be zero. The arbitrary constant of integration is
therefore also equal to zero.

The total energy density due to the sound wave D = Dgg + Deg, or

2
D(Y) — %(pouz + ;%)) (2.69)

This equation is true at any instant at a given point in space.

2.8. Energy Density in Plane Waves. Energy Density in a Plane
Free-progressive Wave. From Egs. (2.57) and (2.59) we have seen that
the pressure and particle velocity in a plane free-progressive (outgoing)
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wave are equal to

p(z,t) = Re /2 pre*@= = /2 |p,| cos [k(ct — ) + 6]  (2.70)

u(z,t) = Re ‘—?T’“* ekt — ‘/ "’*' cos [k(ct — z) + 8]  (2.71)
1]

where p; = |p,|e’.
The instantaneous energy density for such a wave in the steady state is,
from Eqs. (2.68) and (2.19), equal to

D(x)t) lp+lz( 262 + ;%) cos? [k(Ct - :B) + 0]

_ 2|p4|? 1+ cos 2w(t — z/c + 6/w)
- p()C2 2

_ ‘;:4 [1 + cos 20(t — z/c + 6/w)] 2.72)

This equation says that for a plane free-progressive wave, at all times, the
kinetic and potential energy densities are equal at a given point in space
but that they vary with position or with time sinusoidally from zero to
twice their average value. The situation here is different from that for a
pendulum where the kinetic energy and the potential energy vary in
opposite phase, z.e., one is a maximum when the other is a minimum.
Here, energy is being transported away from the source. Conversely,
the pendulum is a conservative system.
When averaged over either a length of time equal tot = T/2 = 1/2f or
a distance in space z = A/2 — c¢/2f, we find the average energy density to
be equal to
|p+|?
poct

3

D,.. = watt-sec/m3 (2.73)
where |p,| is the magnitude of the rms value (in time) of the sound pres-
sure measured at any point in the sound wave. Note also that pec? = vP,
as stated before. Inspection of Eq. (2.60) shows that we may let

P+
T = 2.74
poc Uy ( )

where u, is the rms value (in lime) of the velocity at any point in the

wave. Then,
D... = |u+12P0 (275)

Equations (2.73) and (2.75) give the relations among rms sound pressure,
particle velocity, and energy density.
Energy Density in a Plane Standing Wave. From lkigs. (2.42) and
(2.47) we have that
sin (wf + ) cos k(I — =
plxt) = \/— poc |1 sl)n kl X N )

(2.76)
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where 8 is the phase angle of u,.

cos (wt + 6) sin k(I — x)

sin fkl

w(z,t) = V2 |w (277)
In this case, the kinetic and potential energy are 90° out of time phase.
The situation is analogous to that for a pendulum because in both cases
the systems are conservative.

The instantaneous energy density for such a wave in the steady state is,
from Eqs. (2.69) and (2.19), equal to

1 — cos 2(wt + 6) cos 2k(l — x)
1 — cos 2kl

D(z,t) = |ud0 (2.78)
‘When averaged over either a length of time ¢ equal to 7'/2 or a distance z
in space equal to A/2, we find the average energy densily to be equal to

2
D"g _ |u0| Po

= _ 170 ~ 3
—— watt-sec/m (2.79)

where |uo] is the magnitude of the rms velocity of the piston at z = 0.
This equation shows that, for a constant value of |ug|, the average energy
density varies from |ue|?s0/2 to infinity depending on the value of
kl = 2xl/X.

A better way of representing the average energy density is in terms of
the rms pressure. If, by definition, we let the rms value of the pressure
be related to the rms velocity uo at x = 0 by the formula

. PoClo

p= (2.80)
we have
p(z,t) = /2 |p| sin (wf + 6) cos k(I — z) (2.81)
Then Eq. (2.79) becomes
_ Ipl
Dnvg - 2p0C2 (2.82)

Here, |p,| is the magnitude of the rms value (in time) of the maximum
value (in space) of the sound pressure. If we measure the rms value of
the sound pressure in space by moving a microphone backward and for-
ward over a wavelength and averaging the varying output in a rms
rectifier, then |p..¢ = |p1|/+/2 and

2
D, = |Pave|* _ 3
" oot watt-sec/m (2.83)
where |p..,} is the magnitude of the rms value of the sound pressure
averaged in both space and time. Note that Eq. (2.83) i1s identical to
Eq. (2.73).
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Example 2.4. Calculate the average energy density in a plane free-progressive
sinusoidal sound wave with a maximum particle displacement of 0.01 cm at a fre-
quency of 100 cps.

Solution. From Eq. (2.30) we find that the rms particle velocity iS trms = wrms.
So
2r X 100 X 0.01

= -~ = 0.0445 m /scc
V2 X 100

Urms =
The average energy density is given by Eq. (2.75),
Dave = (0.0445)2 X 1.18 = 2.34 X 1073 watt-scc/m3

2.9. Energy Density in a Spherical Free-progressive Wave. The
energy density in a spherical free-progressive wave can be shown® to be

equal to
Ip.* 1
D, = e 14+ S (2.84)

where |p,| is the magnitude of the rms value (in time) of the sound pres-
sure at a point a distance r from the center of the spherical source.

If the product of the distance r and the frequency is large (2k%? > 1),
the average energy density is the same as for a plane free-traveling or
standing wave, as can be seen from Eqgs. (2.73) and (2.83). Near the
source, however, the energy density becomes very large. This occurs
because the impedance [see Eq. (2.64)] becomes largely reactive and the
stored energy becomes high.

2.10. Sound Energy Flow—Intensity. Later in this text we make
frequent reference to the flow of sound energy through an acoustic system.
Because of the law of the conservation of energy, the total acoustic energy
starting from a source must be completely accounted for in the system.
At any part of an acoustic system, we should be able to state the amount
of energy flowing through that part per unit time, and it should equal the
power emanating from the source minus any intervening losses.

In Part IT we defined intensity as the average time rate at which energy
is flowing through unit area of the acoustic medium. In the mks system,
the units of intensity are watts per square meter. The intensity is
actually the product of the sound pressure times the in-phase component
of the particle velocity.

General Equation for Intensity. We can find the average intensity I in
a given direction at a given point in the medium by performing the
operationf

I = Re p*qcos ¢ (2.85)

L. E. Kinsler and A. R. Frey, “Fundamentals of Acoustics,” pp. 167-169, John
Wiley & Sons, Inc., 1950.

T The average power supplied by an clectrical generator to a circuit equals the
voltage times the in-phase component of the current. This power can be shown to
equal Re (E*I), where E and [ are the complex rms voltage and current, respectively.
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where p* is the complex conjugatet of the rms sound pressure p, g is the
complex rms particle velocity in the direction the wave is traveling, and
¢ is the angle between the direction of travel and the direction in which
the intensity is being determined. The symbol Re indicates that the
real part of the product is to be taken.

Intensity in a Plane Free-progressive Wave. For a plane free-progressive
sound wave the intensity equals

I = Re pe*= i—)oic 7% cos ¢ (2.86)

Another way of looking at the question of intensity for a plane progres-
sive wave Is to say that all the energy contained in a column of gas equal
in length to ¢ m must pass through unit area in 1 sec. Hence, the inten-
sity is

I = ¢D, . cos ¢ (2.87)
So, regardless of whether the intensity is determined from (2.86) or (2.87),
we get for a plane free-progressive wave that

|p+l cos ¢ = |uy|?poc coS ¢ (2.88)

Intensity in a Plane Standing Wave. In a plane standing wave the
pressure and particle velocity are 90° out of phase in time [see Eqs. (2.76)
and (2.77)] so that the real part of the product p*u is zero. Hence, for
a plane standing wave,

I=0 (2.89)

Physically, this means that as much sound energy returns to the source as
travels away from it.

Intensity in a Spherical Free-progressive Wave. Tor a spherical progres-
sive wave, we get the pressure p from Eq. (2.62). By definition, let

o = _‘ri p— (2.90)
Then,
plr,t) = /2 peiet (2.91)

The quantity p, is equal to the complex rms pressure at any point a dis-
tance r from the center of the source. Hence, the particle velocity
u(r,t) at any point a distance r is

w(rt) = ‘f”' (1 +]”> et (2.92)

~76

1t If p is represented by Iple’® then p* is |ple Similarly, if p is represented by

pr -+ jp;, then p* is represented by pr — jpi.
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or the complex rms particle velocity is

_ P _ 1
W= (1 J kr) (2.93)

Substitution of the sound pressure at r, p,, and Eq. (2.93) into Eq. (2.85)
yields

I = Re p} [p'c (1 — %)] cos ¢ = Ip" cos ¢ (2.94)

where, as before, ¢ is the angle between the direction of travel of the wave
and the direction in which the intensity is being determined.

We can derive these results in a different way. Equation (2.93) states
that, for kr large, p and u for a spherical wave are nearly in time phase and
p(r) = pocu(r) as shown by Eq. (2.65). Hence, for kr large, we see from.
Eq. (2.88) that in a spherical wave for large distances I = |u,|?poc cos ¢.

The total power at any radius r is equal to W = 4xrl = 4axr2|p,|?/poc.
Hence, for a spherical wave,

I=2, for¢=0 (2.95)
By the law of conservation of energy, W is independent of r if there are
1o losses in the gas so that the intensity varies inversely as the square of
the distance r.

From Eq. (2.90) we see also that the square of the rms magnitude of
the sound pressure at any point varies inversely with the square of the
distance r. Hence, because the intensity / at any point varies similarly,
it is directly proportional to the square of the sound pressure at that
point. This result agrees with that shown in Eq. (2.94).

Example 2.6. A spherical sound source is radiating sinusoidally into free space
1 watt of acoustic power at 1000 cps. Calculate (a) intensity in the direction the
wave is traveling; (b) sound pressure; (c) particle velocity; (d) phase anglc between
(b) and (c); (e) energy density; and (f) sound pressure level at a point 30 cm from the
center of the source. (Assume 22°F and 0.751 m Hg.)
Solution. a. The intensity may be found from Iiq. (2.95).
W 1

= Z—ﬁ = mja = ().885 \vatt/mz
N £ .

b. The ris sound pressure comes from Eq. (2.94).
|p:] = Vpoe = /0.885 X 407 = 18.97 newtons/m?2
¢. The rms particle velocity is given by Eq. (2.93).

kr = (20 X 1000/344.8)(0.3) = 5.46

pr V14 k2t 18497 V1 4298 _
i = O A o
faee] pur P 107 506 = (0.0474 m /sec

I
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d. The phasc angle 8 between p, and u, may be found from Eq. (2.64).
g = 90° — tan~'kr = 90° — 79.6° = 10.4°

e. The encrgy density is given by I3q. (2.84).

Ipl? 1y 360 ( 1 )
Dre =03 Ltgpa) “Tixioe\! Tax®s
= 2.62 X 1073 watt-sec/m?

f. The sound pressure level is found from Eq. (1.18).

18.97
20 logie 3% 10-5

119.5 db re 2 X 1075 newton/m? (re 2 X 1074 microbar)

SPL

I

This sound pressure level is about 15 db higher than the highest level that is meas-
ured at 25 ft above a full symphony orchestra. In other words, 1 watt of acoustic
power creates a very high sound pressure level at 1 ft from the source.

CHAPTER 3

ELECTRO-MECHANO-ACOUSTICAL CIRCUITS

PART VI Mechanical Circuits

3.1. Introduction. The subject of electro-mechano-acoustics (some-
times called dynamical analogies) is the application of electrical-circuit
theory to the solution of mechanical and acoustical problems. In clas-
sical mechanics, vibrational phenomena are represented entirely by
differential equations. This situation existed also early in the history of
telephony and radio.  As telephone and radio communication developed,
it became obvious that a schematic representation of the elements and
their interconnections was valuable. These schematic diagrams made it
possible for engineers to visualize the performance of a circuit without
laboriously solving its equations. The performance of radio and tele-
vision systems can be studied from a single sheet of paper when such
schematic diagrams are used. Such a study would have been hopelessly
difficult if only the equations of the system were available.

There is another important advantage of a schematic diagram besides
its usefulness in visualizing the system. Often one has a piece of equip-
ment for which he desires the differential equations. The schematic
diagram may then be drawn from visual inspection of the equipment.
Following this, the differential equations may be formed directly from
the schematic diagrams. Most engineers are trained to follow this pro-
cedure rather than to attempt to formulate the differential equations
directly.

Schematic diagrams have their simplest applications in circuits that
contain lumped elements, i.e., where the only independent variable is
time. In distributed systems, which are common in acousties, there may
be as many as three space variables and a time variable. Here, a
schematic diagram becomes more complicated to visualize than the
differential equations, and the classical theory comes into its own again.
There are many problems in acoustics, however, in which the elements

are Jumped and the schematic diagram may be used to good advantage.
47
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Four principal requirements are fulfilled by the methods used in this
text to establish schematic representations for acoustic and mechanical
devices. They are:

1. The methods must permit the formation of schematic diagrams from
visual inspection of devices.

2. They must be capable of such manipulation as will make possible
the combination of electrical, mechanical, and acoustical elements into
one schematic diagram.

3. They must preserve the identity of each element in combined cir-
cuits so that one can recognize immediately a force, voltage, mass,
inductance, and so on.

4. They must use the familiar symbols and the rules of manipulation
for electrical circuits.

Several methods that have been devised fulfill one or two of the above
four requirements, but not all four. A purpose of this chapter is to
present a new method for handling combined electrical, mechanical, and
acoustic systems. It incorporates the good features of previous theories
and also fulfills the above four requirements. The symbols used conform
with those of earlier texts wherever possible.l—%

3.2. Physical and Mathematical Meanings of Circuit Elements. The
circuit elements we shall use in forming a schematic diagram are those of
electrical-circuit theory. These elements and their mathematical mean-
ing are tabulated in Table 3.1 and should be learned at this time. There
are generators of two types. There are four types of circuit elements:
resistance, capacitance, inductance, and transformation. There are three
generic quantities: (a) the drop across the circuit element; (b) the flow
through the circuit element; and (¢) the magnitude of the circuit element. {

Attention should be paid to the fact that the quantity a is not restricted
to voltage e, nor b to electrical current 2. In some problems a will repre-
sent force f, or velocity u, or pressure p, or volume velocity U. In those
cases b will represent, respectively, velocity w, or force f, or volume

! B. Gehlshoj, ‘“‘Electromechanical and Electroacoustical Analogies,” Academy of
Technical Sciences, Copenhagen, 1947.

2F. A. Firestone, A New Analogy between Mechanical and Electrical Systems,
J. Acoust. Soc. Amer., 4: 249-267 (1933); The Mobility Method of Computing the
Vibrations of Linear Mechanical and Acoustical Systems: Mechanical-electrical
Analogies, J. Appl. Phys., 9: 373-387 (1938).

$H. F. Olson, “Dynamical Analogies,” D. Van Nostrand Company, Inc., New
York, 1943.

‘*W. P. Mason, Electrical and Mechanical Analogies, Bell System Tech. J., 20:
405-414 (1941).

$ A. Bloch, Electro-mechanical Analogies and Their Use for the Analysis of Mechani-
cal and Electro-mechanical Systems, J. Inst. Elec. Eng., 92: 157-169 (1945).

t Among the four circuit elements, the first three are two-poles. This list is cxhaus-
tive. The transformation element is a four-pole. There are other lossless four-poles
which one might have choscn in addition, e.g., the ideal gyrator.
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velocity U, or pressure p. Similarly, the quantity ¢ might be any
appropriate quantity such as mass, compliance, inductance, resistance,
etc. The physical meaning of the circuit elements ¢ depends on the way
in which the quantities a and b are chosen, with the restriction that ab
has the dimension of power in all cases. The complete array of alterna-
tives is shown in Table 3.2.

TABLE 3.1. Mathematical and Physical Significance of Symbols

Meaning
Symbol Name |
Transient | Steady-state
Constant-drop The quantity a is independent of
T generator what is connected to the gen-
¢ erator. The arrow points to the
positive terminal of the generator
Constant-flow The quantity b is independent of
:“@_ generator what is connected to the gen-
. b erator. The arrow points in the
— i direction of positive flow
t
]
i
«— |
a b | Resistance-type a = be a = be
—th\]—) element
c
C it; t
a ‘apacitance-type 1
_E"c:l_i element @ =3 f bdt ja= Joc
(—-
—EU;'(;]'—Q Inductance-type |, _ . db a = jwch
element dt
c
b c:1 d Transformation- a=cg a =cg
' type element ch =d ch =d
a g & _ 29 gy}
18g1 Y ¢ _ g
[

An important idea to fix in your mind is that the mathematical opera-
tions associated with a given symbol are invariant. 1f the element is of the
inductance type, for example, the drop a across it is equal to the time
derivative of the flow b through it multiplied by its size c. Note that this
rule is not always followed in electrical-circuit theory because there con-
ductance and resistance are often indiscriminately written beside the
symbol for a resistance-type element. The invariant operations to be
associated with each symbol are shown in columns 3 and 4 of Table 3.1.
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Values for a, b, and ¢ in Electrical, Mechanical, and Acoustical Circuits

TABLE 3.2.
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3.3. Mechanical Circuits. Mechanical-circuit elements need not
always be represented by electrical symbols. Since one frequently draws
a mechanical circuit directly from inspection of the mechanical device,
more obvious forms of mechanical elements are sometimes useful, at least
until the student is thoroughly familiar with the analogous circuit. We
shall accordingly devise a set of ‘“mechanical’”’ elements to be used as an
introduction to the elements of Table 3.1.

TABLE 3.3. Conversion from Mobility-type Analogy to Impedance-type
Analogy, or Vice Versa

MECHANICAL ANALOGIES ACOUSTICAL ANALOGIES

Eiement
Mobility type Impedance type Mobility type Impedance type

Infinite mechanical or :—-@-— ——
acoustic impedance gen - u 1
erator (zero mobility) T“ é i TU é% (Y

[} S

Zero mechanical of ——
acoustic impedance gen - i 7 Tf

erator (infinite mobility) !

——
Dissipative element o / Ry u s p Ry U
(resistance and I ]‘ ‘]‘ T ;t ‘]t 1‘ T
responsiveness) u f U p
Do «~— <« «—
M, M f M, M u M, A p M A 44
Mass element I I l ‘ ! ‘] 1‘ I
u f U p
«— “« «— «—
Cm Cym u Ca P Ca U
Compliant element ]‘ ]‘ [ il ‘r ]‘ ]t ’|‘ i ‘f
u f U P
—— «— «— «—
Zp f Zy u Z4 p Zy U
Impedance element ‘It ‘r 1‘ . ‘r T ‘]t T ‘f
ped u f u P
< «— «— «——

Mech. to acous. ( mobility type) Mech. to acous. (impedance type)

u S:1 U

{ 1:8 b4
1o > >
Trensformatlon element T" é g UT Tf g PT

In electrical circuits, a voltage measurement is made by attaching the
leads from a voltmeter across the two terminals of the element. Voltage
is a quantity that we can measure without breaking into the circuit. To
measure electric current, however, we must break into the circuit because
this quantity acts through the element. In mechanical devices, on the
other hand, we can measure the velocity (or the displacement) without
disturbing the machine by using a capacitive or inertially operated vibra-
tion pickup to determine the quantity at any point on the machine. It
is not velocity but force that is analogous to electric current. Force can-
not he measured unless one breaks into the device.
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It becomes apparent then that if a mechanical element is strictly
analogous to an electrical element it must have a velocity difference
appearing between (or across) its two terminals and a force acting through
1t. Analogously, also, the product of the rms force f in newtons and the
in-phase component of the rms velocity u in meters per second is the
power in watts. We shall call this type of analogy, in which a velocity
corresponds to a voltage and a force to a current, the mobility-type
analogy. It is also known as the “inverse’ analogy.

Many texts teach in addition a ‘““direct’’ analogy. It is the opposite of
the mobility analogy in that force is made to correspond to voltage and
velocity to current. In this text we shall call this kind of analogy an
impedance-type analogy. To familiarize the student with both concepts,
all examples will be given here both in mobility-type and impedance-type
analogies.

Mechanical Impedance Z y, and Mechanical Mobility zyx. The mechan-
ical impedance is the complex ratio of force to velocity at a given point in
a mechanical device. We commonly use the symbol Z, for mechanical
impedance, where the subscript M stands for ‘““mechanical.” The units
are newton-seconds per meter, or mks mechanical ohms.

The mechanical mobility is the inverse of the mechanical impedance.
It is the complex ratio of velocity to force at a given point in a mechanical
device. We commonly use the symbol zx for mechanical mobility. The

units are meters per second per newton, or mks mechani-

1 ¢u cal mohms.t

Mass M. Massisthat physical quantity which when

My acted on by a force is accelerated in direct proportion to

‘IJ that force. The unit is the kilogram. At first sight, mass

appears to be a one-terminal quantity because only one

=~ connection is needed to set it in motion. However, the
Fra. 3.1. Me- . .

chanical sym- 1orce acting on a mass and the resultant acceleration are

bol foramass. reckoned with respect to the earth (inertial frame) so that

in reality the second terminal of mass is the earth.

The mechanical symbol used to represent mass is shown in Fig. 3.1.
The upper end of the mass moves with a velocity u with respect to the
ground. The _|shaped configuration represents the ‘‘second” terminal
of the mass and has zero velocity. The force can be measured by a
suitable device inserted between the point 1 and the next element or
generator connecting to it.

Mass My obeys Newton’s second law that

J@) = M@%Q (3.1)

"

t The word “mohm
per newton.

stands for mobility ohm. The units are meters per. second
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where f(t) is the instantancous force in newtons, My is the mass in kilo-
grams, and »(¢) 1s the instantaneous velocity in meters per second.

In the steady state [sce Egs. (2.33) to (2.35)], with an angular frequency
w equal to 2= times the frequency of vibration, we have the special case of
Newton’s second law,

f = joMyu (3.2)
where j = v/ —1 as usual and f and u are rms complex quantities.
The mobility-type analogous symbol that 4 p .
we use as a replacement for the mechanical
symbol in our circuits is a capacitance type. [ > | >
It is shown in Fig. 3.2a. The mathematical T u  ==M, f My,
operation invariant for this symbol is found | |
from Table 3.1. In the steady state we have |
a = —b— or U = < ! (3.3)  Moility- type Jimpedance - type
Jwc ]wMM (a) (b)

This equation is seen to satisfy the physical FI(;- (1)3)2 (azl Mof;ilitg’-:yng_!
law given in Eq. (3.2). Note the similarity i’;ls for ;mrﬁzssnce ype 8y
in appearance of the mechanical and analo-

gous symbols in Figs. 3.1 and 3.2a.  In electrical circuits the time integral
of the current through a capacitor is charge. The analogous quantity
here is the time integral of force, which is momentum.

The impedance-type analogous symbol for a mass is an inductance.
It is shown in Fig. 3.2b. The invariant operation for steady state is
a = juchorf = joMyu. Italsosatisfies Eq. (3.2). Note, however, that

in this analogy one side of the mass element is not neces-

1 $u1 sarily grounded; this often leads to confusion. In elec-

trical circuits the time integral of the voltage across an

inductance is flux-turns. The analogous quantity here
is momentum.

Mechanical Compliance Cy. A physical structure is

2 $u2 said to0 be a mechanical compliance C if, when it is acted
Fic. 3.3. Me- on by a force, it is displaced in direct proportion to the
chanicalsymbol  force. The unit is the meter per newton. Compliant
fg; | caonimf.“han' elements usually have two apparent terminals.

phanee The mechanical symbol used to represent a mechanical
compliance is a spring. 1t is shown in Fig. 3.3. The upper end of the
element moves with a velocity u; and the lower end with a velocity u..
The force required to produce the difference between the velocities u; and
u, may be measured by breaking into the machine at either point 1 or
point 2. Just as the same current would be measured at either end of ap
element in an electrical circuit, so the same force will be found here at
either end of the compliant element.

Cy
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Mechanical compliance Cy obeys ihe following physical law,

a = %/bdt or  f(l) = t};/ua) dt (3.4)

where Cj is the mechanical compliance in meters per newton and u(t) is
the instantaneous velocity in meters per second equal to u; — u,, the
difference in velocity of the two ends.

In the steady state, with an angular frequency » equal to 27 times the
frequency of vibration, we have,

U

7= JwC

(3.5)

where f and u are taken to be rms complex quantities.

The mobility-type analogous symbol used as a replacement for the
mechanical symbol in our circuits is an inductance. It is shown in Fig.
3.4a. Theinvariant mathematical operation

f Yu that this symbol represents is given in Table

l__> I___) 3.1. In the steady state we have
T u Cn Tf '-TE Cx u = jowCyf (3.6)
| 3 l ; In electrical circuits the time integral of the
voltage across an inductance is flux-turns.
Mobility - type Impedance-type ' T'he analogous quantity here is the time in-

(a) (b) tegral of velocity, which is displacement.

Fic. 3.4. (a) Mobility-type This equation satisfies the physical law

and (b) impedance-type sym-  oiven in Eq. (3.5). Note the similarity in

bols for a mechanical compli- * .

ance. appearance of the mechanical and analogous
symbols in Figs. 3.3 and 3.4a.

The impedance-type analogous symbol for a mechanical compliance is
a capacitance. It is shown in Fig. 3.4b. The invariant operation for
steady state is @ = b/jwe, or f = u/jwCy. It also satisfies Eq. (3.5). In
electrical circuits the time integral of the current through a capacitor is
the charge. The analogous quantity here is the displacement.

Mechanical Resistance Ry, and Mechanical Responsiveness ry. A
physical structure is said to be a mechanical resistance Eu if, when it is
acted on by a force, it moves with a velocity directly proportional to the
force. The unit is the mks mechanical ohm.

We also define here a quantity ra, the mechanical responsiveness, that
is the reciprocal of Bx. The unit of responsiveness is the mks mechanical
mohm.

The above representation for mechanical resistance is usually limited
to viscous resistance. Frictional resistance is excluded because, for it,
the ratio of force to velocity is not a constant. Both terminals of resistive
elements can usually be located by visual inspection,
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The mechanical element used to represent viscous resistance is the fuid
dashpot shown schematically in Fig. 3.5. The upper end of the element
moves with a velocity u, and the lower with a velocity u,. The force
required to produce the difference between the two velocities %, and s
may be measured by breaking into the machine at either point 1 or
point 2.

Mechanical resistance /2y obeys the following physical law,

. 1
J=FRuuw=c—u 3.7

where f is the force in newtons, u is the difference between the velocities
u; and u; of the two ends, Ry is the mechanical resistance in mechanical
ohms, i.e., newtons/(meter per second), and ry is the mechanical
responsivencss in mks mechanical mohms, i.e., meters per second per
newton.

The mobility-type analogous symbol used to replace the mechanical
symbol in our circuits is a resistance. It is shown in Fig. 3.6a. The

LT T TR
Ry \ u

¢u Mobility - type Iimpedance - type i"
2l 72 (a) (b) 2l v

Fi1e. 3.5. Mechanical Fic. 3.6. (a) Mobility-typeand Fia. 3.7. Mechanical
symbol for mechanical  (b) impedance-type symbols for symbol for a constant-
(viscous) resistance. a mechanical resistance. velocity generator.

invariant mathematical operation that this symbol represents is given in
Table3.1. Ineither the steady or transient state we have

w=ruf = - (3.8)

In the steady state u and f are taken to be rms complex quantities. This
equation satisfies the physical law given in Eq. (3.7).

The impedance-type analogous symbol for a mechanical resistance is
shown in Fig. 3.6b. It also satisfies Eq. (3.7).

Mechanical Generators. The mechanical generators considered will be
one of two types, constant-velocity or constant-force. A constant-
nelocily generator is represented as a very strong motor attached to a
shuttle mechanism in the manner shown in Fig. 3.7. The opposite ends
of the generator have velocities u; and u.. One of these velocities, either
%j OT Uy, is determined by factors external to the generator. The differ-
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ence between the velocities u, and us, however, is a velocity u that is inde-
pendent of the external load econnected to the generator.

The symbols that we used in the two analogies to replace the mechanical
symbol for a constant-velocity generator are shown in Fig. 3.8. The
invariant mathematical operations that these symbols represent are alsc
given in Table 3.1. The tips of the arrows point to the “positive”
terminals of the generators. The double circles in Fig. 3.8a indicate that
the internal mobility of the generator is zero. The dashed line in Fig.
3.8b indicates that the internal impedance of the generator is infinite.

A constant-force generator is represented here by an electromagnetic
transducer (e.g., a moving-coil loudspeaker) in the primary of which an
electric current of constant amplitude is maintained. Such a generator
produces a force equal to the product of the current 7, the flux density B,
and the effective length of the wire I cutting the fiux (f = Bli). This
device is shown schematically in Fig. 3.9. The opposite ends of the

T“? LfTI__I “T Tf

e
Mobility - type Impedance - type iu"’ Mobility - type Impedance - type
(a) (b) 2 (a) (b)
Fic.3.8. (a) Mobility-typeand Fic. 3.9. Me- Frc. 3.10. (@) Mobility-type
(b) impedance-type symbols for  chanicalsymbol and (b) impedance-type sym-
a constant-velocity generator. for a constant- bols for a constant-force gen-
force generator. erator.

generator have velocities u; and u, that are determined by factors external
to the generator. The force that the generator produces and that may
be measured by breaking into the device at either point 1 or point 2 is a
constant force, independent of what is connected to the generator.

The symbols used in the two analogies to replace the mechanical
symbol for a constant-force generator are given in Fig. 3.10. The
invariant mathematical operations that these symbols represent are also
given in Table 3.1. The arrows point in the direction of positive flow.
Here, the dashed line indicates infinite mobility, and the double circles
indicate zero impedance.

Levers. sIMPLE LEVER. It is apparent that the lever is a device
closely analogous to a transformer. The lever in its simplest form con-
sists of a weightless bar resting on an immovable fulcrum, so arranged
that a downward force on one end causes an upward force on the other
end (see Fig. 3.11). From elementary physics we may write the equation
of balance of moments around the fulerum,

flll = lez
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or, if not balanced, assuming small displacements,

’ull'z = ’ltzll (39)

2
_w_ (LY,
ZM1 f1 (12) M2

[ 2
M1 = '{L_ll = ('l—:) ZM2

The above equations may be represented by the ideal transformers of

Also,

(3.10)

. . l .
Fig. 3.12, having a transformation ratio of (l—l):l for the mobility type
2

and (?):l for the impedance type.
1

FLOATING LEVER. As an example of a simple floating lever, consider a
weightless bar resting on a fulcrum that yields under force. The bar 1s

11. 12.
A LA w TV wp

f3 fl >
el n L b g Bl e W FE N [P
fy
Zpo Mobility - type Impedance - type
(a) (b)

Fic. 3.12. (a) Mobility-type and (b) imped-
ance-type symbols for a simple lever.

/4

Fig. 3.11. Simple lever.

so arranged that a downward force on one end tends to produce an upward
force on the other end. An example is shown in Fig. 3.13.

To solve this type of problem, we first write the equations of moments.
Summing the moments about the

- f; fi

center support gives T l
3 2 L | L ™

Lfi = lofe I 3] |us 1

and summing the moments about zw} | 2ms
the end support gives

(L + L)f1 = Lofs (3.11)

When the forces are not balanced, and if we assume inﬁnitesimgl dis-
placements, the velocities are related to the forces through the mobilities,
so that

Mobilities constrained to
7 move up and down only

Fi1g. 3.13. Floating lever.

L+ L

Uz = ZMsfx = ZM3 L fl

L
Uy = mez = ZM2 z—fx

(3.12)
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Also, by superposition, it is scen {rom simple geometry that
L+ 1y
W o= uy - foru, = 0
Ly
" ll
uy = ug forus = 0
ly
so that
L+1 l
’ 1 2 1
u, = vy +uf = 5 usz + L s (3.13)

and, finally,

2 2
11 = ZmM1 = ZM3 <ll + lz) + 2u2 (l*l> (3-14)
N [y ls

This equation may be represented by the analogous circuit of Fig. 3.14.
The lever loads the generator with two mobilities connected in series, each
of which behaves as a simple lever when the other is equal to zero. It
will be seen that this is a way of obtaining the cquivalent of two series
masses without a common zero-velocity (ground) point. This will be
illustrated in Example 3.3.

(bz—:zg) :1
|
!

T @)
_3E Heete

Fra. 3.14. Mobility-type symbol for a Fia. 3.15. Six-element mechanical de-
floating lever. vice.

N Cy

—Ran

Example 3.1. The mechanical device of Fig. 3.15 consists of a piston of mass M s,
sliding on an oil surface inside a cylinder of mass Muya.  This eylinder in turn slides
in an oiled groove cut in a rigid body. The sliding (viscous) resistances are R and
Ruo, respectively.  ‘The cylinder is held by a spring of compliance Cy. The mechani-
cal generator maintains a constant sinusoidal velocity of angular frequency w, whose
rms magnitude is u m/sec. Solve for the force f produced by the generator.

Solution. Although the force will be determined ultimately from an analysis of the
mobility-type analogous circuit for this mechanical device, it is frequently useful to
draw a mechanical-circuit diagram. This interim step to the desired circuit will be
especially helpful to the student who is inexperienced in the use of analogies. Its use
virtually eliminates errors from the final circuit.

To draw the mechanical circuit, note first the junction points of two or more ele-
ments. This locates all element terminals which move with the same velocity. There
are in this example two velocities, u and u., in addition to “ground,” or zero velocity.
These two velocities are represented in the mechanical-circuit diagram by the velocities
of two imaginary rigid bars, 1 and 2 of Fig. 3.16, which oscillate in a vertical direction.
The circuit drawing is made by attaching all clement terminals with velocity u to the
first bar and all terminals with velocity . to the sccond bar.  All terminals with zero
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velocity are drawn to a ground bar. Note that a mass always has one terminal on
ground.t Three elements of Fig. 3.15 have one terminal with the velocity u: the
generator, the mass My, and the viscous resistance Rj,. These are attached to
bar 1. Four elements have one terminal with the velocity us: the viscous resistances
Rari and R, the mass My, and the compliance Cy. These are attached to bar 2.
Five elements have one terminal with zero velocity: the generator, both masses, the
viscous resistance Rus, and the compliance Car.

’ 2 Uz
Ru|] [5 | Rz
[l:-l Mmlll-] _IJMm Cu
7 // Y/
F1c. 3.16. Mechanical circuit for the device of Fig. 3.15.

We are now in a position to transform the mechanical circuit into a mobility-type
analogous circuit. This is accomplished simply by replacing the mechanical elements
with the analogous mobility-type elements. The circuit becomes that shown in Fig.
3.17. Remember that, in the mobility-type analogy, force ‘‘flows” through the
elements and velocity is the drop across them. The resistors must have lower case
r's written alongside them. As defined above, ra = 1/Ru, and the unit is the mks
mechanical mohm.

The equations for this circuit are found in the usual manner, using the rules of
Table 3.1. Let us determine zx = u/f, the mechanical mobility presented to the

2 ™

T$ Mm-[- m; - c,,,% I

Fic. 3.17. Mobility-type analogous circuit for the device of Fig. 3.15.

generator. The mechanical mobility of the three elements in parallel on the right-
hand side of the schematic diagram is

Uz _ 1
RT_ 1 T
1/]'wMM2 M2 ijM
1

JuMu: + Rua +

JCM

Including the element ry; the mechanical mobility for that part of the circuit through
which f, flows is, then,

1
% =rm +
joMuyr + Bys + —~— jo CM
Note that the input mechanical mobility zx is given by

P
MTTF TR
+ An exception to this rule may occur when the mechanical device embodies one or
more floating levers, as we just learned.
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and
Uu

fi=

v = J M
1/JwM 3y Jwdimu

Substituting /; and f, into the second cquation preceding gives us the input mobility.

U 1

Ty = — o= R - . (3. 15a)
. 1
4 JoMauy + —— - I B —
ran + - i
jw 2 e T
JoM aa + Ry +]-wa
The mechanical impedance is the reciproeal of Iiq. (3.15a).
,_f_ ! ;
Iy == = jolly, + — e (3.15b)
u 1
a1+ 1
jwMuz + RM2 + m
The result is
= Zuu newtons (3.16)

Example 8.2. As a further example of a mechanical eircuit, let us consider the two
masses of 2 and 4 kg shown in Fig. 3.18. They are assumed to rest on a frictionless
€«<—Up—>

1 AN 2
7 /K 7 /K XS
Free to slide on

flat frictionless
surface

Fic. 3.18. Three-clement mechanical device.

plane surface and to be connected together through a generator of constant velocity
that is also free to slide on the frictionless plane surface. Let its velocity be

Uy = 2 cos 1000¢ cim /sec

Draw the mobility-type analogous circuit, and determine the force f produced by the
generator. Also, determine the mobility presented to the generator.

Solution. The masses do not have the same velocity with respect to ground.  The
difference between the velocities of the two masses is wy. The element representing a
mass is that shown in Fig. 3.2a with one end grounded and the other moving at the

velocity of the mass.

The mobility-type circuit for this example is shown in
f l M Fig. 3.19. The velocity uq equals w, + u», where u; is
Ml the veloeity with respect to yround of My, and u, is that
uoT 8 . for M. The force fis
l M2 Frme = (20)rms
= T (MjeMu) + (1/jeMus2)
Fia. 3.19. Mobility-type = ;{;’i‘lﬂ{—;“- uo
analogous circuit for the Mur + My

device of Fig. 3.18. JLOO_O_X% 5_1,529? = j18.9 newtons  (3.17)

2+ 4) V2

The j indicates that the time phase of the force is 90° leading with respect to that of
the velocity of the generator.
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Obviously, when one mass is large compared with the other, the force is that neces-
sary to move the smaller one alone. This example reveals the only type of case in
which masses can be in series without the introduction of floating levers. At most,
onlv two masses can be in series because & common ground is necessary.

The mobility presented to the generator is

_ (B) _ M + Man
Ba = rms jwﬂl;\nﬂl}u:

= —1066(’?—8 = —j7.5 X 107* mohms (3.18)
J

Example 3.3. An example of a mechanical device embodying a floating lever is
shown in Fig. 3.20. The masses attached at points 2 and 3 may be assumed to be

Lt
L)
Pivot Faa)
i | i points N
fi

(= o e =

HE-
3
I-
-
~—||—-||J
S
\/N
3

2=

(b) (b)
: 1 1 ¢ ility- logous cir-
Fic. 3.20. (a) Mechanical device em-  Fig. 3.21. (a) M‘obllltyvtype analog
hodying a floating lever. (b) Mechan-  cuit for the (%evwe of Fig. 3.20. (b) Same
ical diagram of (@). The compliances as (a) but with transformers removed.
of the springs are very large so that all
of f, and fs go to move M and M u.

resting on very compliant springs. The driving force f1 will be assumed to have a
frequency well above the resonance frequencies of the masses and their spring supports
so that

1
Zm2 = j/—w M—Mz
P __1_
AR ¥ P

Also, assumc that a mass is attached to the weightless lever bar at point 1, with a
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mobility
iy =
JoM
Solve for the total mobility presented to the constant-force generator f.
Solution. By inspection, the mobility-type analogous circuit is drawn as shown in
Fig. 3.21la and b. Solving for zs = u1/f1, we get

1
M= [ M pp2M a2 @.19)
Jw

Mot + Mol ¥ 02 ™M ‘“]

Note that if I; — 0, the mobility is simply that of the mass My, Also, if I, — 0, the
mobility is that of M, and M s, that is,

1
B jw(MMs + MM))

M

(3.20)

It is possible with one or more floating levers to have one or more masses with no
ground terminal.

pART VII Acoustical Circuils

3.4. Acoustical Elements. Acoustical circuits are frequently more
lifficult to draw than mechanical ones because the elements are less easy
;0 identify. As was the case for mechanical circuits, the more obvious
‘orms of the elements will be useful as an intermediate step toward draw-
ng the analogous circuit diagram. When the student is more familiar
vith acoustical circuits, he will be able to pass directly from the acoustic
levice to the final form of the equivalent circuit.

In acoustic devices, the quantity we are able to measure most easily
vithout modification of the device is sound pressure. Such a measure-
nent is made by inserting a small hollow probe tube into the sound field
it the desired point. This probe tube leads to one side of a microphone
liaphragm. The other side of the diaphragm is exposed to atmospheric
ressure. A movement of the diaphragm takes place when there is a
lifference in pressure across it. This difference between atmospheric
ressure and the pressure with the sound field is the sound pressure p.

Because we can measure sound pressure by such a probe-tube arrange-
nent without disturbing the device, it seems that sound pressure is
nalogous to voltage in electrical circuits. Such a choice requires us to
onsider current as being analogous to some quantity which is propor-
ional to velocity. As we shall show shortly, a good choice is to make
urrent analogous to volume velocity, the volume of gas displaced per
econd.
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A strong argument can be made for this choice of analogy when one
considers the relations governing the flow of air inside such acoustia
devices as loudspeakers, microphones, and noise filters. Inside a certain
type of microphone, for example, there is an air cavity that connects to
the outside air through a small tube (see Fig. 3.22). Assume, now, that
the outer end of this tube is placed in a sound wave. The wave will
cause a movement of the air particles in the tube. Obviously, there is a
junction between the tube and the cavity at the inner end of the tube at
point A. Let us ask ourselves the question, What physical quantities are
continuous at this junction point?

First, the sound pressure just inside the tube at 4 is the same as that in
the cavity just outside A. That is to say, we have continuity of sound
pressure. Second, the quantity of air leaving the inner end of the small
tube in a given interval of time is the quantity that enters the cavity in
the same interval of time. That is, the mass per second of gas leaving the
small tube equals the mass per second of gas entering the volume.
Because the pressure is the same at both
places, the density of the gas must also be
the same, and it follows that there is con-
tinuity of volume velocity (cubic meters per
second) at this junction. Analogously, in ype
the case of electricity, there is continuity of
electric current at a junction. Continuity 6. 3.22. Closed cavity con-

. . . necting to the outside air
of volume velocity must exist even if there  y}ough 5 tube of cross-sec-
are several tubes or cavities joining near one tional area S. The junction
point. A violation of the law of conserva- plane between the tube and the

i . cavity occurs at A.
tion of mass otherwise would occur.

We conclude that the quantity that flows through our acoustical ele-
ments must be the volume velocity U in cubic meters per second and the
drop across our acoustical elements must be the pressure p in newtons per
square meter. This conclusion indicates that the impedance type of
analogy is the preferred analogy for acoustical circuits. The product of
the effective sound pressure p times the in-phase component of the effec-
tive volume velocity U gives the acoustic power in watts.

In this part, we shall discuss the more general aspects of acoustical
circuits. In Chap. 5 of this book, we explain fully the approximations
involved and the rules for using the concepts enunciated here in practical
problems.

Acoustic Mass M 4. Acoustic mass is a quantity proportional to mass
but having the dimensions of kilograms per meter®. It is associated with
a mass of air accelerated by a net force which acts to displace the gas
without appreciably compressing it. The concept of acceleration without
compression is an important one to remember. It will assist you in dis-
tinguishing acoustic masses from other elements.

Spherical
closed cavity
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The acoustical element that is used to represent an acoustic mass is a
tube filled with the gas as shown in Fig. 3.23.

The physical law governing the motion of a mass that is acted on by a
force is Newton’s second law, f(¢) = My du(t)/dt. This law may be
l ; expressed in acoustical terms as follows,

f(t) _ Maudu(®)S] _ My dU()
S8 as PO ow

Fic. 3.23. Tube or

of length ! and .
cross-sectional p(t) = M, ar () (3.21)
arca S. dt

where p(f) = instantaneous difference between pressures in newtons per
square meter existing at each end of a mass of gas of M. kg
undergoing acceleration.

M, = My/S? = acoustic mass in kilograms per meter* of the gas
undergoing acceleration. This quantity is nearly equal to
the mass of the gas inside the containing tube divided by
the square of the cross-sectional area. To be more exact
we must note that the gas in the immediate vicinity of the
ends of the tube also adds to the mass. Hence, there are
“end corrections” which must be considered. These cor-
rections are discussed in Chap. 5 (pages 132 to 139).

U(f) = instantaneous volume velocity, of the gas in cubic meters
per second across any cross-sectional plane in the tube.
The volume velocity U(f) is equal to the linear velocity
u(t) multiplied by the cross-sectional area S.
In the steady state, with an angular frequency w, we have

p = jeM.U (3.22)

where p and U are taken to be rms complex quantities.

M, U M, I
l I | I I —Volume
4 U A of air
«— «— Vv

Impedance - type Mobility - type
(a) (b) .l———-

Fic. 3.24. (a) Impedance-type and (b) Fic. 3.25. Enclosed volume of air V with
mobility-type symbols for an acoustic opening for entrance of pressure varia-
mass. tions.

The impedance-type analogous symbol for acoustic mass is shown in
Fig. 3.24a, and the mobility-type is given in Fig. 3.24b. In the steady
state, for either, we get Eq. (3.22). The arrows point in the direction of
positive flow or positive drop.
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Acoustic Compliance C,.  Acoustic compliance is a constant quantity
having the dimensions of meter® per newton. It is associated with a
volume of air that is compressed by a net force without an appreciable
average displacement of the center of gravity of air in the volume. In
other words, compression without acceleration identifies an acoustic
compliance.

The acoustical element that is used to represent an acoustic compliance
is a volume of air drawn as shown in Fig. 3.25.

The physical law governing the compression of a volume of air being
acted on by a net force was given as f(f) = (1/Cu)Ju(t) dt. Converting
from mechanical to acoustical terms,

I

1 S 1 .
S = (,MS/u(t)—Sdt or p(t) = __CMS2/ T(¢) dt

p(t) = c% / U dt (3.23)

or

where p(f) = instantaneous pressure in newtons per square meter acting
to compress the volume V of the air.

Cs = CxS? = acoustic compliance in meters® per newton of the
volume of the air undergoing compression. The acoustic
compliance is nearly equal to the volume of air divided by
Py, as we shall see in Chap. 5 (pages 128 to 131).

U(t) = instantaneous volume velocity in cubic meters per second
of the air flowing into the volume that is undergoing com-
pression. The volume velocity U(f) is equal to the linear
velocity u(f) multiplied by the cross-sectional area S.

In the steady state with an angular fre-
quency w, we have U p

U
ijA

p = (3.24)

" te T
where p and U are taken to be rms complex L_’-l-
quantities. Impedance - type Mobility - type
The impedance-type analogous element for (a) (b)
acoustic compliance is shown in Fig. 3.26a and  Fis. 3.26. (o) Impedance-
the mobility-type in Fig. 3.26b. In the steady type and (b) mobility-type
state for either, Eq. (3.24) applies. ;)1':::‘3:5 for an acoustic com-
Acoustic Resistance R4, and Acoustic Respon-
stveness r4. Acoustic resistance R, is associated with the dissipative
losses occurring when there is a viscous movement of a quantity of gas
through a fine-mesh screen or through a capillary tube. It is a constant
quantity having the dimensions newton-seconds per meter®. The unit
1s the mks acoustic ohm.
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The acoustic element used to represent an acoustic
resistance is a fine-mesh screen drawn as shown in
Fig. 3.27.

The reciprocal of acoustic resistance is the acous-
tic responsiveness r,. The unit is the mks acoustic
mohm with dimensions meter® per second per newton.

Fi6.3.27. Fine-mesh The physical law governing dissipative effects in a
screen which serves Mechanical system was given by f(¢) = Rwu(t), or, in

asan acoustical sym-  terms of acoustical quantities,
bol for acoustic re-

sistance.

p(t) = RaU(t) = i U (3.25)

where p(t) = difference between instantaneous pressures in newtons per
square meter across the dissipative element. In the steady
state p is an rms complex quantity.
R4 = Rx/8* = acoustic resistance in acoustic ohms, 7.e., newton-
seconds per meters.
T4 = 7uS? = acoustic responsiveness in acoustic mohms, 7.e
meter® per newton-seconds.

U(t) = instantaneous volume velocity in cubic meters per second of
the gas through the cross-sectional area of resistance. In
the steady state U is an rms quantity.

The impedance-type analogous symbol for acoustic resistance is shown
in Fig. 3.28a and the mobility-type in Fig. 3.28b.

Acoustic Generators. Acoustic generators can be of either the constant-
volume velocity or the constant-pressure type. The prime movers in our

°3

yU p

— L

T P é Ra T U A v [ P
R g L o
Impedance - type Mobitity - type L—‘

(a) (b) (a) (b)
Fia. 3.28. (a) Impedance-type symbol Fic. 3.29. (a) Impedance-type and (b)

for acoustic resistance and (b) mobility- mobility-type symbols for a constant-
type symbol for acoustic responsiveness.  pressure generator.

acoustical circuits will be exactly like those shown in Figs. 3.7 and 3.9
except that uz often will be zero and w, will be the velocity of a small piston
of arca S. Remembering that 4 = w, — us, we see that the generator of
Fig. 3.7 has a constant-volume velocity U = S and that of Fig. 3.9 a
constant pressure of p = /8.

The two types of analogous symbols for acoustic generators are given
in Figs. 3.29 and 3.”%  The arrows point in the direction of the positive
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terminal or the positive flow. As before, the double circles indicate zero
impedance or mobility and a dashed line infinite impedance or mobility.

Mechanical Rotational Systems. Mechanical rotational systems are
handled in the same manner as mechanical rectilineal systems. The
following quantities are analogous in the two systems.

Rectilineal systems Rotational systems

f = force, newtons T = torque, newton-m
v = veloeity, m/sec 6 = angular velocity, radians/sec
t = displacement, m ¢ = angular displacement, radians

Zu = f/v = mechanical impedance, mks Zr = T/8 = rotational impedance, mks
mechanical ohms rotational ohms

v/f = mechanical mobility, mks 2z = /7 = rotational mobility, mks
mechanical mohms rotational mohms

n
=
I

Ru = mechanical resistance, mks me- Rp = rotational resistance, mks rota-
chanical ohms tional ohms

ruy = mechanical responsiveness, mks rg = rotational responsiveness, mks ro-
mechanical mohms tational mohms

M = mass, kg Ir = moment of inertia, kg-m?

C = mechanical compliance, m/newton Cg = rotational compliance, radians/

newton-m
W = mechanical power, watts Wgr = rotational power, watts

Example 3.4. The acoustic device of Fig. 3.31 consists of three cavities V1, V3, and
Vs, two fine-mesh screens R4, and Ry., four short lengths of tube Ty, T3, T3, and T4,
and a constant-pressure generator. Because the air in the tubes is not confined, it

- ,,
pT UT

—

(a) (b)
Fic. 3.30. (o) Impedance-type and (b)) Fic. 3.31. Acoustic _dgvice consisting of
mobility-type symbols for a constant-vol-  four tubes, three cavities, and two screens
ume velocity generator. driven by a constant-pressure generator.

Piston

experiences negligible compression. Because the air in each of the cavities is confined,
it experiences little average movement. Let the force of the generator be

f = 107% cos 1000¢ newtons

the radius of the tube a = 0.5 cm; the length of each of the four tubes I = 5 ¢cm; the
volume of each of the three cavities V = 10 cm?; and the magnitude of the two acous-
tic resistances B4 = 10 mks acoustic ohms. Neglecting end corrections, solve for the
volume velocity U, at the end of the tube T's.

Solution. Remembering that there is continuity of volume velocity and pressure
at the junctions, we can draw the impedance-type analogous circuit from inspection.
It is shown in Fig. 3.32. The bottom line of the schematic diagram represents
atmospheric pressure, which means that here the variational pressure p is equal to
zero. At each of the junctions of the elements 1 to 4, a different variational pressure
can be observed. The end of the fourth tube (7)) opens to the atmosphere, which
requires that M 4, be connected directly to the bottom line of Fig. 3.32.

Note that the volume velocity of the gas leaving the tube 7', is equal to the sum
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of the volume velocitics of the gas entering V' and 75, The volume velocity of the
gas leaving 7. is the same as that flowing through the screen R4, and is equal to the
sum of the volume velocities of the gas entering V, and T,

One test of the validity of an analogous circuit is its behavior for direct current. If
one removes the piston and blows into the end of the tube 7", (Fig. 3.31), a steady flow
of air from 7', is observed. Some resistance to this flow will be offered by the two
screens R4y and Rap. Similarly in the schematic diagram of Fig. 3.32, a steady pres-
sure p will produce a steady flow U through M 44, resisted only by R, and R..

My M, M3 My

Ryy 3 Raz 4

T Cas

Fic. 3.32. Impedance-type analogous circuit for the acoustic device of Fig. 3.31.

As an aside, let us note that an acoustic compliance can occur in a circuit without
one of the terminals being at ground potential only if it is produced by an elastic
diaphragm. For example, if the resistance R4, in Fig. 3.31 were replaced by an
impervious but clastic diaphragm, the element R4, in Fig. 3.32 would be replaced
by a compliance-type element with both terminals above ground potential. In this
case a steady flow of air could not be maintained through the device of Fig. 3.31, asx
can also be seen from the circuit of Fig. 3.32, with R4, replaced by a compliance.

Determine the element sizes of Fig. 3.32.

f _ 1078 cos 1000¢

= 4 o = 095 LUVE . 2
P 3 ~(5 X 1092 0.1273 cos 1000 newton /m
pol 118 X 0.05
MAl = ]W,(g = ]W,u = M,u = Tg— = W = 750kg/m‘
Car = Chy = Caa = Yoo 7.15 X 101t m5/newton
vyPy, 1.4 X 10% ’
R4 = R4z = 10 mks acoustic ohms

As is customary in electric-circuit theory, we solve for U, indirectly. First, arbi-
trarily let Uy = 1 m3/sec, and determine the ratio p/U,.

Py = joM 4 Us = j7.5 X 105 newtons,/m?
Us = ]'wCA:gPA = —5.36 X 1072 m3/sec
Ui =Us + Us = 0.946

Ps = (Raz + joM4)U, + py = 9.46 + j14.6 X 10
Us = juCaps = —0.1043 + j6.77 X 10~7
Us = Us + U, = 0.842 + j6.77 X 107

P2 = (R,“ +jwﬁ/l,42)Uz + P = 17.37 +]20()] X 10¢
U] = ].WCAIPZ = —(0.1496 +j1.242 X 10-¢
U=1U,+ U, = 0692 +;1.919 X 10-¢

P =JjoM4U + p2 = 15.93 4 j2.61 X 106 = for Ug =1

£
Us
The desired value of Uy is
Uy = U, _  0.1273 cos 1000t
T Py T 1503 £ 52.61 X 10
= 4.88 X 1078 cos (1000¢ — 90°)

= 4.88 X 1078 sin 1000¢

In other words, the impedance is principally that of the four acoustic masses in series
so that U, lags p by nearly 90°.
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Example 8.5. A Hehnholtz resonator is frequently used as a means for eliminating
an undesired frequency component from an acoustic system. An cxample is given in
Fig. 3.33a. A constant-force gencrator ¢ produces a series of tones, among which is
one that is not wanted. Thesc tones actuate a microphone M whose acoustic imped-
ance is 500 mks acoustic ohms. If the tube 7' has a cross-sectional area of 5 em?,
iy =1l =5cm, s = 1cm, V = 1000 cra?, and the cross-sectional area of I3 is 2 ¢cm?,
what frequency is eliminated from the system?

2cm? 5cm?
T /

My, My
/B0 -
M3 |
PT @ Ug $Ra
TCs
(b)

F16. 3.33. (a) Acoustic device consisting of a constant-force generator'G, piston P,
tube 7' with length I, + l;, microphone M, and Helmholtz resonator R with volume‘ 1%
and connecting tube as shown. (b) Impedance-type analogous circuit for the device
of (a).

Solution. By inspection we may draw the impedance-type analogous circuit of
Fig. 3.33b. The element sizes are

Ma = Mse = S, = EX 10 118 kg/m*
_pds 138 XO00L 0

Mys = Se - 2x10+¢ 59 kg/m

Cas = v 107 7.15 X 10 m*®/newton

YPo ~ T4 X 108
R4, = 500 mks acoustic ochms
It is obvious that the volume velocity Us of the transducer M will be zero when the
shunt branch is at resonance. Hence,
B 1 _ 104
VMala V422
f = 245 cps

= 1540 radians/sec

w
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PART VIII Transducers

A transducer is defined as a device for converting energy from one form
to another. Of importance in this text is the electromechanical trans-
ducer for converting electrical energy into mechanical energy, and vice
versa. There are many types of such transducers. In acoustics we are
concerned with microphones, earphones, loudspeakers, and vibration
pickups and vibration producers which are generally linear passive
reversible networks.

The type of electromechanical transducer chosen for each of these
instruments depends upon such factors as the desired electrical and
mechanical impedances, durability, and cost. It will not be possible here
to discuss all means for electromechanical transduction. Instead we
shall limit the discussion to electromagnetic and electrostatic types.
Also, we shall deal with mechano-acoustic transducers for converting
mechanical energy into acoustic energy.

3.5. Electromechanical Transducers. Two types of electromechanical
transducers, electromagnetic and electrostatic, are commonly employed
in Joudspeakers and microphones. Both may be represented by trans-
formers with properties that permit the joining of mechanical and elec-
trical circuits into one schematic diagram.

Electromagnetic-mechanical Transducer. This type of transducer can
be characterized by four terminals. Two have voltage and current
associated with them. The other two have velocity and force as
the measurable properties. Familiar examples are the moving-coil
loudspeaker or microphone and the variable-reluctance earphone or
microphone.

The simplest type of moving-coil transducer is a single length of wire in
a uniform magnetic field as shown in Fig. 3.34. When a wire is moved
upward with a velocity « as shown in Fig. 3.34q, a potential difference e
will be produced in the wire such that terminal 2 is positive. If, on the
other hand, the wire is fixed in the magnetic field (Fig. 3.34b) and a cur-
rent 7 is caused to flow into terminal 2 (therefore, 2 is positive), a force will
be produced that acts on the wire upward in the same direction as that
indicated previously for the velocity.

The basic equations applicable to the moving-coil type of transducer are

f= Bl (3.26a)
e = Blu (3.26b)

where 7 = electrical current in amperes
J = “open-circuit’’ force in newtons produced on the mechanical

circuit by the current ¢
B = magnetic-flux density in webers per square meter
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| = effective length in meters of the electrical conductor that
moves at right angles across the magnetic lines of force of flux
density B

= velocity in meters per second

= ‘“open-circuit’”’ electrical voltage in volts produced by a
velocity u
The right-hand sides of Egs. (3.26) have the same sign because when

u and f are in the same direction the electrical terminals have the same

sign.
Ji

o 8
[

N ﬂ]s

Velocity u with positive The current i produces a
direction upward force f acting upward
(a) (b)

Fic. 3.34. Simplified form of moving-coil transducer consisting of a single length of
wire cutting a magnetic field of flux density B. (a) The conductor is moving ver-
tically at constant velocity so as to generate an open-circuit voltage across terminals
1and 2. (b) A constant current is entering terminal 2 to produce a force on the con-
ductor in a vertical direction.

The analogous symbol for this type of transducer is the “ideal” trans-
former given in Fig. 3.35. The “windings” on this ideal transformer
have infinite impedance, and the transformer obeys
Eqgs. (3.26) at all frequencies, including steady flow.
The mechanical side of this symbol necessarily is of
the mobility type if current flows in the primary. eT T“
The invariant mathematical operations which this
symbol represents are given in Table 3.1. Theylead Fic. 3.35. Analo-
directly to Egs. (3.26). The arrows point in the 8ous symbol for the

. . .- .. . electromagnetic-
directions of positive flow or positive potential. mechanical trans

Electrostatic-mechanical Transducer. This type of ducer of Fig. 3.34.
transducer may also be characterized by four termi- 1he mechanical side

is of the mobility
nals. At two of them, voltages and currents can be  y0
measured. At the other two, forces and velocities
can be measured. This transducer is satisfactorily described by the fol-
lowing mathematical relations,

e=—r1k (3.27a)
f=1q (3.27b)

i Bl:1 f
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where e = ‘“open-circuit” electrical voltage in volts produced by a
displacement .

¢ = displacement in meters of a dimension of the piezoelectric
device.

q = electrical charge in coulombs stored in the dielectric of the
piezoelectric device.

f = ““open-circuit” force in newtons produced by an electrical
charge g.

7 = coupling coefficientt with dimensions of newtons per coulomb
or volts per meter. It is a real number when the network is
linear, passive, and reversible.

An example is a piezoelectric erystal microphone such as is shown in
Fig. 3.36. A force applied uniformly over the face of the crystal causes
an inward displacement of magnitude £.  As a result of this displacement,
a voltage e appears across the electrical terminals 1 and 2. Let us

assume that a positive displacement
Rigid wall o (inward) of the crys.tz‘tl causes termi-
which crystal  nal 1 to become positive. For small

s cemented  gisplacements, the induced voltage is

\ i:?gfégbxittehd proportional to displacement. The

\ < positive inverse of this effect occurs when no
\\\ :: ?r:;fgg’“ external force acts on the crystal face
AN but an electrical generator is con-

D Electrical nected to the terminals 1 and 2. If

7) terminals the external generator is connected so

that terminal 1 is positive, an internal
force f is produced which acts to ex-
pand the crystal. For small displace-
ments, the developed force fis proportional to the electric charge ¢ stored
in the dielectric of the crystal.

Equations (3.27) are often inconvenient to use because they contain
charge and displacement. One prefers to deal with current and velocity,
which appear directly in the equation for power. Conversion to current
and velocity may be made by the relations

F16. 3.36. Piezoelectric crystal trans-
ducer mounted on a rigid wall.

u = Z—f = jwt (3.28q)
i= g—tq = jug (3.28b)

t The coupling coefficient is frequently defined differently in advanced texts on
electrostatic-mechanical transducers. For example, in some texts it is defined as
the square root of (' Cprin?/8, where ('} and Cy are defined after Eq. (3.37). The
author does not intend that the definition for coupling coeflicient in this text should
he adopted as standard; rather, the term is used simply for convenience in the

discussion,
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so that Itgs. (3.27) become
e=——u (3.29a)

f

I
|
o«

(3.29b)

Unfortunately, the usual analogous symbol for this type of transtormer
is not as simple as that for the electromagnetic-mechanical type. Two
possible forms are shown in Fig. 3.37. The mechanical sides are of the
impedance-type analogy. Let us discuss Fig. 3.37a first.

The element (", is the mechanical compliance of the transducer. In
order to measure (%, a sinusoidal driving force f is applied to the trans-
ducer terminals 3 and 4, and the .
resulting sinusoidal displacement 3 o—s—

ismeasured. Duringthis measure- ,
ment the electrical terminals are Cey eT
short-circuited (e = 0). Averylow 20

(a

driving frequency is used so that

1:C;;T

;7—_?_03
Cu
é 1r
—o4
)

the mass reactance and mechan- i CyT:1 uy u

. . 10—— ——03
ical resistance can be neglected. Ce

The element (7, is the electrical eT Tf =L Cu
capacitance of the crystal mea- 20 o4
sured at low frequencies with the (b)

mechanical terminals open-cir- ¥ig. 3.37. Two forms of analogous sym-
cuited (u = 0). Application of a  bols fog piez.oelectric transdm;ers. The
current ¢ to the pl‘imal‘y will ;nechamcal sides are of the impedance
produce a voltage across the con- vpe:

denser C% of 2/jwC%. This in turn produces an open-circuit force

.t T
/= a0 = 7 (3.30)
A velocity u applied at the secondary of the transducer by an external
generator produces a current through the condenser C% equal to —uCr,
This in turn generates an open-circuit voltage
6= —ulh — = — % (3.31)
F jul’ Jo
Equations (3.30) and (3.31) are seen to equal Egs. (3.29).

In Fig. 3.37b, Cx is also the mechanical compliance of the transducer,
but measured in a different way. A sinusoidal driving force is applied to
terminals 3 and 4 of the transducer at a very low frequency so that mass
reactance and mechanical resistance can be neglected, and the resulting
sinusoidal displacement is measured. During this measurement the
electrical terminals 1 and 2 are open-circuzted (+ = 0). The element Cg is
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the electrical capacitance measured at low frequencies with the mechan-
ical terminals short-circuited (f = 0).
Application of a current ¢ to the primary will produce a velocity across

the compliance Cx equal to Curi. This velocity will produce an open-
circuit force

f= J% (3.32)

A velocity w applied at the secondary of the transformer by an external
generator produces a force across the comipliance Cu equal to —u/jwC .
This force will in turn generate a voltage across Cx equal to

™

Equations (3.32) and (3.33) are seen to equal Eqs. (3.29). The trans-
ducers of Fig. 3.37 are identical. The elementsin Fig. 3.37 are related by
the equations

,  Cx

O = T outsr (3.34)
__ G

O = T oo (8:39

Ce = C(1 + CV,CHd (3.36)

Cy = Cu(l + CeChr?) (3.37)

where 7} = electrical capacitance measured with the mechanical “ter-

minals’’ blocked so that no motion occurs (u = 0)

Cy = electrical capacitance measured with the mechanical “ter-
minals’’ operating into zero mechanical impedance so that no
force is built up (f = 0)

() = mechanical compliance measured with the electrical ter-
minals open-circuited (Zz = 0)

(% = mechanical compliance measured with the electrical ter-
minals short-circuited (e = 0)

The choice between the alternative analogous symbols of Fig. 3.37 is
usually made on the basis of the use to which the transducer will be put.
If the electrostatic transducer is a microphone, it usually is operated into
the grid of a vacuum tube so that the electrical terminals are essentially
open-circuited. In this case the circuit of Fig. 3.37b is the better one to
use, because Cz can be neglected in the analysis when 7 = 0. On the
other hand, if the transducer is a loudspeaker, it usually is operated from
a low-impedance amplifier so that the electrical terminals are essentially
short-circuited. In this case the circuit of Fig. 3.37a is the one to use,
because Cjw is small in comparison with the output admittance of the
amplifier,

The circuit of Fig. 3.37a corresponds more closely to the physical facta
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than does that of Fig. 3.37b. If the crystal could be held motionless
(u = 0) when a voltage was impressed across terminals 1 and 2, there
would be no stored mechanical energy. All the stored energy would be
electrical. This is the case for circuit (a), but not for (b). In other
respects the two circuits are identical.

At higher frequencies, the mass M, and the resistance B of the crystal
must be considered in the circuit. These elements can be added in series
with terminal 3 of Fig. 3.37.

These analogous symbols indicate an important difference between
electromagnetic and electrostatic types of coupling. For the electro-
magnetic case, we ordinarily use a mobility-type analogy, but for the
electrostatic case we usually employ the impedance-type analogy.

In the next part we shall introduce a different method for handling
electrostatic transducers. It involves the use of the mobility-type analog
in place of the impedance-type analog. The simplification in analysis
that results will be immediately apparent. By this new method it will
also be possible to use the impedance-type analog for the electromagnetic
case.

3.6. Mechano-acoustic Transducer. This type of transducer occurs
at a junction point between the mechanical and acoustical parts of an
analogous circuit. An example is the plane at which a loudspeaker
diaphragm acts against the air. This transducer may also be character-
ized by four terminals. At two of the terminals, forces and velocities can
be measured. At the other two, pressures and volume velocities can
be measured. The basic equations applicable 1o the mechano-acoustic
transducer are

f=Sp (3.38a)

U= Su (3.38b)
where f = force in newtons

p = pressure in newtous per square meter
U = volume velocity in cubic meters per second
u = velocity in meters per second
S = area in square meters
The analogous symbols for this type of transducer are given at the
bottom of Table 3.3 (page 51). They are seen to lead directly to Eqgs.
(3.38).

3.7. Examples of Transducer Calculations

Example 3.6. An ideal moving-coil loudspeaker produces 2 watts of acoustic
power into an acoustic load of 4 X 104 mks acoustic ohms when driven from an ampli-
fier with a constant-voltage output of 1.0 volts. The arca of the diaphragm is 100 cmn?2.
What open-circuit voltage will it produce when operated as a microphone with an rms
diaphragm velocity of 10 cm /sec?

Solution. From Fig. 3.35 we scc that, always,

= Blu
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The power dissipated 11" gives us the rms volume veloeity of the diaphragm U,

W 2
U= [P =i —707x10 ' m’
R, 4x10° m/sec

1 =0.707 m/sec

or

Bl=2 = L = 1.4 volts/m-sec
u 0707

Hence, the open-circuit voltage for an rms velocity of 0.1 m /sec is
e = 1316 X 0.1 = 0.1316 volt

M Example 8.7. An ammonium dihydrogen
M phosphate (ADP) crystal of the Z-cut expander-
bar type (discussed in Chap. 6) has the follow-
fT /D £ ing mechanical and electrical properties:
Cu 7 = 2 X 10% newtons/coulomb, or volts/m

. AN C, 9.5 10~ g
Fia. 3.38. Analogous circuit of the M; 1 47XX 10_:1/;8“ ton

impedance type for a crystal .
. Cg = 26 X 1072 farad
microphone. ..
Ry = negligibly small

This crystal is to be used in a microphone with a circular (weightless) diaphragm.
Determine the diameter of the diaphragm if the microphone is to yield an open-circuit
voltage of —70 db re 1 volt for a sound pressure level of 74 db re 0.0002 microbar at
10,000 cps.

Solution. The circuit for this transducer with the transformer removed is shown in
Fig. 3.38. Because only the open-circuit voltage is desired, Cx may be neglected in
the calculations. fis the total force applied
to the crystal by the diaphragm. Solving U Sp:l 14 3
for e yields

0

I

1l

_ fCur 300
1 — 2Cud 5 Tf TP
The force f equals the area of the diaphragm
S times the sound pressure p.  Solving for p, o—
2

4

J300

4
Fre. 3.39. Example of a mechano-
acoustic transducer. The acoustic

p = 0.0002 antilog 7444
1 dyne/cm? = 0.1 newton/m?

Solving for e, impedance of a horn (at terminals 3
. and 4) loads the diaphragm with a
_ . N mechanical impedance Sp2(300
~ = antilog . = 3.16 3 : p p +
e nHog 35 b X 10 7300) mks mechanical ohins.
or
e = 3.16 X 1074 volts
Hence,
g =4 316X 10741 — 95 X 147 X 10712 X 6.282 X 10Y)
P 0.1 X 19
= 1.57 X 107 m?
S = 1.57 cm?

This corresponds to a diaphragm with a diameter of about 1.41 c¢m.

Example 3.8. A loudspeaker diaphragm couples to the throat of an exponential
horn that has an acoustic impedance of 300 + 7300 mks acoustic ohms. If the area
of the londspeaker diaphragm Sp is 0.08 m?, determine the mechanical-impedance load
on the diaphragm duc to the horn.
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Solution. The analogous circuit is shown in Fig. 3.39. The mechanical impedance
at terminals 1 and 2 represent the load on the diaphragm.

Im = ‘;{ = Sp? (300 + 7300)

6.4 X 1073(300 + 5300)
1.92 + j1.92 mks mechanical ohms

I

pART IX Circuit Theorems, Energy, and Power

In this part we discuss conversions from one type of analogy to the
other, Thévenin’s theorem, energy and power relations, transducer
impedances, and combinations of transducers.

3.8. Conversion from Mobility-type Analogies to Impedance-type
Analogies. In the preceding parts we showed that electromagnetic
and electrostatic transducers require two different types of analogy if they
are to be represented by the networks shown in Table 3.1. A further
need for two types of analogy is apparent from the standpoint of ease of
drawing an analogous circuit by inspection. The mobility type of
analogy is better for mechanical systems and the impedance type for
acoustic systems. The circuits we shall use, however, will frequently con-
tain electrical, mechanical, and acoustical elements. Since analogies can-
not. be mixed in a given circuit, we must have a simple means for convert-
ing from one to the other.

We may readily derive one analogy from the other if we recognize that:

1. Elements in series in the circuit of one analogy correspond to ele-
ments in parallel on the other.

2. Resistance-type elements become responsiveness-type elements,
capacitance-type elements become inductance-type elements, and induct-
ance-type elements become capacitance-type elements.

3. The sum of the drops across the series elements in a mesh of one
analogy corresponds to the sum of the currents at a branch point of the
other analogy.

This is equivalent to saying that one analogy is the dual of the other.
In electrical-circuit theory one learns that the quantities that “flow” in
one circuit are the same as the ‘“‘drops” in the dual of that circuit. This
1s also true here.

To facilitate the conversion from one type of analogy to another, a
method that we shall dub the “dot” method is used.® Assume that we

¢ M. F. Gardner and J. 1.. Barnes, ‘“‘Transients in Linear Systems,” pp. 46-49,
John Wiley & Sons, Inc., New York, 1942
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have the mobility-type analog of Fig. 3.17 and that we wish to convert it
to an impedance-type analog. The procedure is as follows (see Fig. 3.40):

1. Place a dot at the center of each mesh of the circuit and one dot
outside all meshes. Number these dots consecutively.

2. Connect the dots together with lines so that there is a line through
each element and so that no line passes through more than one element.

3. Draw a new circuit such that each line connecting two dots now
contains an clement that is the inverse of that in the original circuit. The
inverse of any given element may be seen by comparing corresponding

————————— —/n
{ - ‘v‘v‘.v“vv
1 f l t l T2 Cu
TR Rk
bt Sul !

Fia. 3.40. Preparation by the “dot” method for taking the dual of Fig. 3.17.

columns for mobility-type analogies and impedance-type analogies of
Table 3.3. The complete inversion (dual) of Fig. 3.40 is shown in Fig.
3.41.

4. Solving for the velocities or the forces in the two circuits using the
rules of Table 3.1 will readily reveal that they give the same results.

After completing the formation of an analogous circuit, it is always
profitable to ask concerning each element, If this element becomes very
small or very large, does the circuit behave in the same way the device
itself would behave? If the cir-
cuit behaves properly in the ex-
tremes, it is probably correct.

3.9. Thévenin’s Theorem. Tt

2 Mwvi 3 M4 R, 5

1
t
i
i
L
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tion impedance presented by the air to the vibrating diaphragm of a
loudspeaker or microphone will be represented simply as Z,, in the
impedance-type analogy or zye = 1/Zuye in the mobility-type analogy.
The exact physical nature of Zyr will be discussed in Chap. 5.

Assume a simple electromagnetic (moving-coil) loudspeaker with a
diaphragm that has only mass and a voice coil that has only electrical
resistance (see Fig. 3.42a). Let this loudspeaker be driven by a constant-
voltage generator. By making use of Thévenin’s theorem, we wish to

Bl:

find the equivalent mechanical generator u, and the equivalent mechan-
jcal mobility zus of the loudspeaker, as seen in the interface between the
removed is shown in Fig. 3.42b. The Thévenin equivalent circuit is
shown in Fig. 3.42c. We arrive at the values of uo and zuxs in two steps.
locity %o by terminating the loud-
speaker in an infinite mobility,
then measuring the velocity of the (@)
diaphragm u,. As we discussed in ReBI? [,
phragm to a tube whose length is
equal to one-fourth wavelength.
Inspection of Fig. 3.42b shows A
MS

that T ug Tua Zur

eBl (3.39)

diaphragm and the air. The circuit of Fig. 3.42a¢ with the transformer
1. Determine the open-circuit ve- 1 fa
Tua ZMR
ZMp = ® (tha«t is, ZMA = O) and Myp
Part II, Zy, = 0 can be obtained
by acoustically connecting the dia- T £ T" . Sz
Mup
L : ; ()
This is possible at low frequencies.
Uy = = 2
jwMMDRE + (Bl)

()

Fia. 3.41. Dual of the circuit of Fig.
3.40.  Solving for the forces or velocities

-— appears possible, from the foregoing

discussions, to represent the opera-
tion of a transducer as a combina-

2. Short-circuit the generator e
without changing the mesh imped-
ance in that part of the electrical

F1c. 3.42. Analogous circuits for a sim-
plified moving-coil loudspeaker radiating
sound into air. (a) Analogous circuit.
(b) Same, with transformer removed.

in this eircuit using the rules of Table 3.1 tion of electrical, mechanical, and
{;:}3‘({: z}rmvi?(ﬂfﬁ\;zlE‘CSF?;S;‘Z;{@ for the  ,coustical elements. The connec-

tion between the electrical and me-
chanical circuit takes place through an electromechanical transducer.
Similarly, the connection between the mechanical and acoustical circuit
takes place through a mechano-acoustic transducer. A Thévenin’s theo-
rem may be written for the combined circuits, just as is written for elec-
trical circuits only.

The requirements which must be satisfied in the proper statement and
use of Thévenin’s theorem are that all the elements be linear and there be
no hysteresis effects.

In the next few paragraphs we shall demonstrate the application of
Thévenin’s theorem to a loudspeaker problem. The mechanical-radia-

circuit. Then determine the mo- (c) Same, reduced to its Thévenin’s
bility zxs looking back into the out- equivalent.
put terminals of the loudspeaker. For example, zys for the circuit of
Fig. 3.42b is equal to the parallel combination of 1/jwM x» and Rz/(Bl)?,
that is,

Zus = Rs

us jwMyDRE + (Bl)2

The Thévenin’s equivalent circuit for the loudspeaker (looking into
the diaphragm) is shown schematically in Fig. 3.42c, where uo and the
mobility zys are given by Eqgs. (3.39) and (3.40), respectively.

The application of Thévenin’s theorem as discussed above is an example
of how general theorems originally applying to linear passive electrical

(3.40)
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networks can be applied to great advantage to the analogs of mechanical
and acoustic systems including transducers.

3.10. Energy and Power Relations. Electrical Elementis. The expres-
sions for energy stored in the inductance and capacitance elements of
electrical circuits are familiar to most students from fundamental studies
in physics and circuit theory. They are

i
I

Instantaneous magnetic stored energy = T(f) = L5L[(f)%] (3.41)
Instantaneous electric stored energy = V(&) = 14Cle(t)?] (3.42)

where i(t) and e(f) are, respectively, the instantaneous current in the
inductance and the instantaneous voltage across the capacitance.
In the steady state for an angular frequency w, these equations become

T() = L1721 4+ cos 2wt) (3.43)
V(t) = 14Cle|*(1 + cos 2wi) (3.44)

where |i| and |e| are the rms magnitude of the complex current through
and voltage across the elements L and C, respectively. The quantities
T and V have a constant component, and a component which alternates
at double frequency. On the average, the alternating component is zero,
so that

i

Tv. = LI wattesec (3.45)
and
Ve = 15C|ef? watt-sec (3.46)

On the average, power is dissipated only in resistive elements. The
instantaneous power W(¢) dissipated in a resistance R by a sinusoidal cur-
rent is

W) = R|i|*(1 + cos 2wt) (3.47)
On the average, the alternating component is zero, so that
Wae = RJi|? watts (3.48)

Mechanical and Acoustical Elements. From basic mechanics, the stu-
dent has also become acquainted with the energy and power relations for
the mechanical elements: mass, compliance, and resistance. A summary
of the steady-state values of W,.., Tw., and V.., for electrical, mechanical,
and acoustical elements is given in Table 3.4. It is interesting to see that
T... for the mobility-type analogy has the same form as V., for the
impedance-type analogy, and vice versa. We are now ready to use these
energy and power concepts in the analysis of complete electro-mechano-
acoustical circuits.

Energy and Power Functions for Combined Circuits. In a complete
electro-mechano-acoustical circuit for a device such as a loudspeaker, the
energy and power relations for the individual elements may be used to
determine the total active and reactive power supplied by the generator.
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TABLE 3.4. Average Values of Power Dissipated and Energy Stored

i
Lo £ ) .
Element (see Table 3.2) ' Iilectrical ariﬁzgoy Mechanical | Acoustical
| \Iobility rulf|2 ralpl?
—_— ANV ! i
Wave { Rl
I
|

Impedance Ry|ul? RAU|®

Mobility 15 Culf]? L5 Calpl?

e oy : ——
Tuve S —|- -

{ Impedance | 34Mylul? 15 M4|UJ?

Mobility 14 M a|uf? A[AIU“

Vave -—-——"——- }ﬁ(jﬂ'lc?.", .

l Impedance | L5Culf(? 14Calpl*

t Rms values are used for time-varying quantities.

As an example, let us consider in detail the loudspeaker circuit shown in
Fig. 3.43. The transducer is of the electromagnetic-mechanical type.
which requires the use of the mobility analogy in the mechanical and
therefore in the acoustical parts of the circuit.

BI:1 _ Rt z; M,
h fa f3
.L. Tu CM r rA TUZ
Ty
Electrical circuit Mechanical circuit ' Acouspf:al circuit
{ mobility - type) (mobility - type)

Fic. 3.43. Complete analogous circuit for a direct-radiator loudspeaker of the moving-
coil type.

Logically, the total power supplied by the generator e to the circuit
must be equal to the sums of the powers dissipated in the resistive ele-
ments because the circuit is passive. The power delivered by the loud-
speaker to the air is given by the power dissipated in the acoustic respon-
siveness .. From Table 3.4 we find for the mobility case that the total
power for the circuit of Fig. 3.43 is equal to

W REI'L]2 -+ 7'M|f3|2 -+ TAIPIZ (3.49)

We know that the total amount of inductive energy T.,., stored in the
circuit must be the sum of the energies stored in the individual inductance-
type elements. From Table 3.4 we see for the mobility analogy that the
total T, of Fig. 3.43 is equal to

Twe. = WL|Z|2 + 14Culfol? (3.50)
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Similarly, the capacitive energy V.. stored in the capacitative-type
eiements is found to be

anz = }'éMMIUP + %MA[Ullz (351)

By way of justification for the choice of mks units made early in this
text, it should be noted that direct addition of electrical, mechanical, and
acoustic powers and energies is possible in Eqs. (3.49) to (3.51) prox’rided
all quantities are given in the mks system. By contrast, if volts and
amperes were used in the electrical circuit and cgs units in the mechanical
and ;}coustical circuits, energy would be in joules in the electrical circuit
and in ergs in the mechanical and acoustical circuits. Conversion of
ergs to joules by multiplying the number of ergs by 10~ would be neces-
sary before addition were possible.

- Active and Reactive Power: Vector Power. It is common in electrical-
c1r(3uit theory to speak of vector power: the quadrature combination of
active and reactive power. By definition the vector power supplied by
the generator is the product of the current and the complex conjugate
of the voltage at the source.

Vector power = W,y + jQ.., = e*i (3.52)

Wherg 'e* is the complex conjugate of the rms voltage e at the source
and 7 is the rms current at the source. Note that if ¢ = le] Z¢, then
e* = lel £L—¢. ,
Since ¢ = e¢/Z, one may alternatively write
_ e

Wn.vx + anvz -~ 7 (353)

where le| is the rms magnitude of the voltage across the complex imped-

ance Z. Clearly the active power W,,, in a linear passive circuit must

alv.vays be' positive. The reactive power, however, may have either sign

being pf)smue n a predominantly capacitative-type circuit and negative in a;

predominantly inductive one. The units of W, are watts, and the units

of Q.. are called “vars”—a contraction of “volt-ampere reactive.”
Instead of Eq. (3.53) it is also possible to write

Wi + jQue = [3]22* (3-54)

where Z* is the complex conjugate of Z. F i = ]
om0 e jug . For example, if Z = R 4 ;X

In a complex circuit, such as that given in Fig. 3.43, the total vector
power supplied by the generator is found by summing the vector powers
supplied to each element in the circuit. For a purely electrical circuit,

we write
. _ ) . leu?
W + 7Quve = § efix = E lil?Z% = 2: 32'“ (3.55)
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where 4 is the complex current in the kth element of impedance Zx. The
voltage across the kth element is ¢,. A similar equation holds for electro-
mechano-acoustical circuits. For example, from ¥Fig. 3.43, remembering
that we have the mobility analogy, we find that

|2

W + jQue = [i2(Re — L) ~ ]}‘iﬁ, — falC

1l + Ipl? (Mjm + “)

or
Wae + jQue = ([H1PRe + |fsl’ru + |pl*ra)
+ %o (— S LI + 5 ALl L1f0x + %Al{i‘u) (3.56)

2 M yo?

We see that the quantities contained within the first parentheses are
exactly the same as those found in Eq. (3.49). Consider the terms in the
second parentheses. From Eq. (3.2) we see that |fi[? = «?M y*u|* and
from Eq. (3.22) that |p|* = «?M,2|U,|%. Hence, comparison of the second
parentheses of Eq. (3.56) with Eqs. (3.50) and (3.51) shows that the
value in these second parentheses is equal t0 Vag — Tave.

In general, the reactive power is

ang - 2w(Vavg - Ta.vg) (3.57)

The total stored energies V.. and T.. are found by the procedures
described in connection with Eqgs. (3.50) and (3.51). It should be noted
that at resonance the average energy stored in the inductance-type ele-
ments T\, is just equal to the average energy stored in the capacitance-
type elements V.., so that the total reactive power supplied by the
generator is zero.

Finally, it is seen from Eqs. (3.54) and (3.57) that the impedance pre-
sented to the generator is equal to

7 = Woave - JQuve _ Wae + j2w(.7",vgv - Vave) (3.58)
l2[* ol®

3.11. Transducer Impedances. Let us look a little closer at the
impedances at the terminals of electromechanical transducers. It has
become popular in recent years for electrical-circuit specialists to express
the equations for their circuits in matrix form. The matrix notation is
a condensed manner of writing systems of linear equations.” We shall
express the properties of transducers in matrix form for those who are
familiar with this concept. An explanation of the various mathematical
operations to be performed with matrices is beyond the scope of this book.

1 P. LeCorbeiller, “Matrix Analysis of Electric Networks,” Harvard University
Press, Cambridge, Mass, and John Wiley & Sons, Inc., New York, 1950.
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The student not familiar with matrix theory is advised to deal direetly
with the simultancous equations from which the matrix is derived. A
knowledge of matrix theory is not necessary, however, for an understand-
ing of any material in this text.

TLet us determine the impedance matrix for the electromagnetic-
mechanical transducer of Fig. 3.44a. In that circuit Zy is the electrical
impedance measured with the mechanical terminals “blocked,” that is,
u = 0, z) 1s the mechanical mobility of the mechanical elements in the
transducer measured with the electrical ecireuit ““open-circuited’; and
2, 1s the mechanical mobility of the acoustic load on the diaphragm. The

— A

i Zx g ff

rfM

18 D A

(%)

Fic. 3.44. Analogous circuits for an electromagnetic-mechanical transducer. The
mechanical side is of the mobility type.

quantity Bl is the product of the flux density times the effective length of
the wire cutting the lines of force perpendicularly.

Removing the transformer from Fig. 3.44a yields the two-mesh circuit
of Fig. 3.44b. The equations for this circuit are

e = iZy + uBl (3.59)
0= —iBl+u(Zu+ Z) (3.60)
where Zy = 1/zu, Z, = 1/2z;, and f = Bli. The impedance matrix is
drawn from these equations and is a square array of four impedances.
Zy Bl
Z = (3.61)
~Bl 7.+ Z,

The total electrical impedance Zzr as viewed from the voltage generator
is found from the matrix or from Egs. (3.59) and (3.60) to be

B
Zu+ Z,

Zer = Zy + (3.62)
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The second term on the right-hand side s usually called the motional
impedance because, if the mechanical side is blocked so there is no move-
ment, then Zzr = Zz. This equation illustrates a striking fact, viz., that
the electromagnetic transducer is an impedance inverter. By an inverter
we mean that a mass reactance on the mechanical side becomes a capaci-
tance reactance when referred to the electrical side of the transformer, and
vice versa. Similarly, an inductance on the electrical side reflects
through the transformer as a mechanical compliance. These statements
are well illustrated by the circuit of Fig. 3.47.

For an electrostatic-mechanical transducer of the type shown in Fig.
3.45, the circuit equations are

T

e = 1Zg — u;:: (3.63)

—i o+ uZu + Zy) (3.64)
Jw

I

0

where

o 1
Ze=Zet o0

= the electrical impedance with the mechanical motion blocked
Z, = mechanical impedance of the acoustical load on the diaphragm

Zu = Ry + joMy + ]——-1—— = mechanical impedance of the mechanical
WU M
elements in the transducer measured with z = 0
Cx

Cu = T 0,00 = mechanical compliance in the transducer withz = 0

The impedance matrix is
Zp: - T/jw
Z = (3.65)
—1/jw Zw+ Z,

This matrix is symmetrical about the main diagonal, as for any ordinary
electrical passive network. By contrast matrix (3.61) is skew-sym-
metrical. For transient problems, replace jw by the operator s = d/dt.®

The impedance matrix for the electrostatic transducer is almost
identical in form to that for the electromagnetic transducer, the difference
being that the mutual terms have the same sign, as contrasted to opposite
signs for the electromagnetic case.

For the electrostatic transducer the total impedance is

12/j2w2 Tz/wz
Zu+ Zs Zu+Z,

The second term on the right-hand side is called the motional impedance
as before.

Zpr = Zg — = Zg + (3.66)
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Again we see that the transducer acts as a sort of tmpedance inverter.
An added positive mechanical reactance (+Xu) comes through the
transducer as a negative electrical reactance.

Some interesting facts can be illustrated by assuming that we have an
electrostatic and an electromagnetic transducer, each stiffness controlled
on the mechanical side so that

T+ Ty = — (3.67)
JWCMI
Substitution of Eq. (3.67) into (3.62) yields
Zer = Zx + jo(BUCui) (3.68)

The mechanical compliance Cy appears from the electrical side to be an
inductance with a magnitude B22C;. Substitute now Eq. (3.67) into
(3.66).

Zer = Zx+ 5 Z‘“ (3.69)

The mechanical compliance Cy of this transducer appears from the elec-
trical side to be a negative capacitance, that is to say, Cu appears to be

1: CET'
R M
é Ce % é—T: ) " Z TfL
(a)
CEr ZE(CET)2 3
R M,
BOCETT % ( Cis T)z-l- Tf g } z Tf,,
R
(b)

Fic. 3.45. Analogous circuits for an electrostatic-mechanical transducer. The
mechanical side is of the impedance type.

an inductance with a magnitude that varies inversely with w?. The effect
of this is simply to reduce the value of Cx. Another way of looking at
this is to note from Fig. 3.45 that with Ry = My = 0and Z,, = 1/jwC iy,
the total compliance is less than Cx because of the added compliance Cu;.

3.12. Combinations of Electrostatic and Electromagnetic Transducers.
The engineer sometimes is called upon to join an electromagnetic and an
electrostatic transducer together both electrically and mechanically, say,
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by a feedback loop. Inspection of Figs. 3.44a and 3.45a reveals that it is
not possible to make such a connection directly, because we have the
mobility-type analogy on the secondary side in one circuit and the
impedance-type analogy on that side in the other.

One method has been advanced for overcoming this difficulty.® Inspec-
tion of the impedance matrices [Egs. (3.61) and (3.65)] reveals that the
same circuit could be used for both types of devices provided some means
were introduced for changing one of the signs of the mutual terms. To do
this, the ‘8 operator” will be introduced.

The Operator 8. The method for transforming one of the impedance
matrices into the other is to multiply the mutual terms of one matrix by
an arbitrary operator 8. This operator is a 90° ‘‘direction rotator,” and

=~
Bt =1 (3.70)
B= =05

For example, the circuit for an electrostatic transducer can be drawn
like that shown in Fig. 3.46. The impedance matrix for that circuit is

Zr 8/jw
Z = 3.71)
—(@B/jw) Zu+ Z,

The total impedance of that circuit, with the application of Eq. (3.71)
above, is that given in Eq. (3.66). As a word of caution, the quantity 8?

Zg

i Izg:l ,;-
eTé % 32y :Ez,‘ Tu

F1G. 3.46. Analogous circuit of the mobility type, using the 8 operator, for handling
electrostatic-mechanical transducers. For use with transient problems, replace jw
by the operator s.

should not be replaced by (—1) until the equations have been reduced to
their final form. This avoids the problem of having to decide whether a
negative number should be replaced by 7 or 8 when a square root is taken.
In Fig. 3.46, going from left to right, v = iz r/jw/B, and, going from
right to left, the open-circuit voltage eo = forz/ jw/—__ﬂjso that the trans-
fer impedances in the two directions are the negative of each other.
When both 8 and j appear in the transformation ratio, the values of the
stored energy components T',., and V.., are the same as those found when

8 F. V. Hunt, “Symmetry in the Equations for Electromechanical Coupling,”” Paper
B1, presented at the thirty-ninth meeting of the Acoustical Society of America. Pro-
fessor Hunt has used this concept of a 8 operator in a variety of useful ways.
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neither appear in the transformation ratio, because

Y 72
JB* = g 1 (3.72)
Analytically the results for power and energy are the same as were found
in connection with Eqs. (3.50), (3.51), (3.56), and (3.57).

In a similar manner, the circuit for an electromagnetic transducer may
be drawn like that of Fig. 3.37b if the transducer ratiois jBIfCxw:1. In
this case, the impedance matrix would be

Zz —BIs
Z = (3.73)
—BIg Zu+ Z,
The total electrical impedance is found from this matrix and is the same
as that given by Eq. (3.62).

Example 3.9. A moving-coil earphone actuated by frequencies above its first
resonance frequency may be represented by the circuit of Fig. 3.42a. Its mechanical
and electrical characteristics are

Rg = 10 ohms
B = 104 gauss (1 weber/m?)
!l =3m
MMD =2 g

Zyr = Jjw2.7 X 1074 m/newton-sec

where 2y is the mobility that the diaphragm sees when the earphone is on the ear,
M up is the mass of the diaphragm, Ry and [ are the resistance and the length of wire

10 3.1 (4x107%) p=f,
o o .
-[2)(10_3 27x10
(a)

1111 (4x10™%)p=f;

[ 1
fp :
21 % ” 10_3; W] a7xi0t

(b)
Fic. 3.47. Analogous circuits for Example 3.9.

wound on the voice coil, and B is the flux density cut by the moving coil. Determine
the sound pressure level produced at the ear at 1000 cps when the earphone is operated
from a very low impedance amplifier with an output voltage of 5 volts. Assume that
the area of the diaphragm is 4 cm?.

_ Solution. The circuit diagram for the earphone with the element sizes given in
mks units is shown in Fig. 3.47a. Eliminating the transformer gives the circuit of
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. . «—>
R Moving - coil
transducer

Piezo - electric
transducer Za—> Tf 0

(e)

(a)

u

&

i Bl:1
8.4
i2 e_ jw'
C'E E
{f)

Re
(4

Cg
() iz
R 2
e7B BE;;Z)Z :E Cg
Bi:1 fi Bljw
Rg
€ (g)
m. 1 .”
i Jjw” L+l fi)=f t2
A9 ( |
Ce Ce R 72
Zmy Tuo T € WiBYE
() (h)

FiG. 3.48. Combined electrostatic-electromagnetic transducers. (a) Block mechan-
ical diagram of the device. (b) Analogous circuit with mobilities on mechanical side.
The g operator is used for the piezoelectric transducer. (c) Same as (b), except that
2y, replaces the three parallel mobilities as shown by (d). (e) Dual of (d). (f)
Because the circuit of (d) has infinite mobility, (b) simplifies to this form. (g) and (k)
Solution of (f) by superposition.
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Fig. 3.47b. Solving, we get

u = fazur = (4 X 1074p)76280(2.7 X 1074
76.78 X 10~

Ip = jwMupu = —8.54 X 10~%p

f fo+fr= —814 X 1073p

88 = u + 1L111f = p(j6.78 X 1074 — 9 X 10~3)
p] = 1.667 X< 10° 185 newton/m?

0.9
20 log 185 = 139.3 db re 0.0002 microb
% 10°5 . . icrobar

i

]

SPL

Example 3.10. Two transducers, one a piezoelectric crystal and the other a moving
coil in a magnetic field, are connected to a mass My, of 1.533 kg as shown in Fig. 3.48a.

Determine the stored electrical energy in the condenser Cg at 100 cps for the following
constants:

e =1 volt
Rg = 10 ohms
B = 1 weber/m?
{ =30m
Cg = 4 X 107° farad
My, = 1.0kg
Cu: = 107 m /newton
r = 1.28 X 107

w = 628 radians/sec

Solution. The transducers are shown schematically in (b) of Fig. 3.48. A further
simplification of this diagram is shown in (¢). Let us determine the value of za, first.
We note that the dual of (d) is given by (e).

L Zas = oMy + M) —
Pl M1 = Jo(Mu, + Mz)—Jm

= 7(629 + 964) — j1593 = 0

In other words, the mobility is infinite at 100 cps. Hence, circuit (c) 51mplxﬁes to
that shown in (f). By superposition, i, can be broken into two parts 4, and i, given
by the two circuits (¢g) and (k), so that i, = 7, — 12.

T 1.28 X 107

Blo ~ 1% 30 x 698 — 80
1
—— 5
= 4X10
g e®/Blie____ eBle_ 1
= (Rer? Bty + (1/aCr) ~ hm — 76800
ar eszth 1 1

2 T TRt T (10)(680)2  4.64 X 10
12 =iz —12—]147><10 4
fi:l = 1.47 X 10=* amp

The voltage drop across the capacitor is
el = 1.47 X 1074 X 4 X 105 = 59 volts
The electric stored energy on the capacitor Cg is

34Ckle]? = 2 X 1070 X 3.48 X 103 = 7 X 1078 watt-sec

CHAPTER 4

RADIATION OF SOUND

In order fully to specify a source of sound, we need to know, in addition
to other properties, its directivity characteristics at all frequencies of
interest. Some sources are nondirective, that is to say, they radiate
sound equally in all directions and as such are called spherical radiators.
Others may be highly directional, either because their size is naturally
large compared to a wavelength or because of special design.

The most elementary radiator of sound is a spherical source whose
radius is small compared to one-sixth of a wavelength. Such a radiator
is called a simple source or a point source. Its properties are specified
by the magnitude of the velocity of its surface and by its phase relative
to some reference. More complicated sources such as plane or curved
radiators may be treated analytically as a combination of simple sources,
each with its own surface velocity and phase.

A particularly important consideration in the design of loudspeakers
and horns is their directivity characteristics. This chapter serves as an
important basis for later chapters dealing with loudspeakers, baffies,
horns, and noise sources.

The basic concepts governing radiation of sound must be grasped
thoroughly at the outset. It is then possible to reason from those con-
cepts in deducing the performance of any particular equipment or in
planning new systems. Examples of measured radiation patterns for
common loudspeakers are given here as evidence of the applicability of
the basic concepts.

PART X Directivity Patterns

The directivity pattern of a transducer used for the emission or for recep-
tion of sound is a description, usually presented graphically, of the
response of the transducer as a function of the direction of the transmitted

or incident sound waves in a specified plane and at a specified frequency.
91
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The beam width of s directivity pattern is used in this text as the
angular distance between the two points on either side of the principal
axis where the sound pressure level is down 6 db from its value at 8 = 0.

4.1. Spherical Sources.*? A spherical source is the simplest to con-
sider because it radiates sound uniformly in all directions. As we saw
from Eq. (2.62), the sound pressure at a point a distance r in any direction
from the center of a spherical source of any radius in free space is equal to

p(rt) = —\—@rﬁ gilwt=kn) (4.1)

where A, is the magnitude of rms sound pressure at unit distance from
the center of the sphere.

0° 15° 30° 45°
o|DB
=10
600
=20
75°
=30
270° 90°

I DI=0DB l
180°

Fic. 4.1. Directivity pattern for a nondirectional source. Such a pattern is drawn
on & particular plane intersecting the center of the source. The directivity index DI
(defined in Part XI) equals 0 db at all angles.

Directivity Pattern. On a polar diagram, the directivity pattern on any
plane surface intersecting the center of such a spherical source is given in
Fig. 4.1. It is obviously a nondirectional source.

Stmple Source (Point Source).* For the special case of a very small
source, whose radius a is small compared with one-sixth wavelength (that

1 P. M. Morse, “Vibration and Sound,” 2d ed., pp. 311-326, McGraw-Hill Book
Company, Inc., New York, 1948.

?L. E. Kinsler and A. R. Frey, “Fundamentals of Acoustics,” pp. 163~173, John

Wiley & Sons, Inc., New York, 1950.
* Morse, op. cil., pp. 312-313.
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is, ka < 1), the velocity at the surface of the sphere is [see Eq. (2.63)]

D
- \/“ Ay c pilwt—ka)

= YIS :
w(a,l) e ot (4.2)
A source for which this formula is valid 1s ealled a simple source.
Substitution of Eq. (4.2) into Eq. (4.1) yields
.I/'()fpo T
= ,,,‘2;“4 oIk (r—a) (43)

where Uy = rms volume velocity in cubic meters per second of the very
small source and 1s equal to (dma®)u,,.,
p = rmssound pressure in newtons per square meter at a distance
r from the simple source
Strength of a Stmple Source.®* The rms magnitude of the total air flow
at the surface of a simple source in cubic meters per second (or cubic
centimeters per second in the cgs system) is given by U, and is called the
strength of a simple sowrce.t
Intensity at Distance r. At a distance r from the center of a simple
source the intensity 1s given by
;= Pt Ul

o R watts/m? 4.4)
ol g

When the dimensions of a source are much smaller than a wavelength,
the radiation from it will be much the same no matter what shape the
radiator has, as long as all parts of the radiator vibrate substantially in
phase. The intensity at any distance is directly proportional to the
square of the volume velocity and the frequency.

4.2. Combination of Simple Sources.* The basic principles governing
the directivity patterns from loudspeakers can be learned by studying
combinations of simple sources. This approach is very similar to the
consideration of Huygens wavelets in optics. Basically, our problem is
to add, vectorially, at the desired point in space, the sound pressures
arriving at that point from all the simple sources. Let us see how this
method of analysis 1s applied.

Two Simple Sources in Phase. The geometric situation is shown in
Fig. 4.2. It is assumed that the distance r from the two point sources to
the point A at which the pressure p is being measured is large compared
with the separation b between the two sources.

The spherical sound wave arriving at the point p from source 1 will have

1 In some texts the peak magnitude of the total air flow instead of the rms inagni-
tude is used.  In these texts, the “strength of a simple source™ is /2 (dra?) ..

< H. ¥. Olson, “Ilements of Acoustical Engincering,” 2d ed., pp. 31-34, D). Van
Nostrand Company, Inc., New York, 1947,
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traveled a distance r — (b/2) sin 6, and the sound pressure will be

V24, eiotg—i(2x/A) [r—(b/2)sin )
r

pi(ri;t) = (4.5a)

The wave from source 2 will have traveled a distance r + (b/2) sin 6, so
that

pz(Tz;l) = @ giwte=i(2x/N) [r+(b/2)sin 6] (4.5b)
T
The sum of p; + P2, assuming r 3> b, gives
V2 A

p(r,t) — Y4+ eiwte—*i(2r/)\)r(e;'(rb/)\)uina + e—,’(,b/x),iw) (4.6)
r

Multiplication of the numerator and the denominator of Eq. (4.6) by
A

b =0

b
2 -7 (b)
F1a. 4.2. Two simple (point) sources vibrating in phase located a distance b apart and
at distance r and angle 6 with respect to the point of measurement A.

exp (Jmbsin 8/2) — exp (—jwbsin 6/\) and replacement of the expo-
nentials by sines, yields

sin [(27b/\) sin 6]

- Y~ A+ jwt ,—7 (277 /N)
plrt) = T e sin [(xb/) sin 6]

(4.7

The equation for the magnitude of the rms sound pressure |p| is

_2A, ] sin [(2wb/X) sin 6]
Ph == s (b /Ny 0 6] (4.8)

The portion of this equation within the straight lines yields the directivity
pattern.

Referring to Fig. 4.2, we see that if b is very small compared with a
wavelength, the two sources essentially coalesce and the pressure at a
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distance r at any angle 6 is double that for one source acting alone. Th.
directivity pattern will be that of Fig. 4.1.

As b gets larger, however, the pressures arriving from the two source
will be different in phase and the directivity pattern will not be a circle

180°
—=—=b=)/4 A/4:0t-09 DB

—b=2/2 A/2:01-3.008

b=3)/2 Di=3.0 OB b=2) Di=3.0DB

) d
Fi6. 4.3. Directivity patterns for the two simple in-phase sources of Fig. 4.2. Sym-
metry of the directivity patterns occurs about the axis passing through the two
sources. Hence, only a single plane is necessary to describe the directivity character-
istics at any particular frequency. The boxes give the directivity index at 6 = Q°.
One angle of zero directivity index is also indicated. (The directivity index is dis-
cussed in Part XI.)

In other words, the sources will radiate sound in some directions better
than in others. As a specific example, let b = A/2. For 8 = 0 or 180° it
is clear that the pressure arriving at a point A will be double that from
either source. However, for 8 = +90° the time of travel between the
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two stmple sources 1s just right so that the radiation from one source com-
pletely cancels the radiation from the other.  Hence, the pressure at all
points along the +90° axis is zero.  Remember, we have limited our dis-
cussion tor > b.

Directivity patterns, expressed in decibels relative to the pressure at
6 = 0, are given in Fig. 4.3 for the two in-phase sources with b = A/4;
N/2; N 30/2; and 2A.

A very important observation can be made from the dircetivity pat-
terns for this simple type of radiator that applies to all types of radiation.
The longer the extent of the radiator (i.e., here, the greater b is), the
sharper will be the principal lobe along the § = 0 axis at any given fre-
quency and the greater the number of side lobes.  As we shall see in the
next paragraph, it 1s possible to sup-
press the side lobes, that is to say,
those other than the principal lobes
at 0 and 180°, by simply increasing
the number of elements.

Linear Array of Simple Sources.*
The geometric situation for this

: type of radiating array is shown in
Jo 4 . e
Ifta. 4.4 A linear array of n simple Flg. 4.4. The rn"ls sound pl:(’,SSlu:e
sources, vibrating in phase, located a produced at a point A by n identi-
distance & apart. The center of the  cal simple in-phase sources, lyillgin
array Is at distzlpcc rand angle 6 with a straieht line. the sources a dis-
respeet to the point of measurement A. e ! .

tance b apart and with the extent

d = (n — 1)b small compared with the distance r, is

nd, | sin [(nrb/N) sin 6]
= ST e ey .9
p r | nsin {(xb/X) sin 6] (4.9)
As a special case, let us assume that the number of points n becomes
very large and that the scparation b becomes very small.  Then, as
hefore,

d=(n— 1)b=nb (4.10)

and

B sin {(wd/X) sin 6] | /

p=p) TN sn 6| (+.11)

where py 1s the magnitude of the rms sound pressure at a distance r from
the array at an angle 8§ = 0. As before, it is assumed that the extent of
the array d is small compared with the distance r.

Plots of Eq. (4.9) for n = 4 and d = X/4, X/2, X, 37\/2, and 2)\ are
shown in ¥ig. 4.5. Similar plots for n — o« and b - 0, that is, I8q. (4.11),
are given in Iig. 4.6

The principal difference among Figs. 4.3, 4.5, and 4.6 for a given ratio
of array length to wavelength 1s 1n the suppression of the “side lobes.”
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That is, sound is radiated well in the § = 0° and 0 = 180° directions for
all three arrays. However, as the array becomes longer and the number
of elements becomes greater, the radiation becomes less in other directions
than at § = 0° and 6 = 180°.

———d=\/4 A\/4:D1=-05D8
d=A/2  A/2:DI~15DB
@ (b)

270°

AN
ARV
(T

180°
d-3\/2 Di«6.0DB d=2x DI~6.6DB’
(0 {d)

F16. 4.5. Directivity patterns for a linear array of four simple in-phase sources evenly
spaced over a length d. The boxes give the directivity index at 6§ = 0°. One angle
of zero directivity index is also indicated by the arrow,

Doublet Sound Source. A doublet sound source is a pair of simple
sound sources, separated a very small distance b apart and vibrating in
opposing phase. The geometric situation is shown in Fig. 4.7. The dis-
tance r to the point A is assumed to be large compared with the separation
b between the two sources.

1t can be clearly seen that the sound pressure at § = 90° and 8 = 270°
will be zero, because the contribution at those points will be equal from
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the two sources and 180° out of phase. The pressures at 8 = 0° and
6 = 180° will depend upon the ratio of b to the wavelength \. For
example, if b = A, we shall have zero sound pressure at those angles just
as we did for b = A/2 in the case of two in-phase sources. In the present
case, we have a maximum pressure at § = 0° and § = 180° for b = /2.

—— /4 A/4:D1-0.3 DB d=\ DI-35DB
A2 A/2:DI-1108B

d=3\/2 Di=-5.1 DB d=2\ Di-6.2 DB
o) @
F1c. 4.6. Directivity patterns for a linear line array radiating uniformly along its
length d. The boxes give the directivity index at 8 = 0°. One angle of zero direc-
tivity index ig also indicated by the arrow,

The usual case of interest, however, is the one for
b <K\ (4.12)

In this case, the complex rms pressure py at a point A can be shown to
equal®
% Kinsler and Frey, op. cit., pp. 280-285.
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pa(r,0) = &f;iob (+k -7 %) cos § g+ (4.13)

where Uy = rmsstrength in cubic meters per second of each simple source.

The ratio of the complex rms sound pressure pg; produced by the
doublet to the complex rms sound pressure p, produced by a simple source
is found by dividing Eq. (4.13) by Eq. (4.3). This division yields

%’ = —g (1 + jkr) cos 6 (4.14)

When the square of the distance r from the acoustic doublet is large
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F1e. 4.7. Doublet sound source. This type of source consists of two simple (point)
sources vibrating 180° out of phase. They are located a distance b apart and are at
an angle @ and a distance r with respect to the point of measurement A. The lower
half of the graph shows by the area of the circles the magnitude of @he_ sound pressure
as a function of angle . The upper half of the graph shows the variation of the radial
and tangential components of the particle velocity as a function of angle 6.

compared with A2/36 (k22 3> 1), Eq. (4.13) reduces to

= dp°:2zob cos § ek (4.15)
v

Pa

For this case the pressure varies with 6 as shown in Figs. 4.7 and 4.8. It
changes inversely with distance r in exactly the same manner as for the

simple source.
Near the acoustic doublet, for 2 K A?/36, Eq. (4.13) reduces to

pa = _po,g[:;ob 08 § eitx/2—kn) (4.16)
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Tror this case, the pressure also varies with cos 6 as shown in Fig, 1.8, but
it changes inversely with the square of the distance 7. We are still assum-
ing that r > 0.

Near-field and Far-field. 'The difference between near-field and far-field
behaviors of sources must always be bornein mind.  When the divectivity
pattern of a loudspeaker or some other sound source is presented in a
technical publication, it is always understood that the data were taken at
a distance r sufficiently large so that the sound pressure was decreasing
linearly with distance along a radial line connecting with the source, as
was the case for Kq. (4.15). This is the far-field case. For this to be
true, two conditions usually have to be met. First, the extent b of the

N A
180° 180° DI-48 DB
p/p0 directly 20 log (P/Po) _

(a) (b)
Fie. 4.8. Dircetivity pattern for a doublet sound source. (@) Sound-pressure ratio
p/paovs. 6. (b) 20 logie p/pavs. 8. The boxes give the directivity index at 8 = 0°,
One angle of zero directivity index is also indicated by the arrow.

radiating array must be small compared with r, and »? must be large com-
pared with A2/36. In acoustics the size factor indicated is usually taken
to be larger than 3 to 10.

One more item is of interest in connection with the acoustic doublet.
The particle velocity is composed of two components, one radially
directed, and the other perpendicular to that direction. At 8 = 0 and
180° the particle velocity is directed radially entirely (see Fig. 4.7). At
6 = 90 and 270° the particle velocity is entirely perpendicular to the
radial Iine. In between, the radial component varies as the cos 8 and the
perpendicular component as the sin 6.

An interesting fact is that at 8 = 90° and 270° a doublet sound source
appears to propagate a transversely polarized sound wave. To demon-
strate this, take two unbaflled small loudspeakers into an ancchoie
chamber.  Unbaffled loudspeakers (transducers) are equivalent to
doublets because the pressure increases on one side of the diaphragm
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whenever it decreases on the other.  Hold the two transducers about
0.5 m apart with both diaphragms facing the floor (not facing each other).
Let one transducer radiate a low-frequency sound and the other act as a
microphone connected to the input of an audio amplifier. As we see
from Fig. 4.7, no sound pressure will be produced at the diaphragm of the
microphone, but there will be transverse particle velocity. A particle
velocity is always the result of a pressure gradient in the direction of the
velocity. Therefore, the diaphragm of the microphone will be caused
to move when the two transducers are held as described above. When
one of the transducers is rotated through 90° about the axis joining the
units, the diaphragm of the microphone will not move because the
pressure gradient will be in the plane of the diaphragm. Hence, the
sound wave appears to be plane polarized.

You have now learned the elementary principles governing the direc-
tional characteristics of sound sources. We shall be able to use these

4

——~ Piston T

™ Infinitely large
% plane wall

Fia. 4.9. Rigid circular piston in a rigid bafile. The point of measurement A is
located at distance » and angle @ with respect to the center of the piston.

principles in understanding the measured or calculated behavior of some
of the more complicated sound sources found in acoustics.

4.3. Plane Piston Sources. Rigid Circular Piston in Infinite Baffle.
Many radiating sources can be represented by the simple concept of a
vibrating piston located in an infinitely large rigid wall. The piston is
assumed to be rigid so that all parts of its surface vibrate in phase and its
velocity amplitude is independent of the mechanical or acoustic loading
on its radiating surface. The rigid wall surrounding the piston is usually
called a baffle, which, by definition, is a shielding structure or partition
used to increase the effective length of the external transmission path
between the front and back of the radiating surface.

The geometry of the problem is shown in Fig. 4.9. We wish to know
the sound pressure at a point A located at a distance r and an angle 6 from
the center of the piston. To do this, we divide the surface of the piston
into a number of small elements, each of which is s simple source vibrating
in phase with all the other elements. The pressure at A4 is, then, the sum
in magnitude and phase of the pressures from these elementary elements
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This summation appears in many texts® and, for the case of r large com-
pared with the radius of the piston a, leads to the equation

p(r) = V2 jfpouera? [2Jl(ka' sin 6)
r ka sin 6

] piw(t—r/0) (4. 17)

where uo = rms velocity of the piston

J1( ) = Bessel function of the first order for cylindrical coordinates®

9¢° % «° 90°

ka=5 ka=10
DI=141DB DI=20DB
(e) )]

Fia. 4.10. Directivity patterns for a rigid circular piston in an infinite baffle as a
f\}nctlpg of. ka = 2mra/\, where a is the radius of the piston. The boxes give the
directivity index at 8 = 0°. One angle of zero directivity index is also indicated. The
DI never becomes less than 3 db because the piston radiates only into half-space.

The portion of Eq. (4.17) within the square brackets yields the direc-
tivity pattern and is plotted in decibels as a function of 8 in Fig. 4.10 for
six values of kg = 2ra/\, that is, for six values of the ratio of the circum-
ference of the piston to the wavelength.

When the circumference of the piston (2ra) is less than one-half wave-

¥ Morse, op. cit., pp. 326-346. A table of Bessel functions is given on page 444.
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length, that is, ka < 0.5, the piston behaves essentially like a point source.
When ka becomes greater than 3, the piston is highly directional. We
sce from Iig. 4.24 that an ordinary loudspeaker also becomes quite direc-
tive at higher frequencies in much the same manner as does the vibrating
piston.

Rigid Circular Piston in End of ¢ Long Tube.” In many instances,
sound is radiated from a diaphragm whose rear side is shielded from the
front side by a box or a tube. If the box does not extend appreciably
beyond the edges of the diaphragm, its performance may be estimated by
comparison with that of a rigid piston placed in the end of a long tube.

The geometrical situation is shown in Fig. 4.11. The pressure at point
A is again found by summing the pressures from a number of small ele-
ments on the surface of the piston, each acting as a simple source. The

A
n r

a 0

\— Long circular \‘ Piston
tube

FF1a. 4.11. Rigid circular piston in the end of a long tube.  The point of measurement
is located at distance r and angle 8 with respect to the center of the piston.

solution of this problem is complex, however, because radiation can take
place in all directions and the sound must diffract around the edge of the
tube to get to the left-hand part of space (Fig. 4.11). Hence, a theory
that includes the effects of diffraction must be used in solving the problem
analytically.

The results from such a theory are shown in Fig. 4.12 for six values of
ka. Tt is assumed here also that the distance r is large compared with a,
so that the directivity pattern applies to the far-field.

Rigid Circular Piston without Baflle.® To complete the cases wherein
pistons are commonly used, we present the results of theoretical studies on
the directivity pattern of a rigid piston of radius @ without any baffle,
radiating into free space. These results are shown graphically in Fig.
4.13 for four values of ka. It is interesting to note the resemblance
between these curves and those for an acoustic doublet. In fact, to a
first approximation, an unbaflled thin piston is simply a doublet, because
an axial movement in one direction compresses the air on one side of it
and causes a rarcfaction of the air on the other side.

7 1. Levine and J. Schwinger, On the Radiation of Sound from an Unflanged Circu-
lar Pipe, Phys. Rev., 73: 383-406 (Feb. 15, 1948).

317, M. Wiener, On the Relation between the Sound Fields Radiated and Diffracted
by Plane Obstacles, J. Acoust. Soc. Amer., 281 697-700 (1951).
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270°

(e) 180° — 180°
ka=3 DI=96 DB ( ba=383 |DI=118DB

Fic. 4.12. Dircctivity patterns for a rigid circular piston in the end of a long tube as a
function of ka = 2za/\, where a is the radius of the piston. The boxes give the direc-
tivity index at ¢ = 0°. One angle of zero directivity index is also indicated.
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Square or Rectangular Piston Sources.® RIGID SQUARE PISTON IN INFI-
NITE BAFFLE. This type of radiating source is not very common in
acoustics. It suffices to say here that the directivity pattern for such a
pision in a plane perpendicular to the piston and parallel to a side is
identical to that for a linear array of simple sources as given by Eq. (4.11).

ka=1 180° DI=5.1 DB
30

ka=4 180° DI=9.0 DB ka=5 180° DI=10.6 DB

Fig. 4.13. Directivity patterns for an unbaffled rigid circular piston of radius a
located in free space at an angle 8 a large distance r from the point of measurement A.
For ka < 1, the directivity pattern is the same as that for the doublet. The boxes
give the directivity index at ¢ = 0°. One angle of zero directivity index is also
indicated by the arrow,

The pattern in a plane that is parallel to either of the two diagonals differs
very little from that in a plane parallel to a side.

RIGID RECTANGULAR PISTON IN INFINITE BAFFLE. The directivity pat-
terns for this type of radiating source with dimensions d; and d; are given
by the formula
| sin [(wd;/N) sin 61] sin [(wd2/N) sin 6] | (4.18)

(wdy/\) sin 6, (wrd2/N) sin 6, | :

Directivity pattern =

? Olson, op. cit., pp. 39-40.
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where 6; = anglc between the normal to the surface of the piston and the
projection of the line joining the middle of the surface and the
obscrvation point on the plane normal to the surface and
parallel to d,
f; = same as 6y, with d. substituted for d,

Note that the directivity pattern is equal to the product of the dirce-
tivity patterns for two line arrays at right angles to each other {sec
Eq. (4.11)].

4.4. Curved Sources.’® In the preceding paragraphs of this part
we have dealt with the radiation of sound from straight-line and plane-
surface arrays. These types of arrays are closely resembled by open-
ended organ pipes, direct-radiator loudspeakers, simple horns, and other
devices. One characteristic common to all these arrays, except the
doublet array, is that they become more directional as the ratio of their
length to the wavelength becomes greater.  This is usually an undesir-
able trait for a loudspcaker to exhibit because it means that the spectrum

e 17"

F1a. 4.14. Parabolic megaphone suitable for use by a cheerleader in a football stadium.

of music or speech as reproduced will vary from one position to another
around the loudspeaker.

To overcome, in part, this increase in dircctivity with increasing fre-
quency, curved surfaces are commonly cmployed as sound radiators.
These surfaces can be made up of a number of small loudspeakers or small
horns or as a megaphone with a curved front.

Curved-line Source (Parabolic Megaphone). An example of a curved-
Iine source is the parabolic megaphone of Fig. 4.14. The megaphone
opening is thin enough (1 in.) to be roughly equivalent to a simple line
source for frequencies below 4000 ¢ps.  The horn is parabolic because the
sectional area is proportional to the distance from the apex.

The sound pressure at a point A a distance r from the apex is found by
summing the pressures in amplitude and phase originating from an
assumed curved line composed of simple sources.  When the distance ris

W Ibid., pp. 10 47,
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90> -90°
R=4A R=8A

F16. 4.15. Directivity patterns for the parabolic megaphone of Fig. 4.14 in the planc
containing the arc of the opening.

q

A
AR

‘ 7 /
- .
.
Fic. 4.16. Multicellular horns with curved radiating fronts. (a) 3 X § = 15 cells

v
B) 2 X 4 = 8 cells.

./

!

0K

large compared with the radius R of the horn, we obtain the directivity
patterns shown in Fig. 4.15.

This simple case illustrates basic principles applicable to all curved
radiating sources. At low frequencies the curved source is largely non-
directional. As the frequency is increased, the source bhecomes more
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directional, achieving its minimum angle of spread when the chord of the
curved source is approximately equal to one wavelength. At high fre-
quencies, the directivity pattern becomes broader, reaching its maximum
width when it becomes equal to the width of the arc expressed in degrees,
for example, 90° in Fig. 4.14.

Curved-surface Sources (Multicellular Horns). The most common
curved-surface sources found in acoustics at the present time are multi-
cellular horns. Two typical examples of such curved-surface horns are
shown in Fig. 4.16.

The beam width of the directivity pattern was defined as the angular
distance between the two points on either side of the principal axis where
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Fic. 4.17. Beam widths of multicellular horns constructed as shown in the inscrt
and as sketched in Fig. 4.16.

Beam width (total angle betwee

8
10,000

the sound pressure level is down 6 dbt from its valueat § = 0. The beam
widths of the directivity patterns for two, three, four, and five cell widths
of multicellular horns were measured on commercial units and are shown
in Fig. 4.17. These data are useful in the design of sound systems.

It should be noted that the minimum beam width occurs when the arc
of the multicellular horn about equals X\.  Also, at high frequencies the
beam reaches a width of about n - 25° — 15° for the size of cell shown in
Fig. 4.17. The theoretical directivity indexes for these maximum widths
of beams are found from the nomogram in Fig. 4.22, which is based on the
sketch of Fig. 4.21.

t No standard value has been chosen for the number of decibels down from the
8 = 0 value of the sound pressure level in determining beam width.  Values of 3, 6,
and 10 db are often encountered in the literature.
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parRT X1 Direclivily Index and Direclivily Faclor

Charts of the directivity patterns of sound sources are sufficient in
many cases, such as when the source is located outdoors at a distance
from reflecting surfaces. Indoors, it 1s necessary in addition to know
something about the total power radiated in order to calculate the
reinforcing effect of the reverberation in the room on the output of the
sound source. A number is calculated at each frequency that tells the
degree of directivity without the necessity for showing the entire direc-
tivity pattern. This number is the directivity factor or, when expressed
in decibels, the directivity index.

4.6. Directivity Factor [Q(f)]. The directivity factor is the ratio of
the intensityt on a designated axis of a sound radiator at a stated distance
7 to the intensity that would be produced at the same position by a point
source if it were radiating the same total acoustic power as the radiator.
Tree space is assumed for the measurements. Usually, the designated
axis 1s taken as the axis of maximum radiation, in which case @(f) always
exceeds unity. In some cases, the directivity factor is desired for other
axes where Q(f) may assume any value equal to or greater than zero.

4.6. Directivity Index [DI(f)]. The directivity index is 10 times the
logarithm to the base 10 of the directivity factor.

DI(f) = 10logio &(f) (4.19)

4.7. Calculation of Q(f) and DI(f). The intensity I at a point removed
a distance r from the acoustical center of a source of sound located in free
space is determined by first measuring the effective sound pressure p and
letting I = |p|%/poc. If the source is a point source so that I is not a
function of 8 and is located in free space, the total acoustic power radiated
18
W, = 4mr2f

If the source is not a point source, the total acoustic power radiated is
determined by summing the intensities over the surface of a sphere of
radius r. That is, the total radiated power is

W= = / / p*(8,8,r) sin 0 d6 d¢ (4.20)
poC Jo 0

where the coordinate of any point in space is given by the angles 6 and ¢

and the radius r (see Fig. 4.18) and p*(6,¢,r) equals the mean-square

sound pressure at the point designated by 6, ¢, and r.

1 See the definition for intensity on page 11. The intensity equals the sound pres-
sure squared, divided by poc for a plane wave in free space or for a spherical wave.
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Usually an analytical expression for p(8,¢) does not exist. In practice,
therefore, data are taken at the centers of a number of areas, approxi-
mately equal in magnitude, on the surface of a sphere of radius r sur-
rounding the source. As an example, we show in Fig. 4.19a a spherical

de
/
Y
X ]

Fia. 4.18. Coordinate system defining the angle 6 and ¢ and the length r of a line
connecting a point A to the center of a sphere. The area of the incremental surface
dS = r2sin 6 d0 d¢.

Coordinates of mid- points of sectors
Sector Coordinate
numbers X Y yA
1-8 +143 A3 A3
9-12 10934 +0357 0
13-16 0 10934 +0357
17-20 *0.357 0 +0934

Elevation view

H (%)

12 9

A
n . N\

View from top of sphere Plan view

(a) (¢)
Fic. 4.19. (a) Division of a spherical surface into 20 equal areas of identical shape.
(b) and (c) Division of hemisphere into 8 parts of equal area but unequal shape.

surface divided into 20 equal parts of the same shape. The measured
intensities on each of these parts may be called Iy, I, I5, etc. The total
power radiated W is found from

W = Ilsl + Izsz + e + 120320 (4421)
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where Sy, 83, . . . , S are the areas of the 20 parts of the spherical sur-
face. If, asin Fig. 4.19a, the surface is divided into 20 equal parts, then
8y =8:=8;= -+ =83 For less critical cases, it is possible to

divide the spherical surface into 16 parts of equal area but of different
shape, as we can see from Fig. 4.19b and c.
By definition, the directivity factor Q(f) is

Q) = [Pl A lpes” (4.22)

b W [ [ p,6)1 sin 0 do dg

where |pa.|? is the magnitude of the mean-square sound pressure on the
designated axis of the sound source at a certain distance r (see Fig. 4.23,
0° axis, as an example).

For the special case where, for any particular value of 6, the sound
pressure produced by the sound source is independent of the value of ¢,
that is to say, there is an axis of symmetry, Eq. (4.22) simplifies to

47 pas’
Q) = - : (4.23)
o L p(8) sin 0 df

The magnitude signs are left off for convenience.

Many sources, such as loudspeakers, are fairly symmetrical about the
principal axes so that Eq. (4.23) is valid. In this case, data are generally
taken at a number of points with the angles 6. in a horizontal plane
around the source so that

Q) = 1so°(/4A1orp“2) (573) (4.24)

2w 2 p%(8,) sin 6, A8

n=1

where A§ = separation in degrees of the successive points around the
sound source at which measurement of p(8,) was made (see
Fig. 4.23 as an example).
180°/A6 = number of measurements that were made in passing from a
point directly in front of the source to one directly behind the
source (0 to 180°). The sound source is assumed to be
symmetrical so that the variation between 360 and 180° is
the same as that between 0 and 180°.

If the source is mounted in an infinite baffle, measurement is possible
only in a hemisphere. Hence, the value of n in Eq. (4.23) varies from
1 to 90°/A6. If the source in an infinite baffle is nondirectional in the
hemisphere, which is usually the case for ka < 0.5, then the directivity
factor @ = @ = 2, that is, DI = 3 db.

If the directivity pattern is not quite symmetrical, then the factor of 4
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in the numerator of Eq. (4.23) becomes 8 and the value of n varies from
1 to 360°/A6. This, in effect, averages the two sides of the directivity
pattern.

The directivity index at 8 = 0° for each directivity pattern shown in
Part X and in this part is written alongside each directivity pattern.

20 T T T T TT7 T T T T 711 ;go
18} 7
—50
» 161 —140
3 —30
é 141~ Piston in end of 120 ?
T2t a long tube ‘é
ol R}
210 . . yavd 102
= Circular piston v 7 2
z 8 in infinite baffle /9% 1 8
g ok e 1
R S P Unbaffled -3
41— — piston 2
21
—
) e T L1 1 L4 1r1tih
04 2 3 4 S 13 8 LO 2 3 4 S 6 8 10

ka= (wa/c) = (27a/7\)
Fic. 4.20. Directivity indexes for the radiation from (1) one side only of a piston in an

infinite plane baffle; (2) a piston in the end of a long tube; and (3) 2 piston in free
space without any baffle.

The reference axis is the principal axis at § = 0in every case. An angle
6 at which the directivity index equals 0 db is also marked on these
graphs. Hence, the directivity index at any other angle 8 can be found
by subtracting the decibel value for that axis from the decibel value at the
axis where DI = 0.

F1a. 4.21. Radiation into a solid cone of space defined by the angles « and 8.

For easy reference, the directivity indexes for a piston in (1) an infinite
plane baffle, (2) a long tube, and (3) free space are plotted as a function of
ke in Fig. 4.20.

Many horn loudspeakers at high frequencies (above 1500 cps) radiate
sound uniformly into a solid rectangular cone of space as shown in Fig.
4.21. These horns are of the type discussed in Par. 4.4 (page 106). The
directivity indexes in the frequency range above 1500 cps as a function of
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a and 8 may be estimated with the aid of the nomogram given in Fig.
4.22.1

Detailed calculations are shown in Table 4.1 for a box-enclosed loud-
speaker having the directivity pattern at a frequency of 1500 c¢ps shown

Directivity
o index - DB
1702 e -180° 30 180% 170°
150° 2B 40 WEE 1500
140° 140°
130° 50 130°
120° 1200
110° 50 o
65 110
100° 70 100°
95° 75 95°
90° 90°
80
85° 85°
80° 85 80°
75° %0 75°
95
70 ° 700
‘100 .
65 -] 650
105
60° 110 60°
55° 115 55°
120
50° 125 50°
130
45° 45°
135
140.
40° 40°

Fia. 4.22. Nomogram for determining the directivity indexes of a source of sound
radiating uniformly into a solid cone of space of the type shown by Fig. 4.21. [After
Molloy, Calculation of the Directivity Indez for Various Types of Radiators, J. Acoust.
Soc. Amer., 20: 387-405 (1948).]

in Fig. 4.23. The left (L) and right (R) sides of the directivity character-
istics are not alike, so that the averaging process of the previous para-
graph is used.

11 C. T. Molloy, Calculation of the Directivity Index for Various Types of Radiators,
J. Acoust. Soc, Amer., 20: 387-405 (1948).
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350 CPS
0° (ka=0.83)
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6000 CPS
(ha=3.55) (ka=7.1} (ka=14.2)

Fic. 4.23. Measured directivity patterns for a typical 12-in. direct-radiator loud-
:§peaker in a 27- by 20- by 12-in. rectangular box. The squares give the directivity
index at 8 = 0°.  One angle of zero directivity index is also indicated.
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Fre. 4.24. Directivity indexes for 0° axes of the directivity patterns of Fig. 4.23 com-
puted as though the source were symmetrical about the 0° axis. The data apply to a

lt)ypica] 12-in. direct-radiator loudspeaker mounted in a 27- by 20- by 12-in. rectangular
0X.
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After a directivity factor has been calculated at each frequency, a plot
of directivity index DI(f) in decibels is made with the aid of Eq. (4.19).
For the loudspeaker with the directivity patterns of Fig. 4.23, the direc-
tivity index as a function of frequency is shown in Fig. 4.24.

TABLE 4.1. Calculation of Directivity Index DI(f)t

2
B Directivity \ 2(0) l P(n) |* sin 8,
. an paz
s 8,

L R L, db R, db L R L R
355 5 0.087 0 —0.2 1.00 0.95 0.09 0.08
345 15 0.259 0 ~1.0 1.00 0.79 0.26 0.21
335 25 0.423 —-1.5 -3.0 0.71 0.50 0.30 0.21
325 35 0.574 -3.5 —6.0| 0.45 0.25 0.26 0.14
315 45 0.707 -5.7]1 —-10.0{ 0.27 0.10 0.19 0.07
305 55 0.819 ~-8.6| —14.5 0.14 0.04 0.11 0.03
295 65 0.906 —11.7 | —18.5 0.07 0.01 0.06 0.01
285 75 0.966 —15.4 | —22.3 | 0.03 0.01 0.03 0.01
275 85 0.996 —18.4 | —23 0.01 0.01 0.01 0.01
265 95 0.996 —20 —20 0.01 0.01 0.01 0.01
255 105 0.966 —20 —20 0.01 0.01 0.01 0.01
245 115 0.906 —20 —20 0.01 0.01 0.01 0.01
235 125 0.819 —-20 —20 0.01 0.01 0.01 0.01
225 135 0.707 —20 —20 0.01 0.01 0.01 0.01
215 145 0.574 —20 —20 0.01 0.01 0.01 0.01
205 155 0.423 —20 —20 0.01 0.01 0.00 0.00
195 165 0.259 —20 —20 0.01 0.01 0.00 0.00
185 175 0.087 —20 —20 0.01 0.01 0.00 0.00
1.37 0.83

8r X 57.3° 23
Q) =3 = fa7 ross 104

2
sin 6, X 10°

3152

DI(f) = 101log 10.4 = 10.2 db

1 At f = 1500 cps for a commercially available loudspeaker having the directivity
patterns shown in Fig. 4.23. The quantity A8 = 10° = #/18 radians.



CHAPTER 5

ACOUSTIC COMPONENTS

pPART X1 Radiation Tmpedances

The fields of radio and television have advanced rapidly because of the
availability of clectrical components with well-known physical properties
that are simple to assemble into s completed mechanism. With such
components (resistors, capacitors, and inductors) the advanced research
engincer and the high-school student alike are able to experiment with
new circuits. Such complicated devices as electric-wave filters often can
be designed by selecting from among readily available parts until a
desired performance characteristic is achieved- —a feat that otherwise
might require a lengthy mathematical analysis.

No such satisfactory situation exists in the field of acoustics. Acous-
tical elements have not been available commercially. Advanced text-
books have often side-stepped the thcoretical treatment of their per-
formance. Even those texts which deal primarily with acoustic devices
give limited information on how to predict the performance of cavities,
holes, tubes, screens, slots, and diaphragms—the elements of acoustical
circuits.  This text does not pretend to advance the science of acoustical-
circuit theory to anything approaching a state of completion. Much
basic research remains to be done. It does attempt to interpret the
latest theories in such a way that the veader can construct and understand
the performance of the usual types of acoustic devices.

Loudspeakers, microphones, and acoustic filters are the most common
devices composed of mechanical and acoustical elements. One obvious
acoustical element is the air into which the sound is radiated. Others are
air cavities, tubes, slots, and porous screens both behind and in front of
actively vibrating diaphragms. These various elements have acoustic
impedances associated with them, which can, in some frequency ranges,
be represented as simple lumped elements.  In other frequency ranges,
distributed elements, analogous to electric lines, must be used in explain-
ing the performance of the devices.

116
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The first acoustical element that we shall deal with is the radiation
impedance of the air itself. Radiation impedance is a quantitative state-
ment of the manner in which the medium reacts against the motion of a
vibrating surface.

Sound is produced by vibrating surfaces such as the diaphragm of a
loudspeaker. In addition to the energy required to move the vibrating
surface itself, energy is radiated into the air by the diaphragm. Part of
this radiated energy is useful and represents the power output of the loud-
speaker. The remainder is stored (reactive) energy that is returned to
the generator. Consequently, the acoustic impedance has a real part,
accounting for the radiated power, and an imaginary part, accounting for
the reactive power.

u U
O o—
Zy—> analpyes 4ma’p, Tf Z,— .f%:_z 3 ‘_‘% Tp
o— o
(a) (b)
1 4ma?
[ tpolre S S 3
Zy—> ara’p, = Tu 2y —> 35% = TU
o— o
(c) (d)

Fia. 5.1. Exact radiation impedances and mobilities for all values of ka for a sphere
with a surface that vibrates radially. (a) Mechanical-impedance an_alogy;_ '(b)
acoustic-impedance analogy; (¢) mechanical-mobility analogy; (d) acoustic-mobility
analogy. The quantity a is the radius of the sphere.

The four simplest types of vibrating surface treated here are (1) a
pulsating sphere, (2) a plane circular piston mounted in an infinite surface
(baffle), (3) a plane circular piston in the end of a long tube, apd 4) a
plane circular piston without a baffle. We have already derived the
radiation impedance for a pulsating sphere. The mathematical solution
of the radiation from a circular piston mounted in an infinite baffle appears
in many advanced texts so that only the results will be presented here.!
More complicated problems are to solve analytically for the radiation
impedances and directivity patterns of a long tube and a vibrating piston
without baffle. Those solutions are now available, and the results are
given in this part. Most other types of vibrating surfaces are exceed-
ingly difficult in mathematical treatment, and the results will not be
presented here.

1P, M. Morse, “Vibration and Sound,” 2d ed., pp. 326-346, McGraw-Hill Book
Company, Inc., New York, 1948.



118 ACOUSTIC COMPONIENTS [Chap. 5

5.1. Sphere with Uniformly Pulsating Surface. In Part 1V we derived
the radiation impedance for a sphere with a uniformly pulsating surface.
Tror the results, refer to Eq. (2.64) and IFig. 2.10.

It is seen from Fig. 2.10 that for ka < 0.3, that is, when the diameter is
less than onc-tenth the wavelength, the impedance load on the surface of
the sphere 15 that of a mass reactance
because the resistive component is negli-
gible compared with the reactive compo-
nent.  Thismass loading may be thought,
of as a layer of air on the outside of the
sphere, the thickness of the layer equal-
ing 0.587 of the radius of the sphere.

At all frequencies, the loading shown

» in I'ig. 2.10 may be represented by the
infinitely large . . X I ,

plane wall equivalent circuits of Fig. 5.1.  The ele-
Fia. 52 Plane circular  piston  ment sizes for the mechanical and acous-
vibrating - perpendicalar tothe  i¢ mobilities and impedances are given
planc of an infinite wall. with the circuits.

5.2. Plane Circular Piston in Infinite Baffle. 'I'he mechanical imped-
ance in ks mechanical ohms (newton-sceconds per meter) of the air load
upon one side of a plane piston mounted in an infinite baffle (see Iig. 5.2)
and vibrating sinusoidally 1523

. TPoC

7 g

.11(2ka>] K\(2ka) (5.1)

ZM = Pu +_71\7nr = Wazpu(f[l — - >/V"a

where Zx = mechanical impedance in newton-seconds per meter, t.e.,
mks mechanical ohms.
a = radius of piston i meters.
pu = density of gas in kilograms per cubic meter.
¢ = speed of sound in meters per second.

Nu = mechanical resistance in newlon-seconds per meter. The
German 9t indicates that the resistive component is a fune-
tion of frequency.

X u» = mechanieal reactance in newton-seconds per meter.

k = w/c = 2x/X = wave number.
J1, K1 = two types of Bessel function given by the series. 4

2, I8 Kinsler and A, R. Frey, “Fundamentals of Acoustics,” pp. 187--195, John
Wiley & Sons, Ine., New York, 1950.

8 Morse, op. cil,, pp. 332, 333. Morsc gives in Table VIIT on page 447 a function
M (2ka) that cquals K ((2ka) /2k%a®.

4G, N. Watson, “Theory of Besscl Functions,”” Cambridge University Press,
London, 1922,
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_w_ W we o _owr
I =g~ ta s mopEey (5.2)
2(Ws W wr
K‘(W)”?r<?_32-5+32-52-7'") (53)

where W = 2ka.
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Fie. 5.3. Real and imaginary parts of the normalized mechanical impedance
(Z u/ma%pec) of the air load on one side of a plane piston of radius ¢ mounted in an
infinite flat baffle. Frequency is plotted on a normalized scale, where ka = 2rfa/c =
2ra/N. Note also that the ordinate is equal to Z,ma?/pec, where Z4 is the acoustic
impedance.

Graphs of the real and imaginary parts of

Zy  Ru+jXu
ra’poC wa%pocC

(5.4)

are shown in Fig. 5.3 as a function of ka. The German R indicates that
the quantity varies with frequency.

Similar graphs of the real and imaginary parts of the mechanical
mobility

. R . X
Z2umalpec = wa%poC(tu + JTu) = wa’poc <§?§M2 +MXM2 ) Rl _+_MXM2> (5.5)
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are shown in Fig. 5.4. The mechanical mobility is in meters per newton-
second, 7.e., mks mechanical mohms.

The data of Fig. 5.3 are used in dealing with impedance analogies and
the data of Fig. 5.4 in dealing with mobility analogies.

We see from Fig. 5.3 that, for ka < 0.5, the reactance varies as the first
power of frequency while the resistance varies as the second power of fre-
quency. At high frequencies, for ka > 5, the reactance becomes small
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Fic. 5.4. Real and imaginary parts of the normalized mechanical mobility (wa*poczar)
of the air load upon one side of a plane piston of radius @ mounted in an infinite flat
bafle. Frequency is plotted on a normalized scale, where ke = 2zfa/c = 2za/)
Note also that the ordinate is equal to zapec/xa?, where z4 is the acoustic mobility.

compared with the resistance, and the resistance approaches a constant,
value.

The mobility, on the other hand, is better behaved. The responsive-
ness is constant for ka < 0.5, and it is also constant for ka > 5 although
its value is larger.

Approximate Analogous Circuits. The behavior just noted suggests
that, except for the wiggles in the curves for ka between 1 and 5, the
impedance and the mobility for a piston in an infinite baffle can be
approximated over the whole frequency range by the analogous circuits
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of Fig. 5.5. 'I'hose circuits give the mechanical and acousiicimpedances
and mobilities, where

Ruz = ma’poc mks mechanical ohms (newton-sec/m) (5.6)
Ry = RMz + RM1 = 128&2poc/97r
= 4.53a%po¢c mks mechanical ohms (5.7)

Ry = 1.386a%p,c mks mechanical ohms (5.8)
Cu1 = 0.6/apec® m/newton (5.9)
My = 8a%p0/3 = 2.67a%00 kg (5.10)
ruz = 1/ma%poc = 0.318/a%poc mks mechanical mohms (5.11)
rus = 0.721a%pec mks mechanical mohms (5.12)
Ras = poc/ma? = 0.318pec/a® mks acoustic ohms (5.13)
R4 = Raz + R4 = 128poc/9m%a?
= 0.459poc/a® mks acoustic ohms (5.14)
R4y = 0.1404p4c/a? mks acoustic ohms (5.15)
Ca1 = 5.94a%/pc* m®/newton ) (5.16)
Mar = 8po/37%a = 0.27py/a kg/m* (5.17)
T42 = wa*/poc mks acoustic mohms (5.18)
ra1 = 7.12a%/pec mks acoustic mohms (5.19)
o v O~ U
i Ruy F Cmy SR Ca
Zy— Tf My Z,— TP T My
2Ry, 2 Raz
(o0 O
(a) (b)
o— { i -4 o———g——l
My ¢, My
Ml Al
2y — TU STz > TU $he
CMI CAI
o—— o—
() (d)

Fia. 5.5. Approximate radiation impedances and mobilities for a piston in an infinite
bafic or for a piston in the end of a long tube for all values of ka. (o) Mechanical-
impedance analogy; () acoustic-impedance analogy; (¢) mechanical-mobility analogy;
(d) acoustic-mobility analogy.

All constants are dimensionless and were chosen to give the best
average fit to the functions of Figs. 5.3 and 5.4.

Low- and High-frequency Approzimations. At low and at high fre-
quencies these circuits may be approximated by the simpler circuits given
in the last column of Table 5.1.

It is apparent that when ka < 0.5, that is, when the circumference of
the piston 2ma is less than one-half wavelength A/2, the impedance load
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presented by the air on the vibrating piston is that of a mass shunted by a
very large resistance. In other words R? = (2, + »)? is large com-
pared with w?M,%  In facl, this loading mass may be imagined to be a
layer of air equal in area to the area
of the piston and equal in thickness to
about 0.85 times the radius, because

Piston of radius a

(ra?)(0.85a)po = 2.67a’00 = M,

Long tube At high frequencies, ka > 5, ‘thc air
Frc. 5.6. Piston vibrating in the load behaves exactly as though it were
end of a long tube. connected to one end of a tube of the

same diameter as the piston, with the
other end of the tube perfectly absorbing. As we saw in Eq. (2.60), the
input mechanical resistance for such a tube is ra%c. Hence, intuitively
one might expect that at high frequencies the vibrating rigid piston beams
the sound outward in lines perpendicular to the face of the piston. This

20 T TTTT TTTTI
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Fia. 5.7. Real and imaginary parts of the normalized mechanical impedance (Zy/
ra’poc) of the air load upon one side of a plane piston of radius ¢ mounted in the end
of a long tube.  Frequency is plotted on a normalized scale, where ka = 2xfa/c =
2wa/N. Note also the ordinate is equal to Zsma?/pec, where Zy4 is the acoustic

impedance,
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is actually the case for the near-field. At a distance, however, the far-field
radiation spreads, as we learned in the preceding chapter.

6.3. Plane Circular Piston in End of Long Tube.® The mechanical
impedance (newton-seconds per meter) of the air load on one side of a
plane piston mounted in the end of a long tube (see Fig. 5.6) and vibrating
sinusoidally is given by a complicated mathematical expression that we
shall not reproduce here.
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Fi1c. 5.8. Real and imaginary parts of the normalized mechanical mobility (wra2pecza)
of the air load upon one side of a plane piston of radius a mounted in the end of a
long tube. Frequency is plotted on a normalized scale, where ka = 2rxfa/c = 2wa/\.
Note also that the ordinate is equal to zspoc/ma? where z4 is the acoustic mobility.

Graphs of the real and imaginary parts of the normalized mechanical
impedance Z y /ma’poc as a function of ka for a piston so mounted are shown
in Fig. 5.7. Similar graphs of the real and imaginary parts of the normal-
ized mechanjcal mobility are shown in Fig. 5.8. The data of Fig. 5.7 are
used in dealing with impedance analogies and those of Fig. 5.8 in dealing
with mobility analogies.

To a fair approximation, the radiation impedance for a piston in the
end of a long tube may be represented over the entire {requency range by

5 H. Levine and J. Schwinger, On the Radiation of Sound from an Unflanged Circu-
lar Pipe, Phys. Rev., 73: 383406 (1948).
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TABLE 5.1. Radiation Impedance and Mobility for One Side of a Plane Piston in Infinite Bafflet
Mechanical Specific acoustic Acoustic
Impedance = drop p = drop p = drop Analogous circuits
u = flow u = flow U = flow
»
ka < 0.5: m Q
Series resistance, i Ry = L.57w?a'p/c Rs = 0.5w?a2p/c R4 = 0.159w2s,/c MRS M g
Shunt resistance, R Rur = 4.53a%.c Rs = 1.441pyc R4 = 0.459p4c/a? 1977 '’
Mass, M, M = 2.67a%, Mg, = 0.84%ap, M4, = 0.270p0/a — :]'
3 O
ka > 5: ::Rz O
Resistance, R, Ry = walpoc Rsa = poc Ras = poc/mal o
2
. u = drop u = drop U = drop <
Mobility f = flow p = flow p = flow g
=
ka < 0.5: — 2
Series responsiveness, r ra = 0.221/a2pec rs = 0.694/poc ra = 2.18a?/pyc M r ;
Mass, M, Mur = 2.67a%p, Mg, = 0.849ap, May = 0.270p0/a
ka > 5: Y
Responsiveness, 7z raz = 1/mapoc rss = 1/poc ra2 = wat/poc ST
t+ This table gives element sizes for analogous circuits in the region where ka < 0.5and ka > 5.0. All constants are dimensionless. In
the region between 0.5 and 5.0, the approximate circuits of Fig. 5.5 or the exact charts of Figs. 5.3 and 5.4 should be used. o)
o
]
(%]
%)
-]
=
. s . . . >
TABLE 5.2. Radiation Impedance and Mobility for the Outer Side of a Plane Piston in End of Long Tubet —
Mechanical Specific acoustic Acoustic
Impedance # = drop p = drop p = drop Analogous circuits
u = flow u = flow U = flow
=
ka < 0.5: R TL ;
Series resistance, R Ru = 0.7854w3a*p,/c Rs = 0.247wa?pe/c Ra = 0.0796wpy/c M, RS M, =
Shunt resistance, R Ry = 4.73a%p.c Rs = 1.505p0¢ R4 = 0.479pc/a? ) >
Mass, M, My = 1.927a%p0 Mg = 0.6133ap, Mau = 0.1952p0/a — =
o
ka > 5: itn? 2
Resistance, Ra Ruys = mwalpoc Rsa = poc Raz2 = poc/wal — E
2~}
- u = drop u = drop U = drop -
Mobility f = flow p = flow p = flow o]
>
ka < 0.5: — g
Series responsiveness, r ry = 0.2116/a%poc rs = 0.665/poc ra = 2.09a%/poc My r o=
:\I&SS, A[l MM[ = ].927(1390 A[SI = 0.6]330})0 MA] = 0.1952[)0/(1 v
ka > 5: :Erz
Responsiveness, r2 T2 = 1/ma%pec rse = 1/poc T4z = wa?/poc 1

t This table gives element sizes for analogous circuits in the regions where ka < 0.5 and ka > 5.

All constants are dimensionless. For

the region between 0.5 and 5.0, the approximate circuits of Fig. 5.5 or the exact charts of Figs. 5.7 and 5.8 should be used.

¢zl
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Radiation Impedance for Both Sides of a Plane Circular Disk in Free Spacet

TABLE 5.3.

ACOUSTIC COMPONENTS
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gous circuits in the region where ka < 0.5and ka > 5. All constants are dimensionless.

t This table gives element sizes for analo
the region between 0.5 and 5.0, the chart of Fig. 5.9 should be used.
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F1c. 5.9. Real and imaginary parts of the normalized mechanical impedance (Zy/
wa’poc) of the air load upon both sides of a plane circular disk of radius a in free space.
Frequency is plotted on a normalized scale, where ka = 2nfaf/c = 2xa/N. Note
also the ordinate is equal to Z,7a?/poc, where Z is the normalized acoustic impedance.

the same analogous circuits used for the piston in an infinite bafle and
shown in Fig. 5.5, where the elements now are

RM2
B

RMI
Cin
My

Tum2

M1

R4,
R4

B
Ca
Ma

= wa’poc mks mechanical ohms
= Rus + Ry = 47w(0.6133)%a2p,c
= 4.73a%p¢¢ mks mechanical ohms

= 0.5047a%pc = 1.58a%po¢ mks mechanical ohms
= 0.55/apec* m/newton
= 0.6133wa%po = 1.927a%, kg
= 1/ma%pec = 0.318/a%psc mks mechanical mohms
= (.633/a%poc mks mechanical mohms
= poc/ma? = 0.318pyc/a? mks acoustic ohms
= Ru + RM = (4)(0.6133)2poc/1ra2

= 0.479p0c/a? mks acoustic chms
0.504poc/ma® = 0.1604p0c/a? mks acoustic ohms
5.44a%/poc? m®/newton
= 0.1952p¢/a kg/m*

I

(5.20)

(5.21)
(5.22)
(5.23)
(5.24)
(5.25)
(5.26)
(5.27)

(5.28)
(5.29)
(5.30)
(5.31)
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T42 = wa?/poc mks acoustic mohms (5.32)
6.23a%/pec ks acoustic mohms (5.33)

I

Ta1

In the frequency ranges where ka < 0.5 and ka > 5, analogous circuits
of the type shown in Table 5.2 may be used.

6.4. Plane Circular Free Disk.c A disk in free space without sur-
rounding structure is a suitable model, at low frequencies, for a direct-
radiator Joudspeaker without a baflle of any sort. A simple equivalent
cireuit, approximately valid for all frequencies like those shown in Fig.
5.5, cannot be drawn for this case. At very low frequencies, however, it
is possible to represent the impedance by a series combination of a mass
and a frequency-dependent resistance just as was done for the pistons in
baffes.

Graphs of the real and imaginary parts of the normalized mechanical-
impedance load on both sides of the diaphragm, Z u /mapoc, as a function of
ka for the free disk, are shown in Fig. 5.9. The data of ig. 5.9 are used
in dealing with impedance analogics. The complex mobility can be
obtained by taking the reciprocal of the complex impedance.

In the frequency ranges where ka < 0.5 and ka > 5, analogous circuits
of the type shown in Table 5.3 may be used.

vart X111 Acoustic Elements

5.5. Acoustic Compliances. Closed Tube. In Eq. (2.50) we showed
that a length of tube, rigidly closed on one end, with a radius in meters
greater than 0.05/+// and less than 10/f had an input acoustic impedance
(at the open end) of

. Z, — Jpnc ,
s = v T wa? cot ki (5.34)

where Z4 = acoustic impedance in mks acoustic ohms

Z. = speetlic acoustic impedance in mks rayls
a = radius of tube in meters

I" = length of tube in meters
For values of £ that are not too large, the cotangent may be replaced by
the first two terms of its equivalent-series form
1 kU (k)

cot Iﬂl’ = /\]; - ,3# - ’Zl'r) ST e (535)

6 1. M. Wicner, On the Relation between the Sound Fields Radiated and Diffracted
by Plane Obstacles, J. Acoust. Soc. Amer., 231 697 700 (1951).
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Equation (5.34) becomes
. . 1 . Upe
7, = — I opPe 5.36
4 J w(V/poc?) e 3ma? ( )

where V = l'ra? = volume of air in the tube. The acoustic impedance
Z4 is a series combination of an acoustic mass (I’pe/3ra?) and an acoustic
compliance (V/pec?). Equation (5.36) is valid within 5 per cent for I's up
to about \/7.}

If the impedance of the cavity is represented by the series combination
of an acoustic mass and an acoustic compliance as is shown by Eq. (5.36),
a lumped-circuit representation is permissible out to dimensions of
I = 2/8. In this case the shape of the cavity is important because the
magnitude of the inductance involves the ratio l/wa? that is, length
divided by cross-sectional area. Such a series combination of mass and
compliance is shown in Fig. 5.11a.

Closed Volume. If the second term of Eq. (5.36) has a magnitude that
is small compared with that of the first term, 5 per cent perhaps that of
the first term, we may neglect it and

) 1 .1
Za=—J w(V/poc?) =7 wCya (5:37a)
where v
174
Co= = (5.38)

is an acoustic compliance with the units of m5/newton. The 5 per cent
restriction given above means that I’ should be less than (A\/16), where
A is the wavelength in meters. Such a compliance is shown in Fig. 5.11b.
For quite small pistons, provided the largest dimension of the cavity does
not exceed about one-eighth wavelength, the acoustic impedance pre-
sented to the piston 1s

ZA - 1 . 0.85p0

ISPy T T
For the second term to be negligible within 5 per cent (ax?/V’) should bhe
greater than about 200. For intermediate sized pistons, the discussion
on page 217 should be studied.

An acoustic compliance obtained by compressing air in a closed volume
is a two-terminal device as shown in Fig. 5.11b, but one terminal must
always be at “ground potential.”” That is to say, one terminal is the out-
side of the enclosure housing the cavity, and it is usually at atmospheric
pressure. With such an arrangement for an acoustic compliance (see
Figs. 3.25 and 3.31 for examples) it is never possible to insert a compliance
between acoustic resistors or acoustic masses as, for example, in the upper
branches of Fig. 3.32.

1 In Eq. (5.42) we define the acoustic mass of a short open-ended tube as equaling

Ma = pol’/za?. Hence, to this approximation, the mass for a closed tube is one-third
that for an open tube.

(5.370)
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Stiffness-controlled Diaphragm. To obtain a ‘““series”’ type of acoustic
compliance a diaphragm or stretched membrane must be used. Dia-
phragms and membranes resonate at various frequencies so that the fre-
quency range where they act as compliances is restricted to that region
well below the lowest frequency of resonance. A combination of series
acoustic compliance, resistance, and mass is shown in Fig. 5.10.

Low resistance 2

IARANNANNY N =<9 o——"TT ——v—
CA MA RA'
/ 1

NN\ ANNNNSN NN NN} o—
Stiffness - Mass of air in
controlled which little com -
diaphragm pression occurs

(a) (&)

Fra. 5.10. Example of a series acoustic compliance obtained with a stiffness-controlled
diaphragm.
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Fia. 5.11. Approximate analogous circuits for a short tube of medium diameter.
{a) and (b) Circuits used when p;/ U, is very large (closed end). (c) and (d) Circuits
us_ed.when p2/U2 is very small (open end). Circuits (a) and (c) yield the impedance
W‘lthln about 5 per cent for a tube length I’ that is less than A/8. Circuits (b) and (d)
vield the impedance within about 5 per cent for I’ < A/186.

Example 6.1. The old-fashioned jug of Fig. 5.12 is used in a country dance band
as a musical instrument. You are asked to analyze its performance acoustically. If
the inside dimensions of the jug are diameter = 8 in. and air-cavity height = 10 in.,
give the analogous circuit, the element sizes and the acoustic impedance for the air-
cavity portion of the jug at 50, 100, and 300 cps. Assume T = 23°C and P, = 105
newton/m? (NoTk: The neck portion will be discussed later in this part.)

Solution. The speed of sound at 23°C is about 1133 ft/sec. Hence,

Xso = 22.66 ft
oo = 11.33 ft
Ao = 3.78 ft
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The length { of the jug is 0.833 ft. Hence,

Moo Moo Moo
L=27 136 ~ a5 — 083t

At 50 cps, where /A = 344, the cavity portion of the jug may he represented by an
acoustic compliance

v 824 X107

Y = — = e = ( -8 115/ne

Ca P, 14 % 10° 5.80 X 1078 m3/newton

Zy = —] __ 18 i5.4 X 10* mks acoustic ohms

4= TI3axs8e T T § acoust
At 100 cps, where I/x = {4, the cavity portion of the jug
may be represented by a series acoustic mass and acoustic —Nl l<—1"
compliance. —_lg"

¢
Moo= doo 0254 X110 3

T 3ra? T 3r(0.1016)%
C4 = 5.890 X 1078 m%/newton
. 108 .
= P —— = — 4
Za =] (628 X3 628 % 5.89 72.51 X 10
At 300 eps, where [/\ = 1/4.5, the acoustic impedance of
the cavity portion of the jug must be solved for directly
from Eq. (5.34).

Z4 = :Lzoc cot kl
Ta

_ —j(L19 X 345.4) . 2r X 300 X 0.254
TN ) ER 345.4

Za = —j4.5 X 10® mks acoustic ohms

e —

Fra. 5.12. Sketch of a
musical jug.

5.6. Acoustic Mass (Inertance). A tube open at both ends and with
rigid walls behaves as an acoustic mass if it is short enough so that the
air in it moves as a whole without appreciable compression. In setting
up the boundary condition, the assumption is made that the sound pres-
sure at the open end opposite the source is nearly zero. This assumption
would be true if it were not for the radiation impedance of the open end,
which acts very much like a piston radiating into open air. However,
this radiation impedance is small for a tube of small diameter and acts
only to increase the apparent length of the tube slightly. Therefore, the
radiation impedance will be added as a correction factor later.

Tube of Medium Diameter. In order to be able to neglect viscous losses
inside the tube, the radius of the tube a in meters must not be too small.
Also, in order to be able to neglect transverse resonances in the tube, the
radius must not be too large. The equations which follow are valid for a
radius in meters greater than about 0.05/+/f and less than about 10/f.
Solution of the one-dimensional wave equation of Part III, with the
boundary condition p = 0 at = = I, that is, at the open end, yields

70 =72 tan kU (5.39)
Ta-
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where Z. = acoustic impedance in mks acoustic ohms of the open tube
of length U/
po = density of the gas in kilograms per cubic meter

¢ = speed of sound in meters per second

a = radius of tube in meters

k = wave number = w/c In reciprocal meters

I’ = length of tube in meters measured from the open end to the

plane whers Z, is being determined
For small values of kl’, the tangent may be replaced by the first terms
of its equivalent series form.

.77)3 5
tan kl' = k' + (L:l))) + ?ﬁlcé_)_ + - (5.40)
Fquation (5.39) hecomes
A 1Y AL
Zal) = gu b +5g s+ (5.41)

An equivalent circuit for Eq. (5.41) valid within about 5 per cent for
the frequency range where I’ < \/8 is given in TFig. 5.11c. In that
analogous eireuit,

M, =22 (5.42)
il

and C4is given by Eq. (5.38). The quantity M 4 1s an acoustic mass with
the units of kilograms per meter*.

TFor values of I' < A/16, the second term of Eq. (5.41) will be less than
5 per cent as large as the first, so that

!

Za = jo 7’%’2 — joMa (5.43)

The equivalent circuit for this impedance is given in Fig. 5.11d.

End Corrections. END CORRECTIONS IF THE END OF TUBE TERMINATES
IN INFINITE BAFFLE—FLANGED TUBE. Most acoustic masses terminate at
either one end or the other in open air or in a larger cavity. This means
that corrections must be added to the length I’ above if the value of M4 is
to be correct when I’ is not large. The correction is the impedance given
in Table 5.1 by the circuits for ka < 0.5. For the case that a is less than
A/25, the circuits of Table 5.1 reduce simply to one element of magnitude
M, [see Eq. (5.17)]. Hence the end correction !’ necessary for each
haffled end of a vibrating ‘“plug’’ of air in a tube is equal to

M 2027 2
= Samd  R2PeTa . 85 meters (5.4H
Lo a Po

lH
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Hence, (5.42) becomes

! 44
M, = ”i[l—%f?lj = f(% kg/m? (5.45)
where the quantity [ is by definition equal to the effective length of the
tube in meters and is the sum of the actual length I plus the end correc-
tion(s) I (or 2U""). The numeral 2 in the parentheses will be used only if
there are two free ends to the vibrating plug of air.

If the tube is not round, we may replace a by 4/S/x, where S is the
cross sectional area of the tube.

END CORRECTIONS IF END OF TUBE IS FREE (UNFLANGED TUBE)® (see
Fig. 5.6). In this case, the correction at each free end of a tube is the
impedance given in Table 5.2 by the circuits for ka < 0.5. If a is less
than /25, the circuit of Table 5.2 reduces simply to one element of mag-
nitude M4, as given by Eq. (5.31). Hence, the end correction I’ neces-
sary for each free end of a vibrating plug of air in a tube is equal to

_ ]W“-:rag . 01952p0 ra?
Po a Po

l/l

=063z m (5.46)

and Eq. (5.42) becomes

pll + @1 _ pd

wal® wa?

AIA':

kg/m? (5.47)

If the tube is not round we may replace a by +/8/x, where S is the
cross-sectional area of the tube. Cases of elements combining both
acoustic mass and acoustic resistance will be discussed later in this part.

Example 6.2. The jug of Example 5.1 has a neck with a diameter of 1 in. and a
length of 1.51n. (sce Fig. 5.12). At what frequency will the jug resonate?

Solution. First, let us assume that the frequency of resonance is so low that the
length of the neck ! is small compared with A/16.  Then, because the air in it is not
constrained, it will be an acoustic mass.

po(l’ + 0.85a + 0.61a)
wat

- 0.0: 7
L19 [0. 1381 + 1.46 X 0.0;2(]

My =

]

=(0.0127)2

133 kg/m*

The volume velocity through the neek of the jug is the same as that entering the air
cavity inside. llence, the two clements are in series and will resonate at

P 1 _ 104
20 VMAC,4 20 V133 X 5.89
= b7 ¢ps

5.7. Acoustic Resistances. Any device in which the flow of gas occurs
in phase with and directly proportional to the applied pressure may be
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represented as a pure acoustic resistance. In other words, there is no
stored (reactive) energy associated with the flow. Four principal forms
of acoustic resistance are commonly employed in acoustic devices: fine-
meshed screens made of metal or cloth, small-bore tubes, narrow slits,
and porous acoustical materials.

Screens are often used in acoustic transducers because of their low cost,
ease of selection and control in manufacture, satisfactory stability, and
relative freedom from inductive reactance. Slits are often used where
an adjustable resistance is desired. This is accomplished by changing
the width of the slit. Tubes have the disadvantage that unless their
diameter is very small, which in turn results in a high resistance, there is
usually appreciable inductive reactance associated with them. However,
if a combination of resistance and inductance is desired, they are useful.
Such combinations will be treated later in this part. Fibrous or porous

L ﬁl
+——
——» la)
b
—
>
————

n b a—

— b,

D —
-y

=

[ E—— 12

(a) Regions in which viscous losses occur

Fic. 5.13. Sketch showing the diminution of the amplitude of vibration of air particles
in a sound wave near a surface. The letters (a) show the regions in which viscous
losses occur.

acoustic materials, porous ceramics, and sintered metals are often used in
industrial applications and are mixtures of mass and resistance. In all
four forms of acoustic resistance, the frictional effects producing the resist-
ance occur in the same manner.

In Fig. 5.13, we see the opposite sides 1 and 2 of a slit, or tube, or of one
mesh of screen. An alternating pressure difference (p. — p1) causes a
motion of the air molecules in the space between the sides 1 and 2. At
1 and 2 the air particles in contact with the sides must remain at rest.
Halfway between the sides, the maximum amplitude of motion will occur.
Frictional losses occur in a gas whenever adjacent layers of molecules
move over each other with different velocities. Hence frictional losses
occur in the example of Fig. 5.13 near each of the walls as marked by the
letter (a). In any tube, sht, mesh, or interstice the losses become appre-
ciable when the regions in which adjacent layers differ in velocity extend
over the entire space.

Screens. The specific acoustic resistances of a variety of screen sizes
commonly manufactured in the United States are shown in Table 5.4.
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The acoustic resistance is obtained by dividing the values of Z, in this
table by the area of screen being considered.

The acoustic resistances of screens are generally determined by test
and not by calculations.

TABLE 5.4. Specific Acoustic Resistance of Single Layers of Screens

No. of Approx. diam of R, rayls, Rs, mks rayls,
wires ;?er wire, cm dyne-sec/em3 | newton-sec/m3
linear in.

30 0.033 0.567 5.67

50 0.022 0.588 5.88
100 0.0115 0.910 9.10
120 0.0092 1.35 13.5
200 0.0057 2.46 24.6

Tube of Very Small Diameter’ [Radius a(meters) < 0.002/+/f]. The
acoustic impedance of a tube of very small diameter, neglecting the end
corrections, is

84l .4
Za=_i+izMwe  newton-sec/m* (5.48)
M, = p_ol2 kg /m? (5.49)
a

where 3 = viscosity coefficient. For air g = 1.86 X 10~% newton-sec/m?
at 20°C and 0.76 m Hg. This quantity varies with tempera-
ture, that is, 4 o T°%7 where T is in degrees Kelvin.

l

= length of tube in meters.
a = radius of tube in meters.
M, = acoustic mass of air in tube in kilograms per meter*.
po = density of gas in kilograms per cubic meter.

The mechanical impedance of a very small tube is found by multiplying
Eq. (5.48) by (ra?)?, which yields

Zy = 8mql + j44M uw (5.50)

where My = pgra?l = mass of air in the tube in kilograms.
Narrow Slif® [t(meters) < 0.003/+/f]. The acoustic impedance of a
very narrow slit, neglecting end corrections, is

12yl

. 6polw
Za = Gy

+J Swt

newton-sec/m? (5.51)

7 Lord Rayleigh, “Theory of Sound,” 2d ed., Vol. IT, pp. 323-328, Macmillan & Co.,
Ltd., London, 1929. Also see L. L. Beranek, ‘“ Acoustic Measurements,”” pp. 187-186,
John Wiley & Sons, Inc., New York, 1949.

1. B. Crandall, “Vibrating Systems and Sound,” D. Van Nostrand Company, Inc.,
New York, 1926,
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[

where I = length of slit in meters in direction in which the sound wave is
traveling (sce Fig. 5.14)
w = width of slit in meters as viewed from the direction from which
the wave 1s coming (sce Ifig. 5.14)
t = thickness of slit in meters (sce Fig. 5.14)
The mechanical impedance of a very narrow slit is given by multiplying
Iiq. (5.51) by f*w?.

1

t >

12nlw 6
) M = "t] + J F) MMw (552)

g

W D;frgggfgf“ where My = polwt = mass of air in

/ sound wave  the slit in kilograms.
l.k | — Example 6.3. An acoustic resistance
FiG. 5.14. Dimension of a narrow slit. of 1 acoustic ohm is desired as the damp-

ing clement in an carphone.  Select a
screen and the diameter of hole necessary to achieve this resistance.
Solution.  As the resistance is needed for an carphone, it should be quite small.
If we select a 200-mesh sereen (see Table 5.4), the acoustic resistance for unit area is
2.46 rayls. For 1 acoustic ohm, an area S is needed of

1
= —— = 0.406 em?
S 246 0.406 c¢m

The diameter d of the hole required for this area is
S
d = 2a =2\/:=(l72cm
k3

6.8. Cavity with Holes on Opposite Sides -Mixed Mass-Compliance
Element. A special case of an clement that is frequently encountered in

1 —
3
L)
NN TR e‘
3

Fic. 5.15. Example of a mixed mass-compliance element made from a cavity with
Falrs on opposite sides.

acoustical devices and that has often led to confusion in analysis is that
shown in Ifig. 5.15.  Imagine this to be a doughnut-shaped element, cach
stde of which has a hole of radius a bored in it. - When a flow of air with a
volume velocity Uy enters opening 1, all the air particles in the vicinity of

Part X111} ACOUSTIC ELEMENTS 137

the opening will move with a volume velocity U,.  Part of this velocity goes to
compress the air in the cylindrical space 3, and part of it appears as a movement
of air that is not appreciably compressed. It was pointed out earlier that a
portion of a gas that compresses without appreciable motion of the particles is to
be treated as an acoustic compliance.

By inspection of Fig. 5.15 we see that the portion enclosed approxi-
mately by the dotted lines moves without appreciable compression and,
hence, 1s an acoustic mass. That lying outside the dotted lines is an
acoustic compliance. The analogous circuit for this acoustic device is
given in Fig. 5.16. The volume velocity U, entering opening 1 divides
into two parts, one to compress the air
(U3) and the other (U,) to leave opening
2. By judicious estimation we arrive at
values for M .. If the length [ of the
cylinder is fairly long and the volume -[-CA
3 is large, M4 is merely the end correc- © —0
tion I of Eq. (5.44). If the volume 3 Fre. 5.16. Analogous circuit for the
. device of Fig. 5.15.
is small, then M4 becomes nearly the
acoustic mass of a tube of radiusa andlengthl/2. Theacoustic compliance
is determined by the volume of air lying outside of the estimated dotted
lines of Fig. 5.15.

65.9. Intermediate-sized Tube—Mixed Mass-Resistance Element?
la(meters) > 0.01 v/fand a < 10/f]. The acoustic impedance for a
tube with a radius a (in meters) that is less than 0.002/+/f was given by
Egs. (5.48) and (5.49). Here we shall give the acoustic impedance for a
tube whose radius (in meters) is greater than 0.01/4/f but still less than
10/f. For a tube whose radius lies between 0.002/+/f and 0.01/4/f
interpolation must be used. The acoustic impedance of the inter-
mediate-sized tube is equal to

U Ma My U,

Us

Z4 = Ra+ juMy (5.53)

where

R, = ;}l—g po v/ 20p [% + (2)] mks acoustic ohms (5.54)

M, = P_"Ll%z(z)l_] kg/m* (5.55)
i

a = radius of tube in meters.

po = density of air in kilograms per cubic meter.

u = kinematic coefficient of viscosity. For air at 20°C and 0.76 m Hg,
u = 1.56 X 107* m?/sce. This quantity varies about as 7"7/P,,
where T is in degrees Kelvin and P is atmospheric pressure.

I’ = actual length of the tube.

% U. Ingard, “Scattering and Absorption by Acoustic Resonators,” doctoral disserta-

tion, Massachusetts Institute of Technology, 1950, and J. Acoust. Soc. Amer., 26:
1044-1045 (1953).
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I = end correction for the tube. It is given by Eq. (5.44) if the tubeis
flanged or Eq. (5.46) if the tube is unflanged. The numbers (2) in
parenthescs in KEgs. (5.54) and (5.55) must be used if both ends of
the tube are being considered. If only one end is being con-
sidered, replace the number (2) with the number 1.

w = angular frequency in radians per second.

5.10. Perforated Sheet-—Mixed Mass-Resistance Element® [a(meters)
> 0.01/+/f and a < 10/f]. Many times, in acoustics, perforated shects
arc uscd as mixed acoustical elements. We shall assume a perforated
sheet with the dimensions shown in Fig. 5.17 and holes whose centers are
spaced more than one diameter apart. For this case the acoustic
impedance for each area b? that is, each hole, is given by

Za=Ra+ joM,

where

N 1 =~ |t A .
R4 3 Po v 2wu [(—1 + 2 (1 Ab>] mks acoustic ohms  (5.56)

M= 2 [z + 1.7a (1 — %)] (5.57)

Ay = ma® = area of hole in square meters
Ap = b? = area of a square around each hole in square meters

{ = thickness of the sheet in meters

If there are n holes, the acoustic
impedance 1s approximately equal
0|0 Q. to 1/n times that for one hole.
M Holes with If th?s mass—rcsis.ta.nce clement is
S S S radius @ uscd with .a compliance to form a
resonant circuit, we are often inter-
r ested in the ratio of the angular fre-
b1 16 | 6 u quency of resonance wg to the angu-
t ty lar bandwidth w (radians per sec-
‘ *rb - 24 . ond) measured at the half-power
P 7 o, e et w8 it Thi o clled te'
distance b on conters. of the circuit and is a measure of the

sharpness of the resonance curve.

The “Q4” of a perforated sheet when used with a compliance of such

size as to produce resonance at angular frequency wo is

woMa _ \/Z,} t+ 1.7a[1 — (a/b)]

Q= R4 2u YUt Jall = (ra?/b?)] (5.58)

The Q. is independent of the number of holes in the perforated sheet.
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We repeat that these formulas are limited to cases where the centers of
the holes are spaced more than a diameter apart.

6.11. Acoustic Transformers. As for the other acoustical elements,
there is no configuration of materials that will act as a “‘lumped” trans-
former over a wide frequency range. Also, what may appear to be an
acoustic transformer when impedances are written as mechanical imped-
ances may not appear to be one when written as acoustic impedances, and
vice versa. As an example of this situation, let us investigate the case of
a simple discontinuity in a pipe carrying an acoustic wave.

Junction of Two Pipes of Different Areas. A junction of two pipes of
different areas is equivalent to a discontinuity in the area of a single pipe
(see Fig. 5.18a). If we assume that the diameter of the larger pipe is less

- U 111 U u 5,:8; u,
5 S: 1p, % AT %é Al
(a) (b) (c)

Fic. 5.18. (a) Simple discontinuity between two pipes. (b) Acoustic-impedance
transducer representation of (a); because the transformation ratio is unity, no trans-
former is required. (c¢) Mechanical-impedance transducer representation of (a).

than \/16, then we may write the following two equations relating the
pressure and volume velocities at the junction:

P1 = D2 (5.59)
U1 = Uz (560)

Equation (5.59) says that the sound pressure on both sides of the junction
is the same. Equation (5.60) says that the volume of air leaving one
pipe in an interval of time equals that entering the other pipe in the same
interval of time. The transformation ratio for acoustic impedances is
unity so that no transformer is needed.

For the case of a circuit using lumped mechanical elements the discon-
tinuity appears to be a transformer with a turns ratio of S,:8S, because,
from Eq. (5.59),

i _ 1
8. 8. (5.61)
and, from Eq. (5.60),
ulSy = uaS, (5.62)

where f; and f, are the forces on the two sides of the junction and u; and u,
are the average particle velocities over the areas S; and S;. We have

Sy
fi= S—2f2 (5.63)
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and
S
Uy = g‘: Uy (5.64)
so that
S é)’fz_sﬁ ;
M1 = ™ = Sz s = "S—; ZM2 (065)

A transformer is needed in this case and is drawn as shown in Fig. 5.18¢.

It must be noted that a reflected wave will be sent back toward the
source by the simple discontinuity. We saw in Part IV that, in order
that there be no reflected wave, the specific acoustic impedance in the
second tube (p,/u.) must equal that in the first tube (p,/%,). This is
possible only if S, = 8,, that is, if there is no discontinuity.

To find the magnitude and phase of the reflected wave in the first tube
resulting from the discontinuity, we shall use material from Part 1V.
Assume that the discontinuity exists at z = 0. The specific acoustic
impedance in the first tube is

7. = D1
Zs = ” (5.66)

1

If the second tube is infinitely long, the specific acoustic impedance for it
at the junction will be

Zon =22 = g (5.67)

2

[see Eq. (2.60)]. The impedance Zs; at the junction is, from Egs. (5.59)
and (5.64),

=P _ P 3
Zs, = S = So (5.68)
Sl 81
From Egs. (5.67) and (5.68),
Zsl = %poc (569)
2

Jsing Eqs. (2.37) and (2.58), setting z = 0, we may solve for the rms
reflected wave p_ in terms of the incident wave p,.

PL=ps+ + p- (5.70)
W= o (= ) (5.71)
B g_:,,oc _ poc%ti_ﬂ’_: (5.72)
b= ST (573

The sound pressure pr of the transmitted wave in the second tube at the
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junction point must equal the sound pressure in the first tube at that
point,

pr=py + P (5.74)
so that q
28

pr o= .S,'—'rl.\“_, , (5.75)

If S; equals Sq, there is no reflected wave p_. and then py = pr.
Note also that if S, becomes vanishingly small, this case corresponds
to the case of a rigid termination at the junction. For this case,

P- = p+ (5.76)
and
P+ P- = 2py (5.77)

This equation illustrates the often-mentioned case of pressure doubling.
That is to say, when a plane sound wave reflects from a plane rigid surface,
the sound pressure at the surface is double that of the incident wave.

T'wo Pipes of Different Arcas Jotned by an Exponential Connector.'® An
exponential connector may be used to join two pipes of different areas.
Such a connector (sec Fig. 5.19) acts as a simple discontinuity when its

l—-»x vS;:¥5:

x=0 x=1 U, % é U,
t | pJ } sz
| 1

| i (/2% uz

. S(x)=S,e""‘->l flT sz

| exponential connector |
(a) (c)
1. 5.19. (a) Ixponential connector between two pipes; (b) high-frequency repre-

sentation of () using acoustic-impedance transducer; (¢) high-frequency  repre-
sentation of (@) using mechanical-impedance transducer.

length is short compared with a wavelength and as a transformer for
acoustic impedances when its length is greater than a half wavelength.
if the second tube is infinitely long, then at x = I (see Fig. 5.19),

L (5.78)
Uz

i the cross-sectional arca of the exponential connector is given by
S(x) = Siem= (5.79)

WL, Olson, “Klements of Acoustieal Kngineering,” 2d ed., pp. 109 114, D. Van
Nostrand, Company, Inc., New York, 1917,
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and the length of the connector is I, then the specific acoustic impedance
at x = 0 1is
cos (bl + 6) + 7 sin (bl)

g =P _
Zsr = 0 T P s (6L = 6) g sin (BD) (5.80)
where b = 14 \/(4w?/c?) — m? in meters—!
m = flare constant in meters! [see Eq. (5.79)]
6 = tan—! (m/2b)
¢ = speed of sound in meters per second
l = length of the exponential connector in meters
po = density of air in kilograms per cubic meter
At low frequencies (b imaginary and A/l large)
-[’}—‘1 = ?I}—’z of  Zai = Zas (5.81)
at high frequencies (b real and I/x > 1)
Pr _ P2
w = w (5.82)
or
ZAl == %2 ZAz (5.83)
1

At intermediate frequencies the transformer introduces a phase shift, and
the transformation ratio varies between the limits set by the two equa-
tions above.

The transformation ratio for acoustic impedance at high frequencies is
seen from Eq. (5.83) to be 4/8./S; (see Fig. 5.19b). That is to say,

Za =( §?)2 42 (5.84)

1

For mechanical impedance at high frequencies the transformation ratio is

—_seen from Eq. (5.83) to be v/S,/S; (see Fig. 5.19¢). That is to say,

A
Ly = o
M1 ( ‘S2 M2
Example 6.4. It is desired to resonate a bass-reflex loudspeaker box to 100 cps by
drilling & number of holes in it. The box has a volume of 1 ft3 and a wall thickness of
34 in. Determine the size and number of holes nceded, assuming a Q4 = 4 and a ratio

of hole diameter to on-center spacing of 0.5.
Solution. From Iiq. (5.58) we see that, approximately,

. a Vwgy
A = =
(0.00395) /2
o = (O00395) V2 _ o ho0c0a
V628

The diameter of the hole in inches is 2a/0.0254 = 0.0703 in.
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The reactance of the box at resonance equals

1 4Py 14X 108 .
Xp = oCa 628V ~ 628 X 0.02833 = 7880 mks acoustic ohms

The desired acoustic mass of the holes is

X5 _ 7880

M=, = o%

= 12.55 kg/m+

If there are n holes, the acoustic mass for each hole equals

nM4 = n(12.55) kg/m+*
From Eq. (5.57),
_ 1.18
n(12.55) = +(0.000893)* [0.0125 + (0.00152)(0.783)]
(1.18)(0.0137)

= (12558 X 107 = 510 holes

Example 6.6. Design a single-section T constant-k low-pass wave filter with a
cutoff frequency of 100 cps and a design impedance of 102 mks acoustic chms.

Solution. A single T section of this type is shown in Figs. 5.15 and 5.16 except that
the acoustic masses for one section have the values M./2, because each M4 has to
serve as the acoustic mass both for the section in question and the adjacent section.
By definition, the cutoff frequency is

fo = 1
P =
VMiCa
The design impedance is equal to
R, = Cy
From these two equations we can solve for C4 and M,,.
1
Ma= *oiCa
= CARoz
So
1
Ca = wfolo

1
-t e
= X 100 X 103 3.18 X 107¢ m%/newton

M4 = 3.18 X 107¢ X 10¢ = 3.18 kg/m*

From Par. 5.8 and Eq. (5.55), with I’ equal to zero, we get the size of the hole in the
device of Fig. 5.15.

_ 00(0.85a)
My = wa?
(1.7)(1.18) - 318
Ta
a=02m

The diameter of the hole is 0.4 m. The volume of the cavity is

V =CyPy =14 X 3.18 X 1076 X 10%
= 0.445 m?

The elements for the T section are thereby determined.



CHAPTER 6

MICROPHONES

PART XIV General Characteristics of Microphones

Microphones are electroacoustic transducers for converting acoustic
energy into electric energy. They serve two principal purposes. First,
they are used for converting music or speech into electric signals which
are transmitted or processed in some manner and then reproduced.
Second, they serve as measuring instruments, converting acoustic signals

. into electric currents which actu-
Small air leak . g .
é ate indicating meters. In some
2223

_—Closed cavity applications like the telephone,
’ . .

T high electrical output, low cost,

5 and durability are greater consid-

> Z ‘ erations than fidelity of reproduc-

Diaphragm — 7 ?oe:::&ﬁ# to tion. In other applications, small

—_— ] thetransducing  gize and high fidelity are of greater

Fig. 6.1. Sketch of a pressure-actuated importance than high sensitivity
microphone consisting of a rigid enclosure, and low cost. In measurement
ir} one side of which there is a flexible  applications we may be interested
gf:rﬁ};;i‘.;m connected to a transducing jp determining the sound pressure

or the particle velocity. In some
applications the microphone must operate without appreciable change in
characteristics regardless of major changes in temperature and barometric
pressure.

For these different applications, a variety of microphones have been
developed. For purposes of discussion in this part they are divided into
three broad classes in each of which there are a number of alternative
constructions. The classes are:

1. Pressure microphones.

2. Pressure-gradient microphones.

3. Combinations of (1) and (2).

In this part we shall describe the distinguishing characteristics of these
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three types. In the next two parts we shall discuss in detail several
examples of each type involving electromagnetic, electrostatic, and
piezoelectric types of transduction.

6.1. Pressure Microphones. A pressure microphone is one that
responds to changes in sound pressure. A common example of a pressure
microphone is one with a diaphragm,
the back side of which is terminated
in a closed cavity (see Fig. 6.1). A
tiny hole through the wall of the cav-
ity keeps the average pressure inside
of the cavity at atmospheric pressure.

p= ‘/éple;m

| — Cavity with
dimensions
tess than A/16

U=v2U,e/

However, rapid changes in pressure, ()

such as those produced by a sound r@ﬂ_

wave, cause the diaphragm to move T [

backward and forward. —
If a pressure microphone is placed () i

in a small cavity in which the pres-
sure is varied, as shown in Fig. 6.2,
the output voltage will be the same regardless of what position the micro-
phone occupies in the cavity. On the other hand, if a pressure micro-
phone is placed at successive points 1, 2, 3, and 4 of Fig. 6.3a, it will re-
spond differently at each of these points for reasons that can be seen from

Fia. 6.2. Sketch of a pressure chamber.

A x4 x40 2o Cavity connected
<> IF T T in seritgs with an
acoustic mass
1 2 3 4 o5
b b

f

i t t All dimensions
V3 U o ! ' less than A/16
U=v2 Uje/*t

(a)
U l.A p+A p-l»A p.' /—End correction

R

(b)

F1g. 6.3. Sketch of an arrangement in which a pressure gradient is produced.

Fig. 6.3b. The pressure drops pi, P2, ps, and py are different from each
ather by an amount Ap, if the spacings Az are alike.

If a pressure microphone is placed in a plane sound wave of constant
intensity I (watts flowing through a unit area in the plane of the wave
front), the force acting to move the diaphragm will be independent of fre-
quency hecause p = /Tpoc [see Eq. (2.88)].
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6.2. Pressure-gradient Microphones. A pressure-gradient micro-
phone is one that responds to a difference in pressure at two closely
spaced points. A common example of this type of microphone has a
diaphragm, both sides of which are exposed to the sound wave. Such a
construction is shown in Iig. 6.4.

Al . .
Immovable post if a pressure-gradient micro-
77 ) s is placed 3 | - {
2207 phone 1s placed m the cavity o
A Irig. 6.2a, there will be no net force
acting on the diaphragm and its
- output will be zero. This hap-

\ pens because there is no pressure
Diaphragm/ Mechanical connection  £radient in the cavity. In con-

to the transducing ele-

) 1. " SSUTC-2T 1o '(.-_
V;Z////f/ ment which produces trast, 1f‘ a pressure-gradient mi 'l()
500 an output voitage phone is placed at the successive

Fra. 6.4, Sketch of a pressurc-gradient positions 1 to 4 of Fig. 6.3, it will
microphone  consisting  of a  movable  produce an output voltage propor-
diaphragm, both sides exposed, connected  tignal to the pressure gradient,
to a transducing clement., . .
& Ap/Azx. In other words, if Ax is
the same between successive points, the microphone output will be inde-
pendent of whichever of the four positions it occupies in Fig. 6.3a.
If a very small pressure-gradient microphone is placed in a plane sound
wave traveling in the x direction, the complex rms force f), acting to move

Principal axis

of microphone
[
Direction of travel

of the sound wave »

Fia. 6.5. Pressure-gradient microphone with principal axis located at an angle 8
with respect to the direction of travel of the sound wave.

the diaphragm will be
= /2N .
fp = S -(')TC Al cos 8 (()1)
where p = rms sound pressure

g—x‘q cos 8 = component of the z gradient of pressure acting across the fuces
of the diaphragm
0 = angle the normal to the diaphragm makes with the direction
of travel of the wave (sce Itig. 6.5)
Al = effective distance hetween the two sides of the diaphragm (sce
IMig. 6.4)
S = arca of diaphragm
The equation for a plane traveling sound wave has already been given
[Eq. (2.57)]; it is
P = pue *= (6.2)
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where k = w/c
po = rms pressure at x = 0
If we assume that the introduction of the microphone into the sound
field does not affect the pressure gradient, we may substitute Eq. (6.2)
into Eq. (6.1) and get
_ JpowS Al cos 8 .

fo c —ika (6.3)
The magnitude of the force at any point z is
ol = |p|wS Al cos 6 (6.4)

c

It should be remembered [see Eq. (2.4)] that in the steady state the
pressure gradient is proportional to jwpo times the component of particle
velocity in the direction the gradient is being taken. The force fp is,
therefore, proportional to the particle velocity at any given frequency.
Reference to Fig. 6.5 is sufficient to convince one that when 6 = 90°, the
force acting on the diaphragm will be zero, because conditions of sym-
metry require that the pressure be the same on both sides of the dia-
phragm. From Eq. (6.4) we also see that the effective force acting on
the diaphragm is proportional to frequency and to the rms sound pressure.

In spherical coordinates, for a microphone whose dimensions are small
compared with r, Eq. (6.1) becomes

dp
= -8 = .5
fo S 3r Al cos 6 (6.5)
The equation for a spherical wave is found from Eq. (2.62).
p=eh (6.6)

Substituting (6.6) in (6.5) gives

fo = M%@ e *S(Al cos 6) ®6.7)
This yields
|plwS Al cos 8 /1 + k¥?
ol = ¢ kr (6.8)

However, we see from Eq. (2.60) that in a plane wave the rms velocity is
related to the rms pressure by

lu| = ;I,% (6.9)

and in a spherical wave [Eq. (2.64))

| = Ipl V1 + K

s r (6.10)
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where {uj 1s the vms particle velocity in the direction of travel of the
sound wave. Hence, 1igs. (6.4) and (6.8) become

[fo] = |u|wpeS Al cos 8 (6.11)

In other words, the effective (rms) force f5 acting on the diaphragm of
a pressure-gradient microphone is directly proportional to the effective
particle velocity in the direction of propagation of the wave, to the fre-
quency, to the density of the air, to the size and arca of the diaphragm,
and to the angle 1t makes with the direction of propagation of the sound
wave. This statement is true for any type of wave front, plane, spherical,
cylindrical, or other, provided the microphone is so small that its presence
does not disturb the sound wave.

At any given frequency, the response of the microphone is proportional
to the cos 6, which yields the directivity paitern shown in Fig. 6.6a. This

Dfirectio? ;

of travel o

.« sound wave ' ’,/
s .

Principal 0 -ji0 20 -go
axis of
microphone

(b)

F1a. 6.6. Directivity characteristic of the pressure-gradient microphone of Fig. 6.4.

shape of plot is commonly referred to as a “figure 8” pattern. The same
pattern, plotted in decibels relative to the force at ¢ = 0, is given in (b).
It is interesting to observe that the pattern is the same as that for an
acoustic doublet or for an unflanged diaphragm at low frequencies (see
Figs. 4.8 and 4.13).

‘The frequency response of a pressure-gradient (particle-velocity)
microphone, when placed in a spherical wave, is a function of the curva-
ture of the wave front. That is to say, from Eq. (6.10) we see that
for values of k¥* (kr equals wr/c) large compared with 1 the particle
velocity 1s linearly related to the sound pressure. A large value of kr
ineans that either the {requency is high or the radius of curvature of the
wave front is large.  However, for values of £2r? small compared with 1,
which means that the radius of curvature is small or the frequency is low,
or both, the particle velocity is proportional to |p|/(wr). As a result,
when a person talking or singing moves near (o a pressure-gradient miero-
phone so that r is small his volce seems to become more “hoomy’™ or
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“hassy” because the output of the microphone increases with decreasing
frequencey.

6.3. Combination Pressure and Pressure-gradient Microphones. A
combination pressure and pressure-gradient microphone is one that
responds to both the pressure and

. . Al
the pressure gradient ina wave. A ]
common example of such a micro-
phone is one having a cavity at the _ %
back side of the diaphragm that  Diaphragm ;Ep
. . . ),
has an opening to the outside air P, %‘(\Acousﬁc .
. ni soustic ) Mechanical ! -
(()nt@}plng an acoustic resistance Connaction to U E sistance R,
(see ¥ 1g. 6.7(1). a transduc}:r_\gh '\Ai! cavity
The analogous circuit for this gforgﬁgég”ar"c
device is shown in Fig. 6.7b. If  output voltage (a)
we let
. «——p,
P = poe*" (6.12) o3 ® o
a - Up Zup Ry Uy

e— xr

p2 = pl + me(é.i‘/» - Al cOS 0 plT =CA sz
= pl(l — 72 Al cos 0) (6.13) o— —0
’ ()

Let us say that U7, is the rms vol- Fra. 6.7. (a)d Sketch of adpoy?bina:tion
: ; .77, pressure and pressure-gradient micro-
.ume velocity of the dlap}}ragm, Us phone consisting of a right enclosure in
is the rms volume velocity of the one side of which is a movable diaphragm
air passing through the resistance; connccted to a transducing element and
: . acth in another side of which is an opening
Po 18 the net.rmb pressure d,('tm.g with an acoustic resistance Ra. (b)
to move the diaphragm;and Z 4 is Acoustic-impedance circuit for {(a).
the diaphragm impedance. Then

we can write the following equations from Fig. 6.7b:

LT
Us (ZAD + ! ) - = Y4

jaCa) — juCl (6.14)
Un | o _17) _
T, T <R“ t Sl bz
The pressure difference across the diaphragm is

Zap (leA + P;:_(:VAP})
= ’ & )y = _"""__"""ﬁ'T_‘_#*iy Ty 6-15
o= Unlar = g = 1R F Zan) /] (6-15)

Substitution of (6.13) in (6.15) yields
Al cos 0
Zav (RA + HE )

o (6.16)

Po=PrziRe — (R + Zav)/wCal
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{.et

Al

_— = 17
CCARA B (6 )

where B is an arbitrarily chosen dimensionless constant. Since fo = p,S,

where S is the effective area of the diaphragm, we have

Ifol = pil@|S(1 4+ B cos ) (6.18)
where @ is the ratio
_ ZioR.
B ZADRA - .?[(RA + ZAD)/U)CA]

A plot of the force |f»| acting on the diaphragm as a function of 6 for
B =1 is shown in Fig. 6.8a. The same pattern plotted in decibels is

Q

(6.19)

Direction
of travel of
,/ sound wave

B=1; cardioid
(a) (d)
Fia. 6.8. Directivity characteristic of the combination pressure and pressure-gradient
microphone of Fig. 6.7.

given in (b). The directivity paitern for B = 1 is commonly called a
cardioid pattern. Other directivity patterns are shown in Fig. 6.46 for
B =10,0.5,1, 5, and .

PART XV Pressure Microphones

Pressure microphones are the most widely used of the three basic types
discussed in the preceding part. They are applicable to acoustic measur-
ing systems and to the pickup of music and speech in broadcast studios, in
public-address installations, and in hearing aids. Many engineers and
artists believe that musie reproduced from the output of a well-designed
pressure microphone is superior to that from the more directional types
of microphone because the quality of the reverberation in the auditorium
or studio is fully preserved, because undesirable wave-form distortion is
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minimized, and because the quality of the reproduced sound is not as
strongly dependent as for other types upon how close the talker or the
mustcal instrument is to the microphone.

Three principal types of pressure microphones are commonly found in
broadcast and public-address work and in hearing aids. They are the
electromagnetic, electrostatic, and piezoclectric types. We shall analyze
one commercially available microphone of each of these three types in the
next few sections of this part. Various other types of microphones are
used in other applications, such as the carbon microphone in telephone
systems, the hot-wire microphone in aerodynamic measurements, and the
Rayleigh disk in absolute particle-velocity measurements. Lack of space
precludes their inclusion here.

6.4. Electromagnetic Moving-coil Microphone (Dynamic Microphone).
General Features. The moving-coil electromagnetic microphone is a
medium-priced instrument of high sensitivity. It is principally used in
broadcast work and in applications where long cables are required or
where rapid fluctuations or extremes in temperature and humidity are
expected.

The best designed moving-coil microphones have open-circuit voltage
responses to sounds of random incidence that are within 5 db of the
average response over the frequency range between 40 and 8000 cps.
Sound pressures as low as 20 db and as high as 140 db re 0.0002 microbar
can be measured. Changes of response with temperature, pressure, and
humidity are believed to be, in the better instruments, of the order of 3 to
5 db maximum below 1000 c¢ps for the temperature range of 10 to 100°F,
pressure range of 0.65 to 0.78 m Hg, and humidity range of 0 to 90 per
cent relative humidity.

The electrical impedance is that of a coil of wire. Below 1000 cps, the
resistive component predominates over the reactive component. Most
moving-coil microphones have a nominal electrical impedance of about
20 ohms. The mechanical impedance is not high enough to permit use
in a closed cavity without seriously changing the sound pressure therein.

To connect a dynamic microphone to the grid of a vacuum tube, a
transformer with a turns ratio of about 30:1 is required.

Construction. The electromagnetic moving-coil microphone consists of
a diaphragm that has fastened to it a coil of wire situated in a magnetic
field (see Fig. 6.9a). In addition, there are acoustical circuits behind
and in {ront of the diaphragm to extend the response of the microphone
over a greater frequency range. A cross-sectional sketch of a widely used
type of moving-coil microphone is shown in Fig. 6.9b.

Electro-mechano-acoustical Relations. The sound passes through the
protective screens and arrives at a grid in front of the diaphragm. This
grid has a number of small holes drilled in it which form a small acoustic
mass and a small acoustic resistance. This grid is so small that its radia-~
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N Coil moving
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screens \ \ /coil, Myp, Cus
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(b)

Fic. 6.9. (@) Diagrammatic representation of the essential elements of a moving-coil
(dynamic) microphone. (From Beranek, ‘“Acoustic Measurements,” John Wiley
& Sons, Inc., New York, 1949.)  (b) Cross-sectional sketeh of a commercially available
moving-coil microphone. [From Marshall and Romanow, A Non-direciional Micro-
phone, Bell Syst. Tech. J., 16: 405-423 (1936).]
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tion impedance, operating as a loudspeaker, is essentially reactive over
the whole frequency range (see Fig. 5.3). The space between the grid
and diaphragm is a small acoustic compliance. Hence, the total acous-
tical circuit in front of the diaphragm is that of Fig. 6.10. The pressure
pr1 is that which the sound wave would produce at the face of the grid if
the holes of the grid were closed off. U is the volume velocity of the air
that moves through the grid. U is the volume velocity of the diaphragm
and is equal to the effective linear velocity up of the diaphragm times its

My, | Mg Rug

Up T
[+]
CM'[' > diaphragm

Thevenin, gener-

- -0
1

ator for outside !

circuit

Fic. 6.10. Acoustical circuit for the elements in front of the diaphragm of the micro-
phone of Fig. 6.9 (acoustic-impedance analogy).

effective area Sp. The radiation mass looking outward from the grid
openings is M4;. The acoustic mass and resistance of the grid openings
are M4 and R4 The compliance of the air space in front of the dia-
phragm is C4y. At all frequencies, except the very highest, the effect of
the protective screen can be neglected.

Behind the diaphragm the acoustical cireuit is more complicated.
First there is an air space between the diaphragm and the magnet that
forms an acoustic compliance (see Fig. 6.96). This air space connects

Rys Mys Rur Myr i M,

To UD UT :
diaphragm < ‘[‘ Caz ‘l" Cas ! Tp B2
]
o - 5 1

! Thevenin
generator
for outside
circuit

F1c. 6.11. Acoustical circuit for the elements behind the diaphragm of the micro-
phone of Fig. 6.9 (acoustic-impedance analogy).

with a large air cavity that is also an acoustic compliance. In the con-
necting passages there are screens that serve as acoustic resistances.
Also, the interconnecting passages form an acoustic mass. The large air
cavity connects to the outside of the microphone through an ‘“‘equalizing”’
tube.

The complete acoustical circuit behind the diaphragm is given in Fig.
6.11. The acoustic compliance directly behind the diaphragm is Caq; the
acoustic resistances of the screens are E.s; the acoustic mass of the inter-
connecting passage is M 4s; the acoustic compliance of the large air space
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is C43; the acoustic mass of the tube is M 47, and its resistance is Rar; the
radiation mass looking out from the tube is M 4. The pressure pya is the
sound pressure that would be produced at the outer end of the tube if.it
were blocked so that no air can move through it, that is, U, = 0.

At low frequencies, where the separation between the outer end of the
equalizing tube and the grid is small comparcd with a wavclength, p,
equals ps2. At high frequencies where ps; would be expected to differ
from pgy, wM 47 becomes so large and 1/wC a3 s0 small that the movement,

f . L R
o—32 1:B! E

My ]’ Cus up % T"o
% . g T

Mobility analogy o

i
Zg

Fra. 6.12. Mechano-clectrical circuit of diaphragm, voice coil, and magnectie ficld
of the microphone of ¥ig. 6.9 (mcchanical-mobility analogy).

of the diaphragm Up is independent of ps,. Hence, we can draw our
circuit as though ps; = ps2 over the entire frequency range with negligible
error. This will be done in Fig. 6.14.

The electromechanical circuit (mechanical-mobility analogy) for the
diaphragm and voice coil is given in Fig. 6.12. The force excrted on the
diaphragm is fp, and its resulting velocity is up. Here, My, = mass of
diaphragm and voice coil; Cus = compliance of the suspension; L =
inductance of voice coil; and R = electric resistance of the voice coil.

b

[}
t P Y
1
1

)
' Mup CMS: Bl
o > ('mb‘\ “ Py

Ll

Bzz"[
o—

B%* ¢ BI?
ol £, 37

Fic. 6.13. Mechano-electrical circuit of the diaphragm, voice coil, and magnetic
field of the microphone of ¥ig. 6.9 (incchanical-impedance analogy). Note that up

is also equal to ¢/BI.
Z g1 3s the electric impedance of the electric load to which the microphone
1s connected. The quantity e, = Blu, is the open-circuit voltage pro-
duced by the microphone.

In order to combine Figs. 6.10, 6.11, and 6.12, the dual of Fig. 6.12 must
first be taken; it is shown in Fig. 6.13. Now, in order to join Figs. 6.10,
6.11, and 6.13, all forces in Fig. 6.13 must be divided by the arca of the
diaphragm S, and all velocitics multiplied by Sy, This can be done by
inserting an area transformer into the circuit. Allowing by definition
Pr1 = P2 = ps, and recognizing that U, must be the same for all three
component circuits, we get the circuit of Fig. 6.14 for the moving-coil
microphone.
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Performance. The performance of the circuit of Fig. 6.14 can best be
understood by reference to Fig. 6.15, which is derived from 6.14. Let us
assume from now on that Zgz, — . This means that the electrical
terminals are open-circuited so that the voltage appearing across them is
the open-circuit voltage e, (sce Fig. 6.12). In the circuit of Fig. 6.14, the
“short-circuit’’ velocity is equal to e,/BI.

At very low frequencies Fig. 6.14 reduces to Fig. 6.15a. The generator
ps is effectively open-circuited by the three acoustic compliances Car, Cas,
and C3, of which only C4; has appreciable size. Also, the three resist-
ances Rar, Rag, and R4s are small compared with the reactances of C4; and
CusSp?.  Physically, the fact that up, the diaphragm velocity, is so small
means that the pressure on the two sides of the diaphragm is the same,
which obviously is true for slow changes in the atmospheric pressure.
Hence, e, is very small. This region is marked (a) in Fig. 6.16, where we

1
pal Cazt ==Cy =Caz
Ur Rar 1:5,  Muo Cws &
2 T A 1>
(Mp2+Mur) MAS RAS UD up L BU? 3 BY? b .
BET Fe 3 Zms TBIL
Us Rac
(Mg+ M)

Fic. 6.14. Complete electro-mechano-acoustical circuit of the moving-coil microphone
of Fig. 6.9 (impedance analogy). The electromechanical transformer has been
cleared from the circuit.

see the voltage response in decibels as a function of frequency. In regi(?n
(a) the response increases at the rate of 12 db per octave increase in
frequency. N

At a higher frequency (see Fig. 6.15b) a resonance condition develops
involving the large cavity behind the diaphragm with compliance C4; and
the equalizing tube with mass and resistance Mar and Rar. Here, t}{e
forces on the rear of the diaphragm exceed those on the front. This
region is marked (b) on Fig. 6.16.

As the frequency increases (see Fig. 6.15¢), a highly damped resonance
condition occurs involving the resistance and mass of the screens behind
the diaphragm, R.s and M4s, and the diaphragm constants themselves,
Muyp» and Cus. This is region (¢) of Fig. 6.16. A highly important
design feature, therefore, is a resistance of the screens Ii4s large enough so
that the response curve in region (c) is as flat as possible.

Above region (c¢) (see Fig. 6.15d), a resonance condition results that
involves primarily the mass of the diaphragm My, and the stiffness of the
air immediately behind it, C4e.  This yields the response shown in region
(d) of Fig. 6.16. '

Finally, a third resonance occurs involving primarily the acoustical
clements in front of the diaphragm [see Fig. 6.15¢ and region (¢) of Fig.
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Fig. 6.15. Moving-coil microphones. Simplified circuits for five frequency regions
(1mpedar§ce analogy): The excess pressure produced by the sound wave at the grid
of the microphone with the holes in the grid blocked off is ps, and the open-circuit
voltage is e,.
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Fra. 6.16. Open-cireuit-voltage response characteristic of a moving-coil microphone

of the type shown in Fig. 6.¢ 1
ype s ‘ig. 6.9. Normally the reference voltage eqer in the argument
of the logarithm is taken to be 1 volt, : f s
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6.16]. The response then drops off at the rate of —12 db per doubling
of frequency.

These various resonance conditions result in a microphone whose
response is substantially flat from 50 to 8000 cps except for diffraction
effects around the microphone. These diffraction effects will influence
the response in different ways, depending on the direction of travel of the
sound wave relative to the position of the microphone. The usual effect
is that the response is enhanced in regions (d) and (e) if the sound wave
impinges on the microphone grid at normal (perpendicular) incidence
compared with grazing incidence. One purpose of the outer protective
screen is to minimize this enhancement.

6.5. Electrostatic Microphone (Capacitor Microphone). General Fea-
fures. The electrostatic type of microphone is used extensively as a
standard microphone for the measurement of sound pressure and as a
studio microphone for the high-fidelity pickup of music. It can be made

Insulating Condenser
materia! / microphone

R
Thin——j \—Back plate ' ] Fa

diaphragm SE
e x4} =
0 1
(a) (b)
Fra. 6.17. (a) Schematic representation of an electrostatic microphone. (b) Simple
vacuum-tube cireuit for use with capacitor microphone.

small in size so it does not disturb the sound field appreciably in the fre-
quency region below 1000 cps.

Sound-pressure levels as low as 35 db and as high as 140 db re 0.0002
microbar can he measured with standard instruments. The mechanical
impedance of the diaphragm is that of a stiffness and is high enough so
that measurement of sound pressures in cavities is possible. The elec-
trical impedance is that of a pure capacitance.

The temperature coefficient for a well-designed capacitor microphone is
less than 0.025 db for each degree Fahrenheit rise in temperature.

Continued operation at high relative humidities may give rise to noisy
operation because of leakage across the insulators inside. Quiet opera-
tion can be restored by desiccation.

Construction. In principle, the electrostatic microphone consists of a
thin diaphragm, a very small distance behind which there is a back plate
(see Fig. 6.17). The diaphragm and back plate are electrically insulated
from each other and form an ¢lectric capacitor. Two commercial forms
of this type of microphone are shown in Fig. 6.18.  The principal devia-
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Insulating

material Case

Slotted
back piate

Diaphragm—/

Pressure
equalizing leaks

Positive terminal

Lock nut
Insulator clamping ring
Glass insulator
Key

) Diaphragm tension
Diaphragm adjustment and
Grid back plate support

(b)
Glass diaphragm 0.002 in. thick
19 holes (No. 60 drill}
_x Evaporated gold surface
Bronze < ~
clamping spring
Stainless steel S [N L ]

rings for:

//‘,-— Air gap 0.001

|~ “Back” electrode

Centering

Clamping diaph. \\

Adjusting ';f’; 407 \\

backplate assembly P, N S\ For mounting
Clamping ‘I:\\{ on preamp
adjusting ring - ]

\ Molded mycalex insulation

for backplate assembly
grooved to increase leakage paths

(c)

F1a. 6.18. (a) Schematic representation of a microphone with a slotted back plate.
(b) Cross-sectional drawing of the W.E. 640-AA capacitor microphone. The slotted
back plate serves both as the second terminal of the condenser and as a means for
damping the principal resonant mode of the diaphragm. (c) Cross-sectional drawing
of the Altec 21-C capacitor microphone. The cap with holes in it serves both for
protection and as an acoustic network at high frequencies. (From Beranek, ““ Acoustic

Measurements,” John Wiley & Sons, Inc., New York, 1949, and courtesy of Altec
Lansing Corporation.)
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tion in construction of the 640-AA from the 21-C is that the back plate in
the former has several annular slots cut in it. These slots form an
acoustic resistance that serves to damp the diaphragm at resonance.
One manner in which the microphones are operated is shown in Fig. 6.17b.
The resistance R, is very large. The direct voltage E is several hundred
volts and acts to polarize the microphone.

Electromechanical Relations. Electrically, the electrostatic microphone
is a capacitor with a capacitance that varies with time so that the total
charge Q(t) is

Q) = g0 + q() = Cx()E + e(t)] (6.20)

where qois the quiescent charge in coulombs, ¢(?) is the incremental charge
in coulombs, Cx(t) is the capacitance in farads, E is the quiescent polarizing
voltage in volts, and e(t) is the incremental voltage in volis.

The capacitance Cz(t) in farads is equal to (see Fig. 6.17a)

Cﬂ(t) = C;;o + CEl(t) = €S = 60_5 [1 + I_(Q

zo — z(f) Tz Lo

= 0|1+ 2]

Zo

] (6.21)

where C%, is the capacitance in farads for z(f) = 0 and Cg,(f) is the
incremental capacitance in farads, e is a factor of proportionality that for
air equals 8.85 X 10712, S is the effective area of one of the plates in
square meters, 1o is the quiescent separation in meters, and z(f) is the
incremental separation in meters. It is assumed in writing the right-
hand term of (6.21) that the square of the maximum value of z(¢) is small
compared with zo%

If we similarly assumed that [e(£)]2.. < E? then (6.20) and (6.21)
yield

go + q(t) = CoE + CpB [‘% + %(i—)] (6.22)
so that
o = Cou o + 2 20| (6.23)

The total stored potential energy W(¢) at any instant is equal to the
sum of the stored electrical and mechanical energies, 15Q(t)2/Cz(t) plus
15x(t)2/Cus, where Cus is the mechanical compliance of the moving plate
in meters per newton. That is,

_1llge+a®* | 12(®)* . 1 go® + 290g(H)]
W(t) 9 C + Cei(t) + 2 Cus 2 , [1 n x(t)]

Zo

lz(t)? 1g¢ _z(t) 1x(t)?
2Cms 50_1; [go + 2¢(8)] [1 x—:\ + 2Cus (6.24)

0
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The force at any instant in newtons acting to move the plate is, from the
equation for work, dW = fdx,

aw) o
fo+ 7)) = dr (6.25)
so that, by differentiation of Eq. (6.24),
- g0 xz(t)
+ 1ty = — —/5— S
fo f( ) 21:00/1?0 [qo + 2Q(t)] + CMS
- 9 z(¢) _ ‘I(QQO]
22oCly | [Cus 2ol (6.26)
Hence, because E = ¢¢/C’,,
4 Eq(t
J@ = E'T)s - —Z—E—) (6.27)
Rearranging Eq. (6.23) gives
. _ Ez(®) | ¢Q)
£ = — =y 4
e(t) o + ., (6.28)
In the steady state,
Jug =i
oz = u (6.29)

where g, ¢, z, and u are now taken to be complex rms quantities; so Egs.
(6.27) and (6.28) become

o1, _E

ToCns ots 1 (6.30)
E 1

€ = ijo U +m 1 (631)

with e and f also being complex rms quantities.
Analogous Circuits. Equations (6.30) and (6.31) may be represented
by either of the networks shown in Fig. 6.19, where

. = CE'OCMS(IOQ/EQCMSZ) _ C5oxo?
50 Cxro + CMs(Zo2/Ezcus2) - E?C ysCro + xzo?
Cro .
(E2/$02)CMSCEO ‘T‘i (b.32)
Cus = Cs (6.33)

(Ez/xoz)C’MSCE() + 1

Note in particular that C s is the mechanical compliance measured with
the electric current 7 = Q; C'zo is the electric capacitance measured with
the force f equal to zero; (", is the electric capacitance measured with the
velocity u equal to zero; and ', is the mechanical compliance measured
with the voltage e = 0. These circuits were first shown as Fig. 3.37,
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and the element sizes were given in Bgs. (3.34) to (3.37). In practice, the
circuit of Fig. 6.19b is ordinarily used for electrostatic microphones.
When one of the microphones shown in Fig. 6.18 is radiating sound into
air, the force built up at the face of the microphone when a voltage is
applied to electrical terminals (3-4 of Fig. 6.19) is very small. Hence,

ECgo ., .
10——-‘)‘——"—————;—‘5, To : 03
fT Cus foT é -1-0;0 T"
20 T 04

(a)

1. ECus
lo—> o3
A .].cMS é gTeo O Te
20— I 04

(b)

Fig. 6.19. Alternate clectromechanical analogous circuits for electrostatic micro-
phones (impedance analogy).

when an electric-impedance bridge is used to measure the capacitance of
the microphone, the capacitance obtained is approximately equal to Cro.

By Thévenin’s theorem, the capacitor microphone in a free field can be
represented by Fig. 6.20. The quantity eo is the rms open-circuit voltage
produced at the terminals of the microphone by

the sound wave and equals [from Eq. (6.31) and C‘_—o
Fig. 6.19] of o
e = — uE = — MEB_E (6.34)

ijo Ty
F1a. 6.20. Thévenin’s
where the force fs, acting on the microphone with circuit of a capacitor
the diaphragm blocked so that u = 0, is equal to ;‘;:g::fh?:e%f;ghe tg’ll’f{f
the blocked pressure ps times the area of the dia- guated in free space.
phragm S.

Acoustical Relations. The microphones of Fig. 6.18 have diaphragms
with the property of mass M, in addition to the mechanical compliance
(s assumed so far.  For the 640-AA microphone, the internal acoustical
circuit consists of an air space directly behind the diaphragm with an
acoustic compliance, C41; a back plate and slots with acoustic resistance
and mass, R4s and M 4s; and an air cavity around and behind the plate
with an acoustic stiffness, C4.  The radiation impedance looking outward
from the front side of the diaphragm is jwM 44, where M 44 is found from
Eq. (5.31). The complete acoustical and mechanical circuit in the
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impedance-type analogy is seen in Fig. 6.21. In this circuit ps equals the
rms pressure at the diaphragm when it is restrained from moving,
Maip = Mun/S* = acoustic mass of the diaphragm, S = effective area of
the diaphragm, and Up = Sup = rms volume velocity of the diaphragm.
All units are of the mks system.

When Fig. 6.19 is combined with Fig. 6.21, the complete circuit for the
electrostatic microphone shown in Fig. 6.22 is obtained.

Up
Mua Mp Cas Mys Rys

p,l ICM .I_CAZ

-4

Fia. 6.21. Acoustical circuit of a capacitor microphone including the radiation mass
and the acoustical elements behind the diaphragm (impedance analogy).

Performance. The performance of the capacitor microphone shown in
Fig. 6.18b, viz., the Western Electric type 640-AA, can best be understood
by reference to Figs. 6.23 and 6.24, which are derived from Fig. 6.22. At
low frequencies the circuit is essentially that of Fig. 6.23a. From this
circuit, the open-circuit voltage e, is equal to

_E__ CA2CAS
B xoS CAZ + CAS

At low frequencies, therefore, e, is independent of frequency. This is the
frequency region shown as (a) in Fig. 6.24.

eo = p (6.35)

——o0

Mt M,p I Cxo
pBT C, s]’ :SE T Teo Te

— T A
Cyo M, Ras

Fig. 6.22. Complete electroacoustical circuit of a capacitor microphone (impedance
analogy).

In the vicinity of the first major resonance, the circuit becomes that of
Fig. 6.23b. At resonance, the volume velocity through the compliance
Cus is limited only by the magnitude of the acoustic resistance R4s. In
general, this resistance is chosen to be large enough so that the resonance
peak is only about 2 db (26 per cent) higher than the response at lower
frequencies. The response near resonance is shown at (b) in Fig. 6.24.
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Fic. 6.23. Capacitor microphone. Simplified circuits for six frequency regions
{impedance analogy). The excess pressure produced by thg sound. wave at the
diaphragm of the microphone with the microphone held motionless is ps, and the
open-circuit voltage is e,.

Above the resonance frequency, the circuit becomes that of Fig. 6.23c.
The volume velocity is controlled entirely by the mass reactance. Hence,

psk
G = w2(MAA + Mip + ]MAS)IOS (6'36)
In this frequency region the response decreases at the rate of 12 db per
octave [see region (c) of Fig. 6.24].
At a high frequency, the parallel circuit antiresonates, and the‘response
drops very low. This condition can be seen by reference to Fig. fi.23d.
Just above the point of antiresonance, a resonance occurs as shown in (e).
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The magnitude of the resonance peak is here limited by the radiation
resistance ft,4, which is no longer neghgible compared with jwd! ,, [sec
(¢) of Fig. 6.24]. Finally, above this resonance {requency, the open-
circuit voltage again drops off at the rate of 12 db per octave [sec (f)].
6.6. Piezoelectric Microphones. DPiczoelectric microphones cmploy
crystals or dielectrics which, when acted on by suitable forces, produce
electrical potentials linearly related to the deformation of the substance.

(a) (6)

-
- T (c)
- =] B
perl%clt)ave\ (e)

20 log o(eg/eqer ) in decibels
|

= N
(d) N\ (f)
| !
1000 ’ ¢ ( a10,000 22 Eioo,ooo

Frequency in cycles per second
Fra. 6.24. ()pon-vi_rm|it_-v0]tnge response characteristic of a capacitor microphone
of the type shown in Fig. 6.180. Normally e is taken as 1 volt,

X -cut shear plate

F1a. 6.25. Typical form of a large Rochelle salt crystal. The coordinate axes and
the way in which an X-cut shear plate is cut from the erystal arc indicated.  (Courlesy
of Brush Electronics Company.)

Piezoelectric substances have been used extensively in microphones
because of their low cost and ruggedness.

Four common types of piezoclectric substances are discussed in this
chapter, viz., Rochelle salt, ammonium dihydrogen phosphate (ADP) and
lithium sulfate crystals,t and barium titanate ceramic plates.

1 ADP erystals are sold under the trade name PN, and lithium sulfate erystals under
the trade name LH,
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Crystal Mzucrophones. Crystal microphones are used primarily in
public-address systems, sound-level meters, and hearing aids. They
have satisfactory frequency response for these applications and are high
in sensitivity and low in cost. A diaphragm type can be purchased at
low cost to cover the frequency range of 20 to 8000 cps with a maximum
variation of 6 db from the average. Sound levels as low as 20 db and as
high as 160 db re 0.0002 microbar may be measured.

The electrical impedance is that of a pure capacitance, which for some
crystals varies with temperature, as we shall see later. The mechanical
impedance for microphones using a diaphragm is not usually high enough

Y-cut shear plate

X ~

| ™~
| ~— Z-cut
S shear plate
AN

Fic. 6.26. Typical form of a large Fia. 6.27. Typical form of a large lithium
ammonium dihydrogen phosphate sulfate (LH) crystal. (Courtesy of Brush Elec-
(ADP or PN) crystal. (Courtesy of tronics Company.)

Brush Electronics Company.)

so that the microphone may be used in a closed cavity without seriously
changing the sound pressure therein.

Typical forms of the whole crystals of Rochelle salt, ADP, and lithium
sulfate are shown in Figs. 6.25 to 6.27. Transducing elements are
obtained by cutting slabs of material from these whole crystals. Usually
these slabs are thin and either square or rectangular in shape. If the X
axis of the crystal is perpendicular to the flat face of the slab, the crystal
is said to be X-cut (see Fig. 6.25).

Two other common cuts are the ¥ cut and the Z cut. Reference to
Table 6.1 indicates that each crystal material can best be used only in
certain cuts.

SHEAR PLATES. If two edges of an X-cut Rochelle salt crystal are
parallel to the ¥ and Z axes, a shear plate is obtained (see Fig. 6.28).
When a shear plate is used as a transducer, a metal foil is cemented to
each side of it, as shown in Fig. 6.28a. The two foils and the crystal
itself form an electrical capacitor of the solid dielectric type. When the
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crystal is deformed as shown in Fig. 6.28b, the resulting shearing effect in
the crystal causes a charge to appear on the capacitor, thereby producing
a potential difference between the two plates, with a certain polarity.
Deformation of the crystal in the opposite direction, as shown in Fig.
6.28¢c, reverses the polarity. Similarly, if a potential is applied between
the two faces of the slab, shearing stresses are produced in the plane
of the plate and a deformation takes place like that of (b) or (¢) depending
on the polarity.

Microphones generally use either X or Y cuts of Rochelle salt and
Z cuts of ADP.

EXPANDER PLATES. Another important form of crystal transducer,
viz., the 45° expander plate, is obtained if a cut is taken from a shear plate

N
V4 AN
AN
7/ AN
il N
// )
i /
’ ’
s Ve
7 7/
/
/
N\ 7/
\\ //
— (a) fj_“* o =
= ::*\ — = II (a)
\ Wi { U E
\ 1 \ \\
// \\ \
\ \ ! \ \
| y ! ) Y= A
J ‘—— e e . e - — ——— — — —
(b) (c) (b)

Fi1a. 6.28. Distortion of a shear plate occurs
when a potential is applied between two foils
cemented to its faces. (a) Placement of foils.
(b) Distortion of shear plate with one polarity.
(c) Distortion of shear plate with opposite
polarity. (Courtesy of Brush Electronics Com-
pany.)

F1c. 6.29. (a) Method of cutting a
45° expander bar from a shear plate.
(b) Sketch showing expansion of
sides and compression of length of
such a bar when a potential is
applied between the two faces.
(Courtesy of Brush Electronics Com-
pany.)

in the manner shown in Fig. 6.29. From Fig. 6.28, it is apparent that
when a voltage is applied to a shear plate, one diagonal lengthens and the
other shortens. Hence, if a crystal is made by cutting a piece from a
shear plate in the manner shown in Fig. 6.29a, potentials will be gener-
ated by squeezing or extending the crystal along its length, as shown in
Fig. 6.29b.

Most piezoelectric erystals of commercial interest, including Rochelle
salt and ADP, yield no significant output when subjected to hydrostatic
pressure. This happens because the algebraic sum of the potentials
developed by deformations along the three axes simultaneously is zero.
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TABLE 6.1. Properlies of Piezoelectric Substances
Crystals Ceramic
Property
Rochelle salt ADP LH Quartz Barium titanate

‘I'ype of strain oh-

Transverse

Transverse

Transverse and

Transverse and

Transverse and

tainable shear; and shear; and longitudinal longitudinal longitudinal
expander expander shear; and ex- | shear shear; and ex-
pander and pander; and
hydrostatic hydrostatic
Common cuts.....| X; 45°X; Y; |Z;45°Z; L Y X, Y, AT
45°Y
Density, kg/m3....0 1.77 X 10° 1.80 X 10? 2.06 X 103 2.65 X 108 5.7 X 10°
Low-frequency cut- 0.1eps AAAL, Yeps Less than 0.2 | Less than Less than
off at 25°C AAA, 14 cps cps 0.0001 cps 0.0001 cps
Volume resistivity See I'ig. 6.37 101% ohm-m Very high More than 1011
ohm-m
Temperature, for | 55°C (131°F) 1 t Loses piezo- Loses piezo-
complete electric prop- | electric prop-
destruction erties at erties at
576°C 120°C

Maximuin safe
temperature

Temperature for

appreciable leak-

45°C (113°17)

125°C (257°F)

76°C (167°F)

Above 250°C
slow decrease
of piezoelec-
tric activity

90°C (194°F)

BgC. . 50°C (122°F) | 40°C (104°F) t
Maximum safc 70% 94 % 95 % (Not a critical | Moisture ab-
humidity (un- factor except sorption 0.1%
protected cle- for external
ment) short circuits
Protected with of electrodes)
Metalseal....... 100%
ITumidity above 50% 50% 50% Usually much 95 %
which surface higher than
leakage becomes other piezo-
appreciable (un- elcctric mate-
protected cle- rials, except
ment) that value de-
pends on sur-
face finish and
condition
Minimum safe rela- 40% 0% 0% 0% 0%
tive humidity
(unprotected
element)
Dielectric constant
at 30°C......... 350 (X cut) 15.3 10.3 4.5 1700
9.4 (Y cut)
Maximum break-|{ 14.7 X 10¢ 20.13 X 10¢ t 76 X 10% 45 X 10*
ing stress (alter- | ncwtons/m? newtons/in? newtons/m? newtons/m?

nating compres-

sion-tension)

t No data available,
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However, there is a sizable response of the lithium sulfate crystal to
hydrostatic pressure.

The same electromechanical relationships exist for a erystal microphone
as for an clectrostatic microphone (see the preceding section of this
part), viz.,

€q = —TE

F = (6.37)

where eq = open-circuit voltage in volts produced by a deformation £ of
the crystal in meters, f = force acting to deform the crystal produced
by an electrical charge ¢, and = is a coupling coefficient defined after
Iiq. (3.27b). As was described in Part VIII (pages 71 to 75), such a

: c T > My,
JHEbT“
(a) —

3IM, /2

& ix 3 My/2 L
M, 2
i Ny:1 Mf2
T’ 1 Ce e c sz
f T O™
o—
© e}

(b)
FIG. 6.30. Electromechanical equivalent circuits for piezoelectric microphones
(impedance analogy). (a) Circuit for one face of piesoelectric element blocked,
e.g., cemented to a rigid surface. (b) Circuit for both faces free to move,

device may be represented by the equivalent circuit of Fig. 6.30a, pro-
vided one of the two faces of the crystal across which the force is being
produced is held stationary. If both faces are permitted to move, the
equivalent circuit must be modified as shown in Fig. 6.30b.

In these circuits, Cy is the electrical capacitance, in farads, measured
at low frequencies with the crystal in a vacuum (or, for all practical
purposes, in air). My is the effective mechanical mass, in kilograms;
N is the electromechanical transformation ratio in volts per newton (or
meters per coulomb); and Cx is the mechanical compliance, in meters per
newton, measured at low frequencies with the electrical terminals
open-circuited.

Yor Rochelle salt X cut erystals, the electrical capacitance varies as a
function of temperature. The factor of proportionality u for unmounted
and unrestrained crystals is shown in Fig. 6.31.  Two discontinuities in
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this curve occur at —18°C and +22°C and are known as the Curic
points.! At these points, the capacitance varies radically with tem-
perature and is influenced considerably by the manner in which the
erystal is mounted. For example, a mounted crystal of the Bimorpht
type has a value of Cy at 22°C, which is a little over three times that at
10°C. This anomalous behavior is usually described as a violent varia-
tion of the free dielectric constant. An obvious way to avoid variations
in the terminal voltage corresponding to variations in capacitance is to
operate the microphone into an open circuit.

400x107
200x107™° ! 1
100 X 10“0 {
\Y Ji
50x10™ / /
4| /I 7/ \
B /
y

20x10™° \

10x10™"° v

5x107°

4
//

3

2x10™

60 40 20 0 20 40 60
Temperature in °C

F1c. 6.31. Factor of proportionality x in the expression for electrical capacitance
C. = plw/2t of an unmounted X-cut Rochelle salt expander bar as a function of
temperature. The discontinuitics at —18°C and +22°C are known as the Curie
points. (Courtesy of Brush Electronics Company.)

The electromechanical transformation ratio N x for this type of crystal
in effect does not vary with temperature. For an unmounted uncoated
crystal the variation amounts to about 0.05 db per degree Fahrenheit.
For a coated crystal mounted in a microphone this variation may be as
little as 0.02 db per degree Fahrenheit. Again, this holds for a crystal
working into an open circuit.

1 A discussion of the detailed performance of piezoelectric dielectrics and their
resemblance to ferromagnetic substances appears in a text now in press: T. F. Hueter
and R. H. Bolt, “Sonics,” John Wiley & Sons, Inc., New York.

1 Bimorph is a registered trade-mark of Brush Llectronics Company, Cleveland,
Ohio.
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The element sizes (Fig. 6.30) for a Rochelle sall X-cut length expander
bar are Ny = 0.093/w, Cyx = 31.4 X 10-2/wt, My = 715lwt, and
Cy = plw/2t. The dimensions [, w, and ¢ in meters are as shown in Fig.
6.32a, and u is given in Fig. 6.31.

The element sizes for an ADP Z-cut expander bar are Ny = 0.185/w,
Cu = 47.4 X 1072 /wi, My = 737lwt, and Cr = 128 X 10~%w/t. The
dimensions I/, w, and ¢ in meters are as shown in Fig. 6.32a.

The element sizes for a Y-cut LH thickness expander bar (the elec-
trical field is parallel to the mechanical deformation of the crystal, see
Fig. 6.32b) are Nu = 0.175t/lw, Ca = 16.3 X 10-'%/lw, Ny = 832lwt,
and Cz = 91 X 10~'%w/¢. The dimensions [, w, and ¢ are in meters.

t
| l ~
AR
= [ Frce dtitad
(a)

Length expander bar

! Force distributed
i over the face

(b) Thickness expander bar

Fic. 6.32. Dimensions, method of mounting, and points of application of force for
(a) length expander bar; (b) thickness expander bar.

The element sizes, in mks acoustic-impedance units, for an LH block
operated in the hydrostatic mode are N4 = 0.148¢, C. = 32 X 10~'Hwt, and
Ce = 91 X 10%w/t. The value of M, has little significance because of
the various resonances that can be excited. The dimensions !, w, and ¢ in
meters are as shown in Fig. 6.32b except that the crystal is free of a
support.

BIMORPHS. An important disadvantage of the expander-bar type of
structure in some applications is its large mechanical impedance. For
use in liquids, such an impedance is desirable, but in air, because of the
large mechano-acoustic impedance mismatch, very small output voltages
are obtained for normal sound pressures. To reduce this mechanical
impedance appreciably without lowering the output voltage, two plates
or bars may be combined to produce a Bimorph. In a sense, a Bimorph
1s a mechanical transformer operating on a principle resembling that of a
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bimetallic strip. The flat faces of two crystals are cemented together in
such a way that when a potential is applied to them one expands and the
other contracts. Conversely, a force acting perpendicular to the face of
the “bimetallic” strip causes a sizable compressive force in one plate and a
tensile force in the other.

Examples of a bender Bimorph and a torque Bimorph are shown in
Figs. 6.33 and 6.34, respectively. The former makes use of two expander
bars and the latter of two shear plates. Generally, the bender Bimorph
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Frg. 6.33. Bender Bimorph. (a) Two
expander-bar crystals ready to be ce-
mented together to form a bender
Bimorph. (b) Application of potentials
of opposite polarity to the crystals
causes the upper to lengthen and to
contract in width and the other to
shorten and to expand in width. (c)
When these two crystals are cemented
together and either a force f or electrical
potentials are applied, the crystal as-
sumes the shape shown. (Courtesy of
Brush Electronics Company.)

Fic. 6.34. Torque Bimorph. (a), (¥),
and (¢) Distortion of shear plates when
potentials of opposite polarity arc
applied across their faces. (d) Two
shear plates are cemented together to
form a torque Bimorph. When either
a force f or clectrical potentials are
applied, the Bimorph assumes the shape
shown. (Courtesy of Brush Electronics
Company.)

is supported at both ends and the force applied in the middle, although it
can be clamped at one end and the force applied at the other. A torque
Bimorph is generally held at three corners and the force applied at the
fourth. With these types of structures, a force applied as shown in
Figs. 6.33c and 6.34d is equivalent to a greater force acting on the end of a
single expander bar or along one end of a single shear plate.

Electrodes may be applied to a Bimorph in two ways to form either a
series or a parallel arrangement of the two plates. For a series connec-
tion, the clectrical terminals are the two outer foils. For a parallel con-
nection, the foil between the crystals forms one terminal, and the two
outside foils connected together form the other.
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A series Bimorph has one-quarter the capacitance and twice the output
voltage of a parallel Bimorph.

Refer to the circuit of Fig. 6.30a (the circuit of Fig. 6.300 cannot be used
for Bimorphs mounted as described above). For square-torque Bimorphs
made from X-cut Iochelle salt shear plates as shown in Fig. 6.35at con-
nected electrically in parallel, the element sizes at 30°C are N = 0.143/1,
Cw =287 X 1071%2/¢8 My = 2621%, and Cx = 8 X 1.1812/t X 1075,
The factor 8 is given in Fig. 6.36 and equals 1.0 a. 30°C. The dimensions
land tarcin meters.  When the plates are connected clectrically in series,
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Fig. 6.35. Bimorphs. Mecthod of Fra. 6.36. Factor of proportionality 8

mounting, dimensions, and points of in the expression for clectrical eapaci-

application of foree for (a) square tances 'y of an X-cut Rochelle salt

torque Bimorph and (b) rectangular square  torque Bimorph mounted as

bender Bimorph. shown in Fig. 6.3ba.  (Courlesy of Brush
Electronics Company.)

the value of Ny is doubled and that of (s is reduced to one-fourth its
parallel value.

For ADP squarce-torque Bimorphst (sce Fig. 6.35a) connected electrically
in parallel, the element sizes are Ny = 0.250/¢, Cy = 4.45 X 10 192/,
My = 2280%, and Cx = 50712/t X 1072,

For Rochelle salt bender Bimorphs (sce Fig. 6.35b) connected electrically
in parallel, the element sizes are Ny = 0.07350/wt, Cy = 179 X 10 123 /wt?,
My = 407lwt, and Cx = 1.18 X 10~Mw/t. The dimensions I, w, and {
are in meters. When the plates are connected clectrically in series, the
value of Ny is doubled and that of Cg is reduced to onc-fourth its parallel
value. The circuit of Fig. 6.30a must be used.

For ADP bender Bimorphs (sce Fig. 6.35b) connccted clectrically in

} Element sizes for rectangular-torque Bimorphs of Rochelle salt or ADP are avail-
able from the Brush Electronies Company, Cleveland, Ohio,
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parallel, the element sizes are Ny = 0.15231/wt, Cy = 199 X 10 203 /wi?,
M = 435hwt, and Cg = 5.09 X 10w/l

The nonlinecar distortion produced by ADP and LH crystals is very
small.  Rochelle salt is an exception, however. In the temperature
range from —18°C to +24°C, it exhibits hysteresis effects in the relation
hetween the applied foree and the voltage produced across a small load
resistance.  This hysteresis effect arises in the electrical capacitance Ce
and is of negligible importance if the microphone operates in a near-open-
¢ircuit condition, such as into the input of a cathode-follower vacuum-
tube stage. In microphones working at ordinary sound levels, the
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Fra. 6.37. Maximum cxpected low-frequency cutoff in cycles for ADP:(PN) crystals
as a function of ambient temperature in centigrade degrees.  The cutoff frequency
is defined as that frequency where the capacitive reactance and the resistance (cach
measured hetween the same two faces) become equal.  (Courtesy of Brush Electronics
Company.)

hysteresis effect in Rochelie salt is negligible even when the crystal is
loaded.

All crystals have a bulk resistivity T which appears as a shunt resistance
across the clectrical terminals of the erystal.  This factor is not of practical
importance at ordinary temperatures except in ADP erystals.

For ADP crystals, the bulk resistivity increases rapidly with tempera-
ture, as can be seen from Fig. 6.37. The ordinate of this graph is the
cutofl frequency, equal to the frequency at which the reactance and
resistance measured across two faces of o erystal plate are equal.

T Bulk resistivity is the resistanee in ohms measured hetween two faces of a one-unit
cube.
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The self-noise produced by an electrostatic microphone is that pro-
duced by the d-c resistance of the crystal or dielectric shunted by the
capacitance Cg. In addition, the load resistance will contribute to the
noise in that 1t is in parallel with the internal resistance. The spectrum
level of the self-noise drops off at 6 db per octave as soon as the capacitive
reactance becomes less than the total shunt resistance (external and
internal). A crystal that has been damaged by heat or humidity is likely
to have a high internal noise level.

Temperature not only affects the electrical capacitance of Rochelle salt
crystals and the resistivity of the ADP crystals but also may permanently
damage the crystals. Data showing the approximate maximum safe
temperature, temperatures for appreciable leakage, and the temperatures
for complete destruction are given in Table 6.1.

Crystals are affected by humidity, as can be seen from Table 6.1. This
is particularly true of the Rochelle salt type. Rochelle salt chemically is
sodium potassium tartrate with four molecules of water of crystallization.
If the humidity is too low (less than about 30 per cent), the crystal gradu-
ally dehydrates and becomes a powder. If the humidity is too high
(above 84 per cent), the crystal gradually dissolves. Neither result is
reversible. Protective coatings of recent vintage give nearly complete
protection from the influence of humidity extremes.

To test a crystal for normalcy, measure its resistivity and electrical
capacitance, being careful not to apply so much voltage to the crystal that
it will fracture. If the capacitance is lower than normal, the crystal has
dehydrated. If the resistivity is too low and the capacitance is too high,
the crystal has partially or entirely dissolved. If the resistivity is low
and the shunt capacitance has not changed, surface leakage is taking
place.

Barium Titanate Ceramic Microphones. A recent and useful form of
pilezoelectric material is a ceramic made from barium titanate. The
ceramic is rendered piezoelectric by permanently polarizing it with a high
electrostatic potential of about 40,000 to 60,000 volts/in. for a period of
several minutes. Lower voltage is satisfactory if polarization is carried
out at elevated temperatures. Pure barium titanate has a Curie point
like that of Rochelle salt, except that it occurs at a temperature of 120°C,
well above the normal operating range for a microphone. Dielectric
anomalies also exist near 12°C.

Barium titanate microphones may be used interchangeably with
crystal microphones, except that their sensitivity is about 6 to 18 db
below that of Rochelle salt or ADP types. Temperature changes do not
affect the dielectric constant appreciably.

The advantages of barium titanate over the crystal materials described
above are that it has a higher dielectric constant than that for Rochelle
salt, and one that changes very little with temperature in the range
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between +10 and +80°C. The mechanical compliance C, and the
transducer ratio Nu are lower than for Rochelle salt. Two length-
expander units which are made from Rochelle salt and barium titanate,
respectively, and which are designed to have the same capacitance and
mechanical compliance at 15°C will differ in sensitivity by 12 to 16 db,
the barium titanate unit being the less sensitive of the two.

Barium titanate ceramics exhibit a slow decrease in dielectric constant
and electromechanical response with age. The decrease of each quantity
is believed to be less than 10 per cent, that is, 1.0 db, during the first year
after manufacture and only a few per cent per year thereafter.

The free unmounted capacity Cy as a function of temperature of a
barium titanate ceramic unit relative to the free capacity for a tempera-
ture of 25°C is shown in Fig. 6.38.
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Fic. 6.38. Barium titanate ceramic. Relative free capacitance Cr as a function of
temperature. (Courtesy of Brush Electronics Company.) The exact nature of this

curve depends upon the manner in which the dielectric is rendered piezoelectric.
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Referring to the circuits of Fig. 6.30, for a barium titanate length-
expander bar like that shown in Fig. 6.32a, the element sizes are Ny =
0.0051/w, Car = 10.2 X 10712 /wt, Mx = 2260lwt, and Cz (at 25°C) =
1.5 X 10~%w/t. The dimensions [, w, and ¢ are in meters.

For a bartum titanate thickness-expander bar like that in Fig. 6.32b, the
element sizes are N = 0.0127¢/lw, Cyr = 8.13 X 10712¢/lw, M » = 22600wt,
and Cg (at 25°C) = 1.5 X 10~%w/t. The dimensions l, w, and ¢ are in
meters.

Referring to the circuit of Fig. 6.30a, the element sizes for a barium
titanate bender Bimorph like that shown in Fig. 6.35b, with the plates con-
nected electrically in series, are Ny = 0.00681/wt, Car = 40.6 X 107123 /wi?,
M,, = 1530lwt, and Cx (at 25°C) = 1.28 X 10~8w/t.

The barium titanate transducer also responds to hydrostatic pressures
such as would be obtained if a ceramic plate were suspended freely in air
orin aliquid. The circuit of Fig. 6.30a is likewise used here except that
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Insulating plate

_.~— Cylindrical housing

Thin metal diaphragm
in intimate contact with

Foils

Air space

45° expander bars

(ADP or Rochelle salt)
ff1a. 6.390 Areangement, for mounting expander hars to form o pressure microphone.
The foils are connected so that all eapacitances are in parallel. The sound lield aets
on the thin metal dinphragin and causes expansion or compression of the hars nlong
their length.  (Prepared from rough sketeh by F. Massa of Massa Labs.)

Perforated
cover
Sintered
Diaphragm metal plate
Bimorph
NN NN

-2 2

]*jn:. 6.40. Diaphragim type of erystal microphione using a torque Bimorph. The
sintered metal plate is an acoustic damping clement.,

blocks

o . . . .
Fia. 6.41. Sound-cell erystal microphone. The required compressive and tensile
forces are produced in cach of the four erystal plates when o foree aets on (he confors
and the sides of the two bender Bimorph elemnents.
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acoustical elements are substiiuted for mechanical elements, I
case the transducer is called a volume expander, and the element siz
N4 = 0.0022¢ volt/newton/m? (or m?/coulomb), Cyx = 12.2 X 10
m*/newton, and Cg = 1.5 X 1078w/t farads. The dimensions [, v

t are In meters.

Uses of Piezoclectric Transducers. Ways in which piezoelectric
ducers are incorporated into microphones are shown in Figs. 6.39 tc

In the first of these figures, a microphone
is sketched using ADP or Rochelle salt
45°-cut expander bars or barium titanate
length-expander bars. A sound pressure
causes a force to be exerted on the end of
the piezoelectric plates, and a voltage
is generated because of changes in their
lengths. The sides of the plates are free
to expand into the air space.

In Fig. 6.40 a diaphragm is connected
to a torque Bimorph element by a short
rod. The Bimorph is mounted securely
on three corners so that the force is ap-
plied in the manner shown in Fig. 6.35a.
The sintered metal plate in front of the
diaphragm is an acoustic resistance that
damps the resonance of the mechanical
system.

Another form of mounting Bimorph
plates is shown in Fig. 6.41. Here two
square bender Bimorph elements are held
apart by two rubber blocks. The entire
assembly isencased in a thin wax-impreg-
nated paper jacket, thereby forming two
“diaphragms” with an air space between.
An increase in sound pressure causes a
distortion of the plates as shown in Fig.
6.41. This distortion is of such a nature

LH crystals forming 1 in

X
Castor
oil bath
pe rubber Neor
mounting pad hou:

Fig. 6.42. Sketch of a
statically actuated crystal
phone using lithium sulfat
crystals as the active e
The castor oil bath is p
to convey the sound [
uniformly to all surfaces
crystal. Data taken on a
stack of six plates conne
parallel, 14 in. on a side wi
plate 0.04 in. thick, sho
the capacitance is about
10712 farad and the open
output voltage is about —¢
1 volt per dyne/cm?2.  (Cot
Brush Electronics Company.

as to produce a potential difference across the electrodes fastened

piezoelectric plates.

A fourth form of mounting suitable for use with piezoelectric plat
respond to hydrostatic changes in pressure is shown in Fig. 6.42.
block of four lithium sulfate plates is shown immersed in a castor ol
The outer flexible housing serves both as a diaphragm and as a retai
the castor oil. A pressure over the outside surface is transferred t}
the housing and the castor oil bath to the element inside.
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PART X VI Gradient and Combination Microphones

6.7. Pressure-gradient Microphones. General Features. The ribbon
microphone has approximately the same sensitivity and impedance as a
moving-coil microphone when used with a suitable impedance-matching
transformer. Because of its figure 8 directivity pattern it is extensively
used in broadcast and public-address applications to eliminate unwanted
sounds that are situated in space, relative to the microphone, about 90°
from those sounds which are wanted. It is also used by singers to

Top clamp

(insulated) Twin leads

XN
Section Pole pieces
through “

pole piece Ribbon

Bottom clamp
adjustable

Twisted lead

F1c. 6.43. Sketch of the ribbon and magnetic structure for a velocity microphone.
(After Olson, Elements of Acoustical Engineering, 2d ed., p. 239, D. Van Nostrand
Company, Inc., 1947.)

introduce a “throaty” or “bassy’’ quality into their voice. A disadvan-
tage of the ribbon microphone is that, unless elaborate wind screening is
resorted to, 1t is often very noisy when used outdoors.

Construction. A typical form of pressure-gradient microphone is that
represented by Fig. 6.43. It consists of a ribbon with a very low resonant
frequency hung in a slot in a baffle. A magnetic field transverses the
slot so that a movement of the ribbon causes a potential difference to
appear across its ends. In this way, the moving conductor also serves
as the diaphragm. In modern design, the ribbon element might be 1 in.
long, }{¢ in. wide, and 0.0001 in. thick with a clearance of 0.003 in. at
each side.

From Eq. (6.11) we see that the pressure difference acting to move the
diaphragm is

Pr = fr/S = uwpo Al cos 8§ (6.38)
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Substitution of (6.38) in (6.39) yields

(Bl)po A

|Col = 'ul m;; S cos @ (640)

The open-circuit voltage is directly proportional to the component
of the particle velocity perpendicular to the plane of the ribbon. In a
well-designed ribbon microphone, this relation holds true over the fre-
quency range from 50 to 10,000 cps. The lower resonance frequency is
usually about 15 to 25 cps. The effects of diffraction begin at frequencies
of about 2000 cps but are counterbalanced by appropriate shaping of the
magnetic pole pieces.

6.8. Combination Pressure and Pressure-gradient Microphones.
Elecirical Combination of Pressure and Pressure-gradient Transducers.
One possible way of producing a directivity pattern that has a single
maximum (so-called unidirectional characteristic) is to combine elec-
trically the outputs of a pressure and a pressure-gradient microphone.

f” 1:Bl b

v

: B
I OB
l; (2 Myu+ Myr) °

Fig. 6.45. Simplified electromechanical analogous circuit for a ribbon microphone
(mobility analogy).

The two units must be located as near to each other in space as possible
so that the resulting directional characteristic will be substantially
independent of frequency.

Microphones with unidirectional, or cardioid, characteristics are used
primarily in broadcast or public-address applications where it is desired
to suppress unwanted sounds that are situated, with respect to the
microphone, about 180° from wanted sounds. In respect to impedance
and sensitivity this type of cardioid microphone is similar to a ribbon or
to a moving-coil microphone when suitable impedance-matching trans-
formers are used.

The equation for the magnitude of the open-circuit output voltage of a
pressure microphone in the frequency range where its response is “flat” is

= Ap {6.41)

The equation for the open-circuit output voltage of a magnetic or
ribbon type of pressure-gradient microphone in the same frequency range
is

= Cpcos 8 (6.42)
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Fic. 6.46. Graphs of the expression & = 20 log [(1 + B cos 68)/(1 + B)] as a function
of §for B = 0, 0.5, 1.0, 5.0, and w.

Adding (6.41) and (6.42) and letting C/A = B gives
= Ap(l + B cos ) (6.43)

B will be a real positive number only if ¢, and ¢, have the same phase.
The directional characteristic for a microphone obeying Eq. (6.43)’W1H
depend on the value of B. For B = 0, the microphone is a nondirec-
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tional type; for B = 1, the microphone is a cardioid type; for B = «, the
microphone is a figure 8 type. In Fig. 6.46 directional characteristics for
five values of B are shown.

The voltage ¢, is a function of kr, as we discussed in Par. 6.3, so that the
voltage e, as given by Eq. (6.43) will vary as a function of frequency for
small values of wr/c, where r is the distance between the microphone and a
small source of sound. Here, as is the case for a pressure-gradient
microphone, a ““bassy’’ quality is imparted to a person’s voice if he stands
very near the microphone.

Acoustical Combination of Pressure and Pressure-gradient Microphones.
One example of an acoustical design responding to both pressure and
pressure gradient in a sound wave was described earlier in Par. 6.3
(pp. 149 to 150). The directional patterns for this type of design are the
same as those shown for Fig. 6.46.

In order that this type of microphone have a flat response as a function
of frequency for p.m. constant (i.e., constant sound pressure at all fre-
quencies in the sound wave), a transducer must be chosen whose output
voltage for a constant differential force acting on the diaphragm is
inversely proportional to the quantity @ defined in Eq. (6.19), 7.e.,

1 | Zao = jl(Ra + Zap)/wCaR

€o X T
lal Zav

(6.44)

As an example, let us take the case of a microphone for which Z4» > R4
and 1/wC4R.>> 1. In this case the response of the transducer must be
proportional to

1 1  ¢B
[a] — ©CaR4 ~ Alw
where B is given by Eq. (6.17).

Restated, the transducer must have an output voltage for a constant
net force acting on the diaphragm that is inversely proportional to fre-
quency, if a flat frequency response is desired. This is the case for a
moving-coil or ribbon transducer above the natural resonance frequency
of the diaphragm.

(6.45)

CHAPTER 7

DIRECT-RADIATOR LOUDSPEAKERS

pART XVII Basic Theory of Direct-radiator Loudspeakers

7.1. Introduction. A loudspeaker is an electromagnetic transducer
for converting electrical signals into sounds. There are two principal
types of loudspeakers: those in which the vibrating surface (called the
diaphragm) radiates sound directly into the air, and those in which a horn
is interposed between the diaphragm and the air. The direct-radiator
type is used in most home radio receiving sets, in phonographs, and in
small public-address systems. The horn type is used in high-fidelity
reproducing systems, in large sound systems in theaters and auditoriums,
and in music and outdoor-announcing systems.

The principal advantages of the direct-radiator type are (1) small size,
(2) low cost, and (3) a satisfactory response over a comparatively wide
frequency range. The principal disadvantages are (1) low efficiency,
(2) narrow directivity pattern at high frequencies, and (3) frequently,
irregular response curve at high frequencies. For use in home radio
receiving sets where little acoustic power is necessary and where the
listeners are generally not very critical, the advantages far outweigh the
disadvantages. In theater and outdoor sound systems where large
amounts of acoustic power are necessary and where space is not impor-
tant, the more efficient horn-type loudspeaker is generally used.

All the types of transduction discussed in the previous chapter on
Microphones might be used for loudspeakers. In this text, however, we
shall limit ourselves to moving-coil loudspeakers, the type commonly used
in radios and home music systems.

7.2. Construction.! A cross-sectional sketch of a typical direct-
radiator loudspeaker is shown in Fig. 7.1. The diaphragm 1s a cone,

! For supplemental reading, the student will find the following publications valu-
able: H. F. Olson, “Elements of Acoustical Enginecring,” 2d ed., Chap. VI, D. Van
Nostrand Company, Inc., New York, 1947; M. 8. Corrington, Amplitudes and Phase
Measurements on Loudspeaker Cones, Proc. IRE, 39: 1021-1026 (1951); Transient
Testing of Loudspeakers, Audio Engineering, 34: 9-13 (August, 1950).

183
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generally made of paper or aluminum, which is supported at the outer
edge and near the voice coil so that it is free to move only in an axial
direction. Current through the voice coil creates a magnetomotive force
which interacts with the air-gap flux of the permanent magnet and causes
a translatory movement of the voice coil and, hence, of the cone to which
it is attached. Usually the cone is sufficiently stiff at low frequencies to
move as a whole. At high frequencies, however, vibrations from the
center travel outward toward the edge in the form of waves. The results

U

. Infinitely large baffle

. Flexible edge suspension

. Flexible center suspension
. Voice coil

. Electrical connections
Holes for air release

. Cone (diaphragm)

. Permanent magnet

. Open web supporting
structure

OONOU N

Fig. 7.1. Cross-sectional sketch of a direct-radiator loudspeaker assumed to be
mounted in an infinite baffle.

of these traveling waves and of resonances in the cone itself are to produce
irregularities in the frequency-response curve at the higher frequencies
and to influence the relative amounts of sound radiated in different
directions.

In Fig. 7.1, the loudspeaker is shown mounted in a flat baffle assumed
to be of infinite extent. By definition, a baffle is any means for acous-
tically isolating the front side of the diaphragm from the rear side. For
purposes of analysis, the loudspeaker diaphragm may be considered at
low frequencies to be a piston of radius @ moving with uniform velocity
over its entire surface. This is a fair approximation at frequencies for
which the distance b on Fig. 7.1 is less than about one-tenth wavelength.
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7.3. Electro-mechano-acoustical Circuit. Before drawing a circuit
diagram for a loudspeaker, we must identify the various elements
involved. The voice coil has inductance and resistance, which we shall
call L and Rg, respectively. The diaphragm and the wire on the voice
coil have a total mass M yp. The diaphragm is mounted on flexible sus-
pensions at the center and at the edge. The total effect of these suspen-
sions may be represented by a mechanical compliance C'xs and a mechan-
ical resistance Rus = 1/ruxs, where rys is the mechanical responsiveness.

T U= Ue
3 ‘
Cus TMs ZMR ZMR
Myp
u=0
5
1.
ZMR
Cus 2
6

l eT H]B’l’zm

R;:’RE L fi J_ fr
_e_,_T B? B® TUc Mup 2ZyR

. C
l Tns$ e 2
(d)

FiG. 7.2. (a) Mechanical circuit of direct-radiator loudspeaker; (b) electromechanical
analogous circuit of the mobility type; (c) electrical circuit showing motional elec-
trical impedance; (d) analogous circuit of the mobility type with electrical quantities
referred to the mechanical side.

AAA T —O— .
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The air cavity and the holes at the rear of the center portion of the dia-
phragm form an acoustic network which, in most loudspeakers, can be
neglected in analysis because they have no appreciable influence on the
performance of the loudspeaker. However, both the rear and the front
side of the main part of the diaphragm radiate sound into the open air.

A radiation impedance is assigned to each side and is designated as
Zur = 1/z2ur, where zuz 1s the radiation mobility.

We observe that one side of each flexible suspension is at zero velocity.
For the mechanical resistance this also must be true because it is con-
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tained in the suspensions. We already know from earlier chapters that
one side of the mass and one side of the radiation mobility must be con-
sidered as having zero velocity. Similarly, we note that the other sides
of the masses, the compliance, the responsiveness, and the radiation
mobilities all have the same velocity, »z., that of the voice coil.

From inspection we are able to draw a mechanical circuit and the
electromechanical analogous circuit using the mobility analogy. These
are shown in Fig. 7.2a and b, respectively. The symbols have the follow-
ing meanings:

¢, = open-circuit voltage of the generator (audio amplifier) in
volts.
B, = generator resistance in electrical ohms
L = inductance of voice coil in henrys, measured with the voice-
coil movement blocked, i.e., for u, = 0.
Rz = resistance of voice coil in electrical ohms, measured in the
same manner as L
B = steady air-gap flux density in webers per square meter.
l = length of wire in meters on the voice-coil winding.
¢ = electric current in amperes through the voice-coil winding.
fe = force in newtons generated by interaction between the
alternating and steady mmfs, that is, f. = Bli.
%, = voice-coil velocity in meters per second, that is, u, = e/BI,
where e is the so-called counter emf.
a = radius of diaphragm in meters.
M up = mass of the diaphragm and the voice coil in kilograms.
Cxns = total mechanical compliance of the suspensions in meters per
newton.
Tus = 1/Rus = mechanical responsiveness of the suspension in
meters per newton-second (mks mechanical mohmst).
Rus = mechanical resistance of the suspensions in newton-seconds
per meter (mks mechanical ohms).
2ur = 1/Zur = Tur + jZur = mechanical radiation mobility in
mks mechanical mohms from one side of the diaphragm (see
Fig. 54). The German t indicates that Tyr varies with
frequency.
Zur = Rur + jX uz = mechanical radiation impedance in newton-

seconds per meter (mks mechanical ohms) from one side of a
piston of radius @ mounted in an infinite baffle (see Fig. 5.3).
The German 9 indicates that Rue varies with frequency:

The circuit of Fig. 7.2b with the mechanical side brought through the
ransformer to the electrical side is shown in Fig. 7.2¢. The mechanical
nobility zay = wu./f, is zero if the diaphragm is blocked so that there is no

f A mohm is a mobility ohm. See Par. 3.3 for discussion.
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motion (u, = 0) but has a value different from zero whenever there is
motion. For this reason the quantity B2%; is usually called the
motional electrical impedance. When the electrical side is brought over to
the mechanical side, we have the circuit of Fig. 7.2d.

The circuit of Fig. 7.2d will be easier to solve if its form is modified.

First we recognize the equivalence of the two circuits shown in Fig. 7.3a

egBl
(R"*'RE) +ij
o -
HIEAN4
(Ry+Rg) I; ; : (Rg+Rg)
B Bl 1 B2
.5'_1 UcT I ucT
Bl 1 L
| B
—0 L -0
(a) (b)

Fic. 7.3. The electrical circuit (referred to the mechanical side) is shown here in two
equivalent forms. The circuits are of the mobility type.
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(Rg+Ryg)
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Fi6. 7.4. (a) Low-frequency analogous circuit'of ’Fhe impedfdnce type with elec@rxcal
quantities referred to mechanical side. Zur is given b}{ Fig. 5.3. The quantity _).’c
represents the total force acting in the equivalent circuit to produce the vou;e-coﬂ
velocity u.. (b) Single-loop approximation to Fig. 7.4a valid for Xur® > Rurd

and b. Next we substitute Fig. 7.3b for its equivalent in Fig. 7.2d.
Then we take the dual of Fig. 7.2d to obtain Fig. 7.4a.

The performance of a direct-radiator Joudspeaker is directly related to
the diaphragm velocity. Having solved for it, we may compute.the
acoustic power radiated and the sound pressure produced at any given
distance from the loudspeaker in the far-field. .

Voice-coil Velocity at Medium and Low Frequencies. The voice-coil
velocity u,, neglecting w’L? compared with (R, -+ Rz)?, is found from
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Fig. 7.4a,

- e, Bl
Y = By ¥ Be) (B + 750 @1
where
B2z
RM = m + Rus + ZSRMR (7~2)
Xu=0My = Mup + 2Xun — — (7.3)
wCus

Voice-coil Velocity at Low Frequencies. At low frequencies, assuming
n addition that X xr? > Rur?, we have from Fig. 7.4b that

1

wCus

(XM)lowf = w(MMD + 2MM1) -

(7.4)

vhere My = 2.67a%po = mass in kilograms contributed by the air load
m one side of the piston for the frequency range in which ka < 0.5. The
juantity ka equals the ratio of the circumference of the diaphragm to the
vavelength.

The voice-coil velocity is found from Eq. (7.1), using Egs. (7.2) and
7.4) for By and X u, respectively.

7.4. Power Output. The acoustic power radiated in watts from both
he rear and the front sides of the loudspeaker is

W = luc|2(2mun) (7.5)
Jdence, assuming w?L? < (R, + Rz)?,
_ 2¢,:B*R ur
Y = &/, F Ro"E® + X (7.6)

7.5. Sound Pressure Produced at Distance r. Low Frequencies. In
Chap. 4 we showed that a piston whose diameter is less than one-third
vavelength (ke < 1.0) is essentially nondirectional at low frequencies.
Jence, we can approximate it by a hemisphere whose rms volume velocity
squals U, = Spu,, where Sy is the projected area of the loudspeaker cone.
3y the projected area, we mean wa? of Fig. 7.1.

From Eq. (4.3) we see that the magnitude of the rms pressure at a
»oint in free space a distance r from either side of the loudspeaker in an
nfinite baffle is

lp(r)| = lﬂ‘r{f—p" (7.7)

t 1s assumed in writing this equation that the distance r is great enough
jo that it is situated in the ‘““far-field.”” Hence, the pressure at r is

egBlSnfpo

POU= S+ ) v/ B T X

(7.8)
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Equation (7.8) is also readily derived from Eq. (7.6) by observing from
Table 5.1 (page 124) that, at low frequencies,

2 2
m‘\l}z = ad S:cpo (79)
and \
2
W = 4xr] = 4rr?p(r)|’ (7.10)

poC

where I is the intensity at distance r in watts per square meter.

Medium Frequencies. At medium frequencies, where the radiation
from the diaphragm becomes directional but yet where the diaphragm
vibrates as one unit, z.e., as a rigid piston, the pressure produced at a dis-
tance r depends on the power radiated and the directivity factor Q.

The directivity factor @ was defined in Chap. 4 as the ratio of the
intensity on a designated axis of a sound radiator to the intensity that
would be produced at the same position by a point source radiating the
same acoustic power.

From Eq. (7.10) we see for a point source radiating to both sides of an

infinite baffle that
_ [We
Pl = | g2 (7.11)

For a directional source in an infinite baffle such as we are considering
here,

WiQpoc
= 7.1
PO = A4t (7.12)
where W, = acoustic power in watts radiated from one side of the
loudspeaker.
Q = directivity factor for one side of a piston in an infinite plane

baffle. Values of Q are found from Fig. 4.20. Note that
W, equals W/2 and, at low frequencies where there is no
directionality, Q = 2, so that Eq. (7.12) reduces to Eq.
(7.11) at low frequencies.

The sound pressure is found by substituting Eq. (7.6) divided by 2 into

(7.12), giving,
()| = e,Bl A/ QpocR ur
p 27‘\/;(R0+RE)'\/RM2+XM2

7.6. Frequency-response Curves. A frequency-response curve of a
loudspeaker is defined as the variation in sound pressure or acoustic
power as a function of frequency, with some quantity such as voltage or
electrical power held constant. Inspection of Eqgs. (7.6), (7.8), and
(7.13) shows that the quantity Rx® + Xu® in the denominator, Rue in
the numerator, and the directivity factor @ are terms that vary with fre-

(7.13)
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quency., The variation in sound pressure or diaphragm velocity due to
the variation of the denominator is exactly the same as the variation of
electric current as a function of frequency in a series RLC electrical
resonant circuit. A plot of this variation as a function of normalized fre-
quency is called a universal resonance curve.

At low frequencies, the quantity Rir varies with the square of the fre-
quency. So, if @ is constant, the numerator of (7.13) varies in direct
proportion to frequency. If @ is not constant but increases with fre-
quency, the variation is more rapid. In other words, neglecting the
directivity (i.e., let @ = constant), the curve of sound pressure as a func-
tion of frequency is identical in shape to a universal electrical resonance
curve multiplied by frequency.

When an electrical universal resonance curve is expressed in decibels,
below the resonance frequency it has a slope of +6 db per octave of fre-
quency. Above the resonance frequency it has a slope of —6 db per
octave. In the case of a sound-pressure or an acoustic-power vs. fre-
quency-response curve, the slopes are further increased by the linear fre-
quency term, so that below the resonance frequency the slope is +12 db
per octave and above it the slope is 0 db (flat).

Whether one considers sound pressure or power radiated, the frequency-
response curve when expressed in decibels has the same shape, provided
the directivity factor is constant. We shall now study one of the quan-
tities, the power radiated, as a function of the quantity f2/(Rx® + Xu?).

7.7. Maximum Power Available Efficiency (PAE). Often, the response
of a loudspeaker is stated in terms of its mazimum power avazlable efficiency,
which is 100 times the ratio of the acoustic power radiated to the maxi-
mum power that the electrical generator can supply. The maximum
power is available from the electrical generator when the load resistance
equals the generator resistance.

e,*

We = iR,

(7.14)

Medium and Low Frequencies. The mazimum power available efficiency
(PAE) at medium and low frequencies [0’L* < (R, + Rg)?¥ is Eq. (7.6)
divided by the maximum power available.

w 800B R, R ur

PAE = - X 100 = B T Ra) (B + X))

W (7.15)
where Ry and X, are given by Eqs. (7.2) and (7.3). At the lower fre-
quencies we may replace Rur by Eq. (7.9) and Xx by Eq. (7.4).

Let us divide the frequency region into five parts and treat each part
separately by simplifying the circuit of Fig. 7.4a to correspond to that
part alone. Reference is made to Figs. 7.5 and 7.6 for the breakdown.
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In region A, where the loudspeaker is stiffness-controlled, the power
output increases as the fourth power of frequency or 12 db per octave.
In region B, at the resonance frequency wo, the power output is de-
termined by the total resistance in the circuit because X passes through

Zero.
> i
Uc
egBl T Cus
(Re+Rg)

(a) Very low frequencies

A A

é;lT Yo RMS
eg Bl T é (R, +Rg) 2R

(RI+RE)

(b) At principal resonance frequency wq

2R
e Bl MR
(RI+RE) ZXMR
(c) Above principal resonance frequency
(R+Rp) B % Rus
e Bl T B TR E L iE )
EerRpHwL| O (RetRey+ L m

(d) At second resonance frequency

2 PocTa

e
w—
—0
R
&
§

(&) High frequencies
F1e. 7.5. Simplified forms of the circuit of Fig. 7.4a valid over limited frequenc:
ranges.

In region C, above the first resonance frequency, the power output. (an«
the sound pressure) approaches a constant value, provided t‘he circui
impedance approaches being a pure mass reactance. Tha,t' is to say
R wr increases with the square of the frequency, and X »* also increases a
the square of the frequency, and so the frequency variation cajncels out

For small values of amplifier resistance R,, the total mechanical resist
ance Rx becomes quite large in some loudspeakers so that the resonanc
is more than critically damped. Reference to Eq. (7.8) shows that i
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Rx?> X u? the sound pressure increases linearly with frequency f. This
condition is shown in Fig. 7.6 by the dashed line.

High Frequencies. Referring back to Fig. 7.4a, we see that there is a
possibility of a second resonance taking place involving L/B?? and the
masses M u» + Xur/w. The voice-coil velocity at this resonance can be
determined from the circuit of Fig. 7.5d. The resonance frequency will
occur when

272
Wit _T_L((gﬂl_f)_ Rx)? = oMup + 2X uz (7.16)

We must note, however, that if (R, + Rg)?islarge compared with L2w?
the reactance of the capacitance L/B%? and resistance B%?/(R, + Rk)
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F16. 7.6. Graph of the power available efficiency in decibels of a hypothetical direct-
radiator loudspeaker in an infinite baffle. It is assumed that the diaphragm acts
like a rigid piston over the entire frequency range. The power is the total radiated
from both sides of the diaphragm. Zero decibels is the reference power available

efficiency level. The solid curve is for a loudspeaker with a Qr of about 2. The
dashed curve is for a Qr equal to about 0.5.
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in parallel becomes that of a negative inductance equal to —B%?L/
(Ry + Rz)% In this case, no resonance can occur.

The solution of Fig. 7.5d applies to the peak of the region marked D in
Fig. 7.6.

At frequencies above the second resonance frequency, the radiation
resistance on each side of the diaphragm becomes approximately equal to
ma’poc, where a is the effective radius of the loudspeaker. Also, w?M yp
becomes large compared with the resistance in the circuit, and w2L?
becomes large compared with (R, + Rr)?>. The voice-coil velocity is
determined from Fig. 7.5e. The power available efficiency is

. 800R,B*?pocra?
PAE = PRI g (7.17)

This region is marked E in Fig. 7.6. Here, the power output decreases
by 12 db for each doubling of frequency.
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The response curve given in Fig. 7.6 is for a typical loudspeaker used
for the reproduction of music in the home. For this application, the
mass of the cone is made as light as possible and the compliance of the
suspension as high as possible consistent with mechanical stability. For
special applications, Cxs can be small so that the resonance frequency is
high. Also, it is common in practice to make Ri so large that the
velocity . is nearly constant as a function of frequency through regions
B and C. In this case, the sound pressure increases linearly with fre-
quency, and there is no flat region C.

7.8. Reference Efficiency. It is convenient to define a reference
efficiency which permits one to plot the shape of the frequency-response
curve without showing the actual acoustic power that is being radiated
at the time. The reference power available efficiency (both sides of the
diaphragm) is defined as,

800R,BY*R uzr

_ 18
PA S = R, ¥ o) Mo + 2Mu)? 19

or, with the help of Eq. (7.9),

800R,B%%Sp’pq

PAR« = o R Ra) (M + 2M )’

(7.19)

If the loudspeaker is less than critically damped, Eq. (7.19) gives the
actual response in frequency region C, which lies above the first resonance
frequency. Even for loudspeakers that are highly damped so that there
is no flat region C, Eq. (7.19) forms a convenient reference to which the
rest of the curve is compared.

Expressed as a ratio, the PAE response at medium and low frequencies
where the radiation is nondirectional [see Eq. (7.15)] is

PAE _ wZ(MMI) + 2MM1)2

= 7.20
PAEw ~  Ru' + Xu? (7.20)

At the resonance frequency wo, where Xy = 0,
PAE  wo'(Mup + 2Mu)? — Qy? (7.21)

PAE.s R?

where Q7 is analogous to the Q of electrical circuits. Equations (7.20)
and (7.21) may be expressed in decibels by taking 10 logo of both sides of
the equations.

In Chap. 8 of this book, on Loudspeaker Enclosures, design charts are
presented from which it is possible to determine, without laborious com-
putation, the sound pressure from a direct-radiator loudspeaker as a
function of frequency including the directivity characteristics. Methods
for determining the constants of loudspeakers and of box and bass-reflex
enclosures are also presented. If the reader is interested only ir learning
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how to choose a baffle for a loudspeaker, he may proceed directly to
Chap. 8. The next part deals with the factors in design that determine
the over-all response and efficiency of the loudspeaker.

7.9. Examples of Loudspeaker Calculations

Example 7.1. Given the reference power available efficiency of Eq. (7.19) for a
loudspeaker in an infinite baffle, determine the reference sound pressure equivalent
to the reference power available efficiency assuming that the directivity factor @ (for
radiation to one side) equals 2.

Solution. The sound pressure at distance r, assuming no directivity, is related to
the acoustic power radiated to one side as follows (see Eq. 7.12):

- —= _ 4 JpecW
p= \/POCI - 2xr?

where I = intensity at distance r
W1 = W /2 total acoustic power radiated from one side of the diaphragm
The equivalent reference sound pressure is

_ E PAEre_l
Prt = Ngr2 N 00 W&
- egpoBlSD
2rr(Rg + Re)(Mup + 2M 1)

Example 7.2. As an example of the power available efficiency to be expected from
a direct-radiator loudspeaker of conventional design mounted in an infinite baffle
and radiating from both sides of the baffle, let us calculate the reference power avail-
able efficiency (PAE..) from Eq. (7.18) for the case of a commercial loudspeaker
with an advertised diameter of 12 in. Also, let us caleulate the ratio of the PAE to
the reference power available efficiency at the first resonance frequency. Typical
values of the constants are

B = 10,000 gauss = 1.0 weber/m?

l=9m

L =7 X 107* henry
Rg = 8 ohms
R, = 2 ohms

a = effective radius of diaphragm = 0.13 m
Sp = effective area of diaphragm = 0.0531 m?
po = density of air = 1.18 kg/m3
¢ = speed of sound = 344.8 m/sec
Rur = 1.57w?a*se/c (see Table 5.1) = 1.53 X 107%? newton-sec/m
My = 2.67p0a® (see Table 5.1) = 0.00694 kg
Mup = 0.011 kg
Ruys = 0.5 mks mechanical ohm
Cus =179 X 107¢

Solution. From Eq. (7.18), we obtain
800 X 2 X 12 X 92 X 1.53 X 10-¢
102 X (0.025)2

For radiation from one side of the loudspeaker only, divide this figure by 2.

Only 1.6 per cent of the available electrical power in region C of Fig. 7.6 is radiated
to one side of the diaphragm. This illustrates the statement made at the beginning
of the chapter that the efficiency of this type of loudspeaker is usually low,

PAE. =

= 3.2%

J—
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The upper resonance frequency, if such exists, is determined from Eq. (7.16), i.e.,
1

2 =
(MMD + 2XMR> [ L + Ry + RE)Z]

w

@ B2 LB
For our example, the (IZg + I,)? is so large compared with L%w? that the shunt
resistance and capacitance act like a series resistance and a negative inductance, and
no second resonance occurs in the frequency range for which a lumped-element cireuit
holds.
The boundary between regions C and D of Fig. 7.5 occurs when ka lies approxi-
mately between 1 and 2.  For our example ka = 1 corresponds to a frequency of

c 344.8

J = 5 T 3 x 013~ 24 cps

Obviously, a smaller diaphragm of lighter weight would result in region C extending
to a higher frequency. However, a reduction in the mass M up occasioned by a
smaller diaphragm will cause an increase in the first resonance frequency with a
resulting loss in bass response. A further disadvantage of a smaller diaphragm is
that, for a given sound pressure, a greater voice-coil velocity u. is needed. A longer
air gap and a larger magnet structure must therefore be provided.

The first resonance frequency equals

fom — L
' o VMuCus
where
My = Mup + 2Mu, = 0.025 kg
so that

b= 100 _
A i A
2r 4/ (0.025)(1.79)
Ry = 83{¢ + 0.5 + 0.3 = 8.9 mks mechanical ohms
woMu _ (471)(0.025)

Qr="p= =gy ~132

5¢ps

From Eq. (7.21) we see that the ratio of the PAE at wo to the reference PAE is equal
to Qr2. Hence, this ratio equals 1.74, and PAE at w, equals 5.6 per cent (both sides).

PART XVIII Design Factors Affecting Direct-radiator Loud-
speaker Performance

A loudspeaker generally is designed to provide an efficient transfer of
electric power into acoustic power and to effect this transfer uniformly
over as wide a frequency range as possible. To accomplish this, the voice
coil, diaphragm, and amplifier must be properly chosen. The choice of
the elements and their effect on efliciency, directivity, and transient
response are discussed here.

7.10. Voice-coil Design. Inspection of Fig. 7.6 reveals that region C
is a very important part of the response curve, because the average effi-
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ciency is governed by it. From Eq. (7.19), which is valid for this region,
if the indicated approximations hold, we see that the maximum power
available efficiency at a given frequency is proportional to

IR,
[(By + Be)(Myp + 2M 1)

PAE « (7.22)
Now, the resistance Rz can be expressed in terms of the mass of the
voice-coil winding M ¢ by writing

Re = L (7.23)

where « = resistivity of voice-coil conductor in units of chm-meters. The
value of « for different materials is given in Table 7.1.

radius of wire in meters.

length of voice-coil winding in meters.

Qw

l

Also,
Miuyc = masilpy (7.24)

where p, = density of the voice-coil wire in kilograms per cubic meter (see
Table 7.1). Combining (7.23) and (7.24), we get

_ Kpw
Rz = 3= (7.25)
Substituting (7.24) in (7.22) yields
2
PAE « IR, (7.26)

9 2
[(R,, 4+ ”“) (Myc + My, + 2Mm)]
Muyc

where M, = Mup — Mye.

Differentiation of this equation with respect to M x¢ and equating the
result to zero gives the value of M ¢ necessary for maximum power out-
put from a generator of impedance R, provided we assume that the coil
length is already predetermined. Hence, Muc¢ for maximum PAE is
found from

K

2
MMC2 = Rpw (Mﬁw) + 2MM1) (7.27)
[

Further, substituting (7.25) in (7.27), we get
Re .,
Muc = R, (Myp + 2M ) (7.28)
g

As an alternate possibility, we assume that the resistance of the coil,
Rz, is to be constant. Allow Myc and I to vary. Then determine My
for maximum PAE.
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TABLE 7.1. Resistivity and Density of Various Metals

Metal element Resistivity, ohm-m| Density, kg/m?
Aluminum............. 0.0283 X 10 2.70 X 102
Antimony.............| 0.417 6.6
Bismuth. ... .. ... ... 1.190 9.8
Cadmium........... .. 0.075 8.7
Calcium...............| 0.046 1.54
Carbon............... 8.0 2.25
Cesium............... 0.22 1.9
Chromium.............1 0.026 6.92
Cobalt.............. .. 0.097 8.71
Copper................ 0.0172 8.7
Gold.................. 0.0244 19.3
Iridium............... 0.061 22 .4
Iron.................. 0.1 7.9
Lead............... ... 0.220 11.0
Lithium............. .. 0.094 0.534
Magnesium............ 0.046 1.74
Manganese. ... ........ 0.050 7.42
Mercury.............. 0.958 13.5
Molybdenum.......... 0.057 10.2
Nickel................ 0.078 8.8
Platinum......... .. ... 0.10 21.4
Potassium.......... ... 0.071 0.87
Silver................. 0.0163 10.5
Sodium............... 0.046 0.97
Tin................... 0.115 7.3
Titanium. ............. 0.032 4.5
Tungsten.............. 0.055 19.0
Zine.................. 0.059 7.1

From Eq. (7.25), we have

Iz = REMMC (729)
KpPow
Putting this in (7.22) yields
ReR,Muc

7.30
PAE o B F B (Muc T Miyy T 2Mr)? (7.30)

where, as above, My, = Mup — Muyc. Maximizing, we get
MMc = M;“, + 2MM1 (731)

Finally, let us assume that M ¢ of Eq. (7.30) is a constant and that we
wish to let Rz and I vary. Then determine Ry for maximum PAE.
Maximizing Eq. (7.30), we get

R: = R, (7.32)

Hence, for the optimum value of power available efficiency, we see
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Rim thickness 0.01"

Clamping edge
003" / .
=3 ' !
f
0.03" 5 7g" 0
6.78"%°
7.34" %

Fic. 7.7. Detail of the edge of a felted-paper loudspeaker cone from an 8-in. loud-
speaker. [After Corrington, Amplitude and Phase Measuremenis on Loudspeaker
Cones, Proc. IRE, 39: 1021-1026 (1951).]
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Fia. 7.8. Relative power-available response of an 8-in.-diameter loudspeaker mounted
in an infinite bafle. The dashed curve was computed from Figs. 8.12 and 8.13 for
Qr = 6. [After Corrington, Amplitude and Phase Measurements on Loudspeaker
Cones, Proc. IRE, 39: 1021-1026 (1951).]

from Eqs. (7.28), (7.31), and (7.32), that Rz = R, and
Myc = M)y, + 2M y.

It is not usual, however, that the voice coil should be this massive, for the
reason that a large voice coil demands a correspondingly large magnet
structure.

Values of voice-coil resistances and masses for typical American loud-
speakers are given in Table 8.1 of the next chapter.
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7.11. Diaphragm Behavior. The simple theory using the method of
equivalent circuits, which we have just derived, is not valid above some
frequency between 300 and 1000 cps. In the higher frequency range the
cone no longer moves as a single unit, and the diaphragm mass M y» and
also the radiation impedance change. These changes may occur with
great rapidity as a function of fre-
quency. As a result, no tractable

mathematical treatment is available 420 500
by which the exact performance of a CpS CPS
loudspeaker can be predicted in the
higher frequency range.

A detailed study of one particular
loudspeaker is reported here as an
example of the behavior of the dia- 650 940
phragm.? The diaphragm is a felted CPS CPS

paper cone, about 6.7 in. in effective
diameter (see Fig. 7.7), having an in- (3)
cluded angle of 118°.

The sound-pressure-level response
curve for this loudspeaker measured
on the principal axis is shown in Fig.
7.8. This particular loudspeaker has,
in addition to its fundamental reson-
ance, other peaks and dips in the re-
sponse at points 1 to 8 as indicated on
the curve.

The major resonance at 90 cps is the
principal resonance and has the rela-
tive amplitude given by Eq. (7.21). 7 )

Above that is the fglrly flat region that Fic. 7.9. Nodal pattern of the cone
we have called region C. At point 1, of the loudspeaker whose response
which is located at 420 cps, the cone curve is given in Fig. 7.8. The
breaks up into a resonance of the form T.haded and dashed lines indicate
A . ines of small amplitude of vibration.
shown by the first sketch in Fig. 7.9. The (+) and (—) signs indicate
Here, there are four nodal lines on the regions moving in opposite directions,
cone extending radially, and four re- i.e.,, opposite phases. [After Corring-
. X K ton with changes.)
gions of maximum movement. Asin-
dicated by the plus and minus signs, two regions move outward while two
regions move inward. The net effect is a pumping of air back and forth
across the nodal lines. The cone is also vibrating as a whole in and out
of the page. The net change in the output is an increase of about 5 db
relative to that computed. A similar situation exists at point 2 at

1100
CPS

(6)

3800
CPS

2 M. S. Corrington, Amplitude and Phase Measurements on Loudspeaker Cones,
Proc. IRE, 89: 1021-1026 (1951).
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500 cps, except that the number of nodal lines is increased from 4 to 6.
At point 3, 650 cps, the vibration becomes more complex. Nodal lines
are no longer well defined, and the speaker vibrates in such a way that
the increase in pressure level is about 4.5 db, exclusive of 0.5 db increase
due to directivity.

For point 4 at 940 cps, a new type of vibration has become quite appar-
ent. The diaphragm moves in phase everywhere except at the rim.
Looking at the rim construction shown in Fig. 7.7 and at the vibration
pattern of Fig. 7.9(4), we can deduce what happens. The center part of
the cone vibrates at a fairly small amplitude while the main part of the
cone has a larger amplitude. At the 5.78-in. diameter the amplitude of
vibration is very small. At this point the corrugation has a large radius
(0.156 in.). As the cone moves to and fro, the paper tends to roll around
this curve, and this excites the 0.094-in. corrugation that follows into
violent oscillation at its resonance frequency. The rim resonance is
180° out of phase with respect to the main part of the cone. However,
the main part of the cone has a high amplitude produced by the rocking
motion around the 5.78-in. diameter, and because of its greater area, only
part of its effect in producing a high sound level is canceled out by the
rim motion. The net result is a peak in output (see point 4 of Fig. 7.8).

At point 5, 1100 cps, a sharp decrease in response is observed. The
decrease seems to be the result of a movement of the nodal line toward the
apex of the cone, and a reduction of the amplitude of the (+) portion.
Here, the effect is a pumping of air back and forth across the nodal line,
with a cancellation in output. This vibration is very characteristic, and
at the time such motion occurs, the response drops vigorously.

As frequency is increased, the loudspeaker breaks up into still different
characteristic modes of vibration. As shown in Fig. 7.9, case 6, several
nodal lines appear concentrie to the rim of the loudspeaker. When these
occur, a large increase in output is obtained, as shown at point 6 of Fig.
7.8. As frequency is increased, other such resonances occur, with more
nodal lines becoming apparent. These nodal lines are the result of
waves traveling from the voice coil out to the edge of the cone and being
reflected back again. These outwardly and inwardly traveling waves
combine to produce a standing-wave pattern that will radiate a maxi-
mum of power at some particular angle with the principal axis of the
loudspeaker.

In order to reduce standing-wave patterns of the type shown in cases
6,7, and 8 of Fig. 7.9, it is necessary that a termination of proper mechan-
ical impedance be placed at the outer edge of the diaphragm. This
termination must be one that absorbs waves traveling outward from the
center of the cone so that no wave is reflected back. In practical design,
a leather supporting edge is frequently employed. Such a leather might
be a very soft sheepskin, having a weight of approximately 3 oz/yd?, and
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carefully tanned. A leather supporting edge is also effective in reducing
the rim resonance. The resulting effect is to produce a more uniform
response in the frequency region between 700 and 1500 cps of Fig. 7.8.

7.12. Divided-cone Driving Unit. We have seen that important
deterrents to a flat response at high frequencies are large radius and large
mass of the diaphragm. A logical means, therefore, for improving the

Myp Caz
Uz Cm/
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My,
Cus
(a)
Crz
Cas Mup
; E ; M)y,
Cus

(b)
Fic. 7.10. Two methods for effectively having two sizes of cones with a single voice

coil. (a) Two separate cones joined by a compliant element. (b) One cone with a
compliant element molded into it at a fraction of its radius.

L
B:,:

e, Bl
(Bg+ Re)+jwl

Fia. 7.11. Mechano-acoustical circuit for loudspeakers with the cones shown in
Fig. 7.10.

high-frequency response would be to design the diaphragm so that at the
high frequencies only the portion of it near the voice coil will move. Two
means for doing this are shown in Fig. 7.10. The performance of these
diaphragms is indicated by the equivalent circuit of Fig. 7.11. Here,
the quantities M up, Cys, and Rus are the mechanical constants of the
smaller (inner) cone, and A 4., Cuz and Eus are the mechanical con-
stants of the outer cone. The two are connected mechanically with each
other through a compliance Cx;. The radiation impedance of the inner
cone is Zyxi, and that of the outer cone is Zyg,. The other constants
are the same as in Fig. 7.4. At high frequencies 1/wC y; 1s essentially a
short circult, and only the constants of the smaller cone are involved.
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In practice the design of Fig. 7.10b is more commonly used because of
its lower cost.

Another but more expensive means for separating the inner portion of
the cone from the outer is to use a leather strip for the compliance C ;.
A material sometimes used for this is goatskin, having a weight of about
2.5 oz/yd? At the highest frequencies at which the inner cone of the
loudspeaker is to operate, the goatskin acts to absorb waves traveling in
the cone outward from the voice coil. A smoother response curve is
thereby obtained.

7.13. Multiple Driving Units. Another means of accomplishing the
equivalent of several sizes of cones is to mount two or more loudspeakers
of different diameters near each other. An electrical network, called a
crossover network, is used to supply electrical power to one loudspeaker at

Low - frequency diaphragm
Low - frequency unit

Mid - frequency
unit

High-frequency
unit
r—— High-frequency
horn

Mid - frequency horn

Fre. 7.12. A “coaxial,” or Fig. 7.13. Cross section of a ‘‘triaxial,” or ‘‘three-
“two-way,”” loudspeaker. way’’ loudspeaker. (Courtesy of Jensen Mfg. Co.,
Chicago, I11.)

low frequencies and to the other, or others, at higher frequencies. A
difficulty with this arrangement is that if the loudspeakers are mounted
side by side, the path that the sound has to travel from each of the loud-
speakers to a listener will be different in different parts of the listening
room. Hence, in the vicinity of the crossover frequencies cancellation
of the sound will result at some parts of the room, and addition will occur
at others.

To avoid this effect, the loudspeakers are often mounted concentrically
t.e., the smaller loudspeakers are placed in the front of and on the axis of
the larger loudspeaker (see Figs. 7.12 and 7.13). In the vicinity of the
crossover frequency there is usually some shielding of the radiation from
the larger loudspeakers by the smaller ones, with resulting irregularity in
the response curve.

7.14. Directivity Characteristics. The response curve of Fig. 7.6 and
the information of the previous three paragraphs reveal that, above the
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frequency where ka = 2 (usually between 800 to 2000 cps), a direct-
radiator loudspeaker can be expected to radiate less and less power. The
rate at which the radiated power would decrease, if the cone were a rigid
piston, is between 6 and 12 db for each doubling of frequency. This
decrease in power output is not as apparent directly in front of the loud-
speaker as at the sides because of directivity. That is to say, at high
frequencies, the cone directs a larger proportion of the power along the
axis than in other directions. Also, the decrease in power is overcome in
part by the resonances that occur in the diaphragm, as we have seen from
Fig. 7.8.

Directivity Patterns for Typical Loudspeakers. 'Typical directivity pat-
terns for a 12-in.-diameter direct-radiator loudspeaker, mounted in one
of the two largest sides of a closed box having the dimensions 27 by 20 by
12 in., were shown in Fig. 4.23. These data are approximately correct
for loudspeakers of other diameters if the frequencies beneath the graphs
are multiplied by the ratio of 12 in. to the diameter of the loudspeaker in
inches.

Comparison with the directivity patterns for a flat rigid piston in the
end of a long tube, as shown in Fig. 4.12, reveals that the directivity pat-
terns for a flat piston are different from those for an actual loudspeaker.
This difference results from the cone angle, the speed of propagation of
sound in the cone relative to that in the air, and the resonances in the
cone. In this connection, it is interesting to see how the speed varies
with frequency in an actual cone.

Speed of Propagation of Sound in Cone. Let us define the average speed
of propagation of sound in the cone as the distance between the apex and
the rim, divided by the number of wavelengthsin that distance, multiplied
by the frequency in cycles per second. For the particular 8-in. loud-
speaker of Figs. 7.7 to 7.9, the phase shift and the average speed of
propagation of the sound wave from the apex to the rim of the cone are
given in Fig. 7.14. At low frequencies the cone moves in phase so that
the speed can be considered infinite. At high frequencies the speed
asymptotically approaches that in a flat sheet of the same material,
infinite in size.

Intensity Level on Designated Axis. We have stated already that at
high frequencies a loudspeaker diaphragm becomes directional. In order
to calculate the enhancement of the sound pressure on the axis of the
loudspeaker as compared with that indicated by the equations for maxi-
mum available power efficiency, it is convenient to use the concepts of
directivity factor and of directivity index as defined in Part XI (pages
109 to 115). For example, we might wish to know the intensity (or the
sound pressure level) on the axis of the loudspeaker, given the power-
available response and the directivity factor. This is done as follows:

The intensity as a function of frequency on the axis of symmetry of the
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Joudspeaker divided by the electrical power available 1s equal to the
product of (1) the power-available-efficiency response characteristic,
(2) the directivity factor, and (3) 1/4xr?, where r is the distance at which
the intensity is being measured. In decibels, we have

10 log1o IW“; = 10logio PAE, + DI — 10 logo 4n7? (7.33)
where I, = Pa..?/poc = intensity in watts per square meter on the desig-
nated axis at a particular frequency
P = sound pressure level in newtons per square meter measured
on the designated axis at a particular frequency
PAE, = W,/Wy = ratio of total acoustic power in watts radiated by
the front side of the loudspeaker to the maximum electrical
power in watts available from the source {see Eq. (7.14)]
and where DI is given by Eq. (4.19) and Fig. 4.20. Note that, for the
piston in an infinite baffle, the DI at low frequencies is 3 db because the
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Fia. 7.14. Phase shift and average wave speed in the cone of an 8-in. loudspeaker.
[After Corrington, Amplitude and Phase Measurements on Loudspcaker Cones, Proc.
IRE, 89:1021-1026 (1951).]

power is radiated into a hemisphere, and that the last term of Eq. (7.32)
is the area of a sphere, in decibels.

Expressed in terms of the sound pressure level on the designated axis
re 0.0002 microbar (0.00002 newton/m?), Eq. (7.33) becomes

SPL re 0.0002 microbar = 20 logie (ﬁ)%éb?z = 10 log,o W

+ 10 log;o PAE; 4+ DI — 10 logy 47r?
+ 10 logio poc + 94 db  (7.34)
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7.16. Transient Response. The design of a loudspeaker enclosure
and the choice of amplifier impedance eventually must be based on sub-
jective judgments as to what constitutes ‘‘ quality”” or perhaps simply on
listening ‘‘satisfaction.” It is believed by many observers that a flat
sound-pressure-level response over at least the frequency range between
70 and 7000 cps is found desirable by most listeners. Some observers
believe that the response should be flat below 1000 cps but that between
1000 and 4000 cps it should be about 5 db higher than its below-1000-cps
value. Above 4000 cps, the response should return to its low-frequency
value. It is also believed by some observers that those loudspeakers
which sound best generally reproduce tone burstst well, although this
requirement is better substantiated in the literature for the high fre-
quencies than for the low.

An important factor determining the transient response of the circuits
of Fig. 7.4 is the amount of damping of the motion of the loudspeaker
diaphragm that is present. For a given loudspeaker, the damping may
be changed (1) by choice of the amplifier impedance R,, or (2) by adjust-
ment of the resistive component of the impedance of the enclosure for the
loudspeaker, or (3) by both. Generally, the damping is adjusted by choice
of amplifier impedance because this is easier to do.

The instantaneous velocity u. for both steady-state and suddenly
applied sine waves is

v = _ €Bl
* (Ry+ Re)|Zu|
[sin (wt — 68) + ﬂ e Rut/2Mu gin (wel + \(/o)] (7.35)
sin Yo
where
Zy = |Zule® = Ry + X u (7.36)
where Ry and X are given by Eqgs. (7.2) and (7.4).
Sin yo = . (7.37)
\/1 B [(RMz/uxMAﬁ) + o Ry | R ]2
wwo Xu ' 2M ywo

2
wy = \/ 7 s}](,_'.u; - E%C;Iu_ﬁ = 2r times the resonance frequency (7.38)
From Eq. (7.1) we see that the first fraction on the right side of (7.35)
and the first term within the brackets is the steady-state term. The
second term within the brackets is the transient term, which dies out at
the rate of exp (—Rut/2M u).
It is known that the reverberation time in the average living room is

T A tone burst is a wave-train pulse that contains a number of waves of a certain
frequency.
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about 0.5 sec, which corresponds to a decay constant of 13.8 sec™'.
Psychological studies also indicate that if a transient sound in a room has
decreased to less than 0.1 of its initial value within 0.1 sec, most listeners
are not disturbed by the “overhang” of the sound. This corresponds to
a decay constant of 23 sec™!, which is a more rapid decay than occurs in
the average living room. Although criteria for acceptable transient dis-
tortion have not been established for loudspeakers, it seems reasonable to
assume that if the decay constant for a loudspeaker is greater than four
times this quantity, i.e., greater than 92 sec™, no serious objection will be
met from most listeners to the transient occurring with a tone burst.
Accordingly, the criterion that is suggested here as representing satis-
factory transient performance is

Ry
2M M

Equation (7.35) reveals that, the greater Rx/2My, the shorter the
transient. Equation (7.39) should be construed as setting a lower limit
on the amount of damping that must be introduced into the system. It
is not known how much damping ought to be introduced beyond this
minimum amount.

In the next chapter we shall discuss the relation between the criterion
of Eq. (7.39) and the response curve with baffle.

Each of the diaphragm resonances (e.g., points 1 to 8 in Fig. 7.8) has
associated with it a transient decay time determined from an equation
like Eq. (7.35). In order to fulfill the criterion of Eq. (7.39), it is usually
necessary to damp the loudspeaker cone and to terminate the edges so
that a response curve smoother than that shown in Fig. 7.8 is obtained.
With the very best direct-radiator loudspeakers much smoother response
curves are obtained. The engineering steps and the production control
necessary to achieve low transient distortion and a smooth response curve
may result in a high cost for the completed loudspeaker.

> 92 sec™! (7.39)

Example 7.3. If the circular gap in the permanent magnet has a radial length of
0.2 em, a circumference of 8 cm, and an axial length of 1.0 ¢m, determine the energy
stored in the air gap if the flux density is 10,000 gauss.

Solution.

Volume of air gap = (0.002)(0.08)(0.01) = 1.6 X 107¢ m?
Flux density = 1 weber/m?

]

From books on magnetic devices, we find that the energy stored 1s

BV
W = %

where the permeability u for air is pe = 4x X 1077 weber/(amp-turn m).  Ience, the
alr-gap energy is
_ (a6 X 107 2

W = @i(ir X 0 . = (.636 joule

Part XVIII] DESIGN FACTORS 207

Example 7.4. A 12-in. loudspeaker is mounted in onc of the two largest sides of a
closed box having the dimensions 27 by 20 by 12in. Determine and plot the relative
power available efficiency and the relative sound pressure level on the principal axis.

Solution. Typical directivity patterns for this loudspeaker are shown in Fig. 4.23.
The directivity index on the principal axis as a function of frequency is shown in Fig,
4.24. Tt is intercsting to note that the transition frequency from low directivily to
high directivity is about 500 cps. Since the effective radius of the radiating cone for
this loudspeaker is about 0.13 m, ka at this transition frequency is

_ 2xfa _ 1000r X 0.13 _
ko = === "3ns ~ 118

or nearly unity, as would be expected from our previous studies. The transition from
region C [where we assumed that w?M 2 > Rur? and L2 K (R, + Rg)? to region E
of Fig. 7.6 also occurs at about ka = 1.

In the frequency region between ka = 0.5 and ka = 3, the loudspeaker can be
represented by the circuit of Fig. 7.4a. Let us assume that it is mounted in an infinite
baffle and that one-half the power is radiated to each side. Also, let us assume that
the amplifier impedance is very low.

The power available efficiency, from one side of the loudspeaker, is

w, 400B%2R Ry r

PAE, = We = (B, F Re)i(Rne® + X (7.40)

where
R B Rus + 20t 14 e
SV ry e S Sl ey
i LB
Xur = (WMup + 2X )\/1+ @ - i
T e At (R + Be)* (R, + Re)* /T + WP/ (R, T Ra)]
(7.42)

(7.41)

If we assume the constants for Ilxample 7.2, we obtain the solid curve of Fig. 7.15a.
It is seen that, above f = 1000 cps, the power available efficiency drops off.
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F1G. 7.15. Graphs of the relative power available efficiency and the sound pressure
level measured on the principal axis of a typical 12-in.-diameter loudspeaker in a
closed-box baffle. The reference level is chosen arbitrarily.

Now, let us determine the sound pressure level on the principal axis of the loud-
speaker, using Eq. (7.34). The dircctivity index for a piston in a long tube is found
from Fig. 4.20. The results are given by the dashed curve in Fig. 7.15.  Obviously,
the directivity index is of great value in maintaining the frequency response on the
principal axis out to higher frequencies. At still higher frequencies, cone resonances
oceur, as we said before, and the typical response curve of Fig. 7.8 is obtained.



CHAPTER 8

LOUDSPEAKER ENCLOSURES

PART XIX Simple Enclosures

Loudspeaker enclosures are the subject of more controversy than any
other item connected with modern high-fidelity music reproduction.
Because the behavior of enclosures has not been clearly understood, and
because no single authoritative reference has existed on the subject,
opinions and pseudo theories as to the effects of enclosures on loudspeaker
response have been many and conflicting. The problem is complicated
further because the design of an enclosure should be undertaken only with
full knowledge of the characteristics of the loudspeaker and of the
amplifier available, and these data are not ordinarily supplied by the
manufacturer.

A large part of the difficulty of selecting a loudspeaker and its enclosure
arises from the fact that the psychoacoustic factors involved in the repro-
duction of speech and music are not understood. Listeners will rank-
order differently four apparently identical loudspeakers placed in four
identical enclosures. It has been remarked that if one selects his own
components, builds his own enclosure, and is convinced he has made a wise
choice of design, then his own loudspeaker sounds better to him than does
anyone else’s loudspeaker. In this case, the frequency response of the
loudspeaker seems to play only a minor part in forming a person’s
opinion.

In this chapter, we shall discuss only the physics of the problem. The
designer should be able to achieve, from this information, any reasonable
frequency-response curve that he may desire. Further than that, he will
have to seek information elsewhere or to decide for himself which shape
of frequency-response curve will give greatest pleasure to himself and to
other listeners.

With the information of this chapter, the high-fidelity enthusiast should
be able to calculate, if he understands a-c circuit theory, the frequency-
response curve for his amplifier-loudspeaker-baffic combination.  Design
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graphs are presented to simplify the calculations, and three complete
examples are worked out in detail. Unfortunately, the calculations are
sometimes tedious, but there is no short cut to the answer.

As we have stated earlier, all calculations are based on the mks system.
A conversion table is given in Appendix II that permits ready conversion
from English units. The advantage of working with meters and kilograms
is that all electrical quantities may be expressed in ordinary watts, volts,
ohms, and amperes. It is believed that use of the mks system leads to
less confusion than use of the cgs system' where powers are in ergs per
second, electrical potentials are volts X 108, electrical currents are
amperes X 107}, and impedances are ohms X 10°

8.1. Unbaffled Direct-radiator Loudspeaker. A baffle is a structure
for shielding the front-side radiation of a loudspeaker diaphragm from
the rear-side radiation. The necessity
for shielding the front side from the rear A
side can be understood if we consider
that an unbaffled loudspeaker at low z
frequencies is the equivalent of a pair of
simple spherical sources of equal strength o -6
located near each other and pulsing out _.l b \l:
of phase (see Fig. 8.1). Therearsideof g, g Doublet sound source
the diaphragm of the loudspeaker is equivalent at low frequencies to
equivalent to one of these sources, and 20 unbaffled vibrating diaphragm.

cq . . The point A is located a distance »

the front side is equivalent to the other. ;14 4t an angle 6 with respect to

If we measure, as a function of fre- the axis of the loudspeaker.
quency f, the magnitude of the rms
sound pressure p at a point A, fairly well removed from these two sources,
and if we hold the volume velocity of each constant, we find from Eq.
(4.15) that

2
lp| = W cos 8 (8.1)

where Uy = rms strength of each simple source in cubic meters per
second.
b = separation between the simple sources in meters.
po = density of air in kilograms per cubic meter (1.18 kg/m?® for
ordinary temperature and pressure).
7 = distance in meters from the sources to the point A. It is
assumed that r > b.
angle shown in Iig. 8.1.
¢ = speed of sound in meters per second (344.8m/sec, normally).

fl

UH. I. Olson, “Elements of Acoustical Iingincering,” 2d ed., pp. 84-85, Table 4.3,
D. Van Nostrand Company, Inc., New York, 1947. For a discussion of simple
loudspeaker enclosures, sce pp. 144 -154,
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In other words, for a constant-volume velocity of the loudspeaker dia-
phragm, the pressure p measured at a distance r is proportional to the
square of the frequency f and to the cosine of the angle 6 and is inversely
proportional to r. In terms of decibels, the sound pressure p increases at
the rate of 12 db for each octave (doubling) in frequency.

In the case of an actual unbaflled loudspeaker, below the first resonance
frequency where the system is stiffness-controlled, the velocity of the
diaphragm is not constant but doubles with each doubling of frequency.
This is an increase in velocity of 6 db per octave. Hence, the pressure p
from a loudspeaker without a baffle increases 12 + 6 = 18 db for each
octave increase in frequency. Above the first resonance frequency,
where the system is mass-controlled, the velocity of the diaphragm
decreases 6 db for each octave in frequency. Hence, in that region, the
pressure p increases 12 — 6 = 6 db for each octave increase in frequency.

8.2. Infinite Bafle. In the previous chapter we talked about direct-
radiator loudspeakers in infinite baffles. Reference to Fig. 7.6 reveals
that with an infinite baffle, the response of a direct-radiator loudspeaker
is enhanced over that just indicated for no baffle. It was shown that if
one is above the first resonance frequency usually the response is flat with
frequency unless the Bl product is large (region C) and that if one is below
the first resonance frequency the response decreases at the rate of 12 db
per octave instead of 18 db per octave. Hence, the isolation of the front
side from the back side by an infinite baffle is definitely advantageous.

In practice, the equivalent of an infinite bafile is a very large enclosure,
well damped by absorbing material. One practical example is to mount
the loudspeaker in one side of a closet filled with clothing, allowing the
front side of the loudspeaker to radiate into the adjoining listening room.

Design charts covering the performance of a direct-radiator loudspeaker
in an infinite baffle are identical to those for a closed-box. We shall
present these charts in Par. 8.5.

8.3. Finite-sized Flat Baffle. The discussion above indicated that it
is advisable to shield completely one side of the loudspeaker from the
other, as by mounting the loudspeaker in a closet. Another possible
alternative is to mount the loudspeaker in a flat baffle of finite size, free
to stand at one end of the listening room.

The performance of a loudspeaker in a free-standing flat baffle leaves
much to be desired, however. If the wavelength of a tone being radiated
is greater than twice the smallest lateral dimension of the baffle, the loud-
speaker will act according to Eq. (8.1). This means that for a finite flat
haffle to act approximately like an infinite baffle at 50 ¢ps, its smallest
lateral dimension must be about 3.5 m (11.5 ft). However, even above
this frequency, sound waves traveling {rom behind the loudspeaker reflect
off walls and meet with those from the front and cause alternate cancella-
tions and reinforcements of the sound as the two waves come into phase or
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out of phase at particular frequencies in particular parts of the room.
This effect can be reduced by locating the loudspeaker off center in the
baffle, but it cannot be eliminated because of reflections from the walls of
the room behind the loudspeaker. Also, a flat baffle makes the loud-
speaker more directional than is desirable because in the plane of the
baffle the sound pressure tends to reduce to zero regardless of the bafle
size.

8.4. Open-back Cabinets. An open-back cabinet is simply a box with
one side missing and with the loudspeaker mounted in the side opposite
the open back. Many home radios are of this type. Such a cabinet
performs nearly the same as a flat baffle that provides the same path
length between the front and back of the loudspeaker. One additional

|G

]

Fic. 8.2. Loudspeaker of radius a Fia. 8.3. Typical plywood box with

/

Plywood
" 0.7 t0 10 inch
thick

Acoustical lining
05 to 15 inch
thick

mounted in an unlined box with loudspeaker mounted off center in one
dnpensxons L X L X L/2. While side and lined with a layer of soft ab-
this type of box is convenient for sorbent acoustical material.

analysis, the construction shown in
Fig. 8.3 is more commonly used.

effect, usually undesirable, occurs at the frequency where the depth of the
box approaches a quarter wavelength. At this frequency, the box acts
as a resonant tube, and more power is radiated from the rear side of the
loudspeaker than at other frequencies. Furthermore, the sound from
the rear may combine in phase with that from the front at about this
same frequency, and an abnormally large peak in the response may be
obtained.

8.5. Closed-box Baffle.’:? The most commonly used type of loud-
speaker baffle is a closed box in one side of which the loudspeaker is
mounted. In this type, discussed here in considerable detail, the back
side of the loudspeaker is completely isolated from the front. Customary
types of closed-box baffles are shown in Figs. 8.2 and 8.3. The sides are
made as rigid as possible using some material like 5-ply plywood, 0.75 to
1.0 in. thick and braced to prevent resonance. A slow air leak must be

?D. J. Plach and P. B. Williams, Loudspeaker Enclosures, Audio Engineering, 36:
12f. (July, 1951).
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SUMMARY OF CLOSED-BOX BAFFLE DESIGN

1. To determine the volume of the closed boz:

a. Find the values of f, (without baffle) and C s from Par. 8.7 (pages 229 to 230).
Approximate values may be determined from Fig. 8.5b and d.

b. Determine Sp from Fig. 8.5a, and calculate Cas = CusSpt.

¢. Decide what percentage shift upward in resonance frequency due to the
addition of the box you will tolerate, and, from the lower curve of Fig. 8.11, deter-
mine the values of C4s/C4s and, hence, Cys.

d. Having C4p, determine the volume of the box from Eq. (8.7).
e. Shape and line the box according to Pars. 8.6 (page 227) and 8.5 (page 217).

2. To determine the response of the loudspeaker at frequencies below the rim resonance
frequency (about 500 ¢ps):

a. Find the values of Muxp, Rus, Cus, Bl, Rg, and Sp from Par. 8.7 (pp. 228 to
232). Approximate values may be obtained from Fig. 8.5, Table 8.1, and the sen-
tence preceding Table 8.1.

b. Determine M4p = Mup/Sp?, Cas = CusSp? and Ras = Rus/Sp

¢. Determine Rar, X4ar, M4y, Cun, and M 45 from Eqgs. (8.4) to (8.8).

d. If the flow resistance and volume of the acoustical lining are known, deter-

mine R x from Fig. 8.8. Otherwise, neglect K4p to a first approximation.

e. Determine the actual (not the rated) output resistance of the power amplifier,
R,. All the constants for solving the circuit of Fig. 8.4 are now available.

f. Calculate the total resistance R4, total mass M4, and total compliance C4
from Egs. (8.19) to (8.21). Determine wo and @r from Eqs. (8.22) and (8.23).

g. Determine the reference sound pressure at distance r from the loudspeaker
by Eq. (8.27).

h. Determine the ratios of the driving frequencies at which the response is
desired to the resonance frequency wo, that is, w/we. Determine the ratio of

M, /R,

i. Obtain the frequency response in decibels relative to the reference sound
pressure directly from Figs. 8.12 and 8.13.

provided in the box so that changes in atmospheric pressure do not dis-
place the neutral position of the diaphragm.

Analogous Circuit. A closed box reacts on the back side of the loud-
speaker diaphragm. This reaction may be represented by an acoustic
impedance which at low frequencies is a compliance operating to stiffen the
motion of the diaphragm and to raise the resonance frequency. At high
frequencies, the reaction of the box, if unlined, is that of a multiresonant
circuit. This is equivalent to an impedance that varies cyclically with
frequency from zero to infinity to zero to infinity, and so on. This vary-
ing impedance causes the frequency-response curve to have correspond-
ing peaks and dips.

Part X1X] SIMPLE ENCLOSURES 213

If the box is lined with a sound-absorbing material, these resonances are
damped and at high frequencies the rear side of the diaphragm is loaded
with an impedance equal to that for the diaphragm in an infinite baffle
radiating into free space.

At low frequencies, where the diaphragm vibrates as one unit so that it
can be treated as a rigid piston, a complete electro-mechano-acoustical
circuit can be drawn that describes the behavior of the box-enclosed
loudspeaker. This circuit is shown in Fig. 8.4 and was developed by
procedures given in Part XVII

Some interesting facts about loudspeakers are apparent from this
circuit. First, the electrical generator (power amplifier) resistance R,

Front side of

Mechanical part diaphragm
Electrical of loudspeaker radiation Box
4 N /T /'—J"_—\

Pe

egBl T
(Bg+Rg)Sp

O—
O

Fia. 8.4. Circuit diagram for a direct-radiator loudspeaker mounted in a closed-box
bafle. This circuit is valid for frequencies below about 400 cps.  The volume velocity
of the diaphragm = U,; ¢, = open-circuit voltage of generator; R, = generator
resistance; Rg = voice-coil resistance; B = air-gap flux density; ! = length of wire
on voice-coil winding; S, = effective area of the diaphragm; M .p = acoustic mass
of diaphragm and voice coil; (45 = total acoustic compliance of the suspensions;
Ras = acoustic resistance in the suspensions; R4g, X4z = acoustic-radiation imped-
ance from the front side of the diaphragm; Ras, X 4» = acoustic-loading impedance of
the box on the rear side of the diaphragm.
and the voice-coll resistance Rx appear in the denominator of one of the
resistances shown. This means that if one desires a highly damped or
an overdamped system, it is possible to achieve this by using a power
amplifier with very low output impedance. Second, the circuit is of the
simple resonant type so that we can solve for the voice-coil volume
velocity (equal to the linear velocity times the effective area of the dia-
phragm) by the use of universal resonance curves. Our problem becomes,
therefore, one of evaluating the circuit elements and then determining
the performance by using standard theory for electrical series LE( zircuits.
Values of Electrical-circuit Elements. All the elements shown in Fig.
8.4 are in units that yield acoustic impedances in mks acoustic ohms
(newton-seconds per meter®), which means that all elements are trans-
formed to the acoustical side of the circuit. This accounts for the effec-
tive area of the diaphragm 8, appearing in the electrical part of the
circuit.  The quantities shown are

e, = open-circuit voltage in volts of the audio amplifier driving the
loudspeaker
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B = flux density in the air gap in webers per square meter (1 weber/
m? = 10* gauss)
1 = length of the wire wound on the voice coil in meters (1 m =
39.37 in.)
R, = output electrical impedance (assumed resistive) in ohms of the
audio amplifier
Rz = electrical resistance of the wire on the voice coil in ohms
a = effective radius in meters of the diaphragm
S» = ma? = effective area in square meters of the diaphragm

Values of the Mechanical-circuit Elements. The elements for the
mechanical part of the circuit differ here from those of Part XVII in that
they are transformed over to the acoustical part of the circuit so that they
yield acoustic impedances in mks acoustic ochms.

Map = Mup/Sp? = acoustic mass of the diaphragm and voice coil
in kilograms per meter*
M up = mass of the diaphragm and voice coil in kilograms
Cis = CysSp? = acoustic compliance of the diaphragm suspen-
sions in meters® per newton (1 newton = 10° dynes)
Cus = mechanical compliance in meters per newton
Ris = Rus/Sp? = acoustic resistance of the suspensions in mks
acoustic ohms
Rus = mechanical resistance of the suspensions in mks mechanical
ohms

As we shall demonstrate in an example shortly, these quantities may
readily be measured with a simple setup in the laboratory. It is helpful,
however, to have typical values of loudspeaker constants available for
rough computations, and these are shown in Fig. 8.5 and in Table
8.1. The magnitude of the air-gap flux density B varies from 0.6 to
1.4 webers/m? depending on the cost and size of the loudspeaker.

TABLE 8.1. Typical Values of I, Rz, and M ¢ for Various Advertised Diameters

of Loudspeakers
Advertised | . I\orgmal ! Rg, M pc, mass of
diam, in. tmpedance, » M ohms | voice coll, g
ohms
4-5 3.2 2.7 | 3.0 0.35-0.4
6-8 3.2 3.4 | 3.0 0.5 -0.7
10-12 3.2 4.4 | 3.0 1.0 -1.5
12 8.0 8.0 7.0 3
15-16 16.0 12

Values of Radiation (Front-side) [mpedance.  Acoustical elementsalways
give the newcomer to the field of acoustics some difficulty because they are
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F16. 8.5a. Relation between effective diameter of a loudspeaker and its advertised
diameter.

Fic. 8.5b. Average resonance frequencies of direct-radiator loudspeakers when
mounted in infinite baffles vs. the advertised diameters.

Fic. 8.5¢c. Average mass of voice coils and diaphragms of loudspeakers as a function
of advertised diameters. Mup is the mass of the diaphragm including the mass of the
voice-coil wire, and M p is the mass of the diaphragm excluding the mass of the
voice-coil wire.

Fic. 8.56d. Average compliances of suspensions of loudspeakers as a function of adver-
tised diameters. Note, for example, that 3 on the ordinate means 3 X 10~¢m /newton.

not well behaved. That is to say, the resistances vary with frequency,
and, when the wavelengths are short, so do the masses.

The radiation impedance for the radiation from the front side of the
diaphragm is simply a way of indicating schematically that the air has
mass, that its inertia must be overcome by the movement of the dia-
phragm, and that it is able to accept power from the loudspeaker. The
magnitude of the front-side radiation impedance depends on whether the
box is very large so that it approaches being an infinite baffle or whether
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the hox has dimensions of less than about 0.6 by 0.6 by 0.6 m (7.6 {t3), in
which case the behavior 1s quite different.

VERY-LARGE-SIZED BOX (APPROXIMATE INFINITE BAFFLE)

R.z = radiation resistance for a piston in an infinite baffle in mks
acoustic ohms. This resistance is determined from the ordinate
of Fig. 5.3 multiplied by 407/Sp. If the frequency is low so
that the effective circumference of the diaphragm (2wa) is less
than \, that is, ka < 1 (where k = 2x/A) R4 may be computed
from

Rap = — = 0.0215f2 (8.2)

0.159w?po
c
X.r = radiation reactance for a piston in an infinite baffle. Determine
from the ordinate of Fig. 5.3, multiplied by 407/Sp. For
ka < 1, X4z 1s given by

Xun = oM = 9“9‘%)—‘1’&’ - ?g (8.3a)

and

0.270 0.318
My, = a”°i - (8.3b)

MEDIUM-SIZED BOX (LESS THAN & FT3)

Rar = approximately the radiation impedance for a piston in the end
of along tube. This resistance is determined from the ordinate
of Fig. 5.7 multiplied by 407/S,. If the frequency is low so
that the effective circumference of the diaphragm (27a) is less
than A, N4z may be computed from

ar = ”fzm = 0.01076/? (8.4)

X .z = approximately the radiation reactance for a piston in the end of
along tube. Determine from the ordinate of Fig. 5.7 multiplied
by 407/Sp. For ka < 1, Xz is given by

w(0.1952)po . 1.45f
a T a

XAR = w]”u = (850)

and
i,y - 19520 O

- (8.5b)

Closed-box (Rear-side) Impedance. The acoustic impedance Z.p of &
closed box in which the loudspeaker is mounted is a reactance X s in
series with a resistance R,5. As we shall see below, neither X 45 nor Nus
is well behaved for wavelengths shorter than 8 times the smallest dimen-
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sion of the box.T If the dimension behind the loudspeaker is less than
about A/4, the reactance is negative. If that dimension is greater than
N/4, the reactance is usually positive if there is absorbing material in the
box so that the loading on the back side of the Joudspeaker is approxi-
mately that for an infinite baffle.

MEDIUM-SIZED BOX. For those frequencies where the wavelength of
sound is greater than eight times the smallest dimension of the box
(4L < X for the box of Fig. 8.2), the mechanical reactance presented to
the rear side of the loudspeaker is a series mass and compliance,

XAB = OJMAB - é (86)
wl ap
where
Cap = 4 (8.7)
' AB 'YP() .
is the acoustic compliance of the box in meters® per newton and
Map = B0 (8.8)
Ta

is the acoustic mass in kilograms of the air load on the rear side of the dia-
phragm due to the box; and where

Vs = volume of box in cubic meters. The volume of the loudspeaker
should be subtracted from the actual volume of the box in order
to obtain this number. To a first approximation, the volume of
the speaker in meters® equals 0.4 X the fourth power of the ad-
vertised diameter in meters.

v = 1.4 for air for adiabatic compressions.

Py = atmospheric pressure in newtons per square meter (about 10° on
normal days).

ra = v/ Spr if the loudspeaker is not circular.

B = a constant, given in Fig. 8.6, which is dependent upon the ratio
of the effective area of the loudspeaker diaphragm Sp to the
area L? of the side of the box in which it is mounted.

As an example, assume that the depth of the box L/2 is 1 ft. Then,
since Eq. (8.6) is restricted to the frequency region where A\/8 > L/2, the
maximum frequency for it is 140 cps.

LARGE-SIZED BoX. If the box is large so that its smallest dimension is
greater than one-eighth wavelength, and if it is unlined, the mechanical
reactance is determined from Fig. 8.7.

Impedance of Closed Box with Absorptive Lining. The type of reactance
function shown in Fig. 8.7 is not particularly desirable because of the very

t At 1000 cps, a wavelength at 72°F is about 13.5in.; at 500 ¢ps, 27 in.; at 2000 cps,
6.8 in.; and so on.
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Fic. 8.6. End-correction factor B for the reactance term of the impedance at the rear

side of the _loudspeaker diaphragm mounted in a box of the type shown in Fig. 8.2,
The acoustic reactance of the box on the diaphragm is given by X4 = —+Po/wV5p

+ wBpo/ma. For a noncircular diaphragm of area Sp, na = v/ Spr.
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high value that X 45 reaches at the first normal mode of vibration (reso-
nance) for the box, which occurs when the depth of the box equals one-
half wavelength. A high reactance reduces the power radiated to a very
small value. To reduce the magnitude of X5 at the first normal mode
of vibration, an acoustical lining is placed in the box. This lining should
be highly absorptive at the frequency of this mode of vibration and at all
higher frequencies. For normal-sized boxes, a satisfactory lining is a
1-in.-thick layer of bonded mineral wool, bonded Fiberglas, bonded hair
felt, Cellufoam (bonded wood fibers), etc. For small cabinets, where the
largest dimension is less than 18 in., a 14-in.-thick layer of absorbing
material may be satisfactory.

At low frequencies, where the thickness of the lining is less than 0.05
wavelength, the impedance of the box presented to the rear side of the
diaphragm equals

ZAB = RAB + jXAB (89)
where X5 is given in Eqgs. (8.6) to (8.8) and
Ras = Rax = s (8.10)
l-t)zc,mzRAM2 + <1 + WEM + W})

Rix = R;/38x = one-third of the total flow resistance of a layer of the
acoustical material that lines the box divided by the area of the
acoustical material Sy. The units are mks acoustic chms.
The flow resistance equals the ratio of the pressure drop across
the sample of the material to the linear air velocity through it.
For lightweight materials the flow resistance R, is about 100 mks
rayls for each inch of thickness. For dense materials like
PF Fiberglas board or rockwool duct liner, the flow resistancc
may be as high as 2000 mks rayls for each inch of thickness of
the material. For example, if the flow resistance per inch of
material is 500 mks rayls, the thickness 3 in., and the are:
0.2m?, then R.x = 1500/(3)(0.2) = 2500 mks acoustic ohms
It is assumed in writing this equation that the material does
not occupy more than 10 per cent of the volume of the box.
volume of the box in cubic meters including the volume of the
acoustical lining material.

V. = volume of the acoustical lining material in cubic meters.

Il

Vs

Graphs of Eq. (8.10) are given in Fig. 8.8.

At all frequencies where the absorption coeflicientt of the lining is hig}
(say, greater than 0.8), the impedance of the box presented to the bacl
side of the diaphragm will be the same as that presented to a piston in ai

t Tables and graphs of absorption coefficients for common materials are given 11
Chap. 10.
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infinite baffle radiating into free space, so that Z.s is found from ¥ig. 5.3
or Egs. (8.2) and (8.3).

Acoustical material may also be used to enlarge effectively the volume
of enclosed air. Gaseous compressions in a sound wave are normally
adiabatic. If the air space is completely filled with a soft, lightweight
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Fic. 8.8. Graphs for determining the acoustic resistance Ras of the closed-box baffle
as a function of R.u with wC4s as the parameter. The four charts are for different
ratios of the box volume to the volume of the acoustical material.

material such as kapok or Cellufoam (foamed wood fibers), the com-
pressions become isothermal. This means that the speed of sound
decreases from ¢ = 344.8 m/sec toc = 292 m/sec. Reference to Fig. 8.7
shows that this lowers the reactance at low frequencies just as does an
increase in hox dimension L. This also means that in Eq. (8.7) thevalue
of v is 1.0 instead of 1.4,
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One special type of closed box with an absorptive lining is shown in
Fig. 8.9.3 Here, the loudspeaker is mounted near the end of a rectangular
box of length L and of cross-sectional area approximately equal to wa?, the
effective area of the loudspeaker dia-
phragm. A glass fiber wedge whose
length is L/2 is used to terminate the
box. The specific acoustic resistance
Ras and reactance X.s (multiplied by
Sp/poc) for such a box with and without

L
the wedge are given in Fig. 8.10. 05 lining of soft
Three things of importance are ob-  acoustical material
served about the impedance: (1) for a 0" 2llwalls
given volume of box, at low frequencies, Glass fiber wedge ]
whose length is L/2 S

the reactance X 4» is smaller than that and whose densi

for the box of Fig. 8.2; (2) at high 5250401/t

frequencies, the box resonances (normal ~ F1c. 8.9. Spetc}ial t}):!;i Off‘?abim‘t for
. . minimizing e Sshr 0Ol resonance

modes of vibration) are damped out so frequency of a loudspeaker mounted

that R.s approaches poc/Sp and Xz in a closed-box baffie.

approaches zero; and (3) between these

frequency regions [that is, 0.2 < L/X < 0.5], the reactance Xz is

positive.
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F16. 8.10. Normalized specific acoustic impedance of tube of length L with absorbing
wedge mounted in end. Without the wedge, Rss = 0.

E(ffect of Box Compliance on Resonance Frequency. Let us analyze the
effect of the closed-box baffle on the lowest resonance frequency of a
direct-radiator loudspeaker. For a loudspeaker mounted in an infinitc

3D. A. Dobson, “Closed-box Loudspeaker Enclosures,” master’s thesis, Llectrica
Engineering Department, Massachusetts Institute of Technology, Cambridge, Mass.
1951.
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haffle, the frequency for zero reactance is

1
21/ Cas(Map + 2M",)

where we have assumed that the radiation reactance X 4z from each side
of the diaphragm equals wM’,, and that M’,, = 0.27p,/a.

From Fig. 8.4 we see that the resonance frequency for the loudspeaker
in a closed-box baffle with a volume less than about 8 ft?is

i (8.11)

1 Cus+ Cus

f2 = 2_1I' CAsCAB(MAD + MAI + MAB)

where C.p and M s are given by Eqgs. (8.7) and (8.8) and M4, = —

The ratio of (8.12) to (8.11) is equal to the ratio of the resonance fre-
quency with the box to the resonance frequency with an infinite baffle.
This ratio is

fr _ \[ Cus 1.25M" — Mas \
7 (1 t Cee (1 t Moo F M F M (8.13)

If the loudspeaker occupies less than one-third of the area of the side of
the box in which it is mounted, Eq. (8.13) is approximately

fr_ Cus
v \/1‘13 (1 + C“,> (8.14)

This equation is plotted in Fig. 8.11.

Often, it is difficult to find an “infinite’’ baffle in which to determine the
resonance frequency. If the loudspeaker is held in free space without a
baffle, the mass loading M’), on the diaphragm will be exactly one-half its
value in an infinite baffle, that is, M’;; = 0.135p¢/a. Hence, the ratio of
the resonance frequency in the closed box f, to the resonance frequency
without baflle f; is, approximately,

Jo _ / Cas
7= 4087 (1 + Cﬂ) (8.15)

This equation also is plotted in Fig. 8.11.

Radiation Equation. At very low frequencies where the diaphragm has
not yet become a directional radiator (i.e., its circumference is less than
about a wavelength), the loudspeaker in a closed-box baffle may be
treated as though it were a simple spherical source of sound. We find
from Eq. (4.3) that the sound pressure a distance r away from such a
source in a free field is given by

pl = f—%{ﬂ (8.16)
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where |p| = magnitude of the rms sound pressure in newtons per square
meter at a distance r from the loudspeaker

|Usl = |u|S» = magnitude of the rms volume velocity of the dia-

phragm in cubic meters per second
po = density of air in kilograms per cubic meter (about 1.18 kg/m?
for normal room conditions)
r = distance 7 from the loudspeaker in meters (1 m = 3.28 ft)
f = frequency in cycles per second
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At medium frequencies, where the diaphragm is becoming directive but
yet is still vibrating substantially as a rigid piston, the pressure at a dis-
tance r in a free field 1s

_ IUclzm,meoC

Ip) s (8.17)

where R.x = radiation resistance from the front side of the diaphragm in
mks mechanical ohms {see Eq. (8.4)]
Q = approximately the directivity factor for a piston in the end
of a tube (see Fig. 4.20)
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poc = characteristic impedance of air in mks rayls (about 407 mks
rayls for normal room conditions)
¢ = speed of sound in meters per second (about 344.8 m/sec for
normal room conditions)
At low frequencies, Eq. (8.17) reduces to Eq. (8.16) because@ =1 and
Rz = 7f*po/c.
Diaphragm Volume Velocity U.. We determine the volume velocity
U, from Fig. 8.4.

U = kil (8.18)
Su(Ry + Re) VR + [wMa — (1/wC)]?
where, from Fig. 8.4,
B Rus + Ran + R (8.19)
Ra= (—mu-z + as + Bas AR R
Mi= Mip+ May + Mus (8.20)
CASCAB

= 8.21
€4 = s F Can (8.21)

The radiation mass and resistance R4z and M4, are generally given by
Eqs. (8.4) and (8.5) but for very large boxes or for infinite baffles are
given by (8.2) and (8.3).

In an effort to simplify Eq. (8.18), let us define a Q7 in the same manner
as we do for electrical circuits. First, let us set

1
MACA

(8.22)

where wo = angular resonance frequency for zero reactance. Then,

woA[A

= 8.23
QT RA ( )
and
2 2
<wMA - J—) = wo?M 42 (i*i - ﬂ’) (8.24)
wCa wo )

Substitution of Eqs. (8.22) to (8.24) in Eq. (8.18) yields

o) = «Bl ‘ (8.25)

7,777 f 1 w wo\?
Su(R, + Rr)woM 4 \/Q—T“z + (c_o—o — :)*)

When the right-hand side is so normalized that its value is unity when
® = wy, we have the equation for the universal resonance curves from
which the exact resonance curve may be obtained without calculation
when Qr is known.*

¢F. E. Terman, “Radio Enginecrs’ Handbook.” pp. 136-138, MeGraw-11ill Book
Company, Inc., New York, 1943,
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Reference Volume Velocity and Sound Pressure. A reference diaphragm
volume velocity is arbitrarily defined here by the equation
e,Bl
(qu + RE)O)]MASD

[Uce = (8.26)
This reference volume velocity is equal to the actual volume velocity
above the resonance frequency under the special condition that R4? of
Eq. (8.19) is small compared with w?M 42 This reference volume velocity
is consistent with the reference power available efficiency defined in Par.
7.8.

The reference sound pressure at low frequencies, where it can be
assumed that there is unity directivity factor, is found from Eqgs. (8.16)
and (8.26).7
. e;Blp,

" (R, + Re)M 4477Sp

12 (8.27)

It is emphasized that the reference sound pressure will not be the
actual sound pressure in the region above the resonance frequency unless
the motion of the diaphragm is mass-controlled and unless the directivity
factor is nearly unity. The reference pressure is, however, a convenient
way of locating ‘““zero” decibels on a relative sound-pressure-level
response curve, and this is the reason for defining it here.

Radiated Sound Pressure for ka < 1. The radiated sound pressure in
the frequency region where the circumference of the diaphragm (2wa) is
less than a wavelength (i.e., where there is negligible directivity) is found
by taking the ratio of Eq. (8.16) to Eq. (8.27), using Eq. (8.25) for |U,|.

e AL (8.28)
o+ (E-2)]
07 T\ " w

The ratio, in decibels, of the sound pressure at the resonance frequency
wo to the reference sound pressure is

P
Y44

20 logo

P ' — 20 log 10 Qs (8.29)
Pc lo

For flat response down to the lowest frequency possible, @r should
approximately equal unity. (Note that for critical damping Qr = 0.5.)

Referring back to Eq. (7.39), we find that we suggested for satisfactory
transient response that Ru/Muy = Ea/M4 > 184 sec-t. Let us see what
this means in terms of Q7.

} Equation (8.27) is the same as that derived in Example 7.1, p. 194 except for a
factor of 2 in the denominator. This factor of 2 expresses the difference between
radiation into full space as compared to radiation into half space (infinite baffle case).
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In terms of @r the suggested criterion for satisfactory transient response
is

woll s o w0 (8.30)

=%, <18

As an example, if wy = 2xf, = 2740 = 250 radians/sec, then Qr should
be less than 1.36. This would mean that the peak in the response curve

20
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Fic. 8.12. Sound-pressure-level response of a direct-radiator loudspeaker at low
frequencxes. An infinite baffle or a closed-box enclosure is assumed. Zero decibel
is referred to the reference sound pressure defined by Eq. (8.27). Qr is the same as
Qr of Eq. (8.23) and w, is found from Eq. (8.22). The graph applies only to the fre-
quency range where the wavelengths are greater than about three times the adver-
tised diameter of the diaphragm.

must be less than 3 db. Methods for achieving desired Q.’s will be
discussed as part of the example below.

For ease in design of direct-radiator loudspeakers, Eq. (8.28) is given
in decibels by Eq. (8.31) below.

20 logm

ﬂ _ w 1 w wo :

o ‘ 20 10g10 o 10 10g10 [w + (;0 — ;) ] db (831)
Equation (8.31) is plotted in Fig. 8.12. It should be remembered that

Eqgs. (8.31)' to (8.33) and Fig. 8.12 are valid for either the small closed box

or for the infinite baffle, depending on how Rz and M4, are chosen.
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We should observe that, even in the frequency range where the dia-
phragm diameter is less than one-third wavelength, the value of Qr is not
strictly constant because R4 increases with the square of the frequency.
In using Eq. (8.31) and Fig. 8.12, therefore, R4 in Qr probably ought to be
calculated as a function of w/we. Usually, however, the value of R, at wo
is the only case for which calculation is necessary.

Radiated Sound Pressure at Medium and High Frequencies. When the
frequency becomes large enough so that the diameter of the diaphragm is
greater than one-third wavelength, Eq. (8.28) may no longer be used. 1If
the diaphragm still vibrates as a rigid piston, we may find the ratio of
Ip| to |pc| by taking the ratio of Eq. (8.17) to Eq. (8.27), using Eq. (8.25)
for |U,| and assuming that we are above the first resonance frequency so
that w/ws > we/w. This operation yields

P _ 4R arQer 9
pel \[po(Rﬂ/Mﬁ + o) (8.32)
where w is given in (8.22) and
Ms= Mo+ %‘—’-‘ (8.33)
B2
Ru= 5—5-c5+ Ras + 2R ar (8.34)

(R, + RE)So?
Q = directivity index for a piston in the end of a tube (see Fig. 4.20)

Equation (8.32) expressed in decibels becomes,

A

(4

20 log

= 10 10g10 Ran + DI

2
+ 10 logw ézr_f — 10 lOgl() (Z—I% + w2) (835)
pPo A

where DI = 10 log;o Q = directivity index for a piston in the end of a
long tube (see Fig. 4.20)

10 loge dme = 35.7 db at normal room conditions
po

Inspection of Eq. (8.35) shows that the sound-pressure response ip| of
the loudspeaker relative to its reference response |pc| is a function of fre-
quency, effective radius of the diaphragm, and the ratio Ra/M 4.

For convenience in design, Eq. (8.35) is plotted in Fig. 8.13 for fow
values of advertised diameters of loudspeakers having effective radii of
0.0875, 0.11, 0.13, and 0.16 m, respectively. These graphs join on to Fig
8.12 at frequencies where w/w is large compared with we/w.

8.6. Location of Loudspeaker in Box. The results shown in Fig. 8.7
for the reactance of the closed box apply to a loudspeaker mounted in the
center of one of the L by L sides. This location of the loudspeaker leave:
something to be desired, because waves traveling outward from the dia
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phragm reach the outside edges of the box simultaneously and in combina-
tion set up a strong diffracted wave in the listening space. To reduce the
magnitude of the diffracted wave, the loudspeaker should be moved off
center by several inches—preferably in the direction of one corner.

My
.EAA=102
5x10;; s e
Z 3x
10" ~z
/; A (znos /522//
L / > A 4
////// Pt P // //
P A , et &9 /,/
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e A )
-10 7//1*\0 /
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Fic. 8.13. Graphs for calculating the relative frequency response in the frequency
region where the loudspeaker is no longer a simple source, but below the frequency
of the rim resonance. The parameter is M 4/R4. These charts cover the frequency
range just above that covered by Fig. 8.12.

The front face of the box of Fig. 8.2 need not be square. 1t is possible
to make the ratio of the two front edges vary between 1 and 3 without
destroying the validity of the charts, for the same total volume.

8.7. Measurement of Loudspeaker Constants. The constants of a
loudspeaker are not difficult to determine if a-¢ and d-c voltmeters and a
calibrated variable-frequency oscillator are available.
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During the tests, the direct-radiator loudspeaker is hung without baffle
in an anechoic chamber, or outdoors, or in a large room that is not too
reverberant. The various constants are then determined as follows:

Measurement of wo. A variable-frequency source of sound with an out-
put impedance greater than 100 times the nominal impedance of the loud-
speaker is connected to the loudspeaker terminals. A voltmeter is then
connected across the terminals, and the frequency is varied until & maxi-
mum meter reading is obtained (see Fig. 8.14). From Fig. 7.2, we see
that maximum electrical loudspeaker impedance corresponds to maximum
mechanical mobility, which in turn occurs at the resonance frequency
f() Oor wyp.

Measurement of Rg. The electrical resistance of the voice coil is
measured with a d-c bridge.

Ry i

Beat
frequency
oscillator

Loudspeaker
F1c. 8.14. Circuit for determining the resonance frequency of a loudspeaker. The
voltage Vis held constant, and the oscillator frequency is varied until ¥, is maximum.

Measurement of Q. The Q of the loudspeaker is found by determining
the width of the diaphragm-velocity curve u. plotted as a function of
frequency for a constant current 7 (see Fig. 8.14). Because ¢ = Blu,,
we may determine the shape of the velocity curve by plotting against
frequency the quantity
e =Vi— Ryi=V, - X2

R,

The width, Af ¢ps, is measured between the points of the curve on either
side of the resonance peak where the voltage is 3 db down (0.707) from the
peak voltage.

The value of @ for a constant current 7 is given by

fo
Q AF (8.36)

Measurement of Myp. To find My, we must determine the total mass
of the diaphragm, including the air load, and subtract from it the air-load
mass. A known mass is added to the diaphragm, and a new resonance
frequency is determined. The added mass is usually a lead rod or a roll of
solder bent into a circle of 3 to 6 in. diameter and taped to the diaphragm
80 that it does not bounce. Lead is used because it is nonmagnetic.
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If the original resonance frequency was wo and the resonance frequency
after addition of a mass M’ kg is wf, then

1
N '\AMMD + MMI)CMS

1
" A Mo + Mar + M)Cus

where Cyxs = mechanical compliance of the suspension in meters per
newton
M = 2.67a%p, = 3.15a® = air-load mass in kilograms on the two
sides of the diaphragm
Simultaneous solution of (8.37) and (8.38) yields

I
(wo/wp)? — 1

Determination of Rus. The mechanical resistance Rus of the dia-
phragm suspension plus the air-load resistance is determined from the
data above. From circuit theory we know that

wo(MMD + MMI)
Q

where Raur = 0.1886a%pow!/c® = (8.45 X 10~%)a’f* mechanical air-load
resistance in mks mechanical ohms for both sides of an unbaffled loud-
speaker. This resistance generally can be neglected.

Measurement of Cus. The mechanical compliance of the suspension
may be determined by adding known masses to the cone and measuring
the steady displacement when the axis of the cone is vertical. A depth
micrometer is mounted rigidly with respect to the loudspeaker frame
to accomplish this. That is to say,

(8.37)

wo

and
(8.38)

0

Mup+ My = (8'39)

Bus + Rur = (8.40)

displacement (m)

Caes = added weight (newtons)

(8.41)

The added weight is, of course, the added mass in kilograms M’ times
the acceleration due to gravity, 7.e.,

Added force (weight) = fi = M’g = 9.8M’ newtons (8.42)

The compliance (s may also be determined from Eq. (8.37) if the
massas M yp + M and the angular resonance frequency wo are known.
In this case the depth micrometer is not needed.

Measurement of Bl. The value of the electromagnetic coupling con-
stant Bl is determined by using an added mass and the depth micrometer
described above or a bent piece of wire fastened to the frame of the loud-
speaker to mark the initial position of the diaphragm. When a mass M’
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is added to the diaphragm, a downward displacement occurs. To restore
the diaphragm to its original position, a steady force f, is needed.

If a direct current ¢ is passed through the voice-coil winding with the
proper direction and magnitude, the required force f, will be produced as
follows:

fo = Bli (8.43)

The displacement of the diaphragm was produced by the weight of the

added mass [see Eq. (8.42)]. The diaphragm will return to its zero posi-
tion when

fl = fl (8.44)
Solution of Eqgs. (8.42) and (8.43) simultaneously gives
M’ 9.8M’
B=29. %{- (8.45)

Measurement of Sp. The effective area of the diaphragm can be
determined only by coupling its front side to a closed box. The volume of
air V, enclosed in the space bounded by the diaphragm and the sides of
the box must be determined accurately. Then a slant manometer for
measuring air pressure is connected to the airspace. The cone is then
displaced a known distance { meters, the manometer is read, and the
incremental pressure p is determined. Then,

P,
P= VO ESD
or
o = %‘:-’E—’ m? (8.46)
where P, is the ambient pressure. The pressures Py and p both must be
measured in the same units, and V /¢ should be determined in square
meters.

Usually, S, can be determined accurately enough for most calculations
from Fig. 8.5a, that is, Sp = wa?.

8.8. Measurement of Bafle Constants. The constants of the baffle
may be measured after the loudspeaker constants are known. Refer to
Fig. 8.4. The quantities R4z and X4z are determined from Eqgs. (8.4)
and (8.5). The electrical and mechanical quantities are measured
directly.

Measurement of X4p. Using the same procedure as for measuring w,
in Par. 8.7, determine a new wo and solve for X5 from Fig. 8.4.

Measurement of Ras. Using the same procedure as for measuring Q
in Par. 8.7, determine a new § and solve for R,z from

wO(MAD + MAI)

RAB = Q - (RAS + ERAR)
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where M.p» = Mun/Sp?; Mai is given by Eq. (8.5), and
Bus + R
Ruas 4 Run = ,Ls't__}f_ﬂ
D

Example 8.1. Direct-radiator Loudspeaker in Infinite Bafle. Determine Qr and
I2as for the loudspeaker of Fig. 7.8.

Solution. The advertised diameter of that loudspeaker is 8 in., and from Fig. 8.5a
we find that this corresponds to an effective diaphragm radius of a = 0.088 m and an
offective area Sp = 0.0244 m2. Hence, Fig. 8.12 is valid for this loudspeaker for
wavelengths down to 0.6 m, or frequencies as high as about 550 cps. The diaphragm
on this loudspeaker ceases to vibrate as a rigid piston at about 400 cps so that theory
and measurements would be expected to agree well only up to about 200 cps.

By superimposing the measured data plotted in Fig. 7.8 on the contours of Fig. 8.12,
we find that Qr = 6. We also observe that w, = 565 radians/sec.

From Fig. 8.5¢ we find that Maxp = 0.0042 kg and

0.0042

Map = (0.0244)2

= 7.05 kg/m*

The loudspeaker was in an infinite baffle so that, from Eq. (8.3),

_ (2)(0.27)(1.18) _ .
2M a4 = ’—“——*—0'088 7.25 kg/m

Hence,
MA = MAD + 2MA1 = 143 kg/m‘
From Eq. (8.23) we have
woMa _ (565)(14.3)
Qr 6

1346 mks acoustic ohms

Ra =

The radiation resistance 2R4r at wo = 565 radians/sec (fo = 90 cps) should equal
isee Eq. (8.2)]
2R4r = (2)(0.0215)(90)2 = 348 mks acoustic ohms

The damping contributed by the suspension at the resonance frequency is
B2
(Ry + Re)Sp?

From Table 8.1, Rg was approximately 3 ohms. The loudspeaker was operated from
an amplifier with an output resistance of 12 ohms, and Bl was approximately 2.5
webers/m. So

Rus = Ra — 2Rar —

B2 6.25 .
T = -2 = 700 mks acoustic ohms
(R, + Re)8nt — (15)(0.0244)2 m
Hence,
Ras = 1346 — 348 — 700 = 298 ks acoustic ohms

It is interesting to observe that Qr is a function of frequency because R4 equals
Ra = 298 + 730 + 0.043f¢*
For example, Qr at 300 cps equals

Op = woMa _ (565)(14.3)

65)(14.3) _ ¢ 6o
Ra 5000 6
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Reference to Fig. 8.12 shows that the response at 300 eps essentially is the same for
Qr = 1.62 as for its valuc of 6 at 90 cps.

Example 8.2. Wide-frequency-range Loudspeaker. A loudspeaker designed to
be operated without a tweeter unit has a nominal dinmeter of 12 in. and the physical
constants given below:

a = 13 cm (effective radius)
Cus = 2 X 107 m/newton
Myp =12¢g
R, = 2 ohms
Rg = 8 ohms
B = 1 weber/m?
{=10m

Rus = 1 newton-sec/m
Sp = wa? = 0.053 m?
Sp? = 0.00281 m+

I

a. Determine the percentage shift in the first resonance frequency of the loudspeaker
from the value for an infinite baffle if a box having dimensions 1.732 by 1.732 by 1 ft
= 3 ft3is used.

b. Determine the height of the resonance peak, assuming R 5 = 0.

¢. Determine the dimensions for a baffle of the type shown in Fig. 8.9 that will
cause a shift in infinite-baffle resonance frequency of only 10 per cent.

d. Determine the height of the resonance peak for the baffle of (c).

Solution. a. First, let us determine the value of the acoustic-radiation masses for
the loudspeaker in an infinite baffle. From Eq. (8.2),

. 0.54p0 _ (0.54)(1.18)
T e 0.13
= 4.9 kg/m*

2M 4

Also,
Cus = CusSp? = (2 X 1074(2.81 X 107%)
= 5.62 X 1077 m%/newton
Mup 0.012

—_——T = — = 4
Ma» = 55 = gooos1 — 426 ke/m

The resonance frequency for the speaker in an infinite baffle is found from Eq. (8.11).

1

T 25 /562 X 10-7(4.9 + 4.26)
102

~ 6.28 /00516
krom Eq. (8.7) we find the formula for Cus.
vV (3)(2.832 X 107%)

vPo 1.4 X 108
6.06 X 1077 m*%/newton

fi

= 70 cps

CAB =

-

The ratio of Cus to Cup is
Cas  5.62 X 1077

Tas = 6.06 x 1077 ~ 093

From Fig. 8.11 we find the ratio of the resonance frequency with a closed-box baffle to
the resonance frequency in an infinite baffle.

I
7-148
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That is to say, the new resonance frequency is 48 per cent higher; so
f2 = (1.48)(70) = 103.5 cps

b. The height of the resonance peak is to be found from Eqgs. (8.23) and (8.29). The
total resistance Ry is given by Eq. (8.19) for low frequencies. Using Eq. (8.4) and
fo = 103.5 cps, we determine the radiation resistance at the resonance frequency.

Rar = 0.010767* = (0.01076)(103.5)2 = 115 mks acoustic ohms
_ Rus 1 _ .
Rug = Syt = 000281 356 mks acoustic ohms
So
102 .
R4 -+ 356 + 115 = 4030 mks acoustic ohms

= (10)(0.00281)

The value of M4 is given by Eq. (8.20). From Eq. (8.5),

L 0.1952p _ (0.1952)(1.18) .
Ma = p = 0.13 = 1.772 kg/m

From Eq. (8.8),

_ (0.85)(1.18)

Mz = (3.14)(0.13)

= 2.46 kg/m*

So
Ms =426 + 2,46 + 1.77 = 849 kg/m*
_ w4 _ (650)(8.49)

Qr="%, = "m0 =¥

20 log1o pﬂ = 20 Jogis 1.37 = 2.7 db
C

The resonance peak lies about 3 db above the reference pressure level. Because
Qr is greater than unity, the reference pressure is the pressure in the flat region C
above the resonance frequency, as we can see from Fig. 8.12.

¢. For only a 10 per cent shift in resonance frequency, f» = 70 X 1.1 = 77 cps.
From Eq. (8.14) we find that

Cas _ LDF | _
Cun = 113 1 = 0.07
or
562 X 1077 _ .
Can = o0  — 8.04 X 10

To achieve this ratio, the volume of the box either must be quite large, or else we
might use the arrangement of Fig. 8.9 as was asked for in the statement of the problem.
The desired normalized reactance is

X48Sp ~8p —(10% X 0.053)

s = aCamee 383 X 8.04 3 a07 - 00334

From Fig. 8.10 we see that for this kind of baffle a vertical length is required of

0.2 X 344.8

L =02\ = 77

= 0.9 m, or 35 in.

If the 1.2—.in.-wide loudspeaker is to fit into a cross-sectional area of 0.053 m?, the
side that it is mounted in will need to be about 13 in. = 0.33 m wide. This gives us,
for the other side, 0.053/0.33 = 0.16 m = 6.34 in.
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d. The height of the resonance peak is found from Qr. To determine Qr, we need
RA and XA.
Ra = 4030 4+ Rus
We find R,{B from Fig. 8.10.

R.p = £0€0:25) _ (410)(0.25)
AB Sp 0053

1935 mks acoustic ohms

which gives us
R, = 4030 + 1935 == 6000 mks acoustic ohms

M, =426+ 1774+0=603kg
w,W,  (484)(6.72)
0, = =
R,

=0.54

In other words, this arrangement is nearly critically damped. At 77 cps, the
response will be down about 5 db from the reference response.

Example 8.3. Low-frequency Loudspeaker (Woofer). Many high-fidelity sound
systems employ two loudspeakers. One covers the low-frequency range, and the
other covers the high-frequency range. An electrical network is used to divide the
output energy from the amplifier into two frequency regions centered on the ‘‘cross-
over' frequency. Common crossover frequencies are 500, 800, 1000, and 1500 cps.

In this example, we have chosen a 15-in. commercial low-frequency unit, designed
to be used with a 500 cps crossover network. As no information was available from
the manufacturer on the constants of this loudspeaker, they were determined experi-
mentally. The loudspeaker was then put in a closed-box baflle, and its frequency
response was measured for comparison with calculations. The complete procedures
used in carrying out the experiments are described here, and the results are compared
with the computations in order that the reader may get an indication of the reliability
of the method.

The loudspeaker was placed in a closed box with dimensions

V = (30 in. X 35 in. X 18in.)(1.639 X 10-5) = 0.31 m?,

The other constants were determined by the procedures of Par. 8.7,

Rg = 5.5 ohms
Cus = 2.82 X 1074 m /newton
a=0.16m

Sp = 8.03 X 1072 m?
Sp? = 6.45 X 107 ¥ m!
Rys = 2.3 mks mechanical ohms
Myp = 0.045 kg
fo = 3% cps
wo = 247 radians/sec
Bl = 25 webers/m

The volume of the box occupied by the loudspeaker was about 0.01 m3, so that

Vg =03m?
From these quantities we determine the sizes of the elements in Fig. 8.4.

Cas = CusSp? = 1.82 X 107% m8/newton

Ras = I‘;Mf = 356 mks acoustic ohms
D

Map = Ag”," = 6.98 kg/m*
D

B2

3.7 9.7 X 10* webers?/mé
D
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A 3-in.-thick sound-absorbing blanket with a flow resistance of 2000 mks rayls/in.
of thickness is placed on the 18- by 35-in. wall of the box to reduce the effects of stand-
ing waves at higher frequencies. This material yields a value of Rap that varies
between the values given by Eq. (8.10) at low frequencies to R4x for an infinite baflle
at 500 cps. If the amplifier resistance is small, R4p may be neglected at low
frequencies.

Values of R4z, calculated from Eq. (8.10) at low frequencies and estimated at higher
frequencies, are shown in Table 8.2. At very low frequencies, for example, 40 cps, the
plywood box absorbs sound because of the frictional losses in the wood as it vibrates.

TABLE 8.2. Determination of R,

R, = 3 ohms R, = 130 ohms
c{;s ka Ras | Rart| Rus By R By R
(R, + Rg)Sp? 4 (Ry; 4+ RE)Sp? 4
ka < 1:

20 0.0582| 356 4 300 11,400 12,000 716 1380
100 0.291 | 356 108 93 11,400 12,000 716 1270
150 0.437 | 356 242 155 11,400 12,100 716 1470
200 0.582 | 356 430 295 11,400 12,500 716 1800
250 0.728 | 356 672 465 11,400 12,900 716 2210
300 0.874 | 356 968 775 11,400 13,500 716 2820

ka > 1:
400 1.164 | 356 | 1622 | 1470 11,400 14,800 716 4160
500 1.455 | 356 | 2640 | 2640 11,400 17,000 716 6350

tForka <1, Rar = 0.01076f2.

For example, at 40 cps, the box might be expected to absorb one-half as much energy
per square foot of area as the acoustical material placed inside. By 80 cps, however,
the acoustical material will absorb many times more than the box. Hence, for the
case of the closed box we may neglect the losses in the wood except at the resonance
frequency (near 50 cps), where we may estimate in the calculations the effect by tri-
pling the actual amount of acoustical material.

The quantities R4z and M 4; (see Fig. 8.4) are found from Fig. 5.7 or, for ka < 1,
Eqgs. (8.4) and (8.5).

The quantity M,z for ka < 1 is found from Eq. (8.8) and Fig. 8.6. For our box,
the quantity Sp/L? = 0.0803/0.618 = 0.118. From Fig. 8.6, we see that B = (0.788.
The value of M 45 for ka > 1is equal to 0.92p¢c/Spw times the ordinate of Fig. 5.3.

DETERMINATION OF R4, M4, AND Ca. These quantities are given by Eqs. (8.19) to
(8.21). Tor this example, calculated values of R4 and M4 are given in Tables 8.2
and 8.3, respectively. (4 is found as follows:

V 0.3 e s
Cap = P, =17 %X 10° = 2.14 X 10~ m%/newton
0 .
c CasCas 1.82 X 2.14 X 10712
A T T T o

Cas + Can  {1.82 +214) X 10"
= 9.84 X 1077 m®/newton

DETERMINATION OF we WITH BOX. The value of w, with the closed-box enclosure 1s,
from Table 8,2 and (4 given above,
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| - 10¢
NVMLC V/(10.27)(0.984)

= 318 radians/sec

fo = 50 ¢ps
DETERMINATION OF Qr.
Or = wolM 4 _ 318M 4
T Ry R4

Values of @r, M4/R4 (for f > 150 cps), and w/w, are tabulated in Table 8.3. Also
shown in Table 8.3 are the values of the directivity index as determined from Fig. 4.20
for a piston in a long tube.

TABLE 8.3. Determination of M4, Qr, and M,/R,4

oo 20-150 200 250 300 400 500
cps
ka........|0.0582-0.436] 0.582 0.727 0.873 1.164 1.455
Map...... 6.98 6.98 6.98 6.98 6.98 6.98
Map.. ... 1.85 1.85 1.85 1.85 1.29 1.03
Ma.. ... 1.44 1.44 1.44 1.44 1.27 1.02
Ma... ... 10.27 10.27 10.27 10.27 9.54 9.03
R, Qr M4/R4
3 0.27 8.2 X 1074 8 X 1074 17.6 X 1074 7 X 1074 | 6 X 104
130 2.5 5.7 X 10734.6 X 107343.6 X 10-32.5 X 1073[1.6 X 10~?
w/wo. .| 0.4-3.0 4.0 5.0 6.0 8.0 10.0
DI, db...{ 0-0.9 1.4 1.9 2.4 3.4 4.6

CALCULATION OF FREQUENCY-RESPONSE CURVE. The data of Table 8.3 permit the calculation
of the relative sound-pressure-level response curve for a microphone position on the principal axis of
the loudspeaker. Figure 8.12 is used for the frequency range below 150 cps and Fig. 8.13 for 200
cpsand above. The results of the calculations are shown in Fig. 8.15.  Calculations for intermedi-
ate resistances are also shown.  The value of R, = 3 ohms corresponds to constant voltage across
the terminals. R, = 14 ohms is equal to the nominal impedance of the loudspeaker. R, =30
ohms is equivalent to changing B! by a factor of 0.5. R, = 130 ohms is equivalent to changing B/
by a factor of 5.

Each curve has its own reference pressure. However, to show the effect on the
relative level of the response curve (for constant ¢,) as the amplifier impedance R, was
varied, the reference pressures (in decibels) are shifted relative to each other by

(Reference 1 minus reference 2) = 20 log;e db

If the power-available-cfficiency response (PAL) is desired, subtract the directivity
index (DI) of Table 8.2 from the calculated response curves of Fig. 8.13. This gives
the shave of the PAllg, curve.
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MEASURED FREQUENCY-RESPONSE CURVE. The frequency-response curve was meas-
ured in an anechoic chamber using a 3-ohm 50-watt amplifier as the source. The
power available was about 1 watt. The data were taken at a distance of 7 ft on the
principal axis of the loudspeaker. To be in the far-field of the loudspeaker a distance

20
(a)
10
~— — Calculated k
o —<>-<>—Measurefi‘ P Ref |
T T (Rg=3)
LT
10 7
- S A S | Ref
R =73L0 T (Rg=30)
// ¢
o ~20[5
8 /
8
T -30
5
2
o —40
2 20 30 50 70 100 200 300 500 700 1000
b
& 107717777 »
K — — Calculated (b)
3 —o—o— Measured

Ref

0 )
Ry =14 i,, /’\
(Rg=14)

-10 i B
Rg=130~>,/ A
-20|-, A
1 tL Ref
/ W (Rg=130)

-30}—

/

020 30 50 70 100 200 300 500 700 1000
Frequency in cycles per second

Fic. 8.15a and b. Graphs of the on-axis sound pressure level prqduced by a low-fre-
quency direct-radiator loudspeaker below the frequency of rim resonance. The
dashed curves are calculated. Solid curves with points are measgred. Graphs are
plotted relative to the reference pressure for R, = 3 ohms. Differences between
calculations and data at frequencies above 100 cps are due to cone resonances. The
rim resonance ozcurs at about 500 cps.

=

\

greater than 7 ft would have been desirable, but the small size of the avai%a,ble anechoic
chamber prevented this. The data for B, = 3, 14, 30, and 130 ohms with a constar}t
value of the open-circuit amplifier voltage e, are also shown by the circles and solid
line in Fig. 8.15. .
The agreement between theory and experiment at frequencies below 100 cps 18
excellent, which indicates that the diaphragm was vibrating as a rigid piston.
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Between 100 and 500 cps the loudspeaker radiates more sound along the principal

axis than the theory predicts, assuming the directivity index for a 15-in. piston in a
long tube.

Polar plots of the sound pressure level were also made with the microphone held
in one position and the loudspeaker (and baffle) rotated. The measured directivity
index is compared with the theoretical in Table 8.4. The differences between the

TABLE 8.4. Comparison of Measured DI for a 15-in. Loudspeaker in a Closed-
box Baffle to that for a 15-in. Piston in a Long Tube. Comparison of the DI
Differences is Also Made with the Differences between the Curves of Fig. 8.15

Directivity index, db . . .
5 Differences in DI | Differences from

Loudspeaker | Piston db Fig. 8.15, db

100 0.8 0.4 0.4 0.6

200 3.0 1.4 1.6 4.0

300 5.5 2.4 3.1 8.0

400 8.0 3.4 4.6 8.0

500 4.6

directivity indexes are also compared with the differences between the theoretical and
measured curves of Fig. 8.15. Comparison of these curves shows that not only was
the loudspeaker more directive than expected but it also radiated more power by the
amount indicated in the fifth column. The increased directivity is assumed to be
due to the conical shape of the diaphragm, whereas the increased power output is
attributable to the breakup of the cone into higher-order resonances. A similar
difference between measured and calculated curves was also found for the 8-in. loud-
speaker of Fig. 7.8.

At about 500 cps, the major rim resonance occurs, with the expected sharp dip in

response. As the loudspeaker was not designed to operate above 500 cps, no data were
taken beyond that point.

PART XX Bass-reflex Enclosures

8.9. General Description. The bass-reflex enclosure is a closed box in
which an opening, usually called the port, has been made.5® The area of
the port is commonly made equal to or smaller than the effective area of

¥ A. L. Thuras, “Sound Translating Device,” U.S. Patent No. 1,869,178, July, 1932
(filed 1930).

¢ H. F. Olson, “Elements of Acoustical Engineering,” 2d ed., pp. 154-156, D. Van
Nostrand Company, Inc., New York, 1947,

?D. J. Plach and P. B. Williams, Loudspeaker Enclosures, Audio Engineering, 85 :
12ff. (July, 1951).

8J. J. Baruch and H. C. Lang, “Some Vented Enclosures for Loudspeakers ”
unpublished report of Acoustics Laboratory, Massachusetts Institute of Technology,
Cambridge, Mass., January, 1953.
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the diaphragm of the driving unit. A common construction of this type

of loudspeaker is shown in Fig. 8.16. 'When the diaphragm vibrates, part

of its displacement compresses the air inside the box and the remainder

of its displacement moves air outward through the port. Thus the port

is a second ‘‘diaphragm,” driven by the back side of the loudspeaker dia-

phragm. The port is, at low frequencies, equivalent to a short length of
Box with compliance

Cag and mass Map
YA Diaphragm

I4
Loudspeaker
N— =
T Area=Sp

Tube of length I’ with mass
M, » and resistance Rsp

Fic. 8.16. Bass-reflex baffle. The port has an area S,, and the diaphragm has an
area Sp. The inner end correction for the tube is included in the magnitude of M 4»p.
tube with an acoustic reactance and a series acoustic resistance. This
tube has an end correction on the inner end and a radiation impedance
on the outer, or radiating, end.

We shall assume for the remainder of this analysis that ka < 0.5. In
other words, we are restricting ourselves to the very low frequency region
where the radiation from both the port and the loudspeaker is
nondirectional.

Acoustic
Box Port radiation

Fic. 8.17. Analogous acoustical circuit for a loudspeaker box with a port. The vol-
ume velocity of the diaphragm is U., that of the port is U,, and that of the box is Us.

8.10. Acoustical Circuit. The acoustical circuit for the box and the
port is given in Fig. 8.17. The compliance and resistance of the box are
Cas and R4s. The mass loading on the back side of the diaphragm is
Mas. The mass and resistance of the air in the port that penetrates the
side of the box, including the inner end correction, are M ,» and Ru»,
respectively. Finally, the series radiation mass and resistance from the
front side of the port are, respectively, M4, and Raze. The values of
these quantitics are M 45 asin Eq. (8.8); Rasasin Eq. (8.10); Cay asin Eq.
(8.7); M4z asin Eq. (8.5), but with a, instead of a, that is, M 42 = 0.23/a2;
Rare a5 In Eq. (8.4); and
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I

(t + 0.6a-)pa/ma,® = acoustic mass of the air in the port in

kilograms per metert. This quantity includes the inner end

correction.

Ripr = acoustic resistance of the air in the port in mks acoustic ohms.
[See Eq. (5.54). Use the number (1) in the parentheses.]

pa = Density of air in kilograms per cubic meter (normally about
1.18 kg/m?®).

a, = effective radius in meters of the port in the vented enclosure.
If the port is not circular, then let a; = /8, /=, where S, is
the effective area of the opening in square meters.

S, = wa.? = effective area of the port in square meters.

t = length of the tube or the thickness of the wall of the enclosure.
in which the port is cut in meters.

In case the port is comprised of a number of identical small openings or
tubes, the following procedure is followed:

Let N equal the number of such openings in the enclosure. For each
opening the acoustic mass and resistance including M 4, and R4z, are

M4 = (t 4+ 1.7a3)po/(7was?) kg/m* [see Eq. (5.57)]
R4 = acoustic resistance of each opening in mks acoustic ohms [see
Eq. (56.56)]
a; = effective radius of each opening in meters

i

The total acoustic mass and resistance for the N identical openings are

MAz + MAP = MA/N kg/m“
Rarz + Rar = R4i/N mks acoustic ohms

The directivity factor for a group of holes is about equal to that for a
piston with an area equal to the area within a line circumscribing the
entire group of holes.

8.11. Electro-mechano-acoustical Circuit. The complete circuit for a
loudspeaker in a bass-reflex enclosure is obtained by combining Figs. 8.4

Mechanical part Diaphragm Port
Electrical of loudspeaker radiation Box radiation Port

gt [\ /[ / TN TN T

(Re+RIS,

My CisBus Ue Rart My,

Al Jee

Fic. 8.18. Complete electro-mechano-acoustical circuit for a bass-reflex loudspeaker.
The total force produced at the voice coil by the clectric current is p.Sp, where Sp is
the area of the diaphragm. The volume velocity of the diaphragm is U., and that
of the port is /.  The box is assumed to be unlined. If the box is lined with a sound-
absorbing material, a resistance must be inserted in series with M4z. Note that
M 4p includes the inner mass loading for the port.

and 8.17. To do this, the portion of the circuit labeled “box’” in Fig. 8.4
1s removed, and the circuit of Fig. 8.17 is substituted in its place. The
resulting circuit is shown in Fig. 8.18.
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SUMMARY OF BASS-REFLEX DESIGN

1. To determine the volume of the box and the type of port lo go in it:

a. Find the values of Myp, Cus, and Sp from Par. 8.7 (pages 228 to 231).
Approximate values may be obtained from Fig. 8.5.

b. Determine M 4p = Muyp/Sp? and Cas = CusSp?.

¢. Seclect the volume of baflle box you desire, making it reasonably large, if possi-
ble. Calculate C4p from Eq. (8.7).

d. Determine M 45 from Eq. (8.8), and compute M4 = 0.23/a, where a is the
effective radius of the diaphragm in meters.

e. Determine M4 from Eq. (8.51), and calculate Mar = M4Cus/Cap. The
quantity M r is the acoustic mass of the port. It is composed of two parts Ma.
and ]V[AP.

f. Decide on the area of the port. Usually the area is between 0.5 and 1.0
times Sp.  Calculate M 42 = 0.23/a., where a; is the effective radius of the port in
meters. If the port is not round, a; = /8, /r, where S, is the port area in square
meters. Subtract M4, from M.z to get M yp.

g. Determine the length ¢ of the tube that goes into the port from

t = 0.85MAPSP bt 0.6(12

h. Study Pars. 8.16 and 8.17 (pages 252 to 254) for construction, adjustment,
and performance.
2. To determine the response of the loudspeaker at frequencies below the rim resonance

(about 500 cps):

a. Find the element sizes for Figs. (8.18) and (8.19) from the text.

b. Determine the reference sound pressure at distance r from Eq. (8.64).

¢. Determine the values of Q;, Qu, and Q. from Eqgs. (8.56) to (8.59) and the
ratio C4s/Casp.

d. Determine the sound-pressure response in decibels relative to the reference
sound pressure at the three critical frequencies from Figs. 8.22to 8.24. The values
of the critical frequencies are found from Figs. 8.20 and 8.21.

The quantities not listed in the previous paragraph are

e, = open-circuit voltage in volts of the audio amplifier.
B = flux density in the air gap in webers per square meter
(1 weber/m? = 10* gauss).
1 = length in meters of voice-coil wire.
R, = output electrical resistance in ohms of the audio amplifier.
Rr = electrical resistance in ohms of the voice coil.
a = effective radius of the diaphragm in meters.
Man = Mup/Sp? = acoustic mass of the diaphragm and the voice
coll in kilograms per meter”.
Cas = CusSp? = acoustic compliance of the diaphragm suspension
in meters® per newton.
Rus = Rus/Sp? = acoustic resistance of the diaphragm suspension
in mks acoustic ohms.
M, , = acoustic-radiation mass for the front side of the loudspeaker dia-
phragm = 0.195p,/a kg/m*. Note that we assume the loud-
speaker unit is equivalent to a piston in the end of a tube.
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RNarr = 0.01076f2 = acoustic-radiation resistance for the front side of
the loudspeaker diaphragm in mks acoustic ohms (see Fig.
5.7 for ka > 1.0).

If the port is closed off so that U,, the volume velocity of the air in the
port, equals zero, then Fig. 8.18 reduces to Fig. 8.4. At very low fre-
quencies the mass of air moving out of the lower opening is nearly equal to
that moving info the upper opening at all instants. In other words, at
very low frequencies, the volume velocities at the two openings are nearly
equal in magnitude and opposite in phase.

8.12. Radiated Sound. The port in the box of a bass-reflex baffle is
generally effective only at fairly low frequencies. At those frequencies
its dimensions are generally so small it can be treated as though it were a
simple source. The loudspeaker diaphragm can also be treated as a
simple source because its area is often nearly the same as that of the
opening.

Referring to Eq. (4.3), we find that the sound pressure a distance r away
from the bass-reflex loudspeaker is

P=p1+ p2= Jg—prc' (U=t — U e—itrs) (8.47)

where p; and p2 = complex rms sound pressures, respectively, from the
diaphragm and the port at distance r.

r = average distance of the point of observation from the
diaphragm and the port. Note that r is large com-
pared with the diaphragm and port radii.

ryand 7, = actual distances, respectively, of the point of obser-
vation from the diaphragm and the port.

U. = complex rms volume velocity of the diaphragm.

U, = complex rms volume velocity of the port. Note that
the negative sign is used for U, because, except for
phase shift introduced by E.s and C4s, the air from
the port moves outward when the air from the dia-
phragm moves inward.

Also, the complex rms volume velocity necessary to compress and expand
the air in the box is

UB = Uc - Up (848)

If we now let r;, = r; = r by confining our attention to a particular
point in space in front of the loudspeaker where this is true, we get

= é? (Ue = Upe (8.49)

where ¢ is a phase angle equal to kr — /2 radians,
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Since U, — U, = Ups, we have simply that

lp| = fﬂl},{ﬂ (8.50)

Amazing as it seems, the sound pressure produced at faraway points equi-
distant from cone and port of a bass-reflex loudspeaker is directly propor-
tional to the volume velocity necessary to compress and expand the air
inside the box!

Au very low frequencies, where the reactance of Cus is very high,
U, becomes nearly equal to U, and the pressure, measured at points
r = ry = rs approaches zero. In fact, the two sources behave like a
dipole so that the radiated sound pressure decreases by a factor of 4 for
each halving of frequency. In addition, if we are below the lowest
resonance frequency of the circuit of Fig. 8.18, the diaphragm velocity U,

1

At

2

F1g. 8.19. Simplification of the circuit of Fig. 8.18. The generator pressure po equals
e,Bl/(R, + Rg)Sp.

halves for each halving of frequency. Hence, in this very low frequency
region, the sound pressure decreases by a factor of 8, which is 18 db, for
each halving of frequency. Note that this decrease is greater than that
for a loudspeaker in a closed box or in an infinite baffle.

8.13. Resonance Frequencies. In the interest of simplifying our
analysis, let us redraw Fig. 8.18 to be as shown in Fig. 8.19. The new
quantities shown on that circuit are defined as follows:

Miy= Mo+ Mar + Mus (8.51)
N B2

P = T RS + Rus + Ram (8.52)
MAT = MA2 -+ Mar (853)
Rur = Rar + Nare (8.54)

The resonance frequency of the vented enclosure (wo = 1/4/ C1sM ar)
may or may not be set equal to that for the loudspeaker itself. Asis
common practice, iet iie resonance frequencies of the enclosure and the
loudspeaker equal wy, that 1s, let

1
MiCus = MirCus = — (8.55)

w02
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At the angular frequency wo, the impedance of the enclosure becomes
very large, and nearly all the radiation takes place from the port. In
other words, U, approaches zero, and U, becomes large.

As further steps in handling the circuit of Fig. 8.19, let us define Q’s for
the various parts of the circuit as follows:

. woMA 1

Ql - RAI - woC asR a; (8'56)
= ._.}__, AY
Q= woCuasRan (8'57/
Qu = ——“"}?4” (8.58)
AT
= woMAT = 1
Q Rar + Ras OJOCAB(RAT + Rus) (8.59)

The total impedance Z, looking to the right of the terminals 1 and 2
in Fig. 8.19 equals

2 1 w? 1
Rar (“’—'; + ——2) + Rus (——2 + —,>
Zs = < S o B R
(8 e
Q.* <wo w)
e @y (z _ 933)
+] é woe? wQu? wo - w + woM 4 <w wo
wol 4B i + (.‘i g w
Q22 wy W

For zero reactance we find that

1, (g _ @)2
% - Mur _ Q:° wo w (8.61)
Cas M, 1

Also, we shall need Uj in terms of U..

(Q%, + Jf-o) U.
= /02 + Jl@/a0) = (aof)] (8.62)

It is difficult to handle these equations if @, is small. There is no
advantage, furthermore, to a bass-reflex box over a closed box if Q, is
small. If R.r is large, the box becomes the same as though it were
tightly closed. If R4 islarge, then Uz is small and it would be better to
use a closed-box baffle. We shall limit our studies to Q. greater than 2.5,

Us
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We shall also limit our studies to cases where the resistance is princi-
pally in either the port or in the box but not in both. Then, @2 equals
either Qu or Q..

Under these conditions there are generally three frequencies wy, wx, and
wx at which the reactance to the right of terminals 1 and 2 becomes zero
for given values of @; and Cas/Cas.  One of these frequencies, wu, is near
the resonance frequency wo. Another frequency, ws, occurs at a value
greater than wo. The third frequency, w., occurs at a value less than wo.

The upper and lower resonance frequencies are found from Eq. (8.61)
as follows: Set Q. = = and @, = Qux. Then, wo/w, and wn/we are
determined. The results are plotted in Figs. 8.20 and 8.21, respectively.
Next, set Qu = © and Q; = Q.. Then, wo/w, and wx/wo are determined.
The results are plotted in Figs. 8.21 and 8.20, respectively. In other
words, Fig. 8.20 gives the lower resonance frequency for Q. = « and the
upper resonance frequency for Qu = «. Figure 8.21 gives the upper
resonance frequency for Q. = « and the lower resonance frequency for
Qu = .

If the value of Q. is greater than about 10, the two resonance fre-
quencies, w;, and wx, are symmetrically located on either side of wo for a
given value of C4s/Cus. That is to say, wo/wy = wr/wo.

The resonance frequencies for loudspeaker systems where the series
and parallel branches of the circuit of Fig. 8.19 do not have the same
angular resonance frequency are more difficult to find. If we set Qs = o
and if the angular resonance frequencies of the two parts of the circuit
are w; and ws, we find that, for zero reactance to the right of terminals
1 and 2 of Fig. 8.18,

gﬁ . MAT

Ciz

where wo is the geometric-mean angular frequency equal to v/ wiwe and

w] = Gwo, wy = wo/G, and wn/wo =K = wo/wL. Note that thlS equation
is symmetrical about we just as Eq. (8.61) is for @, = .

8.14. Reference Sound Pressure. The concept of reference sound

pressure has been discussed in Part XIX and here is expressed as follows:

l 1 _ CgBlpo
Pe (Rg + RE)MA4WTSD

_ gkt

- = @+ D (8.63)

(8.64)

By way of review, pc is the sound pressure that would be produced at
if the frequency were above the critical frequency wx and if the loud-
speaker were nondirectional.

8.16. Radiated Sound Pressure at the Critical Frequencies. We
expect that there are important fluctuations in the response curves at the
three critical frequencies wu, ww, and w,. At wy = wy, the radiation
occurs principally from the port, and the radiated pressure there depends
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F16. 8.21. Value of one of the zero-reactance frequencies of a bass-reflex Ioudspeaker

system as a function of CAS/CAB = Mar/Mas with Q; as the parameter. o is the
resonance frequency of either the series or the parallel branch of Fig. 8.19.
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both on @, and @, Regardless of the values of @, and C.s/Cas, the
upper frequency for zero reactance, wg, is about the same as though the
port were closed off.  This can be seen by comparing the curve of Fig. 8.21

marked @, = 2 with the curve for Q, = . If wu/wo = 1 is small, the

40 p: 0
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30 20 5>
A e Edd
uo/w,'-l.l ///// w.,/w,‘-lﬁ //
20 A Fsg 10 // By
11 11
8%l U
10 o 0 g L
9 v 3 7z2% cuill
2% LT o
0 LT -10 %//
2 Bg
q /
A
-10}{£4 -20 //
w ¥V
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S (@) (5
] 5 ]
10 Q/‘;,A 0
|A
apfu =17 Bs q,/wfzo // ol |
0 wi 10 =
L Y
AT giBs ey
A1 Ak
-10 N 3 —20 4 =
1 LT 2d
sl
-20 Y. -30
-30 —40 L
o1 10 10 01 10 10
(c) @ (d)

F1c. 8.22. Relative response at the lower critical frequency, wy for R4 = 0 as a fune-
tion of Qu and Q;. Box unlined.

response of the loudspeaker with vented enclosure will be nearly the same
as that for the same loudspeaker in an infinite bafle. This condition
requires a large box (large C.s) which obviously approaches being an
infinite baffle.

For Ras = 0 (Q. = =), No Acoustical Material in Box. We find the
magnitude of the ratio of the rms sound pressure to the reference pressure
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at the three frequencies, w;, wy, and wy, from Eqs. (8.50), (8.62), and
(8.64) and by solving for U/, from Fig. 8.19 with the aid of Eq. (8.60).
FOR w = w;. The pressure ratio at the lowest critical frequency is

VU Qe
[ V—A{T-_"¥7ér' 2 2
- ﬂ) oo | Qu wit/w,
\/( wy? t Qulo | * T 1
Qu*(wi2/we — 1)
Plots of this equation, in decibels, are given in Fig. 8.22 for four values of

P
Pe

(8.65)

wo/wy,.
20 s 10
] T [
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Qﬁ'w/\/ //jj/ QP -
A L T AT
L
KY PDe% y/
ors /, -10
n
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<
S -10 liil[ ~20 2 T 6 !!!l' 2 3
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S (a) (®)
§ 10 10
8
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R ==
105+ 10 = 5
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CAS/C«B=1~° CAS/CAB=2'0
-20 H -20 -
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¥, 8.23. Relative response at the middle eritical frequency, wy = wo for Rap = 0
as a function of @y and Q,. Box unlined.

FOR @ = wu = wo. The pressure ratio at the middle critical frequency
is
Py _ . '\/r‘i—' I/Q‘vz (8 66)
2 CAS/('AB + I/QlQM ’
Plots of this equation, in decibels, are given in Fig. 8.23 for four values of
CAS/Cus.

FOR w = wy. The ratio at the highest critical frequency is,

T 0 e 32
: V1 t Qu’wn/w0) (3.67)
_ e wo? Y1 Qu o @ es?
N -2) s )[4+ o
(2.142(0)112,/60\)2 - l)J
This equation; in decibels, is plotted in Fig. 8.24 for four values of wa/wo.

&
Pe
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For Rar = 0 (Qu = ), Acoustical Material in Bor. The magnitude
of the ratio of the rms sound pressure to the reference sound pressure is
found by using the same equations and figure as for Q. = «.

50 40
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F1c. 8.24. Relative response at the upper critical frequency, wy for Rss = 0 as &
function of Qu and @;. Box unlined.

FOR ® = w;. The pressure ratio at the lowest critical frequency 1is

(wr/wo) e (8.68)

- _ wo? : wo? woz/sz Qg
\[<1 ‘—'-’_l:é) + chwbz 1+ 1 + Ql
‘;252(0002/‘&’142 - 1)

Pr
Pe
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This equation, in decibels, is plotted in Fig. 8.25 for four values of
wo/wb.
FOR w = wn = wo. The pressure ratio at the middle critical frequency
is
_ 1
Cas/Cas + 1/Q1Q.

This equation, in decibels, is plotted in Fig. 8.26 for four values of
CAS/CAB-

1 P (8.69)
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Fra. 8.25. Relative response at the lower critical frequency, wz for Rar = 0 as
function of ¢. and Q.. Box lined.
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FOR @ = wy. The pressure ratio at the highest eritical frequency 1s

o (‘:’f/wo) Qc (870)

b T K ,;2,:,‘7 S ; 2 2
wo® w? | wo’/wn Qe
\/<‘ Tont) T eien I T
S

This equation, in decibels, is plotted in Fig. 8.27 for four values of
0)/(//0.)0. ] .

8.16. Performance. With the formulas and charts just given, it 1s
possible to calculate the response of the loudspeaker in a bass-reflex
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Fic. 8.26. Relative response at the middle critical frequency, wy = wo for Rar =0
as a function of Q. and Q,. Box lined.

enclosure at the three critical frequencies. A complete example is given
in Par. 8.18.

From Fig. 8.19, we see that for frequencies below w, radiation from the
port (proportional to —U,) is out of phase with the radiation from the
diaphragm (proportional to U;). As a result, the response at very low
frequencies is usually not enhanced by the addition of the port. Above
the resonance frequency w, radiation from the port is in phase with that
from the diaphragm, with a resulting enhancement over the closed-bafile
response. The amount of the increase in response generally averages
about 5 db over a frequency range of one to two octaves.

An important reason for using a bass-reflex enclosure is that the loud-
speaker produces less distortion at frequencies between wo and 2w, for a
given acoustic power radiated than would be the case if the box were
closed. The ussumption on which this statement is made is that the
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motion of the air in the port is distortionless even though the amplitude
of vibrationislarge. Thisis true generally because there is no suspension
or magnetic circuit in the port in which nonlinear effects can occur. A
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Fia. 8.27. Relative response at the upper critical frequency, wy for Rar =0 as a
function of Q. and @;,. Box lined.

large loudspeaker diaphragm usually is superior to a small one because
the amplitude of its motion is less, thereby reducing nonlinear distortion.

The port should be placed close to the loudspeaker to avoid an irregular
directivity pattern up to as high a frequency as possible and to achieve
the widest possible frequency range of enhancement.
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An advantage of a bass-reflex enclosed loudspeaker is that, where
space is a factor, a properly tuned bass-reflex system helps to offset the
effect of the small enclosure volume. For a small enclosure volume, it is
best to tune the port exactly to the loudspeaker resonance.

For a very large enclosure, it is permissible to tune the port to a fre-
quency below the loudspeaker resonance. This permits the use of a port
that is not over about 1.5 to 2.0 times the effective speaker area.

8.17. Construction and Adjustment Notes. The box should be very
rigid in order to resist vibration. The joints should be tight—glued or
caulked—and the larger panels should be braced by gluing reinforcing
strips to them. The access side should be screwed on securely.

In constructing the box to achieve a desired volume, account should be
taken of the volume of air displaced by the loudspeaker and by the inward
extension of the port if such occurs. As we said earlier, the volume of air
displaced by the loudspeaker (in cubic meters) equals about 0.4 times the
fourth power of the advertised diameter (in meters).

When the cabinet has been completed and the loudspeaker has been
installed, the correctness of the tuning may be determined by connecting
an audio oscillator with an output impedance about 100 times that of the
loudspeaker to the electrical terminals. Next, connect a voltmeter
across the loudspeaker terminals. Then vary the frequency of the
oscillator until the two ecritical frequencies w, and wy are observed as
peaks in the voltmeter reading. These should occur at the calculated
frequencies if the design is correct.

The resonance frequency of the enclosure can be increased by decreas-
ing the enclosed volume Vs This can be accomplished by putting
blocks of wood inside through the port opening. The port area may be
decreased to lower the resonance frequency of the enclosure.

8.18. Example of Bass-reflex Enclosure Design. In the previous
part we discussed in detail the design of a closed-box baffle for a low-fre-
quency (woofer) loudspeaker. We presented methods for the determina-
tion of its physical constants, and we showed a comparison between
measurements and calculations.

In this part we shall use the same loudspeaker unit and box. A port
will be introduced into the box that resonates with the box compliance to
the same frequency as the series branch of the circuit of Fig. 8.19, that is,
wy = 1/\/ MACAS.

The element sizes are as given in Example 8.3 (page 235), except that
the resonance frequency wo is different for the analysis here, viz.,

wo = 1/7/MiCas = 10%/4/(10.27)(1.82) = 231 radians/sec
fo = wo/2r = 36.8 cps
Cas/Cup = 1.82/2.14 = 0.85
Mar = CasM4/Cap = (0.85)(10.27) = 8.74 kg/m*

Il
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The area of the port must be chosen. If the circumference of the port
is less than a half wavelength, the port behaves as a simple source and it
will radiate the same amount of power regardless of its size for a given
volume velocity. Arbitrarily, let us select the area S, to be a little more
than one-half of the area of the diaphragm, say,

S, = 0.055 m?
Calculate the acoustic mass at the outer end of the port.

- 0.602[}0 _ 0.690

Sy VS«

BRCYOTE0 -
/(0.055)(3.1416) &

The remaining mass of the port is

M4,

MAP = MAT — MAz = 874 — 17 = 704 kg/m"
- _ (t + 0.6(12)p0 . t(118)
7.04 = g, = 0.055 + 1.7

So ¢, the length of the tube behind the port, is

7.04 — 1.7

This says that the length of the tube behind the port should be about
9.8 in.

The acoustic resistance of the port is found from Eq. (5.54).

Rap = ()}.'0% V2556 X 103 (25— n 1)

0.133
= 4/ (0.12) mks acoustic ohms

To get an average value of R4», let us take w = wy.
Rsr = /231 (0.12) = 1.82 mks acoustic ohms
The resistance from the front side of the port is

ki

2
muez = cpo = muu = 0~0107f2

Let R4z, and Rare equal their value at v = wq, that is, fo = 36.8. Then,

Rar: = Rare = (0.0107)(1355) = 14.5 mks acoustic ohms
Finally,

Rar = Rap + Rar: = 16.3 mks acoustic ohms
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and, for later use,
9.7 X 104 .
Ry = R, +55 + 356 + 15 mks acoustic chms
_{(231)(8.74) .
QM - T = 114

This value of @ is very high. Let us see whether or not @, is smaller.
The box contained one 18- by 35- by 3-in. piece of PF Fiberglas board
with a flow resistance of about 2000 mks rayls/in., or 6000 mks rayls for
3 in. Hence, from Par. 8.9,

6000

RBux = _(3)(0406) = 4920
R.. - 4920
487 (231)%(2.14)% X 10-12(4920)2 + (7)®
4920 .
“ 50140 90 mks acoustic ochms
108 .
Q= goy@mnein 2
and
_(231)(8.74) .
Q: = 16.3 +90 19

Hence, we may assume that Q; = Q..

Ryt

Myr T}p o
PBT C"Z P3T
1
+

Fic. 8.28. Circuit showing the port volume velocity for an external source of sound
when the loudspeaker cone is blocked so that it cannot move. The sound pressure
pp is that sound pressure which would exist at the entrance to the port if the port
were blocked off so that U, were zero. The magnitude of the volume velocity U,
equals |ps|Capw. It is assumed that Rap < 1/wCyp.

The Q. of the box may be measured by replacing the loudspeaker unit
by a rigid board and placing the box in free space, along with a source of
sound of variable frequency. Reference to Figs. 8.19 and 8.28 shows that
if U.=0, then —U, = Uz. Placing a microphone inside the box
measures the sound-pressure drop ps across the compliance Cas. A plot
is then made as a function of frequency of the product of this sound pres-
sure and the frequency of the oscillator. This plot is proportional to the
volume velocity U,. Then, @, is found by dividing the frequency (cycles
per second) for the peak of the curve by the width of the curve (cycles per
second) at the points where the volume velocity is 0.707 of its peak value.

gt e e e
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This measurement made on our box yielded a value of Q, = 7, which is
much lower than that calculated. A plausible explanation for this is that the
plywood absorbs energy internally when it is flexed. According to informa-
tion in the literature, a 3/4-in. plywood box absorbs at 40 ¢ps about half as
much sound energy per square foot as does the 3-in.-thick layer of Fiberg-
lass at the same frequency. This is, of course, a function of panel size, type of
glue, and bracing, so that at best only a crude guess can be made. At fre-
quencies above 100 cps, the 3-in.-thick layer of Fiberglass will absorb much
more energy than the wood box.

Since the area of the walls of the box is about six times that of the
Fiberglas, the box absorption is equivalent to adding an additional three
times as much material, making the total to be four times as much area
and volume of acoustical material as that now assumed. An approximate
revised Rz would be

R4 = 330 mks acoustic ohms
Hence,
10¢
Q. =

= By @l 0

This number is very close to the value of 7 measured; so we shall assume
Qc = Q2 = 7
From Figs. 8.20 and 8.21 we find the three critical frequencies

wn = wo = 231 radians/sec

fo = 36.8 cps
wy = 1.55wy = 358 radians/sec
fu = 57.0 cps
= © i
wr = 1Eg 148 radians/sec
fu = 23.6 cps

To determine the relative sound-pressure response at the three critical
frequencies, we use Figs. 8.25 to 8.27. First, we shall determine @, at
these three frequencies for the four values of amplifier resistance &,
namely, 3, 14, 30, and 130 ohms.

The values of R.; and @, are given in Table 8.5.

TABLE 8.5. Values of R,; and @, vs. Amplifier Resistance

R, ohms........... 3 14 30 130
R 1.18 X 104 5.3 X100 | 3.1 X 10 1.09 X 10
Q. 0.20 0.45 0.77 2.2
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We obtain the valucs of the sound-pressure-level response relative to
the reference sound-pressure-level response at the three critical fre-
quencies given in Table 8.6.

TABLE 8.6. Sound-pressure-level Response at the Critical Frequencies Relative
to the Reference Sound-pressure-level Response

f\R" 3 14 30 130

23.4 cps —22 db —15.6 —11.8 — 5.6
36.8 cps - 3.9 — 1.4 - 0.3 + 0.8
57.7 cps - 5.7 + 1.2 + 5.8 +14.2

Comparison of the numbers given in Table 8.6 with the calculated
curves of Fig. 8.15 for a closed box shows that the average enhancement
of the response at the upper two critical frequencies was about 6 db. By
comparison, the measurement on this particular loudspeaker showed an
average increase in response of approximately 4 db. No explanation is
offered for this 2-db difference. Data reported by other observers usu-
ally show an enhancement of the order of 6 db. It is possible that trans-
mission through the side walls of the box, which would tend to produce an
out-of-phase wave, contributed to the difference in the results. Time did
not permit enclosing the box in a sand or a concrete jacket to determine
the magnitude of this effect.

CHAPTER 9

HORN LOUDSPEAKERS

pART XXI Horn Driving Units

9.1. Introduction. Horn loudspeakers usually consist of a moving-coil
driving unit coupled to a horn. When well-designed, the large end of the
horn, called the “mouth,” has an area sufficiently large to radiate sound
efficiently at the lowest frequency desired. The small end of the horn,
called the ‘“throat,”” has an area selected to match the acoustic impedance
of the driving unit and to produce as little nonlinear distortion of the
acoustic signal as possible.

Horn loudspeakers are in widespread use in cinemas, theaters, concert
halls, stadiums, and arenas where large acoustic powers must be radiated
and where control of the direction of sound radiation is desired. The
efficiency of radiation of sound from one side of a well-designed direct-
radiator loudspeaker was shown in Chaps. 7 and 8 to be a few per
cent. By comparison, the efficiency of radiation from a horn loudspeaker
usually lies between 10 and 50 per cent.

The principal disadvantages of horn loudspeakers compared with the
direct-radiator loudspeakers are higher cost and larger size.

Before proceeding with an analysis of the horn loudspeaker, it should
be mentioned again that the radiating efficiency of a direct-radiator loud-
speaker can be increased at low frequencies by mounting several units
side by side in a single baffle. The mutual interaction among the radi-
ating units serves to increase the radiation resistance of each unit sub-
stantially. For example, two identical direct-radiator loudspeakers very
near each other in an infinitely large plane baffle, and vibrating in phase,
will produce four times the intensity on the principal axis as will one of
them alone.

Direct-radiator loudspeakers used in multiple often are not as satis-
factory at high frequencies as one horn loudspeaker because of the diffi-
culty of obtaining uniform phase conditions from different direct-radiator
diaphragms. That is to say, the conditior:s of vibration of a loudspeaker

259
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cone are complex, so that normal variations in the uniformity of cones
result in substantial differences in the phases of the radiated signals of
different cones at high frequencies. A very irregular and unpredictable
response curve and directivity pattern result.

This problem does not arise with a horn where only a single driving unit
is employed. When two or more driving units are used to drive a single
horn, the frequency range in which the response curve is not adversely
affected by the multiplicity of driving units is that where the diaphragms
vibrate in one phase.

9.2. Electro-mechano-acoustical Circuit.! The driving unit for a horn
loudspeaker is essentially a small direct-radiator loudspeaker that couples
to the throat of a flaring horn as shown in Fig. 9.1. In the next part
we shall discuss the characteristics of the horn itself.  In this paragraph

Throat of
the horn

\Mouth of

the horn

F1G. 9.1. Cross section of a typical horn loudspeaker with an exponential cross section.
For this design, the radius of the throat is 0.2, the radius of the mouth 3.4, and the
length 5.0 (arbitrary units).

we restrict ourselves to that part of the frequency range where the com-
plex mechanical impedance Z xr looking into the throat of a horn is a pure
resistance,

Lur = 51— = pocSr mks mechanical chms 9.1
MT
where py = density of air in kilograms per cubic meter
¢ = velocity of sound in meters per second
poc = 406 mks ohms at 22°C and 10® newtons/m? ambient pressure
Sr = area of the throat in square meters

zyr = mechanical mobility at the throat of the horn in mks mechan-

ical mohms (mobility ohms)
Cross-sectional sketches of two typical driving units for horn loud-
speakers are shown in Fig. 9.2.  Each has a diaphragm and voice coil with

T An authoritative discussion of horn loudspeskers is found in H. F. Olson, ‘‘Kle-

ments of Acoustical Engineering,” 2d ed., Chap. VII, D. Van Nostrand Company,
Inc., New York, 1047,
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a total mass My, a mechanical compliance Cus, and a mechanical
resistance Rus = 1/rus. The quantity rusis the mechanical responsive-
ness of the diaphragm in mohms (mobility ohms).

Behind the diaphragm is a space that is usually filled with a soft
acoustical material. At low frequencies this space acts as a compliance
Cjs Which can be lumped in with the
compliance of the diaphragm. At
high frequencies the reactance of this
space becomes small so that the
space behind the diaphragm becomes
a mechanical radiation resistance
Rus = 1/rys with a magnitude also
equal to that given in Eq. (9.1). This
resistance combines with the mechan-
ical radiation resistance of the throat,
and the diaphragm must develop
power both to its front and its back. Magnetic case
Obviously, any power developed be-
hind the diaphragm is wasted, and at o Pole piece

. . . . Voice coil
high frequencies this sometimes be- Sound chamber
comes as much as one-half of the total Top plate Cmn
generated acoustic power. N7 Diaphragm

In front of the diaphragm there is
an air space with compliance Cy. At 1 1
low frequencies the air in this space g s
behaves like an incompressible fluid, . //// H
that is, wCy; is small, and all the air ‘L/\/Lf/ :
displaced by the diaphragm passes into j 1 1
the throat of the horn. At high fre- Magnet Magnetic case
quencies the mechanical reactance of Throat
this air space becomes sufficiently low . - (b)t' £ two tvical
(Z.e., the air becomes compressible) so  F1¢. 9.2. Cross section of two typica
that’ all the air displaced by the dia- horn driving unite. The diaphragm

couples to the throat of the horn
phragm does not pass into the throat through a small cavity with a mechan-

of the horn. ical compliance Ca.

The voice coil has an electrical resistance Rz and inductance L. As
stated above, zur is the mechanical mobility at the throat of the horn.

By inspection, we draw the mobility-type analogous circuit shown in
Fig. 9.3. In this circuit forces “flow’”’ through the elements, and the
velocity ‘“drops’ across them. The generator open-circuit voltage and
resistance are ¢, and B,. The electric current is ¢; the linear velocity of
the voice coil and diaphragm is u,; the linear velocity of the air at the
throat of the horn is ur; and the force at the throat of the horn is fr. As
before, the area of the diaphragm is Sp, and that of the throat is St.

Phase correction plug

“Wool" filling
a)
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9.3. Reference Power Available Efficiency. In the middle-frequency
range many approximations usually can be made to simplify the analogous
circuit of Fig. 9.3. Because the driving unit is very small, the mass of
the diaphragm and the voice cotl M ypis very small. Thisin turn usually
means that the compliance of the suspension Cys is large in order to keep
the resonance frequency low. Also, the responsiveness of the suspension
rus usually is large, and the reactance wCu; is small. Hence, in this freq

Re i Bl [ G g .5,

L R E , T l
b (’ < <
e T"C T Cus Cup $'™MB  3'MS TuT SZur

Fig. 9.3. Electro-mechano-acoustical analogous circuit of the mobility type for the
driving unit, assuming that the mechanical impedance at the horn throat is pecSr,
that is, the mechanical mobility is Zyr = 1/pocSr.

Bl:1 S7:Sp

i ‘.
R, Rg
(73 %Tuc MB éjuT p: Pollfsr
(@)

A
VWA

()
F1a. 9.4. Simplified analogous circuits of the mobility type for the driving unit in the
region where the motion of the diaphragm is resistance-controlled by the horn.

quency range, the circuit reduces essentially to that of Fig. 9.4a, where
the responsiveness behind the diaphragm is

1

Tup = mks mechanical mohms (9.2)
With the area-changing and electromechanical transformers removed,
we get Fig. 9.4b, where the radiation responsiveness at the throat is

Sr

= pyr mks mechanical mohms 9.3)
[} D

TMT
As before, Sris the area of the throat and S, is the area of the diaphragm
in square meters. We have assumed here that the cavity behind the
diaphragm in this frequency range is nearly perfectly absorbing, which
may not always be true. Usually, however, this circuit is valid over a
considerable frequency range because of the heavy damping provided by
the responsiveness of the horn rur. Also, rur usually is smaller than
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raz S0 that most of the power supplied by the diaphragm goes into the
horn.
Solution of Fig. 9.4b gives us the reference current ¢ = i,
i = ey = % (9.4)

- B2:S,
Bo + Be) + 5o 5,780

The maximum electrical power available to the loudspeaker from the
generator, assuming R, fixed, is
2

Max power available = Lo (9.5)
4R,

The reference power available efficiency (PAE.) is equal to the reference

power delivered to the horn, {¢2|2B¥* ur, times 100 divided by the

maximum electrical power available.

- Iilrzef[rMB/(rMT + rus)|*rurBU?

PAE, e,’/4R, X 100
_ 400‘1:|3engTMTB2l2
B (1 + ST/SD)26,,2 (9'6)
From Egs. (9.3), (9.4), and (9.6) we get
2]J2
PAE. = 400R ;7 r B ©.7)

(B*rur + (By + Re)(1 + Sr/So)I?

9.4. Frequency Response. The frequency response of a complete
horn loudspeaker, in the range where the throat impedance of the horn is
a resistance as given by Eq. (9.1), is determined by solution of the circuit
of Fig. 9.3. For purposes of analysis, we shall divide the frequency range
into three parts, 4, B, and C, as shown in Fig. 9.5.

Mid-frequency Range.? In the mid-frequency range, designated as B
in Fig. 9.5, the response is equal to the reference PAE given by Eq. (9.7).
Here, the response is “flat’” with frequency, and, for the usual high-
frequency units used in cinemas with 300 cps cutoff frequencies, the flat
region extends from a little above 500 to a little below 3000 cps. In this
region the velocity of the diaphragm is constant with frequency, rather
than decreasing in inverse proportion to frequency as was the case for a
direct-radiator loudspeaker.

Resonance Frequency. It is apparent from Fig. 9.3 that since wCy, is
small, zero reactance will occur at the frequency where

1
B 27 ’\/MMD[CusCMB/(CMS + CMB)]

Jo (9.8)

* See also Fig. 7.2, p. 188, of reference 1. Note that Olson’s efficiency is the ratio
100rpy7rB2/(Re + rurB2l?), assuming that rys > rur.
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In practice, this resonance usually is located in the middle of region B
of Fig. 9.5 and is heavily damped by the responsiveness rxr, so that the
velocity of the diaphragm is resistance-controlled.

Low Frequencies. At frequencies well below the resonance frequency
the response will drop off 6 db for each octave decrease in frequency if the

A B - C —>

« 100 20
f =4
8
Y
Q
3
L =4
K- %y
K] o
5 10 108
2 a
E —6 DB per octave
S (Cmn1=0)
o 6 DB per octave
g (raer CONStant) —12 DB per octave
S (C properly chosen)

100 1000 10,000

Frequency

F1c. 9.5. Power available efficiency of a horn driver unit, in the frequency region
where the mechanical impedance of the horn at the throat is a pure resistance pocSt.
The ordinate is a logarithmic scale, proportional to decibels.

throat impedance is a resistance as given by Eq. (9.1). This case is
shown as region A in Fig. 9.5.

In practice, however, the throat impedance Zyr of the horn near the
lowest frequency at which one wishes to radiate sound is not a pure resist-
ance. Hence, region A needs more careful study.

RstRg Bl:1 ! Sr:Sp  fe

>

; CusCu < T
" T Gurtmg=om N

~.y

Fic. 9.6. Analogous circuit for a horn driver unit in the region where the diaphragm
would be stiffness-controlled if the horn mobility were infinite. The actual value of
the mechanical mobility of the horn at the throat is zaxr.

Let us simplify Fig. 9.3 so that it is valid only for the low-frequency
region, well below the resonance of the diaphragm. Then the inductance
L, the mass M up, the compliance C, and the responsivenesses rys and
rns may all be dropped from the circuit, giving us Fig. 9.6.

Solving for the mechanical mobility at the diaphragm of the driving
unit yields
Ue .ijM2(S’T/SD)22MT
7: B ijMz + (ST/SI))ZZMT

ZMe T

(9.9)
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where
_ CusCus
Cor = Cus + Cus (9'10)

zur = mechanical mobility at the throat of the horn with area Sr

The mechanical impedance at the diaphragm of the driving unit is the
reciprocal of zye,

_fe _ (SpY 1
Zye = w -~ \S,) “mr 7 oCos (9.11)

where Zyr = 1/2zur = mechanical impedance at the throat of the horn
with area Sr.

As we shall show in the next part, the mechanical impedance at the
throat of ordinary types of horn at the lower end of the useful frequency
range is equal to a mechanical resistance in series with a negative com-
pliance. That is to say,

Zur = Rur +] 1

wCuT

(9.12)

The German R in R r indicates that this resistance varies with frequency.
Usually, its variation is between zero at very low frequencies and pocSr
[as given by Eq. (9.1)] at some frequency in region 4 of Fig. 9.5. Hence,
the mobility zur = 1/Z4r is a resistance in series with a negative mass
reactance. In the frequency range where this is true, therefore, the
reactive part of the impedance Z . can be canceled out by letting [see Eqgs.
(9.11) and (9.12)]

S 1 1 (1 1
S0 Oy~ O = ((“ + 6“") (9.13)
Then,
NS |
S =z o ,
= (32 = L o

where ty, 1s the acoustic responsiveness of the throat of the horn at low
frequencies transformed to the diaphragm.

The power available efficiency for frequencies where the approximate
circuit of Fig. 9.6 holds, and where the conditions of Eq. (9.13) are met, is

400R, B2 x,

PAE = (BT Ry F Bl

(9.15)

The responsiveness ry. usually varies from “infinity” at very low fre-
quencies down to Sr/(Sy2pec) at some frequency in region A of Fig. 9.5.

High Frequencies. At very high frequencies, the response is limited
principally by the combined mass of the diaphragm and the voice coil
Mup. If Cuy were zero, the response would drop off at the rate of 6 db
per octave (see region C of Fig. 9.5). It is possible to choose Cu to
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resonate with My, at a frequency that extends the response upward
beyond where it would extend if it were limited by M xp alone. We can
understand this situation by deriving a circuit valid for the higher fre-
quencies as shown in Fig. 9.7. It is seen that a damped antiresonance
occurs at a selected high frequency. Above this resonance frequency,
the response drops off 12 db for each octave increase in frequency (see
region C of Fig. 9.5).

Because the principal diaphragm resonance [Eq. (9.8)] is highly damped
by the throat resistance of the horn, it is possible to extend the region of
flat response of a driver unit over a range of four octaves by proper choice

R R L Bl'Cpq

l l
M,
eg -l- f?: B*Uryp B’l’rm-

¥Fi1G. 9.7. Analogous circuit for a horn driver unit at high frequencies where the
diaphragm mass reactance is much larger than its compliance reactance.

of Ca at higher frequencies and by meeting the conditions of Eq. (9.13)
at lower frequencies.

9.5. Examples of Horn Calculations

Example 9.1. As an example of the reference power available efficiency of a
theater horn driver unit designed to operate in the frequency range above 500 cps, let
us insert typical values of the loudspeaker constants into Eq. (9.7). We have

R; = Rg = 24 ohms

B = 19,000 gauss = 1.9 webers/m?
l=349m
B2? = 44 webers?/m?
Sr = 3.14 cm? = 3.14 X 1074 m?
Sp = 28.3 cm? = 28.3 X 1074 m?
Sr/Sp = 0.111

Sr/8p? = 3.14 X 1074/(28.3 X 1074)? = 39.2 m~*
rur = 39.2/406 = 0.0965 mks mechanical mohms [see Eq. (9.3)]

PAE. = (400)(24)(0.0965) (44)
(4.5 + (48)(L.11D)]?
40,750
= 310~ 123%

Solution. To increase the PAE,., it is seen from this example that the electrical
resistance Rg should be reduced as far as possible without decreasing the length [ of
the wire on the voice coil. Within given space limitations, this can be done by wind-
ing the voice coil from wire with a rectangular cross section rather than with & circular
cross section. This means that the voice-coil mass will be increased. Reduction of
Rg further will demand wire of larger cross section which will require a larger air gap,
with a corresponding reduction in B. Also, the voice coil must not become too large
as its mass will limit the high-frequency response. We note further that the value of
ruar, and hence the ratio S7/Sp?, would seem to need to be large for high efficiency.
However, if S7/8,% becomes too large, reference to Fig. 9.4b shows that too much
power will be dissipated in rap and the efficiency will be low. A compromise is needed
to effect the desired frequency response at high efficiency and minimum cost. The

optimum value of Sy/8p is calculated as shown in the next example,
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Example 9.2. Determine the optimum value of the area of the throat of the horn
for use with the driving unit of the preceding example. Calculate the reference
PAE for this optimum condition.

Solution. Let us express the ratio of the throat area to the diaphragm area as

=8
a=g
Then Eq. (9.7) becomes
400R ,aB??/pecSp

PAE:q =

B2\ |2
[(R,—!—RE) +a(Rg+RE+-—— ]

pocSp
To determine the maximum value of PAE, we differentiate the equation with respect
to a and equate the result to zero. This operation yields

Gone = R, + Rg
* 7 R, + Rr + B4/peSp

Inverting,
Sy L B
St/opt  Gopt (Ry + RE)pocSp

Substitution of the constants from the previous example gives us

S”) =1+ k= =18
opt

St (48)(406)(28.3) X 10—+
or aopt = 0.555. Hence,
—4
(St)opt = 2—5;3—1);& = 157 X 10~4 m?

Substitution of @ = 0.555 into the equation for PAE above gives

(400) (24)(0.555) (44) X 104

PAE.« = 44 X104\ ?
4 . - (406)(2
(406)(28.3) [48 + 0.555 (48 + {406)(28.3) ]

_ 204 X 10¢
=T v - 2%

By comparison with the previous example, we see that, by proper choice of the
throat area, we are able nearly to double the reference (mid-frequency) efficiency. In
addition, let us see what would happen if the output impedance of the power amplifier
were made very low (say, B, = 1 ohm),

Sp .

S 2.54
or

28.3 10—
Sr = —2.)(@0— = 11.1 X 10~ m?
and
_ 6.04 X 108 _
PAE:e = m = 249,

This result shows that for maximum efficiency the amplifier impedance should approxi-
mately equal the loudspeaker impedance.
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rarT XXII Horns

9.6. General Description. A horn is in effect an acoustic transformer.
1t transforms a small-area diaphragm into a large-area diaphragm without
the difficulties of cone resonances discussed in Part XVIII. A large-area
diaphragm has a radiation impedance that is more nearly resistive over
the desired frequency range than is the radiation impedance for a small-
area diaphragm (see Fig. 5.3). As a result, more power is radiated at
low frequencies for a given volume velocity of air.

In designing a horn for a particular application we usually wish to select
the parameters so as to radiate the maximum amount of acoustic power
over the desired frequency range with suitably low nonlinear distortion.
Once we have stated the frequency range, tolerable distortion, and desired
radiated power, we can choose the driving unit and then proceed to
calculate the throat and the mouth diameters and the length and shape
of the horn.

9.7. Mouth Size. The large end (mouth) of the horn should have a
circumference large enough so that the radiation impedance is nearly
resistive over the desired frequency range. Reference to Fig. 5.3 shows
that this will be true for ka > 1: that is, C/A > 1, where C is the circum-
ference of the mouth of the horn and A is the wavelength of the lowest
tone that it is desired to radiate. If the mouth of the horn is not circular
but square, it will behave in nearly the same way, as far as radiated power
is concerned, for equal mouth areas. Hence, for good design, the mouth

circumference C or mouth area Su,

C =2+78x >X (9.16)
where A is the longest wavelength
of sound that is to be radiated
S, S, efficiently.

9.8. Exponential Horns. Many
types of longitudinal section are
possible for a horn. It may be
parabolic, conical, hyperbolic, or
Fie. 9.8. Horn with an exponential cross  gne of a number of others in shape.

section. The mouth area Sy equals Sr .
exp (ml), where m is the flare constant For a horn to be a satisfactory

in units of inverse meters, { is the length  transformer, its cross-sectional area
of the horn in meters, and Sr is the pnear the throat end should increase
throat area in square meters. gradually with z (see Fig. 9.8). If
it does, the transformation ratio remains reasonably constant with fre-
quency over a wide range.

The most common shape of longitudinal section meeting the require-
ment is exponential, shown by Fig. 9.8. For this shape, the cross-sec-

' l

X
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tional area at any point z along the axis is given by the formula
S = Sre™ (9.17)

where S = cross-sectional area at = in square meters
Sr = cross-sectional area of the throat in square meters
m = flare constant in inverse meters
z = distance from throat in meters
If the horn is a number of wavelengths long and if the mouth circumfer-
ence is larger than the wavelength, we may call the horn “infinite” in
length. This simplification leads to equations that are easy to under-
stand and are generally useful in design.
Theoretical Considerations. The general differential equation for sound
propagation in an exponential horn whose length [ is “infinite” is
op , 0%

¢#p , dp _ ,9%
7 Moy T g = 0 (9.18)

where p = sound pressure at a point along the length of the horn. (It is
assumed that the pressure i1s uniform across the cross section
of the horn.)

speed of sound.

m = flare constant. Obviously, m determines the magnitude of
the second term of the equation above, which expresses the
rate at which the sound pressure changes with distance down
the horn. If m = 0, Eq. (9.18) becomes the equation for
propagation in a cylindrical tube, ¢.e., a horn with zero flare.

A solution to Eq. (9.18) for the steady state is

o
H

p(t) — P+e—mz/2e—jz\/‘lk’—m’/zei“" (919)
where
2r )
k= N = (9.20)

The volume velocity U at any point z is [see Eq. (2.58)]

S [m+ .\/4k2—m2]p

 Jwpo

5 TJ 3 (9.21)

Impedances. The acoustic impedance Z4, at a point z along the horn
where the cross-sectional area is S, is

P _ 2jwpo
U S+ j 4k — m?)

o pot _“‘E ; pocTt ks acoustic ohms 9.22
\[I fi T gpg  mksacoustio ohms - (9.22)
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At the throat, where S = Sr, the mechanical impedance Zur = Z4rS2?is

_f oy _omP - poemSy
Zur = ” pocSr 4 (1 s +7 %

= Rur +J

0 mks mechanical ohms (9.23)
wCyr

The acoustic mobility z4 = 1/Z4 at the throat is

_U_Srf_mz . Sym

The real and imaginary parts of Z4 and 24 behave alike with frequency
and differ only by the magnitude (S/pec)? and the sign of the imaginary
part. Notice that this derivation is not restricted to a circular cross
section. Limitations on cross-sectional shapes will be discussed later.
Let us see next how varying the flare constant m affects the acoustic
impedance Z, at any point along the horn where the area is S.

Flare Constant and Throat Impedance. When the flare constant m is
greater than 4r divided by the wavelength (m > 2k, low frequencies), the
acoustic resistance Rar and the acoustic reactance X,r, at the throat of
the horn where the area is S, are

RAT = 0
_pe(m _ fm?
Xar =75, (2k 1% 1)
When the flare constant m equals 4x divided by the wavelength, the
acoustic resistance and reactance are

(9.25)

Baz =0 (9.26)
X, p = PO _ poC
4 2kSr Sz

For all cases where m is less than 4= divided by the wavelength (m < 2k,
high frequencies), the acoustic resistance and reactance at any point z
along the horn where the cross-sectional area is S are

_pe [y _m

Bar =5, \/ = 1p

Xom = poc _ pocim _ 1
AT ZkST 2wSr o wCuv

9.27)

where Car = 2S7/poc?m.

For very high frequencies, the reactance approaches zero and the
resistance approaches poc/Sr or pec/S in general. This is also the
impedance for a plane progressive sound wave in a tube of uniform cross
section S,
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Cutoff Frequency. The special case of m = 4x/\ occurs at a frequency
which we shall designate f,, where

mce
fo= 7 (9.28)

This frequency f. is called the cutoff frequency because for frequencies
lower than this no power will be transmitted down the horn, i.e., the
impedance at all positions along the horn is purely reactive [see Eq.
(9.25)].

12
0 | 1|
R0}~ 4_RurSr_nrpoc
Tas A= T 5 14
‘f) i | B- XarSr _ _ XarPol \ //
308 P"c ST

5y | IIVAN
2o

[/
w)

204 / /

'§ 0.3 B// /
Q
Eo2 \\
01 ™~
0
0.1 04 10 40 10
1)

F1c. 9.9. Plot of the quantities A and B, which are defined by the relations given on
the graph.

To obtain the acoustic impedance at the throat of the horn in terms of
the cutoff frequency, we observe that f./f = m/2k. Substituting in Eq.

(9.22) yields
2 ( [ - (ff) + ij—>  Rur+jXer  (9.29)

poC
ZAT =<

where Sr = throat area in square meters

poc = characteristic impedance of air in mks rayls

fe = cutoff frequency

f = driving frequency
Graphs of two quantities A and B that are directly proportional to the

resistive and reactive parts of the acoustic impedance at the throat of an
infinitely long exponential horn are shown in Fig. 9.9. The quantities A
and B also are directly proportional to the real and imaginary parts of
the acoustic mobility at the throat. The relations among A, B, Rur,
Xar, Tar, and x4 are given on the graph.
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When the frequency is greater than approximately double the cutoff
frequency f., the throat impedance is substantially resistive and very
near its maximum value in magnitude.

Finite-length Horn. The equation for the acoustic impedance at the
throat of an exponential horn of finite length was given by Eq. (5.80).
For exact calculations, that rather complicated equation must be used
whenever the bell diameter is not large or when the horn length is short.
To illustrate what the words ‘‘large bell diameter” and “long length”
mean, let us refer to Fig. 9.10.

If the circumference of the mouth of the horn divided by the wave-
length is less than about 0.5 (¢.e., the diameter of the mouth divided by
the wavelength is less than about 0.16), the horn will resonate like a
cylindrical tube, z.e., at multiples of that frequency where the length is
equal to a half wavelength. This condition is shown clearly by the two
lower-frequency resonances in a of Fig. 9.10.

When the circumference of the mouth of the horn divided by the wave-
length is greater than about 3 (.., diameter divided by wavelength
greater than about 1.0), the horn acts nearly like an infinite horn. This
is shown clearly by comparison of d and e of Fig. 9.10, for the region
where f/f. is greater than about 2, which is the case of mouth diameter/
A > 0.5.

In the frequency region where the circumference of the mouth to wave-
length ratio lies between about 1 and 3, the exact equation for a finite
exponential horn [Eq. (5.80)] must be used, or the results may be esti-
mated from b and ¢ of Fig. 9.10.

When the length of the horn becomes less than one-fourth wavelength,
it may be treated as a simple discontinuity of area such as was discussed
in Par. 5.11 (pp. 139 to 141).

Obviously, if one chooses a certain mouth area and a throat area to
obtain maximum efficiency, the length of the horn is automatically set by
the flare constant m, which is in turn directly dependent upon the desired
cutoff frequency.

Nonlinear Distorizon. A sound wave produces an expansion and a
compression of the air in which it is traveling. We find from Eq. (2.6)
that the relation between the pressure and the volume of a small “box”’
of the air at 20°C through which a sound wave is passing is

0.726

where V' = specific volume of air in m?/kg = 1/p,
P = absolute pressure in bars, where I bar = 10® newtons/m?
This equation is plotted as curve AB in Fig. 9.11
Assuming that the displacement of the diaphragm of the driver unit
1s sinusoidal, it acts to change the volume of air near it sinusoidally. For
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FIG. 9.10. Graphs showing the variation in specific acoustic impedance at the throat of four
exponential horns as a function of frequency with bell diameter as the parameter. The. cutoff
frequency f, = mc/4m and the throat diameter = 0.0075 ¢/f.; both are held constant. Bell circum-
ferences are (a) C=0.2364,, (b) C=0474,, (¢) C= 0.714,, (d) C=0944,, and (e)
C= w. Themouth of the horn is assumed to be terminated in an infinite baffle.  (After Olson.).



274 HORN LOUDSPEAKERS [{Chap. 9
large changes in volume, the pressure built up in the throat of the horn is
no longer sinusoidal, as can be seen from Fig. 9.11. The pressure wave so
generated travels away from the throat toward the mouth.
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Fig. 9.11. Plot of the gas equation PV7 = 1.26 X 104, valid at 20°C. Normal
atmospheric pressure (0.76 m Hg) is shown as Py = 1 bar.

If the horn were simply a long cylindrical pipe, the distortion would
increase the farther the wave progressed according to the formula (air
assumed)?4

LY & R IR TY I
P \/-2_7/ Po Po
where p, = rms sound pressure of the fundamental frequency in newtons
per square meter

(9.31)

P2 = rms sound pressure of the second harmonic in newtons per
square meter
Py = atmospheric pressure in newtons per square meter
k = w/c = 2r/X\ = wave number in meters—!
v = 1.4 for air
z = distance the wave has traveled along the cylindrical tube in
meters

) * A. L. Thuras, R. T. Jenkins, and H. T. O’Neil, Extraneous Frequencies Generated
in Air Carrying Intense Sound Waves, J. Acoust. Soc. Amer., 6: 173-180 (1935).

‘L. H. Black, A Physical Analysis of the Distortion Produced by the Non-linearity
of the Medium, J. Acoust. Soc. Amer., 12: 266-267 (1940).
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Equation (9.31) breaks down when the second-harmonic distortion
becomes large, and a more complicated expression, not given here, must
be used.

In the case of an exponential horn, the amplitude of the fundamental
decreases as the wave travels away from the throat, so that the second-
harmonic distortion does not increase linearly with distance. Near the
throat it increases about as given by Eq. (9.31), but near the mouth the
pressure amplitude of the fundamental is usually so low that very little
additional distortion occurs.

The distortion introduced into a sound wave after it has traveled a
distance z down an exponential horn for the case of a constant power sup-
plied to unit area of the throat is found as follows:

1. Differentiate both sides of Eq. (9.31) with respect to z, so as to
obtain the rate of change in p, with = for a constant p;. Call this equa-
tion (9.31a).

2. In Eq. (9.31a), substitute for p; the pressure pre~"*/%, where pr is the
rms pressure of the fundamental at the throat of the horn in newtons per
square meter and m is the flare constant.

3. Then let pr = V/Irpec, where I is the intensity of the sound at the
throat in watts per square meter and poc is the characteristic acoustic
impedance of air in mks rayls.

4. Integrate both sides of the resulting equation with respect to z.
This yields

Per cent second-harmonic distortion

_ 50(y + 1) VIrpoc f a2

= =1 —e ]
Y PO fc

For an infinitely long exponential horn, at normal atmospheric pressure

and temperature, the equation for the total distortion introduced into a
wave that starts off sinusoidally at the throat is

(9.32)

Per cent second-harmonic distortion = 1.73 fi VIr X 107 (9.33)

where f = driving frequency in cycles per second
f. = cutoff frequency in cycles per second
I: = intensity in watts per square meter at the throat of the horn

Equation (9.33) is shown plotted in Fig. 9.12. Actually, this equation
is nearly correct for finite horns because most of the distortion occurs near
the throat.

Equation (9.33) reveals that for minimum distortion the cutoff fre-
quency f. should be as large as possible, which in turn means as large a
flare constant as possible. In other words, the horn should flare out
rapidly in order to reduce the intensity rapidly as one travels along the
horn toward the mouth.
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Unfortunately, a high ecutoff frequency is not a feasible solution for
horns that are designed to operate over a wide frequency range. In this
case, it is necessary to operate the horn at low power at the higher fre-
quencies if the distortion is to be low at these frequencies. This goal is
achieved automatically to some extent in reproducing speech and music,
because above 1000 cps the intensity for these sounds decreases by about
a factor of 10 for each doubling of frequency.
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Fre. 9.12. Percentage second-harmonic distortion in an exponential horn as a function
of the intensity at the horn throat with the ratio of the frequency to the cutoff fre-
quency as parameter.

9.9. Other Types of Horn. As we stated before, other than exponen-
tial types of horn shapes may be used. Representative types include
conical horns, parabolic horns, and hyperbolic horns. The equations for
these types are

Parabolic Horn (see Fig. 9.13).

S = Sz (9.34)

where 8 = cross-sectional area at x in square meters
Sy = cross-sectional area of throat in square meters
Conical Horn (see Fig. 9.13).

S = Srx? (9.35)
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Hyperbolic Horn (see Fig. 9.14).

2
S = S, (cosh 2 4+ M sinh 1) (9.36)
To Ty

where x = axial distance from the throat in meters

xo = reference axial distance from the throat in meters

M = parameter which never exceeds unity

fe = cutoff frequency = ¢/2xx, cps

¢ = speed of sound in meters per second
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F1e. 9.13. Longitudinal sections of conical and parabolic horns.
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F1c. 9.14. Longitudinal sections of a hyperbolic horn.

Hyperbolic

At very high frequencies, all these types behave about alike. At low
frequencies, however, there are considerable differences. These differ-
ences can be shown by comparison of the throat impedances for the conical
and hyperbolic horns with that for the exponential horn. In Fig. 9.15,
the throat impedances for the first two types are shown. The throat
impedance for the exponential type was shown in Fig. 9.9.

For all horns, the throat resistance is very low, or zero, below the cutoff
frequency. Above the cutoff frequency, the specific throat resistance
rises rapidly to its ultimate value of poc for those cases where the rate of
taper is small near the throat of the horn. For example, the specific
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throat resistance for the hyperbolic horn reaches pec at about one-
twentieth the frequency at which the specific throat resistance for the
conical horn reaches this value. Similarly for the hyperbolic horn, the
specific throat resistance approaches unity at about one-third the fre-
quency for the exponential horn.

It would seem that for best loading conditions on the horn-driver unit
over the frequency range above the cutoff frequency one should use the
hyperbolic horn. However, it should also be remembered that the non-
linear distortion will be higher for the hyperbolic horn because the wave
travels a longer distance in the horn before the pressure drops off owing
to area increase than is the case for the other horns. For minimum dis-
tortion at given power per unit area, the conical horn is obviously the best

1-2|H|\ — TTTT T T T T
’ A
1.0 N
I \"\ Hyperbolic y
08 \ .
/ \ A= Rar St
- c
05— \ poc ]
B\| B /-% N ;o - Xar St
0a J \// ) < Conical B o
AL g
B ~J
02 — 0 <<
\\ \\
0 - L i — k‘l\rlﬁ‘
60 100 200 500 1000 2000 5000 10,000

Frequency in cycles per second

F16. 9.15. Quantities A and B proportional to the acoustic resistance 247 and acoustic
reactance X 47, respectively, for the conical and hyperbolic horns of Figs. 9.13 and 9.14.

of the three. The exponential horn is usually a satisfactory compromise
in design because it falls between these two extremes.

9.10. Bends in Horns. A horn loudspeaker for use at low frequencies
is very large and long, because m must be small for a low cutoff frequency
and the area of the mouth must be large to radiate sound properly. Asa
consequence, it has become popular to ‘“fold” the horn so that it will fit
conveniently into the home.

Many types of folded horns have been devised that are more or less
successful in reproducing music and speech with satisfactory frequency
response. In order to be successful, the bends in folded horns must not
be sharp when their lateral dimensions approach a half wavelength, or
they will change the spectrum of the radiated sound.

Good data on the comparative performance of folded horns are not
available. This is partly because it is difficult to measure the response of
iarge folded horns in an ancchoic chamber and partly because com-
mercial companies guard their data. Some data are available, however,
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on the effect of bends of various types in rectangular ducts such as are
used in ventilating systems. These data are shown in Fig. 9.16.

It is seen that when the duct width is near one-half or three-halves
wavelength the attenuation of the sound by a 90° bend is quite large.
At high frequencies, the losses for even 19° bends are large. If possible,
the wavelength should be long compared with the width of the duct at
the bend. Then the attenuation is very small.

9.11. Cross-sectional Shapes. Earlier it was stated that the cross-
sectional shape of a horn is not too important. This is true provided the
lateral dimensions of the horn are not comparable with a wavelength.
When the lateral dimensions are large enough, standing waves exist
across the duct, similar to the standing waves in a closed end tube.
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Fic. 9.16. Attenuation of sound due to the introduction of 19° and 90° bends as a
function of frequency. For a sketch of the duct see Fig. 11.20, p. 351.

These waves are usually not important in an exponential horn that is
circular or square in cross section because, generally, only that section
of the horn near the mouth is greater than a half wavelength.

In a rectangular horn that is constructed with two sides parallel and
the other two sides varying according to the exponential or hyperbolic
law, standing waves may exist between the two parallel walls. These
resonances occur at wavelengths that are submultiples of the width of the
duct, t.e., at frequencies equal to

ne

f= oL (9.37)

or wavelengths equal to
2. :
A= s (9.38)

where n is an integer, that s, 1,2, 3,4, . . . .
For example, suppose that the width of the horn was 1.5 ft. Then
resonances (standing waves) would occur at 377, 754, 1508, etc., cps.
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At these frequencies, reduced power output gencrally occurs. In general,
the upper frequency limit for operation of a horn should be chosen suffi-
ciently low so that troubles from transverse standing waves are avoided.

9.12. Materials. The material from which a horn is constructed is
very important. If the side walls of the horn resonate mechanically at
one or more frequencies in the range of operation, ‘“‘dips” in the power-
output curve will occur. Undamped thin metal is the least desirable
material because the horn from which it is made will resonate violently
at fairly low frequencies. Heavy metals, covered on the outside with
thick mastic material so that mechanical resonances are damped, are
much better. A concrete or plaster horn 1 or 2 in. in thickness is best
because of its weight and internal damping.

Plywood is commonly used in the construction of large horns. Al-
though it is not as satisfactory as concrete, it gives satisfactory results if
its thickness exceeds 34 in. and if it is braced with wooden pieces glued on
at frequent, irregular intervals.

Example 9.3. A horn combination consisting of two horns, one for radiating low
frequencies and the other for radiating high frequencies, is required. It is desired that
the frequency response be flat between 70 and 6000 cps and that the horn combination
be designed to fit into an average-sized living room. The system will be used for
reproducing high-fidelity music in the home. The maximum acoustic powers to be
radiated in six frequency regions are estimated as follows:5

Frequency range  Power level, db re 10713 walt

70-250 102
250-400 102
400--1000 102

1000-2200 99
2200-3000 96
3000-8000 96

Solution for Low-frequency Horn. We shall sclect the exponential horn as the best
compromise shape of horn for our use. Because the lowest frequency at which good
radiation is desired is 70 cps, we choose the mouth area from Eq. (9.16).

Mouth area Sy = & = - = 1.93 m? = 20.8 ft?
outh area Sy = o = 775 = 1. = 20.8 ft
Twenty square feet is probably too large a mouth area for the living room of most
homes, so that a compromise in design is necessary.

Let us choose arbitrarily a mouth area of about 10 ft2, that is, 0.93 m2  This cor-
responds to the bell opening shown in Fig. 9.10c.  We see from this chart that below
f = 2f. there will be two resonances that are not desirable, but they are fairly well
damped.

Let us design for a cutoff frequency of

f. = 60 cps

s . F. Hopkins and N. R. Stryker, A Proposed loudness-efficicney Rating for
Loudspeakers and the Determination of System Power Requircments for Enclosures,
Proc. IRE, 36: 315-335 (1948).
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The flare constant m equals [see LIiq. (9.28)]

o Arfe _ 4m60

¢ ~ 34ag = 218m™

Let us choose a 12-in. direct-radiator unit with an effective diameter of 0.25 m as the
driver. The effective area of this driver unit is
Sp = »(0.125)? = 0.049 m?
Assume the other constants to be as follows:

R, = Rg = 6 ohms
Bl = 15 webers/m

I

From Example 9.2, it appears that for maximum efficiency Sp/Sr should equal 2.
However, to keep the length down, let us make

Sp _
S_T =1
Then,

St 1

= pecSpt . (406)(0.049)

T™MT = 0.05 mks mechanical mohms
Let us calculate the reference PAE. Assume in Fig. 9.4b that riyg > ryr. From
Eq. (9.7),

(400)(6)(0.05)(15)*
[(152)(0.05) + (12)(2)]

As a trial, let us make Sp/Sr = 2.0. Then ryr = 0.025, and PAE = 249, Finally.
let ST/SD = 2. Then, T™MT = 0.1, and PAE = 15.8 %.

It is seen that the ratio of the throat and diaphragm areas may be made equal with
little loss of efficiency, thereby making our horn of reasonably short length. The
length of our horn is found, from Eq. (9.17),

PAE =

=229,

me _ 093
™ = voa0 — 10
or
mx = 2.94
2.94
= 2‘—1'8 =1.35m = 4.4 ft

The intensities for a horn with a throat area of 0.049 m? are as follows, assuming
uniform pressure distribution:

N N Watts/cm? at
Frequency Power, watts throat
70--250 1.58 X 1073 3.22 X 10°¢
250-400 1.58 X 103 3.22 X 10°¢
400-1000 1.58 X 1073 3.22 X 107¢
1000-2200 7.94 X 10~4 1.62 X 10~¢
2200-3000 4 X 1074 8.16 X 1077
3000-8000 4 X 1071 8.16 X 1077
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o]

{

Let us set the upper limit of operation at 600 cps. Then f/f. = 10. Extrapolation
of the line for 10 in Fig. 9.12 to 3.22 X 107¢ shows that the per cent second-harmonic
distortion in the horn will be about 0.02 per cent, which is negligible. In fact, the
power level could be increased 30 db before the distortion would become as large as
1 per cent.

This calculation would seem to indicate that the low-frequency unit could be
operated successfully above 600 cps. However, it seems from experience that for
psychological reasons the changeover from the low-frequency to the high-frequency
horn should occur at a frequency below 600 cps for best auditory results.

t 53" Ai 38"

«8.7"1

%]

12" 87" 38" (N 8.

L

END VIEW
Fia. 9.17. Plans for a simple straight exponential horn with a cutoff frequency of
60 cps, a throat area of 0.049 m? and a mouth area of 0.93 m2.

Let us see what value the total compliance in the driving-unit circuit ought to have
if it is to balance out the mass reactance of the horn at frequencies below the diaphragm
resonance frequency. From Egs. (9.12), (9.13), and (9.23),

E c _ 2Sr _ 28
Sp? “MT T Sprpecm  SptyPem

2

"~ (1.4)(0.049) X 105(2.18)

Cuz =

CMZ

= 1.34 X 1074 m /newton

The quantity Car, includes the combined compliance of the loudspeaker and the
enclosure behind it.  Reference to Fig. 8.5d shows that this is a reasonable value of
compliance to expect from a loudspeaker of this diameter. In case the compliance
is not correct, we can vary the size of the throat, or even m somewhat, in order to
achieve the desired value for Cpa.

Two possible horns for our design are the straight square horn shown in Fig. 9.17
or the folded horn of the Klipsch type® shown in Fig. 9.18. If the straight horn is
used, it will probably be necessary to put it partially above the ceiling or below the
floor in order to make its presence nonobjectionable in the room.

Solution for High-frequency Horn. As a cutoff frequency, let us choose

f. = 300 cps

We shall use an electrical crossover network of 500 cps, which will make effective
use of both horns and is a good choice of frequency from the standpoint of the psy-
chology of listening.

The flare constant is [sece Eq. (9.28)]

 4xf. _ 47300
™ T 3548

= 10.9 m™!

¢ . W. Klipsch, A Low-frequency Horn of Small Dimensions, J. Acoust. Soc. Amer.,
13: 137 144 (1911).
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Let us assume that the driver unit is the one discussed in Iixample 9-1. For this,
Sr = 3.14 X 107¢m?2

3
ISOMETRIC SECTION HORIZONTAL SECTION
{Section 2-2)
Nl i R 7 \
\\L ————— __\//
o L 7
7 2 N i\
R § ooy
2 N =7
- -
N 7
N 4
N AN
VERTICAL SECTION TRANSVERSE SECTION
(Section 3-3)

Fic. 9.18. Sketches for a Klipsch type of folded exponential horn. This particula:
horn is about 40 in. high and has smooth response below 200 cps.

The horn should radiate sound well at 400 cps, so that the mouth-opening are:
should be, if possible, greater than that given by Eq. (9.16),

c? (344.8)*

= = = 0.0591 m?
47f?

= 91.5in.2

Su ~ 31r(400)?

As we learned in Chap. 4, in order to get a wide directivity pattern, say +30° over:
wide range of frequencics, the horn should have a curved mouth. Let us select :
design that is about 6 in. in height and has a circular curved mouth with an arc lengt
of 30 in. The mouth area for these dimensions is 180 in.2, or 0.1163 m?, which i
double that called for above.
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The length of the horn is found from Eq. (9.17),
(11.63) X 1077 _

€ = 314y ) 107 = 200
mz = 591
5.91 e
xr = m = 0.541 m = 21.3 in.

The horn will have the shape and cross section shown in Fig. 9.19.

The cutoff frequency is at 300 cps and is far enough below the 500 cps crossover
frequency so that the throat impedance will be resistive over the entire useful range
of the loudspeaker; hence there is no real need to balance (wCx2)™! against the mass

L
=

LONGITUDINAL SECTION

Fic. 9.19. Plan for a simple straight exponential horn with a cutoff frequency of
300 cps, a throat area of 3.14 X 107*m?, and a mouth area of 11.6 X 10"2m? The
dividers guide the wave along the horn and tend to produce a plane wave front of
uniform intensity at the mouth.

reactance of the horn. Nevertheless, let us calculate the value of Cue from Egs.
(9.12), (9.13), and (9.23),

287

© SpyPom

- (2)(39)
(1.4) X 10%(10.9)

Chz

= 5.1 X 1078 m/newton

The magnitude of this compliance, also, is not an unreasonable value to achieve in a
driving unit of the type given in Example 9.1.

Finally, let us determine the power-handling capacity of this horn. The intensity
at the throat of the horn I+ in the 3000- to 8000-cps band will equal

—4
rr = £ = 197 X 107 watt/om?
At our upper design frequency of 6000 cps, which gives us

S _ 6000 _
f- 300 20

we see from Fig. 9.12 that the second-harmonic distortion will equal about 0.4 per cent.
This is low distortion, and we conclude that our design is satisfactory.

CHAPTER 10

SOUND IN ENCLOSURES

PART XXIII Sound Fields in Small Regularly Shaped Enclo-
sures

10.1. Introduction. The study of sound in enclosures involves not
only a search into how sounds are reflected backward and forward in an
enclosure but also investigations into how to measure sound under such
conditions and the effect various materials have in absorbing and con-
trolling this sound. Also, of great importance in applying one’s engineer-
ing knowledge of the behavior of sound in such enclosed spaces is an
understanding of the personal preferences of listeners, whether listening
in the room where the music is produced or listening at a remote point to
a microphone pickup. Psychological criteria for acoustic design have
occupied the attention of many investigators and must always be borne
in mind. This chapter is confined to physical acoustics. Psychological
factors will be discussed in Chap. 13, which deals with psychoacoustical
phenomena and criteria for acoustic design.

Two extremes to the study of sound in enclosures can be analyzed and
understood easily. At the one extreme we have small enclosures of
simple shape, such as rectangular boxes, cylindrical tubes, or spherical
shells. In these cases the interior sound field is describable in precise
mathematical terms, although the analysis becomes complicated if the
walls of the enclosures are covered in whole or in part with acoustical
absorbing materials.

At the other extreme we have very large irregularly shaped enclosures
where no precise description can be made of the sound field but where a
statistically reliable statement can be made of the average conditions in
the room. This is analogous to a study that a physician might make of a
particular man to determine the number of years he will live, as opposed
to a study of the entire population on a statistical basis to determine how

long a man, on the average, will live. As might be expected, the statis-
285
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tical study leads to simpler formulas than the detailed study of a par-
ticular case.

10.2. Stationary and Standing Waves. One type of small regularly
shaped enclosure, the rigidly closed tube, has been discussed already in
Part IV. This case provides an excellent example of the acoustical situa-
tion that exists in large enclosures.

First, we noted that along the z axis of the tube the sound field could
be described as the combination of an outward-traveling wave and a
backward-traveling wave. Actually, the outward-traveling wave is the
sum of the original free-field wave that started out from the source plus
the outward-going waves that are making their second, third, fourth,
and so on, round trips. Similarly, the backward-traveling wave is a
combination of the first reflected wave and of waves that are making the
return leg of their second, third, fourth, and so on, round trips. These
outward- and backward-traveling waves add in magnitude to produce
what is called a stationary wave® if the intensity along the tube is zero or
what is called a standing wave if there is absorption at the terminating
end of the tube so that power flows along the tube away from the source
(intensity not equal to zero).

10.3. Normal Modes and Normal Frequencies. We saw from Eq.
(2.48) that whenever the driving frequency is such that sin kI -— 0, the
pressure in the tube reaches a very large value. That is to say, the
pressure is very large whenever

kl = nw (10.1)
Then, because
_ 2xf 2r
k==7=%
we have
fo = % (10.2)
or l
n
T3 (10.3)
where
n=12234 ..., (10.4)

f» = nth resonance (normal) frequency of the tube
A = ¢/f» = nth resonance (normal) wavelength of the tube

Equation (10.3) tells us that the pressure is very large whenever the
length of the tube equals some integral multiple of a half wavelength
(A/2).
The condition where the frequency equals nc/2l so that a very large
sound pressure builds up in the tube is called a resonance condition or a
! The definitions for standing and stationary waves are found in ‘ American Stand-

ard Acoustical Terminolegy,” Z24.1-—1951, American Standards Association, Inc.,
New Yark NY
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normal mode of vibraiion of the air space in the tube. The frequency fn of
a normal mode of vibration is called a normal frequency. 'There are an
infinite number of normal modes of vibration for a tube because n can
take on all integral values between 0 and infinity. We may look on the
tube, or in fact on any enclosure, as a large assemblage of acoustic reso-
nators, each with its own normal frequency.

In the closed-tube discussion of Part IV, we made no mention of the
effect on the results of the cross-sectional shape or size of the tube. It
was assumed that the transverse dimen-
sions were less than about 0.1 wave-
length so that no transverse resonances
would occur in the frequency region of
interest. Tz

If the transverse dimensions are
greater than one-half wavelength, we 0 P2

. . 1

have a small room which, if rectangular, N *
can be described by the dimensions g,m' 10.1. Dimensions and coor-

. ) inate system for a rectangular
shown in Fig. 10.1. Waves can travel enelosure.
in the room backward and forward be-
tween any two opposing walls. They can travel also around the room
involving the walls at various angles of incidence. If these angles are
chosen properly, the waves will return on themselves and set up stationary
or standing waves. Each standing wave is a normal mode of vibration
for the enclosure.

It would be interesting in such a rectangular enclosure to solve mathe-
matically and to describe exactly the distribution of sound as determined
by the strength and type of source. That study is beyond the scope of
this text. We shall describe, however, the simplest cases and suggest
extra reading for those interested.??

The number of modes of vibration in a rectangular enclosure is much
greater than that for the rigidly closed tube whose diameter is small com-~
pared with a wavelength. In fact, the normal frequencies of such an
enclosure are given by the equation,

where f, = nth normal frequency in cycles per second.
N, Ny, N, = integers that can be chosen separately. They may take on
all integral values between 0 and .
I, l,, I, = dimensions of the room in meters.
¢ = speed of sound in meters per second.

*P. M. Morse, ‘““Vibration and Sound,” 2d ed., Chap. VIII, McGraw-Hill Book
Company, Inc., New York, 1948,

? P. M. Morse and R. H. Bolt, Sound Waves in Rooms, Rev. Mod. Phys., 16: 69-150
(1944).
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As an example, let us assume that the z dimension, [,, is less than 0.1 of
1l wavelengths being considered. This corresponds to n, being zero at

1l times. Hence,
2 2
c n n
eyt = AT ) T+ (—”) 10.6
f 0 5 (l,) ly ( )

et I; =12 ft and [, = 10 ft. Find the normal frequencies of the
n, =1, n, =1 and the n, = 3,

t . .
i { n, = 2 normal modes of vibration.
| We have
10 | 10{10 | 10

|

ol f1]|]os | oo { 08 | fiio = 11836 v/ I{4g + Moo

o8| |1]]fos 05| ] los = 73.5 cps
04 : 04 04] | Jou and
0202 02]02

| = :
0 0 faze = 11388 /344 + 4100
! ! = 181 cps

Morse? shows that the sound-
pressure distribution in a rectan-
gular box for each normal mode of
vibration with a normal frequency
wn is proportional to the product
of three cosines,

T TN
Drpngme & COS —— €OS WY

[ ly
cos’%’z’ef”"‘ (10.7)

z

where the origin of coordinates is
at the corner of the box. It is
assumed in writing Eq. (10.7) that
the walls have verv low absorp-
tion. If the absorption is high,
the sound pressure cannot be
represented by a simple product
of cosines.

Ii we inspect Eq. (10.7) in detail,
we see that n., n,, and n, indicate

Mode: (2,1,0)

—x
Fie. 10.2. Sound-pressure contour plots the number of planes of zero pres-
on a section through a rectangular room. sure occurring along the z, y, and

The numbers on the plots indicate the

. z coordinates, respectively. Such
relative sound pressure.

a distribution of sound pressure
levels can be represented by forward- and backward-traveling waves in
the room. This situation is analogous to that for the closed tube (one-
dimensional case). “xamples of pressure distributions for three modes
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of vibration in a rectangular room are shown in Fig. 10.2. The lines
indicate planes of constant pressure extending from floor to ceiling along
the z dimension. Note that n. and n, indicate the number of planes of
zero pressure occurring along the z and y coordinates, respectively.

The angles 6., 6,, and 8, at which the forward- and backward-traveling
waves are incident upon and reflect from the walls are given by the
relations

vV (/4) + (n/1)*

n.c

= tan—! = —1
6, = tan i cos 51, (10.8)
V (n:/1.)* + (n./L)? n,c
— —1 T z - —~1 ¥
6, = tan /L cos 37, (10.9)
§, = similarly (10.10)
1, =10 Iy=10

()

F1c. 10.3. Wave fronts and direction of travel for (a) n, = 1, n, = 1 normal mode of
vibration; and (b) n, = 3 and n, = 2 normal mode of vibration. Thesec represent
two-dimensional cases where n, = 0. The numbers one and three indicate forward-
traveling waves, and the numbers two and four indicate backward-traveling waves.

For the examples where n, =1, n,=1 and n, = 3, n, = 2, the
traveling waves reflect from the z = 0 and z = [, walls at

{ 12
= -1 - —1 22 o
(6:)1,1,0 = tan I, tan 0 50.2
0.)3.2.0 = tan"!' ==* = tan—' 0.8 = 38.65°
) g;’ 10.8 = 38.65
Y
The angles of reflection at the y = 0 and y = [, walls are
(8,)1.1,0 = tan™! l_,, = 39.8°
3l 30 o
(6,)3,2,0 = tan™! 2—11 = tan~! 51 = 51.35

The wave fronts travel as shown in (a) and (b) of Fig. 10.3. It is seen
that there are two forward-traveling waves (1 and 3) and two backward-
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traveling waves (2 and 4). In the three-dimensional case, there will be
four forward- and four backward-traveling waves.

When the acoustical absorbing materials are placed on some or all
surfaces in an enclosure, energy will be absorbed from the sound field at
these surfaces and the sound-pressure distribution will be changed from
that for the hard-wall case. For example, if an absorbing material were
put on one of the l,l, walls, the sound pressure at that wall would be

40
Bare chamber Source characteristic
30 30" x24"x 16 T L T —— —
-~
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4
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on 16" X 30" wall
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20 ¢ " A A

| VIV ] |
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(b)
Fic. 10.4. Comparison of two transmission curves recorded with and without an
absorbing sample on a 24- by 30-in. wall of a model chamber with dimensions 16 by
24 by. 30 in. The microphone was in one corner, and the source was diagonally
opposite. The dashed line shows the relative response of the small loudspeaker
(3% in. diameter) measured at 2 in. in free space. Zero decibel for the source curve
is about 50 db re 0.0002 microbar and for the transmission curve is about 78 db r.

0.0002 microbar. [From Hunt, Beranek, and Maa, Analysis of Sound Decay i
Rectangular Rooms, J. Acoust. Soc. Amer., 11: 80-94 (1939)].

lower than at the other I.I, wall and the traveling wave would undergo a
phase shift as it reflected from the absorbing surface.

All normal modes of vibration cannot be excited to their fullest extent
by a sound source placed at other than a maximum pressure point in the
room. In Fig. 10.2, for example, the source of sound can excite only a
normal mode to its fullest extent if it is at a 1.0 contour. Obviously,
since the peak value of sound pressure occurs on a 1.0 contour, the
microphone also must be located on a 1.0 contour to measure the maxi-
mum pressure.

) If the source is at a corner of a rectangular room, it will be possible for
1t to excite every mode of vibration to its fullest extent provided it radi-

Part XXIII] SOUND FIELDS IN SMALL ENCLOSURES 291

ates sound energy at every normal frequency. Similarly, if a microphone
is at the corner of the room, it will measure the peak sound pressure for
every normal mode of vibration provided the mode is excited.

If either the source or the microphone is at the center of a rectangular
room, only one-eighth of the normal modes of vibration will be excited or
detected, because at the center of the room seven-eighths of the modes
have contours of zero pressure. In Fig. 10.2, as an illustration, two out
of the three normal modes portrayed have contours of zero pressure at the
center of the room. In fact, only those modes of vibration having even

40
Bare chamber -
" 24" x 16" > N
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(b)
F1c. 10.5. Same as Fig. 10.4, except that the source was in the center of the room and
the zero decibel reference for the source characteristic is about 71 db re 0.0002 microbar.

numbers simultaneously for n,, n,, and n, will not have zero sound pres-
sure at the center.

Examples of the transmission of sound from a small loudspeaker to a
miniature microphone in a model sound chamber are shown in Figs. 10.4
and 10.5. The curves were obtained by slowly varying the frequency (a
pure tone) of the loudspeaker and simultaneously recording the output of
the microphone. The eightfold increase in the number of modes of
vibration that were excited with the source at the corner over that with
the source at the center is apparent. It is apparent also that the addition
of sound-absorbing material decreases the beight of resonance peaks and
smooths the transmission curve, particularly at the higher frequencies,
where the sound-absorbing material is most effective.

10.4. Steady-state and Transient Sound Pressures. When a source
of sound is turned on in a small enclosure, such as that of Fig. 10.1, it will
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excite one or more of the stationary-wave possibilities, 7.e., normal modes
of vibration in the room. Let us assume that the source is constant in
strength and is of a single frequency and that its frequency coincides with
one of the normal frequencies of the enclosure. The sound pressure for
that normal mode of vibration will build up until the magnitude of its
rms value (averaged in time and also in space by moving the microphone
backward and forward over a wavelength) equals*

K
|pal = P (10.11)

where K = source constant determined principally by the strength and
location of the source and by the volume of the room.

k, = damping constant determined principally by the amount of
absorption in the room and by the volume of the room. The
more absorbing material that 1s introduced into the room, the
greater k. becomes, and the smaller the value of the average
pressure.

When the driving frequency does not coincide with the normal fre-
quency, the pressure for that particular mode of vibration builds up

0
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Value at Igeak
| ELS
og k.
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Sound pressure level in decibels
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e

Fig. 10:6. Resonance curve for a normal mode of vibration. Sound pressure level vs.
the ratio of frequency to f.

—

according to a standard resonance curve as shown in Fig. 10.6. The

width of the resonance curve at the half-power (3 db down) points is
equal tob

2|5

=1 = (10.12)
*F. V. Hunt, L. L. Beranek, and D. Y. Maa, Analysis of Sound Decay in Rec-
tangular Rooms, J. Acoust. Soc. Amer., 11: 80-94 (1939).

$L. L. Beranek, “Acoustic Measurements,” pp. 329-336, John Wiley & Sons, Inc.,
New York, 1949,
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(a)

\ —=t

l“ t

Fi6. 10.7. (a) Sound-pressure decay curve for a single mode of vibration. (b) Sound-
pressure decay curves for two closely spaced modes of vibration with the same decay
constant. (c) Sound-pressure decay curves for a number of closely spaced modes of
vibration with the same decay constant. The graph on the left shows the course of
the instantaneous sound pressure, and that on the right shows the curve of the envelope
of the left graph, plotted in a log P vs. ¢ coordinate system.

The magnitude of the sound pressure p. 1s given by

2Kw
lpal = {10.13)
\/4“,"%"2 + (w2 — wnz)z
where w is the angular driving frequency and w, is the angular normal fre-
quency given approximately by Eq. (10.5).
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Obviously, if the driving frequency lies between two normal frequencies,
or if k. is large so that the resonance curve is broad, more than one normal
mode of vibration will be excited significantly, each to the extent shown
by Eq. (10.13). . '

When the source of sound is turned off, each normal mode of vibration
behaves like an electrical parallel-resonance circuit in which energy }llas
been stored initially. The pressure for each normal mode of vibration
will decay exponentially at its own normal frequency as shown in Fig.
10.7.

If only one mode of vibration is excited, the decay is as shown in Fig.
10.7a and as given by

Pn = g—e*"n‘ coSs wul (10.14)
Stated differently, on a log p. scale vs. time, the magnitude of the rms
sound pressure level decays linearly with time.

Logp Log p

T

— =t
(a) ()
F1c. 10.8. Decay curves with double slopes produced by normal modes of vibration
with different decay constants.

If two or more modes of vibration are decaying simultaneously, beats
will occur because each has its own normal frequency (Fig. 10.7b and c).
Also, it is very possible that each will have its own decay constant,
dependent upon the position of the absorbing materials in the room. In
that case the magnitude of the sound-pressure-level curves will decay
with two or more slopes as shown in Fig. 10.8.

In summary, we see that when a sound source of a given frequency is
placed in a rectangular enclosure, it will excite one or more of the infinity
of resonance conditions, called normal modes of vibration. Each of those
normal modes of vibration has a different distribution of sound pressures
in the enclosure, its own normal frequency, and its own damping con-
stant. The damping constant determines the maximum height and the
width of the steady-state sound-pressure resonance curve.

In addition, when the source of sound is turned off, the sound pressure
associated with each mode of vibration decays exponentially with its own
normal frequency and at a rate determined by its damping constant.
The room is thus an assemblage of resonators that act independently of
each other when the sound source is turned off. The larger the room and
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the higher the frequency, the nearer together will be the normal fre-
quencies and the larger will be the number of modes of vibration excited
by a single-frequency source or by a source with a narrow band of
frequencies.

10.56. Examples of Rectangular Enclosures

Example 10.1. Determine the normal frequencies and directional cosines for the
lowest six normal modes of vibration in a room with dimensions 20 by 14 by 8 ft.
Solution. From Eq. (10.5) we see that

Sr00 = 11324 X 144 = 28.3 cps
Foo = 11324 X 1{, = 40.4 cps
froo = 11326 V1400 + Y96 = 49.3 cps
Sa.000 = 11324 X %354 = 56.6 cps
Saa.0 = 118326 A/ 4400 + {96 = 69.6 cps
Soo1 = 11324 X 3¢ = 70.7 cps

From Egs. (10.8) to (10.10) we find the direction cosines as follows:
For (1,0,0) mode: 6, = 0; 6, = 90°; 6, = 90°
(0,1,0) mode: 8, = 90°; 9, = 0°; 8, = 90°

]

566
. — —1 — o
(1,1,0) mode: 8, = cos 50X 46.3 55
566
= ! = o
6, = cos T4 % 493 35
6, = 90°
(2,0,0) mode: 6, = 0; 8, = 90°; 6. = 90°
1132
. — —1 09 °
(2,1,0) mode: 6, = cos 20 % 69.6 35.5
566
= 1l e = °
6, = cos 12X 69.6 54.5
6, = 90°

]

(0,0,1) mode: 6, = 90°; 6, = 90°; 6, = 0°

Example 10.2. If a source with a frequency of 50 cps is used to excite the room of
the previous example, what will be the relative pressure amplitudes of the six lowest
modes of vibration? Assume that when the frequency of the source equals any one
of the normal frequencies, the peak amplitude for that normal mode of vibration will
be the same as for any other normal mode of vibration. Also, assume that k, equals
2.0 sec™L

Solution. We find from Eq. (10.13) that

2K - 314
[Palctioey = 8 = 0.0094K
vV (4)(178)*(4) + (3147 — 178%)2
2K - 314
.y = = 0.01835K
Ip I(O 1.0) \/(4)(254)1(4) + (3142 _ 2542)2
2K - 314
ni(1.s1, = = 0.225K
IPrlasn = e G = 3105
[Pnlc2.0.0) = 2K - 314 = 0.0224K
V/(4)(356)%(4) + (3147 — 35622
[Palcr.y = 2K - 314 — 0.00678K
V@) (A37)2(4) + (3147 — 437%)
Palco.0.ty = 2K 314 — 0.00637K

V(4)(444)2(4) + (3147 — 4447)?
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Inspection of Iiq. (10.13) shows that if w. = » and k. = 2, then |pa] = 0.5K.
Hence, expressed in decibels, the magnitude in decibels of the six normal modes of
vibration given above, relative to 0.5K, is

(1,0,0): —34.5db
(0,1,0): —28.7 db
(1,1,0): — 6.9 db
(2,0,0): —27.0 db
(2,1,0): —37.4db
(0,0,1): —37.9db

It is obvious that for a k, as small as 2 and for the lowest normal frequencies only
the normal mode of vibration located nearest the driving frequency receives appre-
ciable excitation.

fe
A
1120 %‘»H“'%%“‘
x8
LA 1A R |
m A T =TT mEARNENE
AL L-N, =51 L1120
/,daéz; <<~*~~«~~_q‘ Lt 2x20
- / i
_1_1_&_, LU [ / Y 149 z\ \B/Ns=73
2x14 pPasss = §ﬁ~-%~~_ﬁ _
Bss oS == ¢ \
L N L~N; =75
gl L T
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=8%.5% =
B | =2 N N, =72
A Z = T
A }oad
LT _— N;= 75
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-1 Be= = §§‘ 7
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Eeze= No=73
A B ¢§§ zgzg = S |
e T 50 {4 N,=72
== ) | 11
y ézééési = L BRES ‘:EE
1 L - N 0= 64+ 5
] == A
L&
g = =

1,=8 ft. ly=14 ft. 1,=20ft.

Frequency band 450-550 CPS
F1e. 10.9. Normal frequency diagram, drawn to scalc for a 20 by 14 by 8 ft rectangular
room with hard walls. Most of the vertical lines are omitted to avoid confusion.
|After Hunt, Beranek, and Maa,* Analysis of Sound Decay in Rectangular Rooms, J.
Acoust. Soc. Amer., 11: 80-94 (1939).]

Example 10.3. A rectangular room with dimensions {, = 8 ft, I, = 14 ft, and
s = 20 ft is excited by a sound source located in one corner of the room. The sound
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pressure level developed is measured at another corner of the room. The sound source
produces a continuous band of frequencies between 450 and 550 cps, with a uniform
spectrum level, and a total acoustic-power output of 1 watt. When the sound source
is turned off, a lincar decay curve (log p vs. ) is obtained which has a slope of 30 db/scc.
(a) Determine graphically the number of normal modes of vibration excited by the
source; (b) determine the approximate angle of incidence of the traveling-wave field
involving the walls at z = 0 and = = I in each of the principal groupings of normal
frequencies shown in the graphical construction; (¢) determine the reverberation time
T (d) determine the decay constant k; (e) determine the width of the resonance curve
at the one-half power (3 db down) points; (f) determine the sound pressure level at
the resonance peak for each mode of vibration, assuming equal division of energy
among the modes of vibration and that K in Eq. (10.11) equals UoPo/V, where U,
is the rms strength of the source defined on page 93 of Part X.

Solution. a. A graphical solution to Eq. (10.5) is given in Fig. 10.9. The fre-
quency of any given normal mode of vibration is the distance from the origin of
coordinates to one of the black spheres shown. That frequency will be made up of
three components given by cn./2l;, ¢n,/2l,, and en./2l,. Notice that along the verti-
cal coordinate the normal frequencies occur in increments of 1129%{¢; along the right-
hand axis in increments of 11294,; and along the remaining axis in increments of
112045, On the layer labeled N, there are 69 normal frequencies. The total number
of normal frequencies between 450 and 550 cps for this room is 560. The average
frequency is 500 cps.

b. The 6, angles of incidence can be divided into eight principal groups as shown
in Fig. 10.9. The angles are as follows:

6’(077"1/:"’1) = 900
6:(1,ny,ns) = cos™! (1120 - 1509) = 82°
21120
= -1 - 740
02(2,my,n2) = cos™ | Lo 500) 74
0:(3,ny,n:) = cos™! (0.42) = 65°

6:(4,my,m.) = cos™! (0.56) = 56°
0.(5,n,,m.) = cos™! (0.70) = 45°
6.(6,ny,m.) = cos™! (0.84) = 33°
8:(7,ny,m;) = cos! (0.98) = 11°

c. Decay rate = 30 db/sec.
T = time for 60 db of decay (see Part XXIV) = 2 sec.

d. k = 6.91/T (see Eq. 10.32) = 3.46 sec™!

e. [ —f = ku/m = 1.1 cps.

f. The power supplied to each mode of vibration W, = 14¢¢9 = 0.00179 watt.
From Eq. (4.4) we sce that, for a simple source, Ujyisrelated to W, = 4z, by

Wa.e  (0.00179)(344.8)

Ue = e «(500)2(1.18)
or
Us = 0.000816 m /sec
b = UwyPo 816 X 1074 X 1.4 X 108

k., VT 3.46 X (8 X 14 X 20) X 0.0283
= 0.521 newton/m?

SPL = 20 l()g]u 05‘2']—

5% o= = 883 db
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PART XXIV Sound Fields in Large Irregularly Shaped Enclo-
sures

10.6. Introduction. Large irregularly shaped enclosures also have
normal modes of vibration that respond when driven at their normal
frequencies. However, their number is so large and their pressure dis-
tribution so complex that when a source of sound excites the room it sets
up standing waves that involve each wall at nearly all angles of incidence,
even if the frequencies in the source are bunched in a narrow frequency
band. Also, at any point in the room, sound waves are traveling in all
directions, so that we can speak of the sound field in the room as being a
diffuse sound fleld.

If a source with a narrow band of many frequencies excites a large
irregular room, we observe fluctuations in the sound pressure as a micro-
phone is moved about the room, just as we would for the simple case of a
small regular room. However, for the large irregular room, the maxima
and minima in sound pressure lie very much nearer to each other
in position in the room than would be the case for a regular room,
and it is a relatively simple matter to move the microphone backward
and forward and thereby to obtain a satisfactory space average of the
sound pressure.

10.7. Energy-density Sound-pressure Relation. If the microphone
reads the effective (rms) sound pressure level, averaged in space by mov-
ing the microphone backward and forward over a wavelength distance,
we may use Eq. (2.83) to give us the sound energy density,

2
D, = %}l— watt-sec/m? (10.15)

where |p.] = rms magnitude of the sound pressure averaged in space and
in time in newtons per square meter.
pe¢ = characteristic impedance of air in mks rayls. At normal
temperature and pressure, poc = 407 mks rayls.

10.8. Mean Free Path. For a large irregular room, we can visualize
the acoustical conditions by imagining a wave traveling around inside the
room. This wave travelsin a straight line until it strikes a surface. Itis
then reflected off the surface at an angle equal to the angle of incidence
and travels in this new direction until it strikes another surface. Because
sound travels about 1130 ft/sec, many reflections will occur during each
second.

From a statistical standpoint, we define a mean free path as the average
distance a sound wave travels in a room between reflections from the
bounding surfaces.
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Knudsen® determined experimentally the mean free path in 11 very
differently shaped large enclosures and found it to be very nearly
4V
Mean free path = d = 5 m (or ft) (10.16)
where V is the volume of the room in cubic meters (or cubic feet) and S is
the total area of the surfaces of the room in square meters (or square feet)
including the floor but not the area of loose items of furniture. This
equation can also be derived theoretically.

10.9. Sound (Energy) Absorption Coefficients, o, and & The sound
energy density of a wave traversing a room is given by Eq. (10.15) in
terms of the sound pressure. After this wave has undergone a reflection
from a wall that is absorbing, the energy density will be less during its
next, traverse of the room.

Let us give to each reflecting surface a sound absorption coefficient ay
defined as the ratio of the energy absorbed by the surface to the energy
incident upon the surface. As the wave travels around the room, it
involves the surfaces at various angles of incidence. In a large irregular
room the number of waves traveling are so numerous that at each surface
all directions of incident flow are equally probable. The sound absorp-
tion coefficient is, therefore, taken to be averaged for all angles of inci-
dence. The sound absorption coefficients given in published tables are
measured generally under as nearly these conditions as possible. Hence,
our «a, is obtainable directly from official publications.?:

In addition to averaging the absorption coefficients for all angles of
incidence on one surface, we shall average the absorption coefficients for
different surfaces in the room, weighted according to the area of each, as
follows:

& = Sior + Saan + Sags + - 4 Saa (10.17>

where S, Sz, Ss3, . . . are the areas of particular absorbing surfaces in
square meters or in square feet; ai, s, a3 . . . are the absorption
coefficients associated respectively with those areas; and & is the average
sound absorption coeffictent for the room as a whole.

If the conditions of this analysis, viz., that sound waves of nearly equal
energy density are traveling equally probably in all directions, are to

¢ V. O. Knudsen, “Architectural Acoustics,” pp. 132-141, John Wiley & Sons, Inc.,
New York, 1932.

7 “Sound Absorption Coefficients of Architectural Acoustical Materials,” Acoust.
Materials Assoc. Bull. 14, 1953, New York, N.Y.

8 “Sound Absorption Coefficients of the More Common Acoustical Materials,”
Natl. Bur. Standards Bull., Letter Circ. LC870,
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TABLE 10.1.

[Chap. 10

Coefficients of General Building Materialsy

Thick- Coeflicients
Building material ness, |7 R
in. | 125 | 250 | 500 | 1000 | 2000 | 4000
Brick wall, unpainted.. 18 10.02/0.02] 0.03| 0.04; 0.05} 0.05
Brick wall, painted.. .. . 18 0.0110.01] 0.02] 0.02| 0.02] 0.02
Plaster, gypsum, on hollow txle plam
orpainted. ............... .. oL b ol 0.0210.02| 0.02] 0.03] 0.04] 0.04
Plaster, gypsum, scratch and brown
coats on metal lath, on wood studs...} ..... 0.04(0.04| 0.04] 0.06; 0.06; 0.03
Plaster, lime, sand finish on metal lath. 34 0.04{0.05] 0.06] 0.08; 0.04] 0.06
Plaster, on wood wool....... ... ... .. ... 0.40{0.30| 0.20| 0.15 0.10] 0.10
Plaster, fibrous.......... ... .. ... .. 2 0.35/0.30] 0.20; 0.55 0.10{ 0.04
Poured concrete, unpainted. . ........| ..... 0.01{0.01} 0.02| 0.02 0.02 0.03
Poured concrete, painted.............] (... 0.01{0.01] 0.01} 0.02) 0.02; 0.02
Wood, solid and polished.......... ... 2 0.1 0.05..... 0.04] 0.04
Wood, paneling, 2 to 4 in. air space
behind. . .| 3-14 10.30]0.25] 0.20; 0.17| 0.15 0.10
Wood platform w1th ldrge space be-
neath....... . . .. o i 0.4 10.3 1 0.20.17] 0.15] 0.1
Glass. oo n i e e e 0.04|/0.04( 0.03] 0.03| 0.02] 0.02
Floors:
Slateonsolid................ .. ... 0.0110.01{ 0.01] 0.02] 0.02] 0.02
Woodonsolid....................1 ..., 0.04|/0.04] 0.03; 0.03] 0.03} 0.02
Cork, linoleum, gypsum, or rubber
tileonsolid.... ................ 3{¢ 10.04/0.03) 0.04] 0.04; 0.03; 0.02
Wood block, pitch pine. ...........0 .. ... 0.05/0.03| 0.06] 0.09] 0.10] 0.22
Carpets:
Wool pile, with underpad.......... 54 0.20(0.25| 0.35{ 0.40! 0.50{ 0.75
Wool pile, on concrete............. 3¢ 0.09]10.08; 0.21| 0.26] 0.27; 0.37
Draperies and fabrics:
Velour, hung straight
Woz/yd2 ... .. ] e 0.04{0.05, 0.11] 0.18] 0.30; 0.35
Moz/yd2 .. ... .ol 0.05;0.071 0.131 0.22] 0.32] 0.35
18oz/yd2. ... .. ... ... .o o, 0.05(0.12} 0.35 0.48] 0.38] 0.36
Velour, draped to half arca
1doz/yd2. ... ... ... . o] el 0.0710.31] 0.49} 0.75] 0.70] 0.60
18oz/yd2. ... . ... 0.14/0.35| 0.55 0.75| 0.70] 0.60
Seats and people (.S in square feet per
person or per seat):
Seats
Chair: upholstered back, leather
seats. . . ... ... ] e 20125 13013.0{30;25
Chair: theater, heavily uphol-
stered. .. ] 3.5 135135135 3.5,3.5
Orchestra chairs, wood . ... ..} ... .. 0.1 0,15, 0.210.35 051 0.6
Cushions for pews, per person. .. .| 1.5 11.0 1.5 | 1.7

i
i
i

1.7 1.6 1.4

t Colleeted and averaged by author from published data.

Numerous incon-

sistencics in the published literature make accurate numbers impossible.
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TABLE 10.1.  Coefficients of General Building Materials.—(Coridinued)

Thick-
Building material ness, |-
in. 125 | 250 | 500 | 1000 | 2000 | 4000

Coefficients

People
In upholstered seats (add to
leather-seat chair absorption). ..} ... .. 0.7 106 10511316/ 2.0
In heavily upholstered seats. .. ...} ..... 0.7 106 |06|1.0]1.0}1.0

In orchestra seats with instru-
ments (add to wood-seat ab-
sorption).. .

Child in hxgh s¢ hool soqtod
cludingseat........ ... ... ...

Child in elementary school, seated,

..... 4.0 {7.5 i{11.0 {13.0 {13.5 |11.0

inciuding seat. . ....... ... ... ..... 1.8 123 12.813.2|3.5|4.0
Standing. . IS I 20 /3.5 471455040
In church pew (no seat cushlon) ..... 2.5 127 13.313.8}4.0/3.8

hold, it is necessary that no one part of the room has a preponderance of
the absorbing material. Equation (10.17) is written on the assumption
either that & is very small or that all surfaces have nearly the same
absorption coeflicients. It is common design practice for satisfactory
listening conditions that the absorbing materials should not be con-
centrated on surfaces in one part of the room. Furthermore, it is
unlikely that a diffuse sound field exists in a room if @ becomes much
greater than 0.3, because the traveling waves die out very rapidly.

Note that the absorption coefficient o, is actually a measure of the
absorbing power of unit area (square meter or square foot) of a bounding
surface in the room. If there is an open window in the room, all the
energy incident on its open area will pass outdoors and none will be
reflected. Hence, for an open window, «, = 1.0.f The absorption of an
area of acoustical material or another surface of a room 1is, therefore,
expressed 1n terms of the equivalent area of open window. For example,
10 ft? of wallboard may absorb the same percentage of incident sound
energy as 4 ft? of open window. Hence, «, for the wallboard equals 0.4.

All materials have absorption coefficients that are different at different
frequencies.  For a complete specification of the absorbing properties of a
material, a curve of @ as a function of frequency would need to be drawn.
It is standard practice to specify sound absorption coefficients in manu-

1 This statement is strictly true only if the window is several wavelengths or more
wide and high.  When its dimensions are comparable with or smaller than a wave-
length, its absorption cocflicient will appear to be greater or Jess than 1,0 because of
the effects of diffraction.
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facturers’ literature at 125, 250, 500, 1000, 2000, and 4000 ¢ps.  In dis-
cussing the performance of a material In a cursory way, it is usual to
specily its performance at 500 cps.

The acoustical effect of people, chairs, scats, tables, desks, and so
forth, which are objects that are not part of the bounding surfaces of the
room, must be considered also. It is customary to assign an Sa, number
to each person or thing and to add it into the numerator of Lq. (10.17).
For example, if 20 seated persons are in a room, and if the Sa, number for
each seated person at a particular frequency is 4, then 80 units must be
added into the numerator of Eq. (10.17). No modification is made of
the total area S.

11
|

Tile thickness = 1"/
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Fie. 10.10. Average absorption characteristics of perforated tiles cemented directly
to hard backing. The number of holes in the perforated face is between 400 and 500
per square foot and their diameter is between 345 and 3{s in.

For use in solving problems, typical values of absorption coefficients
for common materials and for seats and people as measured in reverbera-
tion chambers® are given in Table 10.1. Graphs of the absorption
coefficients for typical acoustical tiles with faces that are perforated with
approximately 450 holes per square foot, each hole being 3{¢ in. in diam-
eter, are given in Figs. 10.10 and 10.11. In Fig. 10.12 we show the effect
of varying the hole size and the spacing of holes in a metal sheet used to
cover 3 in. of rock wool. Typical data for porous, homogeneous tiles of
various thicknesses are shown in Fig. 10.13. Detailed data on com-
mercially available materials may be obtained from the sources given in
references 7 and 8.

¢ Beranek, op. cit., pp. 860-869.
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Fic. 10.12. Variation of absorption with spacing of holes in a paintable sheet metal
cover.

1. 3-in. rock wool, uncovered.

2. 3-in. rock wool covered with 22 Bwg steel sheet (a) unperforated; (b) 3g-in.
holes at 37{4-in. centers; (¢) Y4-in. holes at 2§-in. centers; (d) 'g-in. holes at I14-in.
centers; (e) }g-in. holes at 17g-in. centers. (From Nalionel Physical Laboratory,
England.)
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10.10. Decay Rate. The decay rate of the sound in a large irregular
room may be found easily.!®!! Assume that the sound source has just
stopped and that the sound is decaying in the room. Let

d 4V
g 10.19)
¢ S (
1.0
09 NS
o /445;- AR
07 /.44:?5..;%”,,
306 A5 o ﬂ}/
€ ROV
go.s /5//7‘ (3 //
¢ 7 A
S 04 WXV TN 5
g £ % )
%0.3 ‘/:::' A4 HA
é 02 - W, T 1" no airspace behind
01 Sovieh 55T I no airspace behind
0 N S 1", no airspace behind
:—_'_‘—:E;- " 4" to 6” airspace
behind
| | 1 1
2 3 5
100 400 1000 4000 10,000

Frequency in cycles per second

F1a. 10.13. Curves showing the probable ranges of sound-absorption coefficients for
plain or fissured porous acoustic tiles of various thicknesses mounted in relation to
a rigid wall as indicated. Measured published values will usually lie within the
spreads indicated, although important exceptions can be found.

where ¢’ = time in seconds for the sound wave to travel one mean free
path
¢ = speed of sound in meters per second
d = 4V /S = mean free path in meters [see Eq. (10.16)]
Assume that the initial sound energy density was D’ watt-sec/m®
Then after nt’ sec, the sound wave will have undergone n reflections. On
each reflection the energy density at that instant will be reduced by & (see

1 W. C. Sabine, ‘“Collected Papers on Acoustics,” pp. 43—45, Harvard University
Press, Cambridge, Mass., 1927 (out of print).
31 R. F. Norris, ““A Derivation of the Reverberation Formula,” published in Appen-

dix IT of V. O. Knudsen, ““Architectural Acoustics,” John Wiley & Sons, Inc., New
York, 1932.
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Fig. 10.14). Hence, the energy density D after each successive reflection
18

D) = D'(1 — &) Surfat(:_;with
D@2t = D'(1 — a)?
D'y = D'(1 — &) (10.20)
But
n = t_t (10.21)

so that, from Eq. (10.19),
D) = D'(1 — &)smnt (10.22)
Now,

1 — a = elose 1-8) (10.23)

Then Fic. 10.14. Path of a sound wave
' with energy density D’ as it reflects

D(t) = D'e (54 Tlee O—®1t (10.24)  from surfaces with average absorption

. . coefficient @. The surfaces are spaced
where D(¢) is the energy density after mean-frec-path distance d = 4V/8

time {. apart.

If we convert this to sound pressure level with the aid of Eqs. (10.15)
and (1.18) we get,

10 lOg ‘pavgiz — 10 102’,10 |:___ IpnvleA” :l
191 70.00002)2 |,-.. (0.00002)? {0

¢S _
— 4.34 s [—log. (1 — &)]¢ db (10.25)
SPLt=g — SPL._o = 1.085 %é [—230 loglo (1 — C_t)]t db (1026)

Hence, the sound pressure level decays at the rate of
1.085 9V§ [—2.30 logie (1 — &)] db/sec (10.27)

Metric Absorption Units. We shall define arbitrarily a constant o’ as

a = 8[—2.30logie (1 — &)
= metric absorption units in m? (10.28)

where S is given by Eq. (10.18).

Absorption Units in Sabins. For the special case of English units, the
quantity @’ of Eq. (10.28) is called a, the number of absorption units in
sabins. The quantity a has the dimensions of square feet.

In practice, @ is found from Eq. (10.17), and [—2.30 logis (1 — &)] is
found from & using the chart given in Fig. 10.15. Then a is obtained by
multiplying S of Eq. (10.18) in square feet by this result.

t Note that logso e® = 0.434x: log, 10° = 2.30z; and log. y = 2.30 logio y.
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10.11 Boundary Absorption Only. Reverberation Time T. The
reverberation time 7 is defined as the time required for the sound energy
density to decay 60 db, that is, to 10~% of its original value. From Egs.
(10.27) and (10.28), we see that the reverberation time is

60V
T = m sec (1029)
where ¥V = volume of room in cubic meters
¢ = speed of sound in meters per second

a’ = metric absorption units in square meters

—2.30log,o(1-@
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Fic. 10.15. Chart giving —2.30 logie (1 — @) as a function of a.

Metric Units. For metric units, at normal temperature (22°C or
71.6°F), the reverberation time is

T = 0.161;'—/: sec (10.30)

English Units. For English units, at normal temperature (22°C or
71.6°F), the reverberation time is

T = O.O49aK sec (10.31)

where V' = volume of room in cubic feet
a = absorption units in sabins (square feet)
The reverberation time T, as a function of the volume of the room and
?f the S& product for the room [see Fiq. (10.17)], can be found directly
srom Fig. 10.16, for rooms whose maximum dimension is less than five
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times the minimum dimension. Use of this chart obviates the use of
Fig. 10.15, as the relation between the Sa& product and a is incorporated
automatically in the formula to within 5 per cent accuracy.

Decay Constant k,. As an added item of interest, we should note that
if the exponent of Eq. (10.24), which gives the rate of decay of the sound

o 7, LIS %
00 / // / /// /‘ / //
N )
% 4// //’P'f’ﬁog’// // / // /// //7/, /7 /, A
S WA VARG A A0 7 A ZAV8d
g 0 /; DN 5 A0 ; 4/ :A/¢7 %
£ 97/ e S /] V
W 0w
WA 28
L. e
< 04 i A AL y L3 S LA
S oV VYA AR AN Vi e 884V [
> 03 4 4 "\? [<3 § L4
& 42 ////;// ;//////// /////A;//// / // ff”s;i §§/§
§58g
Wer 700,400 /// / /,5 [l Thid.
2 w0 e 1000 0M0 100000 00000 1O0DK0 2,000,000

Volume of room in cubic feet
F1c. 10.16. Relations among reverberation time, volume, and Sa units in square feet.
The —2.30 logio (1 — @) correction is incorporated; maximum error in reverberation
time is less than 5 per cent for rooms with maximum dimension less than five times
minimum dimension.

energy density, is equated to twice the exponent of Eq. (10.14) (that is,
2k,), which gives the same quantity, we get

cS _ _ca
2k, = VN [—log. (1 — &)] = N e

or, from Eq. (10.29),
b = 15 691

@08 - T sec™! (10.32)

In other words, if the sound pressure level decays linearly with time over a
range of 60 db, then all significant modes of vibration have the same
decay constant k, and this constant is equal to 6.91 divided by the
reverberation time 7.

10.12. Air and Boundary Absorption. Sound is absorbed not only at
the boundaries of a room but also in the air itself. If the room is small,
the number of reflections from the boundaries in each second is large and
the time the wave spends in the air between reflections is correspondingly
small. In this case, the air absorption is generally not important. In a
very large auditorium or church, the time a wave spends in the air between



308 SOUND IN ENCLOSURES [Chap. 10

reflections becomes large so that the absorption of energy in the air itself
can be neglected no longer.

The reverberation equations (10.29) to (10.31) must be modified to take
into account the air absorption if aceurate results are required.  This is
necessary particularly at the higher frequencies (above 1000 c¢ps), as we
shall see shortly.

Referring back to Eq. (10.20), we see that each time a wave traverses
the room, it experiences a reflection and the energy density is reduced by
the absorption coefficient @  After the time ¢, the sound has experienced
¢/t reflections, where t' is the time for the wave to travel a mean free path.

In the period that the wave is traversing a mean free path of distance,
the energy density will decrease owing to air absorption alone by the
relation

D(') = D'e (10.33)

where D(I') = energy density after the wave has traveled one mean free
path in watt-seconds per cubic meter
D’ = initial energy density at { = 0
m = energy attenuation constant in meters™!
d = mean-free-path length in meters
After the time ¢, the wave will have experienced ¢/t reflections and will
have traveled a distance of td/¢'. Hence, the energy density is given,
with the aid of Eqs. (10.16), (10.19), and (10.22), by

D(f) = D’(l _ a)(cS/M')Ie—'(cS/JV)(4!',’S)mt (10‘34)
or
D(l) = /e (cS/4V)[—log, (1--@) -4vm/S)t (10_35)

Reverberation Time. When converted to the time required for 60 db of
decay, we obtain the reverberation equations.
METRIC UNITS.

v 60V
T = yosse@ 4 mt) (10:36)

where T = reverberation time in seconds

V' = volume of room in cubic meters
¢ = speed of sound in meters per sccond
a’ = number of metric absorption units given by Eq. (10.28)

m = energy attenuation constant in meters™' as given from Eqs.
(10.38) and (10.39a), following.

ENGLISH UNITS. For English units, at normal temperature (22°C or

71.6°F), the reverberation time including the effccts of air absorption is

, Vv .
T =0019 (10.37)
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where ¥ = volume of room in cubie feet

a

m = energy attenuation constant in feet™ as given from Eqs.
(10.38) and (10.34D) or from ¥ig. (10.18)

Determination of Energy Attenuation Constant m. The quantity m, the
encrgy attenuation constant, is made up of two parts.  One part arises
from the effects of viscosity and heat conduction in the gas and the other
part from the effects of molecular absorption and dispersion in polyatomic
gases involving an exchange of translational and vibrational energy
between colliding molecules.

absorption units in sabins (square feet)

l
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Fie. 10.17. Nomogram for determining the attenuation constant in air caused by
molccular absorption, mar.

For air, the first part is given by the equation
= 4.24f* X 107" m! (10.38)

The second part, m,,, is found from Fig. 10.17.  To determine m., {rom
Fig. 10.17, the following procedure is used:

I. Begin with the proper temperature in degrees centigrade and move
left from the lower center line of the nomogram (15°C in the example
shown).

2. Stop the line at the proper relative humidity (50% R.H. in the
example shown).
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3. Move vertically to the lower edge of the shaded region. Then move
right to the proper frequency contour (3000 cps in the example shown).

4. Then move downward to the K scale (K = 2.4 in the example
shown).

5. Start with the temperature again, and move to the right to the lower
right curve and thence upward to the log M + 7 scale (in the example
shown, log M + 7 = -+0.07).
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Fic. 10.18. Measured values of the energy attenuation constant m as a function of
relative humidity for different frequencies, /(z) = I, exp (—mz). The tempelfatgre
is assumed to be about 68°F. (After Knudsen and Harris,'? *‘ Acoustical Designing
in Architecture,” p. 160, Fig. 8.10, John Wiley & Sons, Inc., New York, 1950.)
6. Then join the end points of the two tracings with a straight line
(the value of m.,, for the example shown is 0.003 m™1).
The value of m is equal to the sum of the two parts,
m = m; -+ Mp m™! (10.39a)
or,
m = 0.305(m, + m,) ft—! (10.39b)

where m, is given by Eq. (10.38) and m. is given by Fig. 10.17, both in
metric units.

At normal room temperatures (F = 68°F), measured quantities equiv-
alent to Eq. (10.39b) are plotted in Fig. 10.18 as a function of relative
humidity in per cent.'’> Thesc quantities are higher than those calculated

2V 0. Knudsen and C. M. Harris, “Acoustical Designing in Architecture,” p. 160,
Fig. 8.10, John Wiley & Sons, Ine., New York, 1950.
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from Eq. (10.39b) for reasons that are not fully understood. It is com-

mon practice to use the measured values in solutions of practical problems.
As incidental information, the number of decibels that the wave is

attenuated in traveling through the air for each unit of distance 1s

An = 4.34m db/unit distance (10.40)

The reverberation time T is of prime importance in the design of audi-
toriums, concert halls, churches, broadcast studios, and rooms. We shall
tell in Chap. 13 how T should be chosen for any enclosure.

10.13. Reverberant Steady-state Sound Energy Density. After the
sound source is turned on, energy is supplied to the room by the source at
a rate faster than it is absorbed at the boundary surfaces until a condition
of equilibrium is achieved. In the equilibrium condition, the energy
absorbed and the energy supplied by the source are equal.

It is convenient to divide the sound field into two distinct parts, the
direct sound field and the reverberant sound field. By definition, the sound
field 1s “direct’’ until just after the wave from the source has undergone
its first reflection. The reverberant sound field comprises all sound
waves after they have experienced their initial reflection.

The sound source radiates a power W watts into the room. Of this
power, W will be absorbed by the wall at the time of the first reflection,
and Wz will be absorbed during all subsequent reflections. Obviously
W = Wp + Wg, neglecting absorption in the air for the moment.

Boundary Absorption Only. 1f the sound source is nondirectional and
is centrally located in the room, the spherical sound wave emitted by it
will undergo a reflection after it has traveled a mean-free-path distance.
The walls from which it reflects have an average absorption coeflicient a.
Hence, the power supplied by the source associated with the direct
wave equals the power absorbed on first reflection. This power is, by
definition,

W = Wa (10.41)
and the power supplied by the source to the reverberant sound field is

We= W1 — &) (10.42)

Let us discuss the reverberant sound field first. The steady-state value
of the reverberant energy density is D’. The number of reflections in
1 sec from surfaces of average absorption & is equal to 1/t = ¢S/4V.
Then the total reverberant cnergy per second removed from the room is

DV?zlh

D'cSa

Z V=W =)
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or
_ 4w — 3

S 10.43
cSa ( )

D
where D’ = steady-state reverberant sound energy density i watt-
seconds per cubic meter
W = total power supplied by the source in watts
V = volume of room in cubic meters
¢ = speed of sound in meters per second
S = area of surfaces of room in square meters
a = average sound absorption coefficient
Combining Eqs. (10.15) and (10.43), we get

4pecW
[Pavel = ”I“e - (10.44)
where, by definition,
, Sa

R = T g = room constant, m? (10.45)

- Qa

where S is in square meters, or
Sa .
R = =g = Toom constant, ft? (10.46)

-

where S is in square feet.

The mean square sound pressure, averaged in time and in space, is seen
from Eq. (10.44) to be directly proportional to the power emitted by the
source and inversely proportional to the room constant .

Air and Boundary Absorption. The reduction in the energy density of
the sound wave due to air cbsorption while it traverses one mean free
path of distance equals D’ exp (—4mV/S). Intsec the sound wave will
make ¢/t mean free path traversals, where ¢’ = 4V /cS is the time for the
wave to make one traversal of the room. The total power absorbed from
the reverberant waves in the room will equal that absorbed at the bound-
aries plus that absorbed in the air.

Power absorbed at boundaries

DV (i—?/)a (10.47)

Power absorbed in air = D'V i% (1 — e #mv/s) (10.48)

Total power absorbed from reverberant sound field
= We™tmv/s(1 — &) (10.49)

Equations (10.47) plus (10.48) cqual (i10.49), or

AW (1 — @)etmvrs
oAl ¢ .50
D cSl(a + 1) — e/ (10.50)
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aw { |- (a + 4"5',1 )}
D= O

Approximately,

T Sa (mis)] (1051
Let
;. S{& + (477&]7/3)] _ ;SC_!T
B = T T amv8) T =an (10.52)
= total room constant, m?
where
ar=a+ 0 (10.53)
Alternatively,
Rp= S8 (10.54)
1 — ar
= total room constant, ft?
Then, in metric units,
1Poelt _ 1 _ AW .
v A D = m (10.55)
or
[panelty = 2222 ,‘;,c,”f (10.56)
‘T

Equation (10.56) is identical in form to Eq. (10.44) except that the
average absorption coefficient has been increased by 4mV/S.

10.14. Total Steady-state Sound Energy Density. Nondireciional
Sound Source. Near a point source of sound, the sound intensity is
greater than at a distance. If the source is small enough and the room
not too reverberant, the acoustical field very near such a source is inde-
pendent of the properties of the room. In simpler terms, if one person’s
ear is only a few inches from another person’s mouth, the room surround-
ing them has negligible effect on what the listener hears when the second
person talks. At greater distances from the source, the direct sound
field decreases in intensity, and, eventually, the reverberant sound field
predominates.

If we are over one-third wavelength from the center of a point source,
the energy density at a point r is

2
D, = lfofclg (10.57)

where D, = energy density at a point a distance r from the center of g
spherical source in watt-seconds per cubic meter
p, = magnitude of the rms sound pressure at the same point in
newtons per square meter
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The sound pressure due to a spherical source is related to the power
radiated as
lp.* _ W

poC? 47ric

(10.58)

Combining the equations for the direct and the reverberant sound
energy densities (10.44) and (10.58), we get the mean-square pressure
|p|? at any point a distance r away from the source in the room,

1 4
[p|* = Woee <m + E’) (10.59)

Expressed as sound pressure level in decibels,

SPL = 10 logio W + 10 logi pec + 94
1 4

where SPL = sound pressure level in decibels re 0.0002 microbar (0.00002
newton/m?) at a distance r from the source.
W = power emitted by the source in watts.
poc = characteristic impedance of air in mks rayls. At
22°C (71.6°F) and 751 mm Hg, 10 loge poc = 10 logio
407 = 26.1 db (mks units).
r = distance from the center of the source in meters.
R’ = S&/(1 — &) = room constant in square meters. If there
is air absorption, & is replaced by ar of Eq. (10.53).
a = average sound absorption coefficient for the room (dimen-
sionless) [see Eq. (10.17)].
S = area of bounding surfaces of the room in square meters [see
Eq. (10.18)].
Finally, remembering that the power level PWL is

w
PWL = 10 lOgm 1@

10 logie W + 130 db (10.61)

1

we get, in metric units,

SPL = PWL + 10 logy pec — 36
1 4
+ 10 loglo <4——-—7r7’2 + ’]"3—,> db (1062)

In English units, SPL, W, pec, and & are the same as given after Eq.
(10.60), but r?, B, and S are in square feet. We have

SPL = PWL + 10 10glu poC — 256
4

1
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At normal temperature and pressure (71.6°F and 30 in. Hg),

1 4
SPL = PWL + 10 logie (m + R) + 0.5 db (10.64)

where 7 = distance from the center of the source in feet

R = room constant in square feet [see Eqgs. (10.46) and (10.54)]
Corrections for temperature and barometric pressure are given in Fig.
10.19. Those numbers are to be added to the sound pressure level given
by Eq. (10.64).
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Fic. 10.19. Corrections for temperature and barometric pressure to be added to
Eqgs. (10.64), (10.66), (10.73), and (10.75). The temperature is in degrees Fahren-
heit, and the atmospheric pressure is in inches of mercury, B. Zero correction is for
67°F and 30 in. Hg.

Values of the room constant R as a function of room volume for nor-
mally shaped rooms are shown in Fig. 10.20. The parameterin the curves
is the average absorption coefficient &, or ar if there is air absorption.

The physical meaning of the equations above can be grasped more
easily by a study of Fig. 10.21. This figure shows, for standard pressure
and temperature, the sound pressure level in decibels relative to the power
level in decibels, with the room constant & in square feet as the parameter.

Let us look in detail at the curve for B = 1000 (square feet). When
the observing microphone is within 3 ft of the center of a continuously
sounding spherical source, the sound pressure level is nearly the same as
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{ the room were not there. That is to say, the pressure is different by
ess than 1 db from that in open air. On the other hand, when one is
nore than 20 {t from the center of the source, the sound pressure level on
he average is constant at all positions in the room.  As we stated before,
t is necessary in measuring the sound pressure to rotate or otherwise
nove the microphone over a wavelength of distunce so as to obtain the
‘ms average of the standing waves in the room.
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Fic. 10.20. Value of the room constant R as a function of room volume for rooms
with proportions of about 1:1.5:2. These proportions give S = 6.25V%. The
parameter is the average sound-absorption coeflicient for the room. The subjective
ratings “dead,” “live,” and so forth, are the author’s and arc not necessarily in
standard use.

As a practical example it is clear that a workman with his head very
near a noisy machine will receive very little benefit from increasing the
magnitude of the average absorption in the room, t.e., increasing F.
However, workmen at a distance from the machine will be exposed to
3 db less sound pressure level for each doubling of the room constant R.

Small Directional Sound Source. We have dealt with nondirectional
sources in the preceding paragraphs, so that the direction in which r was
measured did not matter. The directivity of a source along any radial
line (called an axis) may be specified by means of the directivity factor Q.
The directivity factor is simply the ratio of the mean-square sound
pressure p* produced by the sound source at a point distant from the
source to the mean-square sound pressure that would be produced at that
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same point by a nondirectional source of the same power.  This quan-
tity, of course, is not only a function of the axis chosen but also a function
of the position of the source in the room and, for most sources, a function
of frequency.

The reverberant sound energy density is independent of position in the
room, except for fluctuations due to standing waves, and is proportional
to the total power radiated by the source. Hence, the directivity factor

0
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F1a. 10.21. Chart for determining the sound pressure level in a large, irregular room,
produced by a nondirectional sound source. The ordinate equals the sound pressure
level in decibels relative to the sound power level.  The parameter is the room con-
stant R in square feet as defined on the graph. For example, an R of 1000 at a dis-
tance of 9 ft from the center of the source gives an ordinate reading of —22.5 db. If
the power level is 125 db, the sound pressure level at 9 ft will be 102.5 db.

has little effect on the reverberant sound energy density or the sound
pressure level associated with it. An exception to this situation occurs
when a highly directive source beams sound at a very highly absorbing
surface in the room. Very little reflection then occurs to produce a
reverberant sound field.

The direct sound energy density on any axis is proportional to the
directivity factor Q. Ilence, we simply have to make a correction to one
part of Eq. (10.62). This equation in metric units becomes

( .
SPL = PWYL + 10 10gm poC — 3(3 + 10 l()gm <12’j + I§,> db (1065)
-
where all symbols are defined after Eq. (10.60) and PWL is given by

Bq. (10.61,
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For normal temperature and pressure, with 7 and I in square feet,

4
SPL, = PWL + 10 logo (gr— + 1‘2) + 0.5 db (10.66)

Corrections for temperature and barometric pressure are given in Fig.
10.19. Those numbers are to be added to the sound pressure level given
oy Eq. (10.66).

Equation (10.66), for values of Q greater than unity, is plotted in Fig.
10.22 and for values of Q less than unity is plotted in Fig. 10.23. We see
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Frc. 10.22. Same as Fig. 10.19, except for a directional sound source with a directivity
factor @ greater than unity.

clearly that even though the source is directive, the parts of the curves
determined by the reverberant sound are nearly independent of .
However, if Q is greater than unity, the direct sound field extends to a
greater distance than if ¢ 1s unity or less.

For example, if Q = 16, the direct sound field for B = 1000 (square
feet) predominates out to 10 ft, and the reverberant sound field does not
predominate until a distance of 40 ft has been achieved. However, for
Q = 14, the direct sound field for B = 1000 predominates only out to
1.0 {t, and the reverberant sound predominates as early as 5.0 ft. In
these examples, we have assumed that the sources are small cnough so
that we are in their “far-field.”
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Iiven when the source i1s nominally nondirectional, the directivity
factor @ depends on the position of the source in the room. For example,
we see from Fig. 4.20 that if a nondirectional source is located in a plane
wall, @ = 2 because the power is radiated into hemispherical space only.

5
_Sa _ ;
R= 1—g ~ foom constant in sq. ft.
S=total area of boundaries of room in sq. ft.
0 {r=average energy absorption coefficient of
© the surface of the room
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Distance from acoustic center of a directional source in ft.=r
Fie. 10.23. Same as Fig. 10.19, except for a directional sound source with a directivity
factor @ less than unity.
In Table 10.2, we show values of @ for four typical positions of a small
nondirectional source in a large room.

TABLE 10.2. Values of Q for Small Nondirectional Sources Located at Typical
Positions in a Large Rectangular Room

Posilion in room Q
Near center. . ... ... ... ... ... ... .. ... ... ... 1
In centerof one wall ... ... ... ... ... . ... .....2
At edge, halfway between floor and ceiling. .. .. ... ... 4
At corner. ....... ... 8

We mentioned earlier that when the enclosure is small, it will react on
the source to modify its radiated power. Whether an enclosure is to be
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regarded as small or not depends on two things. First, and the more
important, is the ratio of the mean free path to the wavelength. For a
room to be ‘“large,” the mean free path should be several wavelengths
long. Second, the room either should be irregular in shape or else should
contain irregular objects such as furniture, cabinets, recessed windows,
large picture frames, free-standing screens, or the like. Many living
rooms meet the second criterion fairly well, but the mean free path is
smaller than several times a wavelength below about 200 ¢ps. Such a
room is a “small”’ room at lower frequencies below 200 cps and is a
“large’’ room at higher frequencies.

If you wish a source of sound to radiate as much power as possible in a
“small”’ near-rectangular room, the best location for & sound source is in
a corner at either the floor or the ceiling level. Under this condition, the
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g 4{’,.\;' ()
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= —30
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Frequency in cycles per second

Fr1a. 10.24. Frequency response of a loudspeaker for four locations (a) at corner of a
rectangular room; (b) at center of one wall at floor level; (¢) at center of one wall
halfway between floor and ceiling; and (d) suspended at exact center of room. The
curves are smoothed versions of the original data.

acoustic impedance presented to the source is such as to draw more
power from it at low frequencies than if it were elsewhere in the room.
As an example, the average sound pressure levels in a near-rectangular
room for a direct-radiator loudspeaker placed at each of four positions
are shown in Fig. 10.24. 1t is seen that about eight times as much power
(9 db more) is radiated from the loudspeaker at low frequencies if it is in
the corner as compared with being in the exact center of the room. At
frequencies above 500 cps, the reverberant sound pressure level is inde-
pendent of the location of the loudspeaker, which indicates that the
power output of this loudspeaker is not affected by the reaction of the
room.

Finally, we make the observation that the average direct energy density
Dy is related to the power radiated by the source regardless of its direc-
tivity factor by
wr

D[_): V

(10.67)
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where {' is the time for a mean free path.  From Eq. (10.19), we have

AW

])):‘—7
! cS

(10.68)

Large Sound Source Covering One Wall of Room. When two rooms are
contiguous and a source of sound exists in one of them, we can consider
the sound that passes through the common wall between them as coming
from a large source covering the entire wall of the second room. Let us
consider the receiving room as being approximately rectangular and as
having a volume V = SyL, where Sy is the area of the radiating wall and
L is the length of the room perpendicular toit. We wish to determine the
sound energy density in the room as a function of the area of the wall and
the room constant. We shall assume as before that the room has enough
irregularities and is large enough to produce a diffuse reverberant sound
field.

The sound energy density will be composed of two parts, the direct
part and the reverberant part. The reverberant part is nearly independ-
ent, of the shape, size, or location of the source in the room. The direct
part will equal the sound energy density for the wave that leaves the
radiating wall and travels a distance L across the room, whereupon it
experiences its first reflection.

The reverberant part of the sound energy density is, from Eq. (10.43),

oo A

= I (10.69)

The direct part of the sound energy density equals the power per unit
volume times the time t for the sound to traverse the length L of the
room, that is, t = L/¢, so that

WL WL w \
Do = e = Sulc ™ Sye (10.70)

where Sw

L

i

area of the radiating wall in square meters

length of the room perpendicular to the radiating wall in
meters

The total sound energy density Dr is the sum of Egs. (10.69) and

(10.70),
4W (1 Sw
Dr = g, (1 + R) aom

In terms of sound pressure, using Eq. (10.15), we have

4Wpoc 1 Sw
, _ tWpee (1 S .
=gy (4 + 1’{/) (10.72)
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The validity of this equation in the frequency range above 150 cps for a
room with dimension L = 16 ft and Sy = 9 X 12 = 108 ft? has been
established by London.!?

In the derivation above, we have assumed that the direct sound is
“beamed’’ across the room. This will not be true usually, except fairly
near the wall. This assumption and, therefore, Eq. (10.72) hold in the
“near-fleld” which exists within a distance from the wall about equal to
one-half a panel width.

Expressed in English units and decibels, we get the sound pressure level
in the near-field,

SPL = PWL + 10 logu (Si + g) +05db (10.73)
w

where PWL is as given in Eq. (10.61) and is for the power radiated by the

wall, and

Sw = area of the radiating wall in square feet
R =aS/(1 — &)
S = total area of all surfaces of the room in square feet

a = average absorption coefficient of the room

In the “far-field,” that is to say, at a considerable distance from the
wall, the sound pressure level will be somewhere between that given by
Eq. (10.73) and that given by Eq. (10.66), with @ = 2.

Equation (10.73) is written for normal room temperature and pressure
conditions. For other temperatures and pressures add the corrections in
Fig. 10.19 to the sound pressure levels calculated by this equation. Also,
if there is air absorption replace R by Rr as given by Eq. (10.54).

10.16. Examples of Room Acoustics Calculations

Example 10.4. A large irregular room has the approximate dimensions of width
150 1t, length 200 ft, and height 40 ft. The wall areas are of four different types. The
ceiling has an absorption coefficient a; = 0.3; the side walls have «; = 0.4; the rear
wall has o3 = 0.6; and the front wall and floor have ax = 0.15. A sound source with
a power of 10 acoustic watts is put in the room. There are 100 people in it with an
Sa absorption of 3.5 ft2 each. Determine (a) the mean free path; (b) the average &;
(c) the total number of absorption units in sabins; (d) the reverberation time of the
room; (e) the reverberant sound energy density; (f) the direct sound energy density;
(g) the sound pressure level at 20 ft for @ = 1 and for @ = 20.

Solution. a. The volume of the room is

V = 1.2 X 10%{t? (3.4 X 10* m3)
The total surface area is
S = 88 X 10¢{t2(8.15 X 10® m?)

4 X 1.2 X 10¢
8.8 X 10¢

* A. London, Methods for Determining Sound Transmission Loss in the Field,
J. Research Natl. Bur. Standards, 26: 419-453 (1941).

Mean free path = = 54.5 ft (16.6 m)

Part XXIV] SOUND FIELDS IN LARGE ENCLOSURES 323
b & = Siar + Szax + Ssas +SS409 4+ (8Sa for people)
_ 0.9 X 10* 4 0.64 X 104 4 0.36 X 10* + 0.54 X 10* + 0.035 X 104
8.8 X 10¢
= 2—488 = (.282

¢. The total number of absorption units in sabins is (see Fig. 10.15),

a = 88 X 10*[—2.30 logie (1 — 0.282)]

8.8 X 10* X 0.33 = 2.9 X 104 {t?

I

d. The reverberation time is

~0.049 X 1.2 X 10¢

7= 59 % 104 = 2.0 sec

e. The reverberant sound energy density is (see Eq. 10.43), in metric units,

LU — & watts/m3
(o3

D =
Sec
_ 4 X 10 X (0.72/0.28)
T 7815 X 103 X 344.8

= 3.66 X 1075 watt/m?

f. The direct sound energy density is (see Eq. 10.68), in metric units,

Dy = AW _ 4 X 10
P78 T 815 X 10° X 344.8

= 1.42 X 1075 watt/m?3

g. The power level is
PWL = 10 log;o 10 + 130
= 140 db
The room constant is
R = S& _ 88 X 10* X 0.28
1-a 0.72
= 3.4 X 104 ft?

The sound pressure level for @ = 1 is given by Eq. (10.64).

SPL

1 4 X 10
140 + 10 log,o (.% <400 + 33 ) + 0.5

140 — 35 + 0.5
= 105.5 db re 0.0002 microbar

I

The sound pressure level for @ = 20 is given by Eq. (10.66).
20 4 X 107¢
140 + 10 logus (g + o g—) + 0

140 — 24 + 0.5
116.5 db re 0.0002 microbar

SPL

I

I

Example 10.6. The power level of a noise source in the adjoining room is atten-
uated by 40 db in passing through the common wall. If the noise source radiates
0.1 acoustic watt, what is the sound pressure level in the room of Example 10.4, if
the common wall is 40 by 150 ft, (a) near the wall and (b) at a distance of 100 ft from
the wall?
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Solution. a. From 15q. (10.73) we have near the wall

SPL = PWL + 10 logy, [‘,L + j,] + 0.5 db
Sw R

0.1

PWIL = 10 log,o 1'(7):"” — 10 = 80 db

Sw = 6000 ft?
R = 3.4 X 104{t?
SPL = 80 4+ 10 logio (2.93 X 107%) 4 0.5
=80 — 355 4+ 0.5 = 45 db

4. In Eq. (10.66), we find that the first term in the argument of the logarithm equals
2/(4r X 104 = 0.159 X 1074 In (a), the first term equaled Yoo = 1.67 X 1074
The true answer is somewhere in between, so let us assume arbitrarily the first term
to equal 0.5 X 1074 This yields

SPL = 80 + 10 logie (0.5 X 107 4+ 1.26 X 1074) 4+ 0.5
=80 — 375 4+ 0.5 =43 db

pPART XXV Sound Transmission through Walls between Enclo-
sures

10.16. Transmission Loss (TL) and Noise Reduction (NR). Trans-
misston Loss. The characteristics of a wall placed between two rooms is
usually expressed in terms of the transmission loss (TL) in decibels.
Transmission loss is defined as the ratio (expressed in decibels) of the
acoustic energy transmitted through the wall to the acoustic energy
incident upon it. Because the area is the same for both the numerator
and denominator, the transmission loss is said to apply to unit area. In
the United States, this is usually taken to be 1 ft2. Mathematically,

TL = 10 logio Wi 10 logml (10.74)
W, T
where W; = acoustic power in watts incident on the wall of area Sw
(measured with perfectly absorbing wall)
W = acoustic power In watts radiated by the wall into a perfectly
absorbing space
7 = W,/W, = transmission coeflicient
The transmission loss may be determined by an experimental arrange-
ment like that shown in Fig. 10.25 aud which is currently used at the
National Bureau of Standards. The wall under test is 7 ft 6 in. wide and
6 ft high, and the dimensions of the sound-transmitting area of the panel
are 6 ft 6 in. wide by 5 ft. The source of sound is placed in room 1, and
the transmitted sound is measured in room 2.
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The sound pressure level is measured in both rooms by moving micro-
phones so as to measure the rms average in space. In room 1, the source
1s usually small, and the sound pressure level is measured in the rever-
berant region of the room, 7.e., where the room constant R is small com-
pared to 1677% and @ is essentially unity.'* In room 2, the sound is
either measured by averaging the sound pressure level over the entire
volume of the room or else averaging it in a plane parallel to and very
near the wall. London'® recommends the latter technique. He has
shown, also, that if one makes measurements very near the wall in a
highly reverberant room, the sound pressure levels are about 2.5 db higher
than those obtained by averaging the sound field in the room. This

Concrete
8" to 12" thickness
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ZF’anel: 7'6" x6 high Room No. 2: 9 high
Fic. 10.25. Two-room arrangement used at the National Bureau of Standards for
measuring the transmission of sound through panels. The panel under test is mounted
between rooms 1 and 2. The source of sound is located in room 1.

number is as expected from the previous part and confirms the result
obtained in Example 10.5.

The average reverberant sound pressure level in room 1 is related to
the power level of the source in that room by [see Eq. (10.64)]

SPL, = PWL + 10logio - db (10.75)
1
where PWL = 10 log;e (W/107%) db re 107'* watt.
W = acoustic power in watts radiated by the source in room 1.
R, = [&S/(1 — &)]; = room constant in square feet for room

1. If there is air absorption, replace & by &r of Eq.
(10.53).
Normal temperature and pressure are assumed, and the 0.5 db term of
Eq. (10.64) has been neglected as it will cancel out in the manipulations
later.
In room 1, the reverberant energy density near the common wall is
proportional to the power W(1 — &), because an energy density propor-

14 Beranek, op. cti., Chap. 19, pp. 870-884.
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tional to aW is associated with the direct sound ficld [see Eq. (10.41)].
The acoustic power W that would be transmitted through the common
wall if the wall were perfectly absorbent (aw = 1) is related to the
reverberant energy in room 1 multiplied by the ratio Swaw/Sa, that is,

SW‘I _ WSW
Sa ~ Ry

The subscripts 1 indicate that the quantities are for room 1.
The power W, transmitted into room 2 equals W, [see Eq. (10.74)]; so
WSwr

Wa = 20 (10.77)

W,=WQa — a)

(10.76)

Expressing W, as power level in decibels gives us the source power level
in room 2 in terms of the power level of the actual source in room 1.

PWL, = PWL 4 10 log,e ISB—W — TL db (10.78)
1
From Eq. (10.75), we get
PWL, = SPL, 4+ 10 logloi—w — TL db (10.79)

Substituting PWL; into Eq. (10.73) yields the sound pressure level in
room 2.

4

SPL, = SPL; — TL + 10 logie ‘—i—w + 10logie (L + 7
2

Sw

In terms of the power level in room 1 (see Eq. 10.75),

) db (10.80a)

SPL, = PWL — TL + 10 logy, (S—W) 4 10 logio (—1— + i) (10.80b)
Ry Sw ' R,
Solving for the transmission loss from Eq. (10.80a) gives
TL = SPL, — SPL: + 10 logu (i + %Y> db  (10.81)
2

Noise Reduction. 'The noise reduction in decibels is defined as
NR = SPL, — SPL, db (10.82)

Then, the noise reduction provided by a wall between two rooms is
NR = TL — 10 logm(i + %) db (10.83)
2

where NR = difference in sound pressure levels in decibels on the two
sides of the wall determined by measuring the sound pres-
sure level on the primary side with a microphone that is
moved around in the reverberant sound field and then sub-
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tracting from it the sound pressure level with a microphone
that is moved around in a region fairly near the surface on
the secondary side.

TL = 10 times the logarithm to the base 10 of the ratio of the
sound energy incident on the wall to the sound energy
transmitted through the wall.

w = area of the transmitting wall either in square meters or in
square feet.

R: = room constant for room 2 = [Sa/(1 — @))s, where S is the
total area of the surfaces of the room on the secondary side
and & is the average absorption coefficient for room 2.
S must have the same dimensions as Sw. If there is air
absorption, replace & by ar of Eq. (10.53).

Equation (10.83) has been verified experimentally by London (reference
13 of Part XXIV) for frequencies between 150 and 2000 cps, except for a
small fixed additive quantity.

It should be noted especially that if the secondary side of the panel
opens into a room with large absorption (R, large) or if it opens outdoors,
the noise reduction equals

NR = TL + 6 db (10.84)

As a final point, if one moves into the far-field of the radiating wall,
which is approximately beyond a distance away equal to one wall width,
the sound field will start to drop off with distance and, eventually, at a
great enough distance from the wall, Eq. (10.80) becomes

SPL, = SPL; — TL 4 10 logio %_w (10.85)
2

This situation would exist, for example, for a window in one wall of a
room. Near the window, Eq. (10.81) would hold, and away from the
window a considerable distance, Eq. (10.85) would hold.

10.17, Measured and Calculated Transmission Loss. Average Trans-
misston Loss. The National Bureau of Standards and the Riverbank
Laboratories at Geneva, Ill., are the accepted ‘‘official”’ laboratories in
the United States for measuring the transmission loss of walls. These
l laboratories generally measure at frequencies of 125, 250, 500, 1000, 2000,
and 4000 cps. The average transmisston loss is determined by taking a
simple arithmetic average of the transmission losses in decibels at 125,
250, 500, 1000, and 2000 cps.

In England, the measurements are officially taken by the National
Physical Laboratory, except that the average transmission loss is deter-
mined from the data at 200, 300, 500, 700, 1000, 1600, and 2000 cps.
The average transmission losses generally do not differ much between the
f two countries.
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Single Walls. The transmission loss (TL) for single walls that are
homogeneous in construction and are damped so that they do not ring
when struck with a hammer is dependent primarily on the product of.the
surface density (pounds per square feet) and the frequency. The t}'nck-
ness is generally not important for walls that are under 12 in. except 1n so
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F16. 10.26. Transmission loss (TL) for solid damped partitions. The average trans-
mission loss may be determined from this graph by assuming a frequency of 500 cps.
For undamped walls subtract about 5 db from the average transmission loss. For
plane sound waves incident normal to the face of the panel, the transmission loss
increases 6 db for a doubling of the abscissa rather than 5 db as is shown here for
randomly incident sound.

far as it increases the surface density. The transmission-loss curve, for
sound that is randomly incident on the primary side (measured with the
arrangement, of Fig. 10.25), is shown in Fig. 10.26. This curve indicates
that, for damped single walls, the transmission loss increases about 5 db
for each doubling of frequency or doubling of weight per square foot. In
Table 10.3, we show the surface densities for a l-in.-thick wall made from

TABLE 10.3. Weights of Common Building Materials
Surface density,

Material Ib/ft2/ (inch thickness)

Brick ............ . 10-12
Cinder concrete . ............. 8

Dense concrete . .............. 12

Wood ... .. 2-4
Common glass ............... 12.5-14.5
Lead ............... . ....... 65
Aluminum . .............. ... . 14

Steel .. ... .. 40
Gypsum .............. .. ... 5
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“~

the materials tabulated. Jror a 2-in.-thick wall, the surface density
doubles, and so forth.

Multiple Walls. When the average transmission loss must exceed
40 db, 11 1s generally economical to use double walls. The average trans-
mission loss through them is usually 5 to 10 db greater for a given weight
of material than it is for a single wall using the same material. In Fig.
10.27, the average transmission loss for both single and double walls of
various constructions is shown.
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Fic. 10.27. Average transmission losses (TL) for various structures constructed as
shown. In compiling this chart, it was assumed that no flanking paths exist. That
is to say, all the sound arrives in the receiving room through the panel and not via
alternate paths.

For example, the average transmission loss for a double cinderblock
wall, each leaf 4 in. thick, separated by 4 in., and both leaves plastered on
the outside, is about 55 db. A single cinder-block wall, 4 in. thick and
plastered on both sides, yields a transmission loss of about 42 db. If the
thickness of the single wall were increased to 8 in., we would expect that
the transmission loss would increase about 5 db, as we found in the
previous sections. Hence, the double wall is about 8 db better than the
single wall for the same total weight.

The problem of incorporating double walls into building structures is
beyond the scope of this book. The reader is referred to Cullum!®

¥ Do J. W, Cullum, “The Practical Application of Acoustic Principles,” pp. 563-61,
Spon, Ltd., London, 1949,
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for some architectural details. Extensive research has been done in
England!® and in Holland'? on the construction of apartment and row
houses with better noise isolation. These studies are available in tech-
nical reports that are issued from time to time.

10.18. Enclosures. When single or double walls are combined to
produce an enclosure, the amount of noise reduction achieved is depend-
ent upon the combined transmission losses. In fact, a small opening,
cracks around a door, or thin windows may nullify a large part of the
effectiveness of an otherwise good enclosure.

Let us imagine a case where a complete enclosure is placed in a uniform
noise field. To determine the value of the transmission loss for insertion
into Eq. (10.83) or Eq. (10.85) so as to find the total noise reduction for
the enclosure, the areas and transmission coefficients for all the walls,
doors, and windows must be considered in the equation

S
= db 10.86
TL = 20 dogu o e F S (10.86)
where S = total area of all surfaces of the enclosure either in
square meters or in square feet
Sy, Sy, 83, . . . = areas of particular surfaces of the room in the same
units as S
Ty, T2, T3, - . . = transmission coeflicients for those surfaces, respec-
tively, found by use of
L (10.87)

T = antilogo (TL./10)

where 7, = transmission coefficient for a particular surface
TL, = published transmission loss for that particular surface

Example 10.6. As a typical example, determine the total average transmission
loss for a 4-in.-thick concrete block wall with a single }4-in.-thick glass window in it,
if the areas are 200 ft? and 20 ft?, respectively.

Solution. From Fig. 10.27 we see that, for glass, TL, = 26 db and, for 4-in. con-
crete block, TL; = 46 db. So

71 = (antilogio 28{¢)7! = (4 X 10%)7! = 2.5 X 1073
s = (antilogio 484¢)7! = (4 X 104t = 2.5 X 10°*
Hence,

SxT] "‘|" Ssz _ 005 + 0005 _ a4
Tavg = S = 500 =275 X 10

It is seen that the transmission through the small window (S;r;) is much greater
than that through the remainder of the large wall (Sir;). The transmission loss for
the combination is

TL = 10 log:,

= 10 log,o 3.64 X 10% = 35.6 db

Tavg

18 Building Research Station, Watford, Herts., England.
17 Research Institute for Public Health, Engineering TNO, The Hague, Holland.
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Reference to Fig. 10.27 shows that if double-glazed windows were used with, say, two
}4-in.-thick panes separated 1 in., the transmission loss for the whole strueture would
equal that for the concrete block, that is, 46 db, instead of being 10 db less, as was
the case for the example given here.

Example 10.7. An airplane engine is being tested in a cell alongside of which is a
control room. The wall separating the control room from the test cell is a 12-in.-thick
poured concrete wall with dimensions 40 X 20 ft. In this wall is a double window,
made of two }4-in.-thick panes separated by 6 in. of air and having dimensions of
10 X 3 ft. Determine the sound pressure level at 500 cps in the control room near
the window, assuming that the room constant R is very large and that the sound
pressure level in the test cell is 140 db.

Solution. The transmission loss for the wall is found from Table 10.1 and Fig. 10.26.
At 500 cps,

TL (concrete) = 56 db
The transmission loss for the window is found from Fig. 10.27.
TL (window) = 59 db
In front of the window, the noise reduction is found from Eq. (10.83).
NR = 59 4 10logie 4 = 65db
The sound pressure level equals
SPL; = 140 — 65 = 75 db
To one side of the window, the sound pressure level equals

SPL, = 140 — 56 — 6 = 78 db



CHAPTER 11

NOISE CONTROL

PART XXVI Procedures and Sources

11.1. Introduction. Noise is rapidly becoming a major national prob-
lem. People are living in more concentrated groups, and housing costs
have risen so that building structures are becoming lighter and lighter in
weight. Because of the absence of specifications for tolerable noise
levels, building codes in many nations have permitted speculative build-
ers to construct apartments and row houses with acoustically inadequate
walls and resonant floors.

Noise from highways and airports has blighted many housing areas
which would be assets otherwise to our cities. The airport noise problem
has been a major deterrent to widespread private flying because the com-
plaints of neighbors concerning the noise have made it necessary to locate
flying fields in relatively inaccessible regions.

In the factory and office we have serious noise problems also. Drop
forges, riveting machines, cutters, grinders, can-making, and weaving
machines are a few examples of sources of noise that may affect hearing
permanently and interfere with speech communication.

Passengers inside aircraft must be protected from the intense noise of
the propellers and exhausts. This is accomplished partially by lining the
fuselage with acoustical materials.

In recent years, the jet airplane has become one of the worst of our
noise sources. The engines themselves must be tested in test cells that
are rendered sufficiently quiet so as not to disturb neighbors. Jet air-
craft not in flight must be backed against large mufllers located on the
ramps at airports when warming up. As yet, there is no solution to the
problem of exterior noise radiated in flight.

Al these problems require the attention of acoustical engineers. A
purpose of this chapter is to present the procedures by which one attempts
to solve typical noise problems and to give performance data on some of
the more common acoustic structures used in noise control.
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The problem of noise reduction is given its proper meaning and con-
text by the presence of people as histeners.  Criteria for acoustical design
have been developed for factory spaces, offices, aircraft, and residential
districts. Some of these eriteria will be presented in Chap. 13, which
deals with psychoacoustical phenomena. In this chapter, we shall con-
fine oursclves to the physical side of the problem, leaving the amount of
necessary noise reduction for a particular problem as something to be
decided after a psychoacoustic criterion is selected.

11.2. Noise-control Procedures. Faclors in Noise Control. The first
rule of noise control is to design or to modify the construction of the
machine or device so that it 1s less noisy. Sometimes this can be done
by such steps as replacing gears by a V-belt drive; using vibration mounts
under the footings so that vibrations will not be transmitted into other
structures to be radiated as sound; replacing one style of machine by
another; using an abrasive cutting action in place of a toothed cutting
action; and so forth.

Another approach to reducing the noise is to decrease the directivity
index in the direction in which the listener is located. This may some-
times be accomplished by rotating the source so that its principal axis of
radiation points elsewhere. In one example, the ventilating parts on a
home motion-picture projector were modified so that the noise was
radiated toward the operator rather than to the sides where the audience
was seated.

Still another approach is to increase the distance between the source
and the listeners. For example, hospitals should not be built near air-
ports, highways, and railroads. If the lot is large, locate the building on
it as far from a busy street as possible.

Even though every known procedure for modifying the basic design of
an equipment is utilized, the device may still be too noisy for a particular
location. In that case, we must resort to one or more of the three stand-
ard techniques for noise control, »:z., relocating, muffling, or enclosing
the device. In order that the engineer may apply any one of these tech-
niques quantitatively, we must consider the following factors if a satis-
factory solution to the problem is to be achieved:

1. The acoustic power radiated by the source in each of a prescribed
number of frequency bands should be determined. Usually, noise meas-
urements are made in one of the following ways:!

a. With an octave-band analyzer having eight frequency bands: 37.5 to
75, 75 to 150, 150 to 300, 300 to 600, 600 to 1200, 1200 to 2400, 2400 to
4800, and 4800 to 10,000 cps.

b. With a one-third octave-band analyzer having 25 frequency bands:
20 to 45, 45 to 57, 57 to 71, 71 to 90, 90 to 114, 114 to 142, 142 to 180, 180

1L, L. Beranek, “Acoustic Measurements,” Chap. 12, pp. 516-592, John Wiley &
Sons, Inc., New York, 1949,
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to 228, 228 to 284, 284 to 360, 360 to 456, 456 to 568, 568 to 720, 720 to
912, 912 to 1136, 1136 to 1440, 1440 to 1824, 1824 to 2272, 2272 to 2880,
2880 to 3648, 3648 to 4544, 4544 to 5760, 5760 to 7296, 7296 to 9088, and
9088 to 11,520 cps.

c. With a narrow-band analyzer with a fixed bandwidth between 2
and 50 cps, or

d. With a narrow-band analyzer with a bandwidth equal to 2 to 20 per

cent of the mean bandwidth.
The results obtained with one of these kinds of analyzer are reduced,
sometimes, to what they would have been if they had been obtained by
an analyzer with a 1-cps bandwidth. If the plot of the data is in terms
of power level in decibels (see page 14) as a function of frequency for a
l-cps band, we say that the plot gives the power spectrum level (see page
15). Other bandwidths such as critical bandwidths sometimes are used
also in presenting data.!

2. The directivity characteristics of the source giving the relative
amounts of power radiated in different directions around the source at
various frequencies should be measured.

3. The transmission path or environment coupling the source of noise
to the listeners’ ears should be studied. This environment may be a
room or a factory space, in which cases the formulas for the sound fields
in large irregular rooms presented in the previous chapter are applicable.
Those formulas give the sound pressure as a function of acoustic power,
distance from the source and room characteristics. The transmission
path may be outdoors, where the sound pressure decreases linearly with
distance, except for the additional effects of air and terrain absorption
and temperature gradients. Or the transmission path may involve
intervening structures such as mufflers, ducts, walls, and hills. These
must be considered, whether near the source or near the listener, or both.

4. The criteria that are applicable to the problem at hand must be
selected. For example, if it were decided that workers near a factory
should be able to converse ard that distant neighbors should not be
annoyed by the noise, the sound levels should be reduced below those
shown by the appropriate curves in Part X XXII that express the maxi-
mum sound pressure levels for permitting achievement of these goals.
Those curves are the criteria for design.

5. The amount of noise reduction required. This is achieved by con-
sidering all four of the factors above. The power level (in decibels) plus
the directivity index minus the effects of environment and intervening
structures give the sound pressure levels due to the source at the listener’s
position. The difference between the sound pressure levels at the listen-
er’s position and the applicable criterion curve is the amount of noise
reduction (in decibels) that must be achieved.
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Vibration Isolation. Although this -text is devoted entirely to the
acoustics side of noise reduction, the importance of and the need for
vibration isolation should not be overlooked. Many times a device can
be quieted adequately by merely mounting it on rubber isolators so that
its vibrations do not excite surrounding structures that will in turn
radiate noise. Recent texts on vibration are referred tointhe footnotes.??

Illustration of Noise Control. To ald in obtaining a feeling for the
relative value of several types of noise-control possibilities, let us refer
to Fig. 11.1. Here is shown a hypothetical noise-producing machine.
If it is mounted directly on a nonrigid floor, it produces the noise spectrum
shown beside the first diagram (a). The noise spectrum is measured in
eight octave frequency bands at the position marked M on the first
diagram.

The bar diagram at the right gives the calculated transfer function pro-
duced by the machine. The transfer function is a quantity used to
assist in the determination of the subjective magnitude loudness level of a
complex noise, once its noise spectrum is known. Until recently, the
transfer function was believed to be proportional to the loudness of a
sound, that is to say, if something were judged to be twice as loud, the
transfer function would be double. This concept is now open to ques-
tion. The transfer function is discussed in Part XXX. The speech-
interference level is shown by the height of the bar in the 1200 to 2400-cps
band. 'This concept is discussed in Part XXXJI. The effectiveness of
sound control in relation to human beings is indicated not by changes in
the spectrum per se, but specifically by such changes as reduce the trans-
fer function and the speech-interference level.

In (b) we show the effect of putting soft vibration mounts beneath the
machine. The noise spectrum has decreased, particularly at the lower
frequencies. In this example, vibration isolation is of value but is not in
itself sufficient.

In (¢) we show that a small advantage results from erecting a short wall
next to the machine.

In (d) we show that only slight advantage is to be gained from enclosing
the machine in a porous acoustical blanket. Such blankets are effective
in controlling reverberation times and room constants but do not usually
make good acoustic barriers.

In (e) we show the effect of enclosing the vibration-isolated machine in
an airtight box. The noise levels decrease a large amount, particularly
at the higher frequencies.

2C. E. Crede, “Vibration and Shock Isolation,” John Wiley & Sons, Inc., New
York, 1951.

1. M. Hansen and P. F. Chenes, ‘“Mechanics of Vibration,” John Wiley & Sons,
Inc., New York, 1952,
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ITIG. 11.1. Hypothetical examples of noise reduction showing relative values of vibra-
tion mounts, barriers, enelosures, and acoustic inaterials used in various combinations.
The speech-interference level (see Part XX XII) is shown by the vertical bar marked

In (f) we show that the combination of vihration isolation and a tightly
closed box yields a very substantial reduetion of the noise spectrum, the
transfer function, and the speech-interference level.

In (g) we see the effect of enclosing the machine in an airtight hox that
s lined with an acoustical absorbing blanket.  Here, the noise control is
seen o be very good.
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shown by the bars to the right of the graphs.

In (k) we see the effeet of a double enclosure with double vibration
motnts and lined with an acoustical absorbing blanket. The noise levels
arc very low for this case.

An obvious ditficulty with the solution of IFig. 11.1 15 that no ventila-
tion, or escape for the gases of combustion, is possible. To satisfy these
needs, acoustic ducts or mufflers must be used.  Attenuations of nearly



338 NOISE CONTROL (Chap. 11
« 110
100 ,,/“/—“\'\*‘-\
. e |
/

—| N
/ng\\\

& 75 piece orchestra
® 15 piece orchestra
l & Loud as possible without strain
Average

A

~
o

\

3

man's 0 Raised voice
voice | o Normal voice

Sound power band leve! in decibels, RE 107 wa
3

| | | |
Overall 20 75 150 300 600 1200 2400 4800
75 150 300 600 1200 2400 4800 10,000
Frequency band in cycles per second
Fic. 11.2. Average long-time sound power levels relative to 10712 watt are shown for
average male voices and for 15- and 75-piece orchestras. For the human voice, the
petks as read on the fast C scale of a sound-level meter would be about 10 db higher

than the over-all levels shown here. For orchestras the peaks would be about 15 db
higher.

&

140 T T T
Chipping hammers\

23
2 130 _ .
3 -
£ 1= X> \
L 9120 o
33 N ~\\ N
25 AU e - B |
849110 o T
Ba - )
é Arc weldmg\

C
© e —— B A ———
§ 100 — = S
3 -

90

20 75 150 300 600 1200 2400 4800
75 150 300 600 1200 2400 4800 10,000
Frequency band in cycles per second
Fia. 11.3. Sound power levels as read on the slow meter scale of an octave-band
analyzer for chipping hemmers of various makes operating with 90 Ib/in.2 air.  (A)
Hammer operating on 18- by 18- by 34-in. (thick) steel plate; (B) hammer operating in
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any reasonable magnitude are possible by the correct choice of design of
muffler.

11.3. Power Levels of Sources. The power-level curve as a function
of frequency for a source is the starting point in noise-control design.
Most sources radiate a constant amount of acoustic power whether the
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Fic. 11.4. Sound power levels as read on the slow meter scale of an octave-band
analyzer for a number of industrial tools.
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F1c. 11.5. Average sound power levels for passenger cars of 1953 traveling between
40 and 50 mph on a typical concrete highway; measurements made externally.

source is in a room or outdoors. For example, a ventilating fan used in
air-conditioning systems appears to radiate nearly the same acoustic
power whether connected to a duct or not, and regardless of the range of
back pressures usually encountered. This happens because, even when
the source is in a room, its radiation impedance is nearly like that for free
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space. We saw, in studving Fig. 10.21, that the sound field near the
machine is nearly the same indoors as outdoors, unless the room constant,
15 very small.
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Fi1g. 11.6. Office machinery noise. Data were taken in large offices, and diffuse room
conditions were assumed. Data were read from an average meter as 3 db below
frequent peaks. All office machines were of a vintage prior to 1950.
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F1c. 11.7. Sound power levels produced by turbo-jet engines (without propellers) for
three powers of jet.
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There are cases, of course, where a small enclosure reacts on the source
so strongly as to modify its radiated power. Such situations must usu-
ally be handled by exact mathematical analysis.

We shall divide sound sources into several general groups for analysis.
These groups fall into three broad categories as shown in Table 11.1.
Power levels, either directly measured or estimated from available data,
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Fic. 11.8. Sound power levels produced by a 34-in.-diameter stcam hosc used for
cleaning meat-grinding equipment.
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Frg. 11.9. Over-all sound power levels produced in flight by propellers of 1952 as a
funection of tip speed and horsepower per blade.

for the few sources listed in Table 11.1, are shown in Figs. 11.2 to 11.11.
These graphs express the power level in each of eight frequency bands,
where power level is defined as

PWL = 10 logie

W

1013

We usually deseribe PWILL i the words “power level with reference to
(re) 10 ' watt.”

db (11.1)
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11.4. Directivity Patterns of Sources. The directivity pattern of a
source of sound is a description, usually presented graphically, of the
intensity levels at a given distance from the center of the source as a func-
tion of angle 6 about the source on a designated plane passing through
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F‘IG. 11.)10. Sound power band levels for two 4-engine aircraft at cruising speeds (1952
vintage).
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Fic. 11.11. Chart for determining the sound power band levels for ventilating fans
of two types. The over-all power level is first determined from the formula given

on tsxe graph, where HP is the rated horsepower of the fan when it is operated as
rated.

the center of the source. The directivity index was defined in Part
XTI as the ratio, expressed in decibels, of the intensity at a point on a
designated axis of a source to the intensity that would exist at that same
point if a non-directional source were radiating the same total acoustic
power. The points of measurement for dircctivity patterns are far enough
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F1e. 11.12. Directivity patterns for the human voice. [After Dunn and Farnsworth,
J. Acoust. Soc. Amer., 10: 184-199 (1939).] The directivity indexes are 175 cps = 1
db; 1200 cps = 3 db; 2500 cps = 4.5 db; and 5000 to 10,000 cps = 6 db.

TABLE 11.1. Categories of Sound Sourcest

A. Speech and music sources:
Human voice
Orchestras

B. Impact and vibration sources:
Factory machinery
Transportation machinery
Office machinery

C. Sources with air streams:
Jet-engine exhausts
Air jets
Propellers
Aircraft in flight
Ventilating fans

t Data are given in Figs. 11.2 to 11.11.

Pressure level in decibels
relative to pressure at 8=0

from the source so that they are in the far-field, 7.e., the sound pressure
decreases linearly with distance along the designated axis.

In Figs. 11.12 to 11.14 we show the directivity patterns at selected
frequencies for certain of the sources of Table 11.1. The directivity
index for any particular axis may be determined from a directivity pat-
tern by the methods of Part XI.
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with a case diameter of 16 in.
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rART X XVII Acoustic Transmission Paths

The sound source and the listener are coupled by an acoustic transmis-
sion path. This path may be through the outdoor air or the air inside a
room, or a combination of both. For example, the sound might originate
outdoors and eventually arrive at a listener’s ear inside a room. In
handling a combination of both, the problem is usually broken down so
that each part is handled separately, the basic fact being kept in mind that
all the acoustic power radiated from the source must be accounted for.
We shall treat the outdoor problem first.

11.5. Outdoors. Spherical Radiation. The sound pressure level in
decibels at a point in free space (spherical radiation) is related to the
power radiated and the directivity index byt

SPL = PWL 4 DI — 10 logo S: 4+ 0.5 db (11.2)

where PWI, = power level in decibels re 10-1% watt [see Eq. (11.1)]

DI = 10 logio @ = directivity index in decibels for the desig-
nated axis on which the sound pressure level is being
determined

Q = directivity factor for the designated axis (see Part XI)

S, = 4wr? = surface area in square feet of a sphere whose
radius equals the distance r at which the sound pressure
level is being determined

In writing Eq. (11.2) we have assumed that the ambient temperature is
67°F and the ambient pressure is 0.76 m (30 in.) Hg. Corrections to be
added to the sound pressure level given by this equation are found in
Fig. 10.19.

Hemdispherical Radiation. Often, the sound source is located near the
ground so that the power is radiated into “half space.”” In this case, at
all points, the sound intensities will be doubled, which means that they
are 3 db higher than those given by Eq. (11.2). The formula for this
case 18

SPL = PWL + DI — 10 logye Sz + 0.5 db (11.3)

where S; = 2xr? = surface area in square feet of a hemisphere whose
radius equals the distance r at which the sound pressure level is being
determined. In this case also, the sound pressure level decreases 6 db for
each doubling of distance.

Avr Losses—Theoretical. If the frequency of the radiated sound is
greater than 1000 cps, loss of acoustic energy in the air may become sig-
nificant and must be taken into account. The loss expressed in decibels

T This equation comes directly from 13q. (10.66) with B = o,
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per meter or per foot is {sce Eq. (10.40)],
A, =4.34(m, +m;) db/m (11.4)
A, = 1.324(m, + m,) db/ft (1.5)
where m, = loss in meter—! due to viscosity and heat conduction as given
by Eq. (10.38)

loss in meter—! due to molecular absorption and dispersion
and given by Fig. 10.17
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Fic. 11.15. The relative importance of wind in increasing the attenuation of sound
over that measured under laboratory conditions. The bottom curve gives the attenu-
ation as calculated for air under laboratory conditions at 40 per cent relative humidity.
The two remaining curves show values of attenuation actually measured in outdoor
experiments with the wind blowing from the observer toward the source. The effects
of spherical divergence and of humidity (the lowest curve) were subtracted. The
differcnce between the upper two curves represents the attenuation due to the gusti-
ness (turbulence) of the wind and is seen to be of the order of magnitude of 4 to 6 db
per 100 m. These results were obtained by measuring the sound pressure level at
different distances from the sound source located in a 12-m- (39-ft) high tower.
If the wind blows from the source toward the observer, the attenuations are nearly
those of the bottom curve. (From Ingard.*)

Air Losses—Measured.* Outdoors, the attenuation of sound will be
much greater than that indoors, even on days when the air is ‘““calm.”
The greater attenuation is caused by ever-present air movements and
localized temperature gradients and rotational motion. In Fig. 11.15 we
show a set of curves for outdoor-air attenuation.

K. U. Ingard, Review of the Influence of Meteorological Conditions on Sound
Propagation, J. Acoust. Soc. Amer., 26: 405-411 (1953). Much of the material in
this chapter can be found in “Handbook of Acoustic Noise Control,” Vol. I, Physical
Acoustics, by Bolt Beranck and Newman, Ine. (1952). Order from Office of Technical
Serviees, Department of Commerce, Washington, ID.C., PB No. 111,200.
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TERRAIN LOssES. In addition to the absorption in the air itself, sound
is also attenuated in traveling over the terrain. Wooded areas are more
effcctive in attenuating sound than are grassy ones. Hills also aid in
scattering the sound energy. Unfortunately, practical situations are so
varied that it is not possible to discuss this problem here.
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Fic. 11.16. Graphs showing the effects of sound-speed gradients (due to temperature
and barometric pressure changes) as a function of distance from the source. (a) Uni-
form negative sound-speed gradient, airplane at 10,000 ft; (b) uniform positive sound-
specd gradient, airplane at 5000 ft; (c) temperature inversion, airplane at 10,000 {t;
(d) temperature inversion of opposite type, airplane at 5000 ft; (¢) negative temper-
ature gradient, source at 5 ft; (f) positive temperature gradient, source at 5 ft.

TEMPERATURE GRADIENTS. Temperature gradients produce pro-
nounced effects on sound propagation, although wind generally influences
the propagation of sound to a greater extent. A positive temperature
gradient with height above the earth’s surface produces a downward
refraction of sound waves and, hence, an enhancement of their levels.
The reverse effect will be observed on a hot summer’s day when the sur-
face of the earth is heated to a temperature much higher than that of the
air a dozen or more feet above it.  In this case, the sound may scem to
disappear entirely in a distance of only 100 ft.
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Six examples of diffraction caused by temperature gradients are shown
in Fig. 11.16. In (a) and (¢) the temperaturce gradient is negative, and
the sound is audible to a limited distance and then bends upward. In
(b) and (f) the gradient is positive, and a large part of the energy radiated
upward is returned to the earth. Clearly, in the latter case the sound
pressure will not decrease as much as the normal 6 db for each doubling
of distance. In (c) and (d) temperature inversions are assumed to occur
at about 5000 ft. The sound at the ground for these cases is refracted in
a manner similar to the refraction of radio waves in the Kennelly-Heavi-
side layer of ionized gas in the upper atmosphere. Note that where the
speed of sound is lowest, the density of the air is greatest so that a tem-
perature inversion produces the effect of a layer of dense air.

For the situations of Fig. 11.16, the sound does not decrease according
to the simple relations of Eqgs. (11.2) and (11.3). In noise-reduction
problems, the effects of temperature gradients must be borne in mind,
because a noise-reduction treatment that is satisfactory most days and
nights may, on certain occasions, be inadequate because of the failure of
the inverse-distance law to hold.

Barriers. Many times the question is asked, If a wall is built between
the source of noise and my home, will the noise be significantly reduced?
The answer to this question is not simple. It depends on the height of the
wall, on the wavelength of the sound, on the distances the source and the
histener are from the wall, and on the heights of the source and listener
above the ground. TUnless both the source and listener are at ground
level and unless the noise source is reasonably near the wall so that its
height need not be great, a barrier of this type is generally not feasible
from an economical standpoint.

A simplified solution to this problem, made under the assumption that
the source and the microphone are near the ground, is shown in Fig.
11.17.5  The abscissa to this figure is given by

_ 2 H? H?
vl ) (e 5]

. H? .

=3B fD>»R>H (11.6)

where H = height of barrier above the line of sight between source and
observer

f

R = horizontal distance from source to barrier
D = horizontal distance from barrier to observer
Measured data are plotted on this graph for comparison. It is seen
that the attenuations are limited in practice to about 15 to 20 db.

*R. O. Fehr, The Reduction of Industrial Machine Noise, Proc. 2d Natl. Noise
Abatement Symposium (1951),
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11.6. Enclosing Walls. A\ very common procedure for noise control
is to enclose completely the source of noise. If this is done, the con-
siderations shown in Fig. 11.1 apply basically. First, the enclosure must
be nearly hermetically sealed, except for planned ventilation. Second,
the mass and structure of the walls, windows, and doors must be so chosen
that the desired attenuation is
achieved. Third, the source of
noise should be adequately vibra-
tion-isolated from the floor and ®
from the walls and ceiling of the
enclosure so that sound does not
arrive on the outside by a struc-
ture-borne path.

Average Transmission Loss.
The attenuations of walls and
windows were tabulated in Figs.
10.26 and 10.27. We showed in
Eq. (10.86) and Example 10.6 how
to determine the average trans-
mission coefficient for the entire
enclosure.

Doors. Doors are a particularly
troublesome problem because of
the difficulty of achieving ade-
quate seals around the edgesand at % 5 N 10 15
the th.reShOld' Man.y nat,lona.lly Fia. 11.17. Attenuation due to a wall
advertised doors, claimed to gl\’e erected to a height H above the line of
35 to 45 db average attenuation, sight between sound source and observer.

i v 20t |After Fehr The Reduction of Industrial
have been found to glve onty 0. 0 Machine Noise, Proc. 2d Natl. Noise Abale-
25 db of attenuation when 1n-

ment Symposium (1951).] The circles are

stalled, simply owing to the lack measured data for H = 30 ft, E = 20 ft
—_ J = =

of proper seals. D =100 ft, N = 40/x. Beyond N = 15.

. . . A was never greater than 20 db and
The primary problem with seals dropped to 12 db at 3500 cps.

is that nearly all doorsareirregular
enough so that some parts of the seal must be compressed as much as
14 in. in order for other parts of the seal to come in contact with the door
Because of the large area involved at the points of pressure and becaust
of the stiffness of the rubber or felt used, the force necessary to producc
adequate compression of the seal is very large. It is difficult, therefore
for a person to push the door shut. Also, a heavy strain is put on the
fittings.

One simple, and generally satisfactory, type of seal is shown in Fig
11.18. The door closes against an extruded rubber gasket, 0.5 to 1.0 in
wide. The gasket can be run continuously around the door.  The
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principal disadvantage is that a raised sill is necessary, with the necessity

for a sloping threshold on one side of it.

Two possible seals at the threshold

Door are shown in Fig. 11.19¢ and b.6 The

draft excluder is a device that is actu-

FT ated by a plunger on the inside edge of

‘\Edearance fordoo™  the door. When the door is closedg,; the

An extruded rubber  seal is forced down against the floor.

gasket door seal This type of device can beused without a

raised sill, although it is much less effec-

tive than the arrangement of Fig. 11.18.

The door must have a single panel of

sufficient mass to prevent sound trans-

Fre. 11.18. Example of a door seal mission, or else it must have heavy

Igr::i:t. fr?r“ﬁis asfgale’;fl;“sd‘ﬁoui‘;’b;i panels on each sifie floated in rubber

four edges of the door. with the air space in between filled with
a mineral wool or glass blanket.

11.7. Mufflers and Ducts. Whenever a continuous flow of air accom-

panies a noise, it is not possible to erect a completely closed room around

47
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- 1

Draft excluder - with door open
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F1a. 11.19. Two possible means for providing seals at the threshold of a door. (After
Cullum, ““The Practical Application of Acoustic Principles,” Spon, Lid., London, 1949.)

the source of noise in order to reduce its disturbing effects. Instead, a
muffler or a sound-attenuating duct must be used.

¢D.J. W. Cullum, “The Practical Application of Acoustic Principles,” Spon, Ltd.,
London, 1949,
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In a muffler or duct, sound attenuation may occur by the reflection of
energy back into the source or by absorption of the energy. Reflection
is accomplished through the use of acoustic filters or ducts with bends in
them. Absorption occurs in structures that dissipate the energy in
porous blankets or tiles or in damped vibrating members. A few
examples of each type of noise-reducing element are discussed here.

T 19° bend

L,=12"

le— 15"

Sound wave

(a) (b)

16

Effect of adding
bends to ducts

—
N

AY One 19° bend

7
(a)
One 90° bend\

e
LA
Z‘L’/ ;\ 327_\ t27\

0
100 200 400 800 1600 3200 6400
Frequency in cycles per second

(c)
Fia. 11.20. Attenuation of sound by unlined bends in ventilating ducts. (a) Dimen-

sions of unlined 90° bend. (b) Dimensions of unlined 19° bend. (c) Measured data
for (a) and (b).

Attenuation in decibels
o
\7
/
)
(
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~

Ventilating Ducts. BENDS. Noise produced by ventilating fans may
be reduced by the introduction of bends into the duct system. The
performances of unlined 19° and 90° bends are shown in Fig. 11.20. Itis
seen that the attenuation is high at the basic resonance of the duct side
walls (900 cps), at L, = A/2 and 3\/2 and at high frequencies.

If the bends are lined with an acoustic material with an absorption



352 NOISE CONTROL [Chap. 11

cocflicient in excess of 0.8, the losses are given approximately by the
curves of Fig. 11.21.

- LININGS. Linings in ducts are commonly used to reduce noise emanat-
ing from ventilating fans.  The measured performance of four ducts each
ibout 8 by 11 in. inside dimensions and each lined with a different
material is shown in Fig. 11.22. The data are given as decibels per foot
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|
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(b)

16, 11.21, (q) Physical dimensions of 90° lined bend in a duct. (b) Approximate
urves for estimation of attenuation at the hend.

1 a function of frequency. In Fig. 11.23, there are shown similar data
or six sizes of ducts lined with Celotex rigid rock-wool sheet, 1.0 in. in
hickness.  The ordinate of this figure is decibels per foot, but the
ibseissa is the ratio of the perimeter P {o the open cross-sectional area A
ninches™ !, Frequency is given as the parameter. From these data, it

s concluded that an approximate formula for the sound attenuation is?

9 (=t
db/ft, = ,]::9-‘11*13 (11.7)

"H. J. Sabine, The Absorption of Noise in Ventilating Ducts, J. Acoust. Soc.
Lmer., 12: 53 (1940).
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where & = average absorption coefficient for the acoustic material lining
the duct
P = perimeter of the inside of the duct in inches
A = cross-sectional arca of the inside of the duct in square inches
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5 17.5 Ibs /ft* (1" thick ) /1b) \
L (d J.M. permacoustic \
5 20 Ibs/ft® (1" thick) \
8 8 o +
3 \
2
2 AR
I 7 =
£ w/ |} G
- .
o /1 LAY )
® 4 2 A \ P \
2 / & p \
o b ~d)
< 4 1
2 — ,/éf'/" 1 \‘ N
=z \\-
— -—d-(—_
O 2 4 5 © 7 4
100 300 1000 3000 5000
Frequency in cycles per second
(b)

F16. 11.22. (a) Sketch of a lined duct; and (b) measured attenuations in decibels per
foot for the duct of (a) with four different materials.

Acoustic Fillers. Acoustic filters are used in the exhaust pipe of
every automobile and diesel-engine locomotive and on many industrial
machines. If a filter has no openings to the outside air except for the
necessary outlet opening, it is easy to make it reject high-frequency
sound.® 1t is much more difficult, to make a filter reject low-frequency
sound while passing high-frequency sound. In general, there must be a

8 A discussion of elassie acoustic wave filters is given by W. P>, Mason, ‘““Electro-
mechanical Transducers and Wave Filters,” pp. 126143, D. Van Nostrand Company,
Ine., New York, 1942; and by 1. F. Olson, “Dynamical Analogies,” pp. 52-104,
180 182, . Van Nostrand Company, Inc.,, New York, 1943
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Fic. 1}.23. Attenugtiqn in decibels per foot for ducts lined on four sides with acoustic
material. The solid lines are computed from Eq. (11.7), and the circles were meas-
ured by Sabine.?

TABLE 11.2
Type Filter Analogous circuit Attenuation characteristic
S, (closed ) M.y My M. My

o
Low pass g
No. 1 8
z

[ —>
g
Low pass 3
No. 2 £
g

[—>
s
Low pass g
No. 3 :
g

(O S M
[—»
S
Diaphragm 2 (open) A M My, —

- High pass G G %
| No. 1 M, g
z

[—

[w'\l MAI
~ High pass %
L No. 2 M %
o
- [
- .
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separate space into which one can bleed the low-frequency sound if a
high-pass filter is to be achieved, or else series diaphragms must be used.
Obviously, if continuous air flow through the filter is desired, series dia-
phragms are not practical.

|

(a)
/—Circular section
!!
i ;
-—15" —-——1}—- ——

| ‘
' ]

7

b)

] _~Two slots in
- each of two

Intake 15 . l_— ' | center pipes
| L\ L
7
() ()
\_/ \_/
(c) .

Section A-A

Fic. 11.24. Cross-sectional sketches of three nondissipative-type filters. (a) Simple
two-chamber filter with connecting tube. (b) and (¢) Filters for large diesel engines.

The basic information needed to select components for acoustic filters
is given in Chap. 5 on Acoustic Components. In Table 11.2, we list a
series of filter constructions along with approximately equivalent circuits
and theoretical attenuation characteristics. The theoretical attenuation
characteristics shown are based on the assumption that the filters are
terminated at both ends in their image impedances. In practice, this
will not be true, and the exact performance will depend on the nature of
the termination. Also, all dissipation has been neglected in the circuits.
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Fic. 11.25. Measured attenuation curves for the three flters of Fig. 11.24.

ZBafﬂes with perforated Z’Concrete duct
metal facings
Fre. 11.26. Elevation view of the end of a large duet containing parallel baffles. The
percentage open area is 100(S — D)/S.  Each baffle is usually constructed from two
parallel sheets of perforated metal filled with glass or mineral wool.
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For low-pass filter 1, the holes on either end are acoustic masses, and
the side protuberance is an acoustic capacitance. In the impedance
analogy one obtains the equivalent circuit shown. For low-pass filter 2,
the tubes on either end serve as acoustic masses. The side protuberance
1s a series acoustic mass provided by the holes and an acoustic compliance
Ca2. In low-pass filter 3, two side protuberances and three sections of

9.0 l l |__8"on centers
| _ 4inch thick baffles
filled with /
80— 4 Ib/ft? Fiberglas
or 6 Ib/ft* rockwool /

70
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F1c. 11.27. Attenuation in decibels per foot for baffles that are 4 in. thick and mounted
with the on-center spacings indicated on the curves. The baffles usually are filled
with 4 1b/ft? Fiberglas or 6 1b /ft3 rock wool. A continuous-spectrum noise is assumed.
Smoothed curves were drawn through the experimental points.

\

tube are shown. These produce two shunt acoustic compliances and
three series acoustic masses.

In the case of the high-pass filters, the shunt branch is simply a tube to
the open air. If I, is made short, the filters will not cut off on the high-
frequency end until the frequency is great.

Examples of three practical filters are shown in Fig. 11.24.  The meas-
ured attenuations are shown in Fig. 11.25. Notice that the average
altenuations for a filter of this construction becomes as high as 25 db
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at higher frequencies. More sections will inerease the high-frequency
attenuation, and a larger size will lower the lowest frequency of high
attenuation.

I T
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Fic. 11.28. Same as Fig. 11.27 except with 6- and 8-in.-thick baffles filled with absorb-
ing material as indicated.

Fie. 11.29. Isometric drawing for standard Soundstream absorber. FEach column has
a maximum width of 5 ft and a length of 8 {t, measured from thin portion to thin por-
tion. The columns are separated so that the lateral open distance between them is
4 ft 10 in.

Parallel Absorbent Sheets. Many applications, such as air-conditioning
cooling towers and aircraft-propeller test cells require the movement of
large quantities of air at high speeds with low back pressures. For these
applications, a series of parallel baffles are frequently used as in Fig.
11.26, where parallel bafles of thickness ) are shown with an on-center
spacing S.
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The performance of such baflles with thicknesses of 4 and 8 in. for a
number of on-center spacings is shown in Figs. 11.27 and 11.28. The
data are given in terms of decibels per linear foot and are measured by
moving a microphone through the structure (z.e., into the page for Fig.
11.26) and plotting the sound pressure level as a function of distance.
The slope of this curve gives the atienuation in decibels per foot.

The amount of attenuation for a structure of a given length is found by
multiplying the attenuation per foot by the length in feet. However,
very high attenuations (50 db or more) are very difficult to achieve
because the sound will by-pass the absorbing material by traveling along
the metal supporting structure or the outside walls unless frequent vibra-
tion breaks and heavy walls are employed.
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F1c. 11.30. Performance curves for three lengths of standard Soundstream absorbing
units constructed and mounted as shown in Fig. 11.29.

Sinusoidal Absorbent Sheets. A recently developed material for atten-
uating sound in air-conducting passages is shown in isometric section in
Fig. 11.29.t The attenuating properties of a structure of this type for
units that have a ‘““half wavelength” of 8 ft and a thickness (i.e., double
amplitude) of 5 ft, as shown in the figure, are given in Fig. 11.30 for
16-, 20-, and 24-ft lengths of the treatment.

Absorbent Mufflers. Mufflers are also made with absorbent linings.
The two most common constructions are shown in Fig. 11.31. They are
usually made either circular or square in cross section. The approximate
performance data for these two types of mufflers are given in Fig. 11.32
for the special case of d/A = 1at 370 ¢ps. These curves are valid approxi-
mately for other sizes of mufflers if the abscissa is replaced by the scale
given at the top of the graph.

Flanking Transmission. In conclusion, it should be emphasized that
a sound-attenuating structure is no better than the most transmissive of
its component parts. If a concrete test cell for a propeller is to be used

t This material is sold under the trade name of Soundstream Absorber.
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in a location where the criterion requires a noise reduction of 60 db at a
particular frequency, it does no good to provide this amount of attenua-
tion with the intake and exhaust treatments of the stacks and then to
choose conerete walls that attenuate the sound only 45 db.  Also, it must
be remembered that sound will be transmitted as vibrations along
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Fic. 11.31. Construction of two types of dissipative mufflers: (a) solid packed; (b)
airspaces and compartmentation behind absorptive layer.
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F16.11.32. Performance of the mufflers of Fig. 11.31, for the special case of d/A = 1at
370 cps.
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mechanical members and be reradiated as sound. Hence, vibration
breaks must be provided at sufficient intervals to preserve the full value
of the treatment. Usually, vibration breaks are necessary in concrete
structures and metal mufllers whenever the attenuation exceeds 25 db

al frequencies below 100 ¢ps or exceeds 50 db at frequencies above
1000 ¢ps.

CHAPTER 12

ACOUSTIC MEASUREMENTS

PART XXVIII Measurement of Acoustic Levels

The student does not work long in the field of acoustics without realiz-
ing that in nearly every study measurements of sound pressure and
particle velocity are necessary. Here is a brief introduction to the broad
subject of acoustic measurements. More complete treatments have
been given elsewhere =3

This part discusses the technique of measuring sound pressure levels,
sound levels, and power levels in frequency bands of various widths.
It presents the techniques that one must use when measuring fluctuating
sounds and describes the effect the angle of incidence has on the readings
of the sound-level meter. It tells how to choose microphones, analyzers,
and recorders for particular purposes. The effect of the observer’s
presence on measured data is discussed, as well as the effect of the meter
case itself. Finally, this part discusses briefly the use of the American
Standard sound-level meter.

12.1. Sound Pressure and Power Levels. In most cases, the param-
eter of a sound field that is measured most commonly and expeditiously
is the sound pressure, rather than the particle velocity or other quantities.
This is so, in part, because stable pressure-actuated microphones that will
operate over wide ranges of pressures and frequencies are much easier to
build and to calibrate than are velocity microphones or intensity-measur-
ing devices. Further, the ear, which is so often the ultimate receptor of
the desirable or undesirable sounds being measured, is a pressure-operated
instrument.

! Leo L. Beranek, ““Acoustic Measurements,”” John Wiley & Sons, Inc., New York,
1949.
*A. P. G. Peterson and L. L. Beranek, “Handbook of Noise Measurement,”
General Radio Company, Cambridge, Mass., 1953.
# E. G. Richardson, “‘Technical Aspects of Sound,” Elsevier Publishing Company,
Inc., New York, 1953,
361
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Because of the wide range of sound pressures encountered in practice,
measurements are usually expressed in terms of the sound pressure level,
in decibels, defined as

SPL = 20 logio p + 74 db re 0.0002 microbar (12.1)

where p is the sound pressure in microbars (0.1 newton/m? or 1 dyne/cm?).

The basic equipment for measurement of sound pressure level comprises
a calibrated microphone, a calibrated amplifier, and a calibrated indicator
such as a meter or oscillograph or graphic recorder, as shown in Fig. 12.1.
If the sound to be measured is anything other than a pure tone (single-
frequency) it is necessary that the basic equipment have a uniform
response vs. frequency characteristic over the entire frequency range of
interest in the complex sound. Such an instrument is referred to as a
““sound-pressure-level meter.”

Measurement of Sound Pressure Level as a Function of Frequency. When
the sound to be measured is complex, consisting of a number of tones, or
is a noise with a continuous spectrum, the single value of over-all sound
pressure level given by the basic equipment often is not sutlicient for
analytical purposes. One may wish to know also the sound pressure level
as a function of frequency. In that case band-pass filters whose mid-
band frequency is either continuously or stepwise variable must be added
to the basic equipment, so that the sound pressure may be measured in
known bands of frequencies.

In general, three types of analyzers are used, (1) constant bandwidth,
(2) constant-percentage narrow bandwidth, and (3) octave, half-octave,
or third-octave bandwidth. The first of these, the constant-bandwidth
type, has a pass band that is a fixed number of cycles wide. Common
bandwidths range between 5 and 200 cps. This instrument is used
mostly for determining the harmonic components of a sound, when the
frequencies are sufficiently stable so that the components will not shift in
and out of the narrow pass band during measurement.

The second type, the constant-percentage narrow-bandwidth analyzer,
has a bandwidth that is a fixed percentage of the mid-band frequency.
Thus, at high frequencies, the pass band covers a wider range in cycles
per second than at low frequencies, so that one needs to take fewer read-
ings at high frequencies with this type than with the constant-bandwidth
type. The constant-percentage bandwidth analyzer is particularly useful
in measuring the harmonic components of a wave whose fundamental
frequency fluctuates somewhat. If the band is wide enough to contain
the varying fundamental, it will also be wide enough at the higher fre-
quencies to contain any of the harmonics.

A third commonly used instrument, the octave-, half-octave-, or third-
octave-bandwidth analyzer, has many applications in situations where
great detail 1s not required in the analysis of continuous-spectrum noises.
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As indicated by the name, the upper cutoff frequency of each pass band
of an octave-bandwidth analyzer is twice the lower cutoff frequency.
For a half-octave analyzer, the upper cutoff frequency is v/2 times the
lower, and for a third-octave analyzer the ratio is the cube root of 2. A
commonly used set of octave pass bands in commercial equipment is 37.5
to 75, 75 to 150, 150 to 300, 300 to 600, 600 to 1200, 1200 to 2400, 2400 to
4800, and 4800 to 9600 cps.

With any of these types of analyzers, care must be taken that attenua-
tion of the filter outside the pass band is adequate. This becomes par-
ticularly important in cases where the spectrum of the noise slopes
markedly or where one is measuring low-level sounds in the presence of
very high level sounds.

Once the sound pressure level is known as a function of frequency
bands, the spectrum level S(f) for each band may be determined as a func-
tion of frequency by the relation

S(f) = SPL — 10 logio Af decibels (12.2)

where SPL = sound pressure level measured with a bandwidth Af
Af = bandwidth in eps
[ = center frequency
The spectrum level 1s what would have been measured if the analyzer
had a bandwidth of 1 c¢ps and if the spectrum level were uniform through-
out the bandwidth Af. It is a useful quantity for comparing data taken
with analyzers of different bandwidths. Obviously, reduction of wide-
band data to spectrum levels has meaning only if the spectrum of the
noise is continuous and does not contain prominent pure-tone components.
To convert octave-band readings in decibels (for a continuous-spectrum
noise) to spectrum levels in decibels, use the values in Table 12.1.

I

I

TABLE 12.1. Conversion of Octave-band Levels to Spectrum Levelst

|
Number of decibels .
Octave band, to be subtracted | Plot at the frequency,
cps from octave-band cps
levels

(20-75) (17) (39)
37--75 16 52
75--150 19 105
150-300 22 210
300-600 25 420
600-1200 28 850
1200--2400 31 1700
2400-4800 34 3400
4800-9600 37 6800

1 To nearest, 0.5 db,
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The measurements of sound pressure level made with an analyzer
having a bandwidth Af may be converted to the sound pressure level in a
critical bandwidth Af. (as plotted in Fig. 12.2 and discussed in Part XXX)
by means of the following formula,

. Af
SPL. = SPL — 10 log,, (Afc) db (12.3)
where SPL. is the sound pressure level in the critical bandwidth. This
formula shouid be applied only to noises with a continuous spectrum.
If a noise being measured is a combination of a continuous-spectrum
noise and pure tones and if the purpose of the measurements is to indicate
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Fic. 12.2. Critical bandwidths for listening. (A) One-ear listening. (B) Two-ear
listening. The right-hand ordinate is Af in cycles per second. The left-hand ordinate
is 10 logio Af in decibels.

the manner in which a listener will hear the noise, the data are plotted as
shown in Fig. 12.3. Here the sound pressure levels of the continuous-
spectrum portion of the noise are for critical bandwidths. The pure
tones are plotted as actually measured. This graph then directly indi-
cates the number of decibels the pure tone must be reduced if it is to
become inaudible in the background noise. To convert from octave-
band readings in decibels (for a continuous-spectrum noise) to critical
band levels in decibels, one may make use of the values given below in
Table 12.2.

Measurement of Total Power and Directivity of a Source. In many
situations, it is necessary to take measurements of sound pressure level
around a machine or other noise-producing device and to derive from
these measurements the properties of the source defined by the following
quantities or functions:
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Fia. 12.3. Typical method for plotting a combined continuous-spectrum and line-
spectrum noise. The continuous part is expressed in decibels for critical bandwidths
referred to a reference intensity. The discrete components are plotted directly as
measured. The resulting graph yields the number of decibels that any line component
must be reduced either to become inaudible in the presence of the continuous-spectrum
noise, or if there is no noise, to fall below the threshold curve.

TABLE 12.2. Conversion of Octave-band Levels to Critical Band Levelst

Number of decibels
Octave band, | to be subtracted | Plot at the frequency,
cps from octave-band cps
levels

(20-75) 0 (or —1) 39)
37-75 0 (or —1) 52
75-150 1.0 105
150-300 6.0 210
300-600 3.0 420
600-1200 11.5 850
1200-2400 13.0 1700
2400-4800 13.5 3400
4800-9600 14.0 6800

1 To nearest 0.5 db.
1. The total sound power W in watts radiated by the source, as
expressed by the power level
PWL = 10 log,e W 4 130 db (12.4)
2. The directional characteristies of the source, as expressed by the
directivity patterns or, at particular angles, the directivity factors Q (or
directivity indexes DI).
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3. The frequency
levels as a function of frequency defined in discrete frequency bands.

Nondirectional Sound Sources. 1f a sound source is known to be non-
directional and is located in free space, measurements as a function of
frequency of the sound pressure level at one location at a distance of
several source diameters are sufficient to determine the sound power level
of the source as a function of frequency. The power level is related to
the measured sound pressure level by the formula

PWL = SPL + 20 logior + 10.5 db (12.5)

charactoristice 3 , 3 o N
characteristics of the source, as expressed by peower

where r is the distance of the microphone from the source in feet. This
relation and Eq. (12.6) are correct at 68°F and 30 in. Hg. At other
temperatures and pressures it is necessary to subtract the correction of
Fig. 10.19 from the power level.

When a nondirectional source is located indoors, a single measurement
is again sufficient. That is to say, the measurements are made in the
reverberant field at a distance r from the source and if 16x7? is large com-
pared with the room constant R, then the equation below is used to
determine the sound power level for a given frequency band,

PWL = SPL + 10 10g10§ — 0.5db (12.6)

where R is the room constant in square feet. To evaluate R, the average
absorption characteristics of the room as a function of frequency must
be known. If the approximation given above is not satisfied, then Eq.
(10.64) should be used to determine the sound power in a given frequency
band. Otherwise, the source should be moved into anechoic space.

Directional Sound Sources. More extensive measurements must be
made to evaluate the characteristics of a directional sound source. When
the source is located outdoors, sound pressure levels at many points on a
sphere surrounding the source must be measured or estimated. The
radius of the sphere should be several source diameters so that the data
are taken in the far-field. In practice, measurements are made only at a
limited number of locations around the machine (see Fig. 4.19), and the
sound levels at other locations are estimated by interpolation between the
measured levels or by making use of any geometrical symmetry in the
source.

Measurements should be made at a sufficient number of positions such
that the maximum variation between measurements Is no greater than
about 6 db. In reading the sound level meter at a measuring point, the
mean reading of the meter should be recorded if the total fluctuation is
3 db or less. Otherwise, the region surrounding the source should be
broken up into more areas.

To determine the total acoustic power at a given frequency, the
sphere {or hemisphere) over which measurements have been taken should
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be divided into the same number of areas as measurement positions used
to obtain data. The power in watts, Ws (at normal temperature and
barometric pressure) that passes through each area, at a given frequency,
is found approximately from

. P
Ws = 10-138 <antllogm %) watte (12.7a)
where S = area of the incremental surface in square feet
SPL = sound pressure level in decibels
or from

Ws = 107125’ <antilogm SI%J> watts (12.7b)

where S’ = area of the incremental surface in square meters.t The sum
of the powers so determined for all the areas represents the total acoustic
power W, in watts, radiated by the source at a given frequency or in a
given octave band.

The calculations can be greatly simplified by computing an average
sound pressure level, SPL, in decibels, as the arithmetic average of the
SPL’s in equal-area measuring sections. Of course, some error will be
present if this is done, except for the case in which all SPL’s are equal.
The value of SPL obtained by arithmetic averaging of decibels is always
too low. The maximum error for the case where there is a 10-db spread
is —2.6 db for either four or eight measuring stations. Thus, the follow-
ing rule of thumb may be adopted: If the spread of measured values of
SPL at four or eight measuring stations is around 10 db and if the SPL’s
in decibels are averaged, add 1 db to the average to get the SPL. The
resulting SPL will usually be off not more than +1 db. If the spread of
measured values is 5 db or less, add no correction. Here also, the error
will always be less than 1 db.

Methods for dividing a spherical surface into 10 or 20 sections of equal
area were given in Part XI (page 110). In practice, it is often not possible
to obtain readings over a surface completely surrounding the source, at a
distance of several source diameters. However, the radiation pattern
produced by the sound source frequently will exhibit some form of sym-
metry such that the sound pressure level can be assumed constant along a
given line. For example, a loudspeaker that is placed symmetrically in a
large baffle often will produce a directivity pattern that is symmetrical
with respect to circles around the main radiation axis. In a similar
manner, one often assumes that the radiation pattern produced by a
noise source, situated on a plane surface, is symmetrical about some
axis. Measurements in a horizontal plane along a circle surrounding
the source will then suffice. I a directional sound source is located

T These equations come from Eqs. (1.18) to (1.21).
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indoors, one should make certain that the measurements of the direet

air-borne sound are without any appreciable contribution from the
reflected sound. To ensure that the reflected sound does not contribute
appreciably to the readings, the average sound pressure level measured
at the selected measuring points should be at least 8 db higher than the
average sound pressure level measured at more distant points, where
reflected sound predominates. However, the measuring point should
still be several source diameters distant from the source in order to be
certain that one is in the far-field.

Calculation of Directivity Factor. The directivitl_f:a:ctor also can be
calculated after the average sound pressure level SPL has been deter-
mined. The SPL can be determined by the approximate method given
above or by use of

SPL, = PWL — 20 log,or — 10.5 db (12.8)

where PWL = power level for the source in the given frequency band
radius in feet for which the average sound pressure level
is determined

The directivity index DI(s4 in a particular direction given by the angles
9 and ¢ is related to the sound pressure level SPL; 4,4 measured at dis-
tance r by the formula

DI(5,¢) = SPL(,,Q@) - SPL,- (129)

r

The directivity factor Qe is obtained from the directivity index by
converting the value of DI in decibels into a power ratio, z.e.,

Q(a_¢) = antilogm Dll((;'d)) (1210)

Choice of Microphone. The microphone used for measuring sound
pressure levels should be selected for its suitability for the particular
sounds to be measured. If extremely low sound levels are to be meas-
ured, only certain types of microphones are suitable. If measurements
are desired at very low frequencies or at very high frequencies, other
types of microphones are best suited to the task. If durability is an
important consideration at the expense of optimum frequency response, a
still different selection of microphones should be made.

In the paragraphs that follow, we shall discuss separately the problems
of measurement of low sound levels, high sound levels, low-frequency
nojse, high-frequency noise, and the effects of varying temperature, severe
handling, and long cables.

Low Sound Levels. A microphone that is used to measure low sound
levels must have Jow ““self-noise,” and it must produce an output voltage
sufficient to override the noise at the grid of the first amplifier tube in the
sound-level mecter. Rochelle salt and moving-coil microphones are
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ideally suited to measurements of low sound levels. Tor boih these
types the output voltage is sufficiently high to permit mcasurement of
sound levels down to approximately 20 db re 0.0002 microbar. The
ambient noise level of the crystal microphone is extremely low if the
frequency range is restricted to the region above 20 eps. The ambient
noise level for the dynamic microphone is equivalent to a sound pressure
level of 15 db. Therefore, by using the dynamic microphone it is possible
to measure sound levels as low as 20 db with fairly good accuracy.

High Sound Levels. Ordinary Rochelle salt, moving-coil, and capacitor
microphones may be used for the measurement of sound pressure levels
that do not exceed approximately 140 db. For higher levels, specially
designed microphones of the crystal or capacitor type with stiff diaphragms
can be obtained commercially.

Low-frequency Noise. Crystal and capacitor microphones are most
suitable for measuring noise at low frequencies. With either of these two
types, measurements may be made down to fractions of a cycle if special
amplifiers are used. The limitation at low frequencies, if any, is entirely
in the amplifiers, since both types respond to static as well as alternating
pressures.

High-frequency Noise. For measurements up to about 12,000 cps a
capacitor microphone gives satisfactory results. For measurements
above 12,000 cps the most suitable types of microphones are very small
crystals. The primary requirements for accurate measurement of high-
frequency sounds are small size and freedom from resonance peaks in the
microphone itself. These restrictions usually mean a sizable reduction in
sensitivity.

Varying Temperature. 1f a microphone must operate in an environ-
ment where the temperature varies radically from one time to another,
its response and other relevant properties should not be a strong function
of temperature. A typical Rochelle salt crystal microphone has the
temperature characteristics shown in Fig. 12.4. It requires temperature
corrections of significant magnitude if used with a cable. The outputs of
moving-coil, ribbon, and capacitor microphones are less variable with
temperature and serve a variety of applications where the Rochelle salt
microphone would not be suitable because of variation in ambient tem-
perature. Many of these types will operate in temperatures up to about
200°F, although accurate data on their performance in this range are not
available. Rochelle salt, in particular, is completely destroyed at 130°F
and should not be used at temperatures above 113°F.

Humidity. In general, most modern microphones are relatively
unaffected by large changes in relative humidity. However, extended
periods of operation in relative humidities greater than 85 per cent should
he avoided, and if necessary, some means of desiceation should be
provided. Desiccation is particularly important for capacitor micro-
phones.
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Long Cables.  If long cables must be used, the outpnt of the micro-
phone should be at low impedance.  This may be accomplished cither by
using an impedance-matching transformer or a suitable vacuum-tube
circuit at the microphone or by seclecting a microphone with a low-
impedance transducing element. A moving-coil microphone may be

used with cables of nearly any length provided the loop resistance is
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Fic. 12.4. Variation in response as a function of microphone temperature for a typical
Rochelle salt crystal microphone with a capacitance of 1600 mmfd at 70°F, for the
Rochelle salt crystal microphone alone and with various lengths of cable between
the microphone and the grid of the input stage of the sound-level-meter amplifier.
(Courtesy of General Radio Company, Cambridge, Mass.)

known and the output of the microphone is corrected to account for the
losses in the cable.

Capacitor or crystal microphones usually may be used with cables up
to 200 ft in length provided the cable corrections are applied to the
measured data.

Measurement of Fluctuating Sounds. When a sound being measured
fluctuates in intensity, the values of sound pressure that are measured will
depend upon the dynamie characteristics of the indicator used. The
type of indicator chosen will depend on the attribute of the sound pressure
level which is to be measured. Ordinarily, if one wishes to measure
instantancous peak pressures, an oscilloscope will be necessary.  “Fast”
meters, or high-speed graphic level recorders) may be used for investigat-
ing relatively rapid changes in sound pressure level.  For obtaining long-
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’

time average values, “slow’” meters, or recorders, are used whaose response

A WhOSe I'esponse
18 intentionally made very sluggish by appropriate design of their elec-
trical or mechanical circuits.  The long-time average value and the range
of instantaneous peaks and dips of the sound pressure are usually suffi-
clent statistics to characterize the sound for practical purposes.

Sounds at Grazing and Random Incidence. For the proper measure-
ment of sound pressure levels it should be remembered that the response
of most microphones varies somewhat with direction of the sound imping-
ing upon it. For most diaphragm types of microphones, the “flattest”
response characteristic is obtained for randomly incident sound. This
response 1s nearly the same as that for grazing-incident sound. However,
both the random and the grazing-incidence responses differ greatly from
the response for normally incident sound for frequencies where the micro-
phone dimensions are no longer small compared with the wavelength of
sound. Thus, the microphone should be located so that when the sound
level meter is held in the usual manner, the sound being measured
impinges on the diaphragm of the microphone at grazing incidence. Ina
reverberant room, the sound is approximately randomly incident and the
orientation of the microphone is uncritical. If by any chance consider-
able reflected sound at the high frequencies is incident normally on the
diaphragm of the microphone, serious errors may result.

12.2. Sound Level and the Sound-level Meter. Characteristics. In
measurements of noise, it is often desirable to use equipment whose
indications are weighted in accordance with the way in which the human
ear would respond to the noise. No such meter has been invented, but a
meter has been standardized that was originally thought to measure
something akin to loudness level. Readings from this meter are called
“sound levels.” The American Standards Association has published a
set of specifications in which the requirements for a standard sound-level
meter are given.* Three weighting networks are used to simulate the
response of the hearing mechanism to low-, medium- or high-level pure
tones. The A, B, and C networks give response characteristics that are
approximately the inverse of the 40-, 70-, and 100-phon equal-loudness
contours for pure tones, respectively, as shown in Fig. 12.5. The sound
level of a noise is, by definition, the reading of a sound-level meter built to con-
Jorm to the American Standard requirements and operated about as follows:
Use the A network if the readings lie between 24 to 55 db; B network for
readings between 55 to 85 db; C network for readings above 85 db.
Readings are usually taken with each of the three weighting networks.
From these readings, information regarding the frequency distribution of
the noise can be obtained. If the sound level is the same on each of the
networks, the sound energy is probably predominant at frequencies above

CAmerican Standard 724.3--1944. “Sound Level Meters for Measurement of
Noise and Other Sounds,” American Standards Association, Inc.. New York.
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500 eps.  If the sound level is the same for networks B and €, but less
with network A, the sound probably predominates in frequencies between
150 and 1000 cps. Finally, if the sound level is greatest with network C,
the sound predominates in frequencies below 150 cps. It is emphasized
that although these weighting networks arc useful in giving the loudness
level of pure tones, they are not able to give the loudness level of complex
noises. This subject will be discussed more in Chap. 13.

Since the C network has a uniform response with frequency, it may also
be used to read sound pressure levels.
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Fic. 12.5. ¥Frequency-response characteristics taken from the Amecrican Standard for
sound-level meters, 7Z24.3-1941.

Effect of Observer and Meter Case on. Measured Data. If the sound-level
meter is held in the hands of an observer, the readings at the higher fre-
quencies will be disturbed by his presence. The magnitude of th_e error
for one type of sound-level meter can be evaluated from comparison of
the dashed and solid lines shown in Fig. 12.6. These data show the
difference between the readings of the meter with and without the
observer present, as compared with the response of the microphone alone
when used on the end of a long cable. Two locations are shown: (1) the
sound-level meter is between the observer and the noise source. and (2)
the noise source is located to one side of the observer, and the sound-level
meter is held in front of the observer. The graphs show that the error is
smallest when the sound-level meter is held in front of the observer with
the sound coming from his side (0°).

The meter case itself may also disturb the sound field at the micro-
phone as shown by the solid lines of Fig. 12.6. The effect of the met.er
case is greater at high frequencies than at low frequencies, and it varies

considerably with angle of incidence.
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When very accurate data are required, the microphone should be con-
nected to the meter by an extension cable. In this case, the microphone
should be held so that the sound radiated dircctly from the machine
approaches the microphone from the side at grazing incidence, as we dis-
cussed before.

12.3. Effect of Background Noise. The sound pressure level produced
by a given machine must often be measured in a location where it is
impossible to eliminate completely the noise from other sources. Ideally,
the measurement should determine only the direct air-borne sound from
the machine, without any appreciable contribution from ambient noise
from other sources. If the ambient noise at the test location is to be
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Fia. 12.6. The effect on the frequency response of using the microphone directly on a
General Radio type 1551-A sound-level meter with and without an observer present.
The decibel readings were obtained using a single-frequency plane acoustic wave in an
anechoic chamber, and they are the difference between the response under the con-
dition shown and the response of the microphone alone. (Courtesy of General Radio
Company, Cambridge, Mass.)

neglected, its level should be at least 8 db lower than the sound pressure
level produced by the machine being tested. When this condition is
attained, the measured sound pressure level is in error by only a fraction
of a decibel owing to the presence of the background noise.

If the ambient noise level is steady, a correction may be applied to the
measured data according to the information given in Fig. 12.7. For
example, if the combination of ambient and apparatus noise is 4 db greater
than the ambient noise alone, then from Fig. 12.7 we find that 2.2 db
should be subtracted from the reading for the total noise to obtain the
sound level due to the apparatus alone.

12.4. Information to Be Recorded. The observer should indicate as
part of his results all conditions under which the data were taken. He
should record:

1. Description of the space in which the measurements were made:
Nature and dimensions of floor, walls, and ceiling. Description and loca-
tion of nearby objects and personnel.
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2. Description of device under test (primary noise source): Dimen-
sions, name-plate data, and other pertinent facts including speed, power
rating, pulley or gear sizes, ete. Kinds of operations and operating condi-
tions. Location of device and type of mounting.

3. Description of secondary noise sources: Location and types. Kinds
of operations.
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Fic. 12.7. Background-noise correction for sound-level measurements.
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4. Serial numbers and type numbers on all microphones, sound level
meters, and analyzers used. Length and type of microphone cables used.
5. Positions of observer.
6. Positions and orientations of the microphone during the tests.
7. Weighting scales and meter speed used on the sound level meter.
8. Temperature of the microphone.
9. Ambient noise spectrum with the device being tested not in
operation.
10. Amount of fluctuation, plus or minus, of the meter.
11. Results of maintenance and calibration checks.
12. Name of the observer.
13. Date and time of test.
When the measurement is being made to determine the extent of noise
exposure of personnel, the following items are also of interest:
1. Personnel exposed—directly and indirectly.
2. Time pattern of the exposure.
3. Attempts at noise control and personnel protection.
4. Audiometric examinations.
One suggested two-page data sheet is shown on page 376.
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PAGE 1

SOUND SURVEY
OATE

ORGANIZATION

ADDRESS

INSTRUMENTS USED
SOUND-LEVEL METER - TYPE MOOEL #

MICROPHONE TEMPERATURE CABLE (Length)

ANALYZER - TYPE MODEL #

OTHERS

NOTE: If noise is directional, record — Distance of the source, microphone position,
incidence on microphone (Normal, Grazing, Random).

INDUSTRY TYPE OF MACHINE

MACHINE MODEL # NUMBER OF MACHINES

LOCATION OF MACHINE IN ROOM

ENVIRONMENT (Type of building, walls, ceiling, etc.; other operations, any
attempts at sound control)

PERSONNEL EXPOSED - DIRECTLY INDIRECTLY.
EXPOSURE TIME PATTERN
ARE EAR PLUGS WORN TYPE
ARE THERE AUDIOMETRIC EXAMINATIONS
PREPLACEMENT PERIODIC

Note information as to who makes these examinations, condilions under which
they are made, time of day they are made, where records are kept,

Engineer

DATE

SOUND LEVEL VALUES (DECIBELS)

NOTE: Record A, B and C Networks Readings from the Sound-Leve! Meter

PAGE 2
s
L7
1S
&
S
8=
==
i
[=3=3
S8
S8
2
;
ss
8
I o
wg
g 3
z o
zs
o ]
~“| 28
o s|e=
= .
wr
-1 \
S
3|8
x| 83
w
1
do
28
=2
‘o
52
Fdss
S
~w
=50
2o
u.
®
E
=
=
o
=
T
(&3
o
-

-3

Part X X1X]| CALIBRATION OF TRANSDUCERS 37

vart XXIX Reciprocily Calibration of Transducers

Laboratory standard microphones are calibrated by a primary tech-
nique, i.e., one that depends on measurements only of length, mass, time,
and ratios of other quantities. There are several primary techniques for
microphone calibration, but, except for the reciprocity technique, these
generally are based on assumptions difficult to verify or are limited to a
particular frequency range.

12.6. The Reciprocity Principle. The principle of reciprocity is
expounded in texts on linear-circuit theory. Stated in one of its simpler
forms, it says that if a constant-current generator ¢ is connected to two
accessible terminals of a linear passive electrical network and an open-
circuit voltage e at two other accessible terminals is measured, then, as a
second experiment, if the same constant-current generator 7 i1s connected
to the second set of terminals, the same open-circuit voltage e will be
measured at the first two terminals.

In a circuit that consists of two linear passive reversible electro-
mechano-acoustic transducers, coupled by a gaseous medium (see Fig.
12.8), we say similarly: Assume that a constant-current generator i, is
connected to the terminals of transducer 1 and, as a result of this action,
an open-circuit voltage e; is produced at the terminals of transducer 2.
Then, as a second experiment, assume that a constant-current generator
1, 1s connected to the terminals of transducer 2 and an open-circuit
voltage e, is measured at the terminals of transducer 1. By the reciproc-
ity theorem,

¢ _ & (12.11)

Referring to Fig. 12.8¢, d, and e, we can, by extension of the reciprocity
theorem, write that

a6 _ &
i (12.12)

where 7} = short-circuit current for a generator of internal impedance R
and open-circuit voltage ¢;. This generator is used in Fig. 12.8d to pro-
duce e;.

As proof of Eq. (12.12), let us assume that the internal impedance at
the terminals of transducer 2 is Z,. Then ¢, (see Fig. 12.8¢) is related to
the open-circuit voltage e, (see Fig. 12.8a) by

_ R+ 7

o= e (12.13)
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Also, the current 7, (see Fig. 12.8b and d) is related to the voltage e} by

12 = IT%Z (12.14)
From Fig. 12.8e,

i = Ry

il (12.15)

Substitution of Eqs. (12.13) and (12.15) into Eq. (12.11) yields Eq.
(12.12).

! S Transducer Air Transducer er
¢ No. 1 No. 2 2
(a)
i
[ u— _o_@_.
Tel Transducer Air Transducer '
No. 1 No. 2 :
(b)
1
! S Transducer Air Transducer T ’
1 No. 1 "No.2 B2 |ez
4——22
(c)
Transd .
ransducer : Transducer R ”
Te‘ o No.1 Air No. 2 : g €2
27,
(d)

(e)

qu. 12..8. Block diagrams for the two steps of an experiment demonstrating the
reciprocity _theorem using two reversible linear passive transducers connected together
by an elastic medium (air). Reciprocity says that es/iy = e1/is or e/iy = €1/1.

The equality given in Eq. (12.12) makes it possible to calibrate a trans-
ducer by the so-called reciprocity technique, as we shall show shortly.

12.6. Directivity of Reversible Transducers. As a further extension
of the reciprocity theorem, it can be said that the directivity patterns of a
given transducer at the same distance r (Fig. 12.9) are the same whether
1t is used as a microphone or as a loudspeaker. For large values of r the
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dircctivity patterns are independent of r because the sound pressure
decreases linearly with 7 if r is large enough.

In Fig. 12.9, a pair of transducers is shown, one of which can be rotated
in a plane at angles 8. If the open-circuit voltage of transducer 2 varies
as some function of 8, say e; = E.f»(8), when a constant current i, is
applied to the terminals of transducer 1, and if the open-circuit voltage e;

L4

Q‘\\&\f&b&é
'b'*;&,b&
o
. Q-
No.1 No. 2
- : J

g
Fic. 12.9. Two electro-mechano-acoustic transducers in air.

for a constant current ¢, applied to the other transducer equals E,f(6),
then, from Eq. (12.11),

Eofa(0) _ Eufi(6) (12.16)

1 19

If £1(8) = f2(8) = 1 for 8 = 0, we have from Eq. (12.11) that

E—z = E— for8 =0 (12.17)
11 19
So, at all angles,
f(8) = f1(6) (12.18)

12.7. Plane-free-wave Response of a Microphone. Usually, we are
interested in determining the open-circuit voltage response of a micro-
phone e,, when the microphone is placed in a plane free sound wave that
has a sound pressure p;,; prior to insertion of the microphone. Expressed
in decibels,

® = 20 logio 2 + 20 logso
Pss

Pet gp (12.19)
eref

where . and e, are reference pressure and voltage, respectively. These
quantities are often taken as 1 dyne/cm? and 1 volt, respectively, so that
the second term on the right-hand side of Eq. (12.19) is zero. It is the
quantity ® that we wish to determine by the reciprocity technique.

12.8. Reciprocity Theorem for Electro-mechano-acoustical Systems.
Referring to Fig. 12.9, let us consider transducer 1 to be the one for which
the response ® as a function of frequency is desired, and let us consider
that transducer 2 is an auxiliary transducer. To apply the reciprocity
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principle without error, the sound field radiated by transducer 2 must
meet certain conditions.  We shall see that these conditions can be met
using any linear passive reversible transducer provided its presenee in the
experiment does not affect the value of ® for the other transducer and
provided that the transducers are located in the far-fields of each other.
The far-field of a transducer was defined in Part X as that part of the
medium bevond a distance r, from the transducer such that the sound
pressure along a radial line passing through its acoustic center varies in
inverse proportion to distance r.

;
R —
o] t—o——d o
12 >
I No.1 me |7 pd s

3

A2

b—o—oon 1

O]
2 ’L 4

. Acoustic
L Transducer ﬁfgé’iztr'g impedance of >

asmall area S

(a)
3
poc/S
Tps 3 US
(b)
-
3/ N
-—o
c/S
Tps poc/ Air No. 1 eocT
—O——
Spherical Acoustic { 4
— radiator of —~«— g Transducer
small area S medium
(c)

Fic. 12.10. Block diagrams for a transducer and the acoustic medium in the imped-
ance-type analogy.

When transducer 1 is driven by an electric current 7, it will radiate
sound. Let us select a very small area S, in the far-field of the trans-
ducer, perpendicular to the radiated wave front at the position of trans-
ducer 2, but without No. 2 present. Let this small area S be represented
by an acoustic impedance. Let us represent transducer 1 by a four-pole
network as shown in Fig. 12.10. The air lying between 1t and the very
small arca S is represented by a second four-pole network connected in
tandem and terminated by the acoustic impedance of the area S.

The small area S is assumed to be far enough away from the transducer
so that the acoustic impedance for it is pee/S.  Then, by the extension of
the reciprocity theorem proved in Par. 12.5,
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Ve = Tiy from Ifig. 12.10a (12.20)
e = 17l 5 from Fig. 12.100 and ¢ (12.21)

where 7r = eleetric current in amperes supplied to transducer 1 when it 1s
operated as a loudspeaker.

¢, = open-circuit voltage in volts produced by transducer 1 when
it is operated as a mierophone in the sound field of transducer
2. The free-ficld sound pressure at distance r, py,, is meas-
ured prior to insertion of the transducer.

U/, = volume velocity in cubic meters per second of the air particles
normal to the very small arca S located a distance r from
transducer 1 with No. 2 absent. This velocity is produced by
a current 7 in the coil of transducer 1.

p. = sound pressure in newtons per square meter at this very small
area S located a distance r from transducer 1 with No. 2
absent. Note that p, = pecU,/S.

ps = sound pressure In newtons per square meter that would be
produced at the surface of an acoustic generator of very small
area S and internal acoustic impedance poc/S if it were
terminated in infinite acoustic impedance.

U's = volume velocity in cubic meters per second that would be
produced at the surface of an acoustic generator of area S and
internal acoustic impedance poc/S if it were terminated in a
zero acoustic impedance. Note that Us = psS/pec.

7 = reciprocity constant for transducer 1 plus the acoustic
medium with an acoustic-impedance termination pec/S and
an open-circuit eleetrical termination.

12.9. General Calibration Equation. In order that the reciprocity
theorem hold, transducer 2 must produce the same sound field as though
it had the same internal acoustic impedance as the very small area S
presents to a plane wave, namely, poc/S. We now determine this sound
field. At pointsin the far-field (r > r.) of the small source of area S, the
source may be treated as though it were a simple spherical radiator ot
area S = 4wa? with an internal impedance poc/S. For such an idealized
source, the free-field (undisturbed) sound pressure p;, at distance r is

Pod

Prr= eIk (12.22
and, from Eq. (2.64),
Zas = 1050 (12.23

where Z,s = acoustic radiation impedance in mks acoustic ohms for :
spherical source of very small radius of a meters

sound pressure at the surface of the sphere in newtons pe
square meter

Ji

Po
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The acoustical circuit for our small spherical transducer is given by
pocls U Fig. 12..1 I. From this circuit we see that,
approximately,
Ps poT Jwpes . PoC
S ==
B ps = (12.24)

Fre. 12.11. Acoustical circuit

for a.smallspherical source with where ps was defined after Eq. (12-21)~
an mtcrr}al impedance poc/S This equation is valid if ‘wa[ < c.

and a radius a. Substitution of (12.24) into (12.22), re-
membering that S = 4ra? and ps = Uspec/S, gives ,

jwpsS ke U poC .
Lo € = —QS)\—: €1 (x/2—kn) (12.25)

When Eq. (12.25) is substituted in Eq. (12.21), we get

Psr =

- p;;?)\r

oc pw: el tkr—x/2) (12.26)
From (12.20) and (12.26),

€oc _ Pr2AT

2y i e i kr—x/2) (12.27)

Thg ratio on the left side of this equation is the desired calibration of
the microphone.  We must now devise a means for determining the mag-

%

Transducer
?‘ Piare,
rigid
L wall

i d

7

Fia. 12.12. Expeliment,al arran 1 -
I gement f()l' Calll)l&tl[l a lansduce b e
g T Yy th self

nitude of the ratio at the start of the right side without resorting to measure-
mept of p,. There are two methods for doing this. One is called the self-
reciprocity method and the other, the auxiliary-transducer method.

12.10. Self-reciprocity Method for Free-field Calibration (see Fig.
12..12). The essential features of this method are the transducer to be
calibrated, a large rigid plane wall, and an electrical apparatus for dis-
_conr}ecting the transducer from a source of electrical power and connect-
g it to an audio amplifier in a small fraction of a second.

In performing the experiment, the microphone is connected to a con-
stant-current generator that generates a train of waves of the frequency
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at which a calibration is desired and of sufficient length to establish a
quasi-steady-state condition in the middle part of the wave train. The
quasi-steady-state current ¢y into the microphone is measured. The
{rain of waves travels outward and is reflected back from the large wall
toward the microphone.

While the wave is in transit, the electrical circuit disconnects the
terminals of the transducer from the generator and connects them to an
amplifier so that the transducer operates as a microphone. When the
reflected wave train reaches the transducer, an open-circuit voltage o 15
measured. The data are expressed as a ratio, e./7r.

The quantity r in Bq. (12.27) is equal to 2d, the total distance the wave
has traveled. The sound pressure p;; arriving at the microphone in the
reflected wave is exactly the same as p,, that sent out by the transducer
when it was acting as a loudspeaker. Hence, we can write

g_c _ gr €oc (12.28)
ir ir Dsf

Substitution of Eq. (12.28) in (12.27) yields

boc /‘?_“f4)‘_‘16~;'(w/4-kd> (12.29)
1271 ir poC

where ¢, = open-circuit voltage of the transducer, in volts
pys = free-field sound pressure acting to produce the open-circuit
voltage €., 1n newtons per square meter
k = 2x/\, In meters™!
poc = characteristic impedance of air, in mks rayls (newton-
seconds per cubic meter)

In the measurement, the absolute value of e, and ir is not required;
their ratio only, as determined by a calibrated potentiometer, is necessary.
In addition, the relative phase of the two is needed if a phase calibration
is desired. An accurate measurement of d and of frequency is alsc
required, and because poc is a function of both temperature and baro-
metric pressure, T and P, must be determined.

12.11. Auxiliary-transducer Method for Free-field Calibration. The
self-reciprocity method has two important disadvantages in practice. A
complicated electronic apparatus is necessary to perform the switching
operation, and a large, rigid reflecting wall in a space that is otherwise
nonreflecting is required. Actually, 2 smooth concrete floor in the centes
of a very large open space outdoors fits the requirements of a reflecting
wall in an otherwise anechoic space. However, a “radar’ type of elec
tronic apparatus is always necessary, and the vagaries of weather mus'
be contended with.

With the use of an auxiliary transducer and an anechoic chamber, the
switching apparatus and the necessity for performing measurements out
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doors is obviated. By this method, the output of the transducer being
calibrated (No. 1) is mecasured by an auxiliary transducer (No. 2) at a
distance d (see I'ig. 12.13a). Then the sensitivity of the No. 1 transducer
is compared with that of No. 2 by placing them successively in the same
sound field and finding the ratio of their complex voltage outputs (see
Fig. 12.13b and ¢). In the (b) and (c) tests, the distance d’ must be great
enough so that no interaction between the loudspeaker and the two
transducers occurs, and it need not equal d.

Auxiliary

Transducer transducer
No. 1 No. 2
i-—;ﬁT % “
€2
= d ~
L_oudspeaker
i No. 1
’ eoc
| d -
i No. 2
% “
’ eé
- : .

FIG: '12.13. Ixperimental steps in the free-field calibration of a transducer by the
auxiliary-transducer method.

From these measurements the first ratio beneath the radical of Eq.
(12.29) becomes

Goc . 02 Coc (12.30)

where 7> = current in amperes supplied to transducer 1 when it operates
as a source

e; = open-circuit voltage in volts produced by transducer 2 in

test (a)

e,c = open-circuit voltage in volts produced by transducer 1 in
test (b)

e, = open-circuit voltage in volts produced by transducer 2 in
test (c)

Substitution of (12.30) in (12.29) gives
Coc ey e 2Nd
= - — — eI {m/A—kd/2) 12. 1
Prr \/:T Cy poC (123 )

All quantities are in practical electrical and in mks units. Note here that
the total distance the wave travels is d instead of 2d as was the case for
the self-reciprocity method.
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The desired response ® in decibels 1s found by inserting Eq. (12.31)
into Eq. (12.19).

12.12. Pressure Response of a Microphone. Sometimes, we are
interested in determining the open-circuit voltage response of a micro-
phone e, due to an average sound pressure ps over the diaphragm.
Expressed in decibels,

eor e
Ru = 20 logo 2 + 20 loge 2! (12.32)
pd Cret
The quantities p. and e were discussed after Eq. (12.19).
Test cavity
] (coupler)
ir I PIITITI VA Z 2
1 L 2 ‘ e
o 4 f—o072
§ 2L LT 24 a
Volume V, ——/ AP,,Z
(a)
! v 2TTIT Z777777A
l ! ’
o 3 ) 1 €oc
K< Z 2L Iry4 4]
épr;l
()
12 |70 L. £ A
0 1 F—=2.
3 2 ]
"4 22882222 —o
Piz
(c)

Fic. 12.14. Experimental steps in the pressure calibration of a transducer by the
auxiliary-transducer method.

12.13. Auxiliary-transducer Method for Pressure Calibration. By a
pressure calibration of a microphone we mean the determination of the
ratio of the open-circuit voltage to the sound pressure at the diaphragm
producing it. We shall designate the pressure at the diaphragm as p;
and the open-circuit voltage as e..

This type of calibration is generally performed on microphones which
are small in size, whose diaphragm is exposed to the air on only one side,
and for which the mechanical impedance of the diaphragm is high.
Microphones meeting these qualifications are commonly of the piezo-
electric or electrostatic types, although microphones of the electromag-
netic type might in special designs be calibrated.

With this type of calibration two auxiliary transducers are always
used. The arrangements of the transducers during the three parts of the
test are shown in Tig. 12.14.

We designate the transducer being calibrated as No. 1 and the two
auxiliary transducers as Nos. 2 and 3. During cach of the three parts of
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the tests two of the transducers are coupled together by a rigid-walled
cavity having (after the microphones are inserted) an enclosed volume
V4. The diaphragms of the transducers 1 and 2 have acoustic imped-
ances Zap1 and Z.ps, respectively. The diaphragm impedance of trans-
ducer 3 is of no particular importance.

In order to simplify the analysis, we shall make the following assump-
tions:

Zapy = Zape (12.33)
1
|Z,m1| > oCa (12.34)

where C,4 is the acoustic compliance of the coupling cavity,

14
_— 5
Cu P, mS5/newton (12.35)
Zyp U, where V = S, [ is the length of the cavity, S
is the cross-sectional area, P, = atmospheric
Ps Cq Tpdl pressure, and v = ratio of specific heats. The

length [ must be less than 144th to 14oth wave-
Fre. 12.15. Acoustical cir- length depending on the accuracy desired (see
cuit for transducer with in-  Part XIII, Par. 5.5).

t;rnal aco;{stic. itmpedar}ge Analogous to the case for the free-field cali-

b eratin 0 a cav - .

wi‘:ﬁogn o st io;;;h)i bration of a microphone [see .Eqs. (12.20) .and

ance Ca. (12.21)], we have the reciprocity relationships
Paz = Tir (12.36)
e = 7Us (12.37)

where pgs = sound pressure in newtons per square meter at the face of
the diaphragm of the No. 2 transducer in experiment (a) of
Fig. 12.14
ps = sound pressure in newtons per square meter that would be
developed in the cavity by the No. 2 transducer acting as a
source if the cavity impedance were infinite
volume velocity in cubic meters per second of the diaphragm
of the No. 2 transducer acting as a source if the cavity
impedance were zero
When the No. 2 transducer acts as a source, as is required by Eq.
(12.37), we have the circuit of Fig. 12.15. From it we see that

Us

il

ps . Ps
= - = - 12.38
Par ]wCAZAuz + 1 ]wCAZAhz ( )

or
Us

Par = iey (12.39)

E————
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The calibration that we desire is ¢o./pai1, So that

€oc ijA

— = Coc 4
pa U (12.40)
From Eqs. (12.36), (12.37), and (12.40) we get
€oc - pdz
= juC. P2 2.41
pa 9G4, (12.41)
But, we see that
Par _ 22 P& (12.42)
1:7- ’iT €2 :

The ratio e;/ir we get from experiment (a) of Fig. 12.14. From (b) and
(c) of Fig. 12.14 we get €. /¢,

Now paz/e; must equal pl,/e; because transducer 2 is assumed linear,
and pai/e,. must equal pj,/e,, for the same reason. Hence, we may
rewrite Eq. (12.42) as

Paz _ €2 Pl Yc (12.43)

ir  ir €, € ’
But, in (b) and (c¢) of Fig. 12.14, p);, = pl, because Zipy = Zap,. Hence
we have

Par _ %2 Pa1 Lo (12.44)

Tr Ir €oc €

Substitution of (12.44) in (12.41) gives us the desired equation,

Coc ez 6, .
v ‘/z—.fe—;]wCA (12.45)

Finally, the pressure response ®q is found from Eq. (12.32).



CHAPTER 13

HEARING, SPEECH INTELLIGIBILITY,
AND PSYCHOACOUSTIC CRITERIA

pART XXX Hearing

The hearing mechanism is the final recipient of sounds produced by
audio systems. Designers of audio systems must know the range of
frequencies and the sound pressures to which this mechanism responds
and the manner in which speech sounds and music must be presented to
the listener if he is to gain a satisfactory amount of information and
pleasure from the audio signal. Some of the basic characteristics of
hearing and speech are covered in this chapter. The problem is much
more complex than there is space to indicate here, so that we strongly
recommend that you refer to more specialized texts for further study.'?

The physicist or engineer is likely to approach the study of hearing as
though he were considering a well-behaved system whose modus operandi
was well understood. In the physical sciences quantities such as mass,
wavelength, voltage, and intensity are measured. We are guided in our
choice of which quantities to study by knowledge gained from theory and
from rclated measurements. Furthermore, it is generally possible to
hold constant all but a few of the independent variables and to measure
the behavior of the system as a few of the variables are systematically
maneuvered. In many systems, it is possible to superimpose the results
of varying quantities individually to obtain the behavior under conditions
where several quantities are changing simultaneously.

18, S. Stevens ef al., “Handbook of Ixperimental Psychology,” Chaps. 25-28,
John Wiley & Sons, Inc., New York, 1951, )
2 W. A. Rosenblith, K. N. Stevens, and the stafl of Bolt Beranek and Newman,

“Handhook of Acoustic Noise Control,” Vol. 11, Noise and Man, WADC Tech. I(’(fp/.
52-104 (June, 1953).  Order from Office of Technical Serviees, Department of Com-
merce, Washington, D.C, PI3 No. 111,274,

3 1. J. Hirsh, “The Measurement of Hearing,” MceGraw-Hill Book Company, Inc.,

New York, 1952,
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In psychological studies we can also measure, or at least rate, quantities
such as just perceptible excitations, just noticeable differences, onset of
pain, increased nervous activity, personal likes and dislikes, and so forth.
However, the situation is different from that in physics, because there
exists almost no theoretical body of knowledge to guide us as to what
constitutes a valid measurement or, for that matter, as to which variables
are important and which are ancillary. In psychological measurements,
it is very difficult to hold part of the independent variables constant, and
generally the principle of superposition does not hold. Experimenters
soon learn that responses obtained as a result of a stimulus presented to a
listener under one set of conditions are not the same as the responses
obtained to the same stimulus after the listener has acquired a different
mental attitude toward the experiment, the experimenter, or some other
thing. In network theory we would speak of ‘‘different initial
conditions.”

In reading the material which follows you should bear in mind that the
data presented were obtained by particular experimenters using par-
ticular stimuli, presented to listeners with particular mental biases, under
particular ambient conditions. As a result, other experimenters osten-
sibly repeating the same experiment may obtain substantially different
results unless great care is used to repeat all factors involved in the
experiment. For a detailed discussion in nontechnical terms of psycho-
logical meaurements see Hirsh.3

In this chapter we shall study the sensation of hearing which results
from a stimulation of the hearing mechanism. The hearing mechanism
comprises the mechanical parts of the ear, the auditory nervous system
including the brain, and the indicator of a response that the whole man
represents.

No small physical apparatus possesses properties any more remarkable
than those of the ear. It not only can withstand the most intense sounds
produced in nature, which have sound pressures of 10° to 10¢ dynes/cm?,
but at the other extreme it responds to sound pressures, at some fre-
quencies, which are as small as 10~ dyne/cm?  These very small sound
pressures produce a displacement of the eardrum that is of the order of
10— cm for frequencies near 1000 c¢ps. This distance is less than one-
tenth the diameter of a hydrogen molecule!

The hearing mechanism is more than an extremely sensitive micro-
phone. It functions also as an analyzer with considerable selectivity.
Sounds of particular frequencies can be detected in the presence of inter-
fering background noises; .., the hearing mechanism operates as though
it were a set of contiguous “filter”” bands. Even more remarkable is
the ability of the anditory system to judge loudness, piteh, and musical
quality, funetions that are performed in some manner in association with
the brain.
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13.1. Mechanical Pronerties of th
AL vA LL,

)0
Lal FIop 1¢ Lar.

. ’ . In simplified form, the ear
1s something like the representation of Fig. 13.1. The sound enters it
through the auditory canal (external ear). This canal has a diameter of
about 0.7 cm and a length of about 2.7 em. The eardrum is a thin mem-
brane terminating this canal and has an arca of about 0.8 cm?.  Three
small bones, or ossicles, joined together, called the hammer, anvil, and
stirrup, are located in the middle ear. The first of these smal’l bones’ con-
nects to the main eardrum, and the third connects with a second mem-

Round
window

Basilar
membrane

Nerve

trunk
External iqui
terr ; Liquid
\Z \\ 2,
% PR\&%
® \
Eustachian
tube

F1c. 13.1. Drawing of ‘the human ear. Sound waves enter the auditory canal and
move t}}e eardrum, \vblch sets the three ossicles in motion. When the oval window
moves, 1t causes a motion of a colorless liquid inside the cochlea, with a resulting move-

Ilr;%r;g ]of the basilar membrane. [After Wiener, Physics Today, 4: 13 (December,

brane called the oval window. The oval window forms the entrance to
the inner ear for the normal passage of sound.

The oval window is located at one end of the cochlea. The cochlea is a
l?oll(.)w, snail-shaped member formed from bone and filled with a colorless
liquid. Tt is spiral-shaped with a length of about 85 mm and with a
cross-sectional area of about 4 mm? at the stirrup end, decreasing to
about one-fourth that size at the far end. It is divided down the middle
by the cochlear partition (see Fig. 13.2a and c¢), which extends along the
length of the cochlea. This partition is partly bony and partly a gelati-
nous membrane called the basilar membrane (see Fig. 13.2b). Surprising
as 1t may seem, the basilar membrane is smaller at the larger end of the
cochlea (see Fig. 13.2b). On the surface of the basilar membrane there
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terminate about 25,000 nerve endings of the main auditory nerve. The
liquid-filled chamber is further divided into two parts by a very thin
membrane called Reissner’s membrane. In addition to the oval window,
which communicates with the liquid-filled chamber above the cochlear
partition (sec Fig. 13.2a), there is a round window which communicates

Reissner's
membrane

Basilar
membrane

(a) Cross sectional view through A - A of (5)

0.04 mm Basilar
A membrane
L‘ 0.5 mm
z D )
I Ae ) :
1
| (b) Top view !
! 1
: Oval Cochlear partition ( contain-
window / ing basilar membrane)
|

y 4

Stirrup

Round Liquid

window (c) Side view
t
2 1
2 1
£ [
< i
i [ 1 1 1 1 I

0 5 10 15 20 26 30 35
Millimeters
(d)

Fic. 13.2. Top, side, and cross-sectional sketches of the cochlea, stretched out to snow
the liquid-filled spaces above and below the basilar membrane. At the bottom is a
graph of the amplitudes of vibration of the basilar membrane at 50 and 800 cps.

with the lower liquid-filled chamber and which acts as a pressure release.
The area of the oval window is about 3 mm?, and that of the round window
is about 2 mm?

The volume of air contained in the middle ear is about 2 cm®. The
mechanical advantage of the system of three small bones (ossicles) in
transferring vibrations from the eardrum to the oval window is about 1.3
to 1. However, the effective ratio of areas of the eardrum and of the
oval window times this mechanical advantage provides an increase in
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sound pressure from the eardrum to the liquid of the cochlea of a factor
of about 15.  This transformation is advantageous to the transfer of the

vibrations of the air to the cochlear fluid.
A motion of the oval window produced by a motion of the cardrum
sets up onc or more waves that travel along the membrane and through
o the hiquid, with the result that for each

25 epst o= Ly fr(‘<.]uel.1<-y there 1s a point of maximum
excitation on the membrane (see Fig.
13.2d).

N 3.2d). The end .of the membrane
i nearest the oval window ‘“resonates”
50 cps L A== | -

at the higher frequencies, and that at
the far end of the spiral “resonates”
B ///\ at the lower frequencies. The nature
100cps bmed™” | L] of the vibration pattern has been ex-
plored, and the results are shown in

/,/’\ Figs. 13.3 and 13.4. In Fig. 13.3,

200 ¢ps L ] ) measurements of the relative ampli-
tude of motion of the different parts of

_ the membrane are shown for seven dif-
400 cps 1 e /\I' ferent frequencies. These and other

data yield a curve of position of maxi-
) mum vibration against frequency as

800 cps lu==""L /\ ]

1600 cps |=="1

0 1

shown in Fig. 13.4. In other words,
the basilar membrane is a wide-band
mechanical filter which partially sepa-
rates a complex sound into its compo-
nents.  As a result, a particular group
of nerves is excited more vigorously

by a particular frequency than b
Fic. 13.3. Graphs of the relative y b a Y Y

amplitudes of vibration of the basilar other f.requencms. .
membrane at various frequencies. It mlght be assumed from Flg- 13.3

l(%ff; v.Békésy, Akust. Z., 8: 66-76  that the hearing mechanism is a rather

3] coarse sort of analyzer because the
widths of the resonance curves are so broad. This conclusion is not borne
out by actual tests. Apparently the nervous system sharpens up this
“resonance.”

We shall conveniently select a mathematical model to explain the
ability of the car to detect one tone in the presence of equally intense or
more intense tones of other frequencies. It does not follow that this
mathematical model will hold for other situations. This model is the
same onc as we would use in describing the properties of an electrical
filter for separating one frequency component from an assemblage of such
components.  Indeseribing electrical filters, one speaks of ““bandwidths.”
We shall do the same here.
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The bandwidths of the hearing process, as measured by a person’s
ability to detect a pure tone in the presence of a white, random noise,t are
commonly called eritical bandwidihs. In detectinga tone in the presence
of noise, the hearing mechanism appears to reject the noise outside the
critical band centered on the pure tone, thereby making it appear to
behave as a filter set. These critical bandwidths are shown plotted as a
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Fi6. 13.4. Position coordinate r of auditory-nerve patches along the basilar membranc
for various frequencies. Zero on the left-hand ordinate is located at the widest par:
of the basilar membrane and 100 at the stapes. The distance (measured from the
stapes) of the position of maximum vibration is given on the right-hand ordinate
[After v.Békésy, Akust. Z., T: 173-186 (1942).]

function of frequency in Fig. 13.5. The critical bandwidths for one-ea:
listening are slightly different from those for two-ear listening, so tha:
two curves are shown, one for each case. In Par. 13.7, we shall see hov
Fig. 13.5 is useful in evaluating the effectiveness of noise in masking ou
pure-tone sounds.

From Fig. 13.4 we sce that the frequency region below 250 cps seems t«
occupy a very small portion of the basilar membrane. This woulk

t Random noise is an acoustical quantity (e.g., sound pressure) or an electrica
quantity (e.g., voltage) whose instantaneous amplitudes oceur, as a function of time
according to a normal (Gaussian) distribution curve. A common random noise i
that resulting from the random motion of molecules of the air. Another is tha
produced by the random motion of electrons in an electrical resistance. Randor
noise need not have a flat (uniform) frequency spectrum.

White noise is a sound wave or clectrical wave having a continuous and uniforr
distribution of energy as a function of frequency in the audible frequency rang:
White noise need not be random.

+The concept of critical bandwidths was proposed by H. Fletcher, Auditor
Patterns, Kevs. of Mod. Phys., 12: 47-65 (1940).  Later work was done by J. P. Iiga
and 1. W. Hake, On the Masking Pattern of a Simple Auditory Stimulus, J. Acous
Soc. Amer., 22: 622 (1950) and by T. H. Schafer et al., Frequency Selectivity of th
Far as Determined by Masking Experiments, J. Acoust. Soc. Amer., 22: 490 (1950
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make it seem that low-frequency sounds are less important or less easily
separated than those in the middle-frequency range. Nevertheless, as
listeners, we particularly enjoy low-frequency tones in our music, and
we can easily tell one from another. There is evidence that low-fre-
quency stimuli excite all parts of the basilar membrane. It is also
possible that the low-frequency sounds are sent to the brain for analysis
rather than being analyzed at the basilar membrane, as is the case for
the higher-frequency sounds.

650 - 28
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§ 500 A -One-ear I'{stening / .
o B - Two-ear listening / ]
3450 / 5
8 400 26 o
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Frequency in cycles per second

Fia. 13.5. Critical bandwidths for listening as determined by detecting pure tones in
the presence of white, random noise. (A4) One-ear listening; (B) two-ear listening.
The left-hand ordinate is Af. in cycles per second, and the right-hand ordinate is 10
logio Af. db.  [Afier French and Steinberg, J. Acoust. Soc. Amer., 19: 90-119 (1947).]

13.2. Thresholds of Hearing. Thresholds of Audibility. A threshold
of audibility for a specified signal is the minimum effective sound pressure
of that signal that is capable of evoking an auditory sensation (in the
absence of any noise) in a specified fraction of the trials. It is usually
expressed in decibels re 0.0002 microbar.

The American Standard threshold of audibility for pure tones, for a
listener with acute hearing seated in an anechoic (echo-free) chamber
facing a source of sound at a distance greater than 1 m, is shown as curve
2 of Fig 13.6. The sound pressure is measured before the listener enters
the sound field at a point where the center of the head will be located.
A similar curve, except that the sound is supplied by earphones and the
sound pressure is measured at the entrance to the ear canal, is shown as
curve 1 of Fig. 13.6.

Rt
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Two significant differences are seen between curves 1 and 2 of Fig. 13.6.
First, they arc displaced from each other by an average of about 10 db,
and, second, curve 2 has more irregularities in it.  The relative displace-
ment is a combination of two factors. The binaural (two-ear) threshold
would be displaced downward about 2 db from the monaural (one-ear)
threshold. The remaining difference of about 7 to 8 db is believed at low
frequencies to be caused by noise produced under the earphones by the
irregular twitching of the muscles against which the earphones rest.
Because of this, for the same pressure al the eardrum in each case, a sound
produced by a loudspeaker is audible at a pressure 5 to 10 db lower than is
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F1c. 13.6. Thresholds of audibility determined in three ways. (1) Monaural curve;
signal presented by an earphone and sound pressure measured at the entrance to the
ear canal. [After Dadson and King, J. Laryngol. Otology, 46 : 366-378 (1952); v.Békésy,
Ann. Physik, 26: 554-566 (1936).] (2) Binaural curve; pressure presented by a
single source at a distance in front of the listener; sound pressure was measured in the
ficld before an observer entered it. (American Standard for noise measurement,
724.2-1042.) (3) Binaural curve; signal presented by a number of small loud-
speakers located randomly in a horizontal plane about the listener's head and sound
pressure measured in field before observer entered it. [After Wiener and Ross, J.
Acoust. Soc. Amer., 18: 401-408 (1946).]

a sound produced by earphones. The greater differences in curve 2 at
frequencies above 800 cps are the result of diffraction of the sound around
the head and acoustial resonances in the outer-ear canal.

The question is sometimes asked as to how low or how high a frequency
a person can hear. Tests have revealed that curve 1 of Fig. 13.6 may be
extrapolated downward to show the level required to produce audibility
at 2 cps and that listeners appear to hear at frequencies that low. Note,
however, that at 2 cps a sound pressure level of about 135 db would be
necessary to produce audibility.

The upper limit of hearing is quite variable from person to person.
It is generally found that young people hear up to 20,000 cps if the
tone is fairly intense. Middle-aged people usually hear up to 12,000 to
16,000 cps. Again, the level at which the tone is presented is important.
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The threshold of audibility varies with a great many factors. It is
different from person to person. KEven for the same person, it varies
from day to day and hour to hour. After exposure to even a moderate
noise level, temporary, though slight, deafness occurs which shifts the
threshold upward.
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Fra. 13.7. Shift in average threshold of hearing with age as a function of frequency
for men and women.

One of the principal factors affecting the threshold of audibility is age.
In Fig. 13.7 we show the results of studies of progressive loss of aural
sensitivity with increasing age.t

Thresholds of Tolerance. At the other extreme of the hearing range we
are interested in the maximum sound levels which the ear can stand with-
out discomfort, tickle, or pain. Listeners wearing earphones report that
they begin to experience discomfort, when a pure tone (sine wave) reaches

t These data are part of the results of a study by a group under the chairmanship
of W. A. Rosenblith appointed by American Standards Association Sectional Com-
mittee Z-24. The results are reported in “The Relations of Hearing Loss to Noise
Lixposure,” American Standards Association, Inc., New York.
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levels greater than 110 db re 0.0002 microbar (sce Table 13.1). A tickling
sensalion is aroused in the ear when the levels are greater than 130 db.
Definite pain may occur when the levels exceed 140 db. These values
seem to be nearly independent of frequency in the range between 50 and
8000 cps. Listeners who are exposed to high levels daily can stand about
10 db more in two of the three categories just listed (see Table 13.1).
Similar results are reported for noises which have a continuous spectrum,
such as has white noise or random noise. In the case of a continuous
wide-band spectrum, however, the threshold is reached when the energy
in any one critical bandwidth at some point along the frequency scale
reaches the levels given in the previous paragraph.

TABLE 13.1. Threshold of Tolerancet

Pure tones
~ o T !’;—_AA
Threshold Naive |Iixposed
ears | cars
— e
Discomfort. ... . ... ... .... 110 120
Tickle. ... . ... ......... 132 | 140
Pain ... .. ... 140 |
Immediate damage. ... . .....| 150 to 160%
|

t Sound supplied by earphones. Frequencies between 50 and 8000 cps.
1 Not accurately known.

13.3. Pitch. Pitch is defined as that aspect of auditory sensation in
terms of which sounds may be ordered on a scale extending from “low”
to “high,” such as a musical scale. Pitch is a subjective quantity. It
is chiefly a function of the frequency of a sound, but it is also dependent
upon the sound pressure level and the composition. The unit is the mel.

Frequency is a physical quantity that is measured with physical
apparatus; the unit is cycles per second. Two tones of the same fre-
quency, but with different sound pressure levels, will sound different in
pitch. That is to say, a 200-cps tone of one level will sound as though it
had a different frequency from a 200-cps tone of another level. We also
find that a listener does not usually consider an octave in frequency as a
doubling of pitch.

To measure pitch, we set up an experiment in which we give an observer
two separate tone generators (oscillators). These generators are so
arranged that they may be connected alternately to a loudspeaker or to
earphones. The observer is asked to adjust the frequency of one of the
oscillutors unti! it scems to have twice the pitch of the other. This
procedure is repeated for a number of settings of the reference oscillator
extending over the frequency range. The observer is also asked to
increase and to decrease the pitch by other factors.  From these data, a
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scale of pitch in mels 1s developed. A reference pitch of 1000 mels was
chosen as the pitch of a 1000-cps tone with a sound pressure level of 60 db
re 0.0002 microbar. A complete curve of pitch vs. frequency is shown in
Fig. 13.8.

An interesting feature of the curve of Fig. 13.8 is that it has very nearly
the same shape as does the curve of Fig. 13.4. This similarity leads one
to believe that pitch determination is a judgment that is based on the
location of the point of excitation along the basilar membrane.
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F1a. 13.8. Relation between subjective pitch expressed in mels and frequency. Note
that subjective pitch increases more and more rapidly as frequency is increased
logarithmically. The musical scale, by comparison, is a logarithmic scale; that is to
say, an octave is a doubling of frequency. [After Stevens and Volkman, Am. J.
Psychol., 63 : 329-353 (1940).]

In conclusion, we should note that we know very little about the pitch
of complex sounds and some interesting contradictions exist, as we shall
show in Par. 13.6.

13.4. Loudness Levels and Loudness. Loudness Levels. When we
hear a sound, we often make a judgment of its “loudness.”’ For example,
we say that a crash of thunder is “extremely loud,” while the singing of
a person 1n the distance is ‘“‘not very loud.” These qualitative expres-
sions of ““very loud,” “less loud,” or ““soft’’ have been made quantitative
for some kinds of sound.

The simplest way to speak quantitatively of the loudness of a sound is
to compare it with some standard sound. This standard sound has been
chosen to be a 1000-cps tone. The loudness level of any other sound is

oA
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defined as the sound pressure level of a 1000-cps tone that sounds as loud
as the sound in question. The unit of loudness level is the phon. For
example, if a 1000-cps tone with a sound pressure level of 70 db re 0.0002
microbar sounds as loud as a certain square wave (regardless of the sound
pressure level of the square wave), the square wave is said to have a
loudness level of 70 phons.

Extensive measurements have been made to determine the loudness
levels of pure tones and narrow bands of noise as a function of frequency
and sound pressure levels. These results are shown in Figs. 13.9 and
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Fic. 13.9. Equal-loudness contours for pure tones by Fletcher and Munson. (Amer-
ican Standard for noise measurement, Z24.2-1942.) The dotted lines are equal-loud-
ness contours for bands of noise, 250 mels wide as determined by Pollack. [Pollack,
J. Acoust. Soc. Amer., 24: 533-538 (1952). See also Beranek, Peterson, Marshall, and
Cudworth, J. Acoust. Soc. Amer., 23, 261-269 (1951).]

13.10. On each of the graphs the ordinate gives the sound pressure level
of the sound. The numbers appearing on the contours are the loudness
levels of the sound and are the sound pressure levels of a 1000-cps tone
that is equally loud. Three sets of graphs are given in the two figures;
those shown by the dotted curves are repeated twice.

The first of these three graphs (solid lines of Fig. 13.9) is the American
Standard set of loudness contours for pure tones and is for observers
listening in an ancchoic chamber with the source of sound located at a
distance of more than 1 m from the listener. These contours are usually
called the Fletcher-Munson contours. The sound pressure levels of the
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tones were measured with the listener out of the sound field at a poing
corresponding to the center of his head.

The second set of graphs (solid lines of Fig. 13.10) is also for pure tones,
the data being taken in England under similar circumstances to those of
Iig. 13.9. These contours are usually called the Churcher-King con-
tours. It is not known whether the curves of Fig. 13.9 or those of Fig,
13.10 are more typical of the population at large. In this country, at
present, we generally use the set recommended by the American Stand-
ards Assoclation.
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F1c. 13.10. Equal-loudness contours for pure tones by Churcher and King. [J. Inst.

Elec. Engrs. (London), 81: 57-90 (1937).] The dotted curves are the same as for
Fig. 13.9.

The third set of graphs (dotted lines on Figs. 13.9 and 13.10) is for
bands of noise, 250 mels wide (see Par. 13.3 Pitch), supplied by an ear-
phone. The sound pressure levels were measured just beneath the
cushion of the earphone supplying the sound. These contours resemble
closely the shape of the Churcher-King contours.

The equal-loudness curves are of particular significance in the design of
radio receiving equipment. In concert halls, music is usually played at
quite high levels. When this music is reproduced in our homes via the
radio or phonograph, we often listen to it at greatly reduced levels.
Because the car discriminates against low-frequency tones when the levels
are low, as we can sce from the equal-loudness curves, the music appears
to have lost its bass quality.  In order to give the illusion that the music
Is being reproduced with the same tonal content as it had in the cancert

-
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hall, radio designers install compensating networks which change the
response of the audio system in the radio automatically when the volume
control is adjusted, in the opposite manner to the way the ear changes its
response as the signal level is varied.  Such compensation is called fre-
quency weighting, and the clectrical device that modifies the frequency
response 1s calied the werghting network or the fone control.

Loudness.  The concept of loudness level, which we have just learned,
is very useful, but it does not give the whole story. From the loudness-
level contours of Figs. 13.9 and 13.10 it is not possible to say how much
louder one sound is than another. For example, is a sound with a loud-
ness level of 100 db twice, three times, or four times as loud as one with a
loudness level of 80 db? To answer this question several extensive scts of
measurements have been made to determine a scale of loudness. But
first let us define loudness.

Loudness is defined as the intensive attribute of an auditory sensation,
in terms of which sounds may be'ordered on a scale extending from ““soft”’
to “loud.” Loudness is chiefly a function of the sound pressure, but it is
also dependent on frequency and wave form. The unit is the sone. By
definition, a pure tone of 1000 cps, 40 db above a normal listener’s
threshold, produces a loudness of 1 sone. In the measurements that led
to a loudness scale, subjects were asked to change the loudness by factors
of 2,10, 0.3, and 0.1. From these data a curve of loudness vs. loudness
level was constructed, as shown in Fig. 13.11.

We sce from Fig. 13.11 that, for higher sound pressure levels, 10 db in
Joudness level corresponds roughly to a doubling of the loudness in sones.
At lower levels, 10 db correspond to a change in loudness amounting to a
factor of about 3. At the very lowest levels, 10 db change in loudness
level corresponds to a change in loudness by a factor of nearly 20.

This curve has been under review recently by various experimenters,
and there is good evidence that it should have a smaller slope. It 1s well
established, however, that this curve is useful in the determination of the
loudness level of a complex sound given the loudness level of its com-
ponents or the spectrum level. Therefore, we shall call the curve of
Fig. 13.11 the transfer function.

Calculation of Loudness Level of Combinations of Pure Tones. "The data
of Figs. 13.9 to 13.11 provide us with information from which it is possible
to estimate the loudness level of a combination of pure tones if we know
the sound pressure level of cach.  The method is simple if the tones are
spaced no closer together than about 450 mels (see Fig. 13.8 for the rela-
tion between frequency and mels).  If their frequencies are closer than
about 450 mels of each other, their weighted intensities must be added
and the sum treated as a single pure tone, as we shall now deseribe.*

“1.. 1. Beranek, A, P G. Peterson, J. L. Marshall, and A. L. Cudworth, Calculation
and Measurement of the Loudness of Sounds, J. Acoust. Soc. Amer., 23: 261-26Y
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TFor a combination of N tones, five steps are necessary 1n the caleulation
of the combined loudness level.

1. Divide the N tones according to frequency to form 7 to 10 groups,
each group preferably having the frequency limits shown in Table 13.2,1
and determine the weighted rms sound pressure level of each group. By
the “weighted” sound pressure level we mean that the tones are all
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F1G. 13.11. Plot of the transfer function (loudness in sones) as a function of loudness in
phons. The loudness level of a particular sound is equal to the sound pressure level
of a 1000-cps tone that sounds equally loud. The sounds are assumed to be pre-
sented to an uncovered ear. [After Fletcher and Munson, J. Acousl. Soc. Amer., 9,
1-10 (1937).]

converted to the middle frequency of the band with the aid of equal-
loudness contours. Suppose that we have two tones of 100 and 200 cps
with sound pressure levels of 60 and 50 db, respectively. Then, from
Fig. 13.9, we see that the 100-cps tone of 60 db is equivalent in loudness
to a 150-cps tone of 55 db and the 200-cps tone of 50 db is equivalent in
loudness to a 150-cps tone of 55 db. Combination of the two 55-db levels
on an energy basis gives an equivalent-tone level of 58 db.

2. The loudness level in phons of each of the 10 groups is determined
from Fig. 13.9.

(1951). As can be seen from this reference, calculation of loudness has only limited
meaning.

T Light octave-frequency bands may be used instead of the 10 of Table 13.2.
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3. Each of the Joudness levels in phons is converted to transfer numbers
with the aid of Itg. 13.11.

4. The 10 different transfer numbers are added together to obtain the
total transfer number.

5. The total transfer number is converted into the desired londness
level in phons with the aid of Fig. 13.11.

TABLE 13.2.  Frequency Bands of Equal Width of 300 Mels

. Piteh Mean piteh, | Frequeney Mean-pitch
Band No. . e frequency,
limits, mels mels limits, ¢ps

cps
1 0- 300 150 20- 200 94
2 300- 600 450 200~ 500 340
3 600- 900 750 500- 860 670
4 900-1200 1050 860-1330 1080
5 12001500 1350 1330-1900 1600
6 1500-1800 1650 1900-2570 2230
7 1800-2100 1950 2570--3450 2960
8 2100-2400 2250 3450-4660 4000
9 2400-2700 2500 4660-6300 5400
10 2700-3000 2850 6300-9000 7500

For example, assume we have four tones in a free field as follows: a 100-
cps tone with a sound pressure level of 47 db; a 180-cps tone with a sound
pressure level of 35 db; a 600-cps tone with a sound pressure level of 40 db;
and a 3000-cps tone with a sound pressure level of 30 db. These fall into
three bands, the lowest band having a weighted sound pressure level of 44
db. From Fig. 13.9 we see that the loudness levels are, respectively, 20
phons, 38 phons, and 33 phons. The transfer numbers are determined from
Fig. 13.11 and are, respectively, 0.09, 0.95, and 0.55. Summing these gives
us a total transfer number of 1.70. From Fig. 13.11 we see that this corre-
sponds to a loudness level of 46 phons.

Calculation of Loudness Level of Continuous-spectrum Noises. The
loudness level of a continuous-spectrum noise may be calculated in a
manner similar to that outlined in the preceding section. In this case,
the noise is first analyzed into sound pressure levels by a series of contigu-
ous band-pass filters such as the 10 given in Table 13.2. The level in
each band is then treated as though it were the level of a pure tone whose
frequency lay at the mean-pitch frequency of the band. The same pro-
cedure as that given for calculating the loudness level of a group of pure
tones is followed [sce steps 2 to § in the previous paragraph].

13.5. Differential Sensitivity to Sound Pressure and Frequency.
Minimum Pereeptible Changes in Sound Pressure Level. A person is able
to deteet w change in sound pressure level of about 1 db for any tone
between 50 and 10,000 ¢ps if the level of the tone is greater than 50 db
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above the threshold for that tone. Under ideal laboratory listening
conditions, with signals supplied by an carphone, changes in level of as
little as 0.3 db can be detected by the ear in the middle-frequency range.
FFor sound pressure levels less than 40 db, changes in level of 1 to 3 db are
necessary in order to be perceptible.

Minimum Perceptible Changes in Frequency. Tor frequencies above
1000 cps and pressure levels in excess of 40 db, the minimum perceptible
change in frequency which the ear can detect is of the order of about
0.3 per cent.T At frequencies below 1000 cps and for the same range of
pressure levels, the ear can detect a change in frequency of as little as
about 3 e¢ps.t At low pressure levels and particularly at low frequencies
the minimum perceptible change in frequency may be many times these
values.

13.6. The Case of the Missing Fundamental. Harmonic distortion at
the lower frequencies in a small radio receiving set or loudspeaker may
have some beneficial effects.  Because it is impossible to radiate a sizable
percentage of the available power from a small loudspeaker at low fre-
quencies, one finds it difficult to understand why some small radio sets
and loudspeakers sound reasonably well. One reason is that the lowest
bass notes are actually supplied either physiologically or psychologically
because several of their harmonics are present in the signal. The pitch
of a sequence of frequencies such as 400, 600, and 800 cps is apparently
that of a 200-cps tone. However, if the frequencies 500 and 700 cps are
added, the pitch will drop to that of a 100-cps tone. The perceived pitch
of a combination of tones spaced equally in frequency is usually not that
of the mean frequency of the combination, but rather that of the constant
difference frequency.

Even when all the frequencies of a musical composition below a certain
value, say 300 cps, are removed, the quality of the music remains the
same to a surprising degree. This happens even without harmonic dis-
tortion in the sound-reproducing system because most music is relatively
rich in harmonie content, but it is especially true if just the right amount
of harmonic distortion is produced at the lower frequencies.

13.7. Masking. The acoustical engineer is often asked the question,
To what level do I need to reduce a tone so that it will become inaudible in
the presence of background noise? In automobiles, for example, a tone
may be emitted from the loudspeaker of the car radio at the frequency of
the vibrator in the power supply. It may not be economical to eliminate
this tone completely, but it could conceivably be reduced until it is lost in
the general noise inside the automobile.  To establish the tolerable level
for this tone, we need to know to what extent one sound hides, or masks,
another.

Quantitatively, we define a term, masking, as the number of decibels

T See reference 2, pp. 3037,
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by which a listener’s threshold of audibility is raised (changed) by the
presence of another (masking) sound. As an example, let us supposc
that we have a tone whose frequency 1s 1500 e¢ps.  Let us assume that 1t
can be heard until its level becomes less than 41 db re 0.0002 microbar.
That is, the threshold of audibility for this toneis +1 db. Next, let us
turn on a second tone with a frequency of 1200 ¢ps and a level of, say,
80 db. Now we find that the first tone of 1500 ¢ps is not audible until its
level has been increased to a value of 54 db. We say that the masking
of the second tone by the first is 54 minus 1 db, which equals 53 db.

70 1 T T T 17 TT
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Fia. 13.12. Masking produced by two stimuli, one a pure tone at 400 cps and the
other a narrow hand of noise centered at 410 cps, as a function of frequency of the
tone heing masked.  [After Egan and Hake, J. Acoust. Soc. Amer., 22: 622-630 (1950).]

The masking effect is always greater above the frequency of the tone
than below. For example, the masking of a pure tone of frequency f pro-
duced by a narrow band of noise or by a pure tone of 400 ¢cps with an rms
sound pressure level of 80 db has the values shown in Fig. 13.12. Beatsin
the perceived sound occur whenever the frequencies of the two tones
approach each other.

When the noise has a continuous spectrum with no drastic peaks or
dips, the masking effect on a pure tone may be determined with the aid of
Fig. 13.5. TFor this case, only the noise in a narrow frequency band on
either side of a pure tone serves to mask the tone. In other words, the
properties of the ear which make it perform like a filter come into action.
Let us explore this fact further.  If the level of the noise is expressed in
terms of its spectrum level, i.c., rms sound pressure levels in bands 1 e¢ps in
width, a pure tone to be audible must have a level which is greater than
the spectrum level of the noise by the number of decibels shown in Fig
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13.5.  Another way of saying this is that the level of the pure tone must
exceed slightly the total rms level of the noise in a erifical bandwidth if the
tone is to be heard. Critical bandwidths Af. expressed in cycles per
second and in decibels (10 logis Af.) are shown on the two ordinates of
Fig. 13.5.

The meaning of a critical bandwidth can be clarified further by refer-
ring to Fig. 13.13. Let us assume that we have a pure tone of some fre-
quency and a continuous-spectrum noise with a flat spectrum whose
extent in frequency is from f, to f, cps.  Also, let us assume that the band-
width of this noise f, — fo = Af cps, can be varied over a wide range
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F1c. 13.13. Ratio of the intensity of the masked tone I.. to the intensity per cycle of
the noise I, plotted against the width of the noise band Af in cycles. [Ajfter Fleicher,
Revs. Modern Phys., 12: 47-65 (1940).]

centerced around the frequency of the pure tone. When the bandwidth is
zero, the masking will obviously be zero. As the bandwidth is increased,
the masking M, in decibels, will increase in direct proportion to the
logarithm of the bandwidth up to its critical value Af.. Above that
width no further masking of the pure tone occurs. Hence, if a person is
listening to a pure-tone signal in the presence of background noise, there
is no advantage to be gained from the use of a filter to remove the back-
ground noise, unless its width is less than that of a critical bandwidth.

PART XXXI1 Speech Intelligibility

The subject of speech communication is too large to be treated here,
but a few of the simple attributes of speech signals and a method for
estimation of syllabic intelligibility will be given. References for further
reading are given in the footnotes, -#5-19

¢1. L. Beranck, W. H. Radford, J. A. Kessler, and J. B. Wiesner, Specch-reinforce-
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13.8. Speech Spectrum. Speech 15 a succession of utterances that
produces a wave whose {requencies and amplitudes change rapidly with
time. We have already shown in Part XXVI (page 338) that the human
voice has, on the average, a power spectrum that peaks (for men) at
about 500 cps and a spectrum (in octave bands) that drops off above
1000 cps at a rate of about 8 db per octave. We also showed that at high
frequencies the voice is directional.

Each syllable of speech lasts about 14 sec, and the average interval
between syliables is about 0.1 sec.  Some sounds, the vowels for example,
are produced at the vocal cords. Other sounds are produced by the
noises of air movement through the mouth and over the tongue and lips.
The frequency spectrum of either type of sound is shaped by the resonant
cavities formed by the throat, mouth, teeth, and lips.

The vowel sounds are not as critical to speech intelligibility as the
consonant sounds. It is unfortunate that the consonant sounds are so
weak and, therefore, are easily masked by noise. Insome languages, such
as Hebrew, no vowels are written, only consonants.

When the long-time average speech spectrum is plotted in terms of its
spectrum level (rms sound pressure in 1-cps bands) as measured 1 m in
front of the talker, it appears as shown in Fig. 13.14 by the curve marked
“average level of speech.”” Tests reported by French and Steinberg” and
Beranek?® indicate that the useful dynamic range of speech in each fre-
quency band appears to be about 30 db.  Of this number, the rms peaks
lie about 12 db above the average level, and the weakest syllables lie
about 18 db below the average level.

13.9. Estimation of Speech Intelligibility. In attempting to estimate
speech intelligibility we must also consider the properties of the hearing
mechanism. Tests by French and Steinberg” have shown that the proper
frequency scale to use as a base for calculations is one that is nearly pro-
portional to the pitch scale discussed in the previous part. We must also
bring into the calculations the threshold of hearing and the ‘‘overload”™
point of the average hearing mechanism. By overload point we mean
the level at ecach frequency above which the hearing mechanism no
longer scems to respond to the stimulus.

ment System Evaluation, Proc. IRE, 39: 1401-1408 (1951).

¢ R. H. Bolt and A. D. MacDonald, Theory of Speech Masking by Reverberation,
J. Acoust. Soc. Amer., 21: 577-580 (1949).

7 N. R. French and J. C. Steinberg, Factors Governing the Intelligibility of Speech
Sounds, J. Acoust. Soc. Amer., 19: 90-119 (1947).

s L. L. Beranck, Design of Speech Communication Systems, Proc. IRE, 35: 880-89¢
(1947).

9 G? A. Miller, “Language and Communication,” McGraw-Hill Book Company
Inc., New York, 1951,

10 . K. Potter, G. A. Kopp, and H. C. Green, “Visible Speech,” D. Van Nostranc
Company, Inc., New York, 1947.
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4

Articalation Index. Al these factors are combined into the one graph
of Fig. 13.14. The abscissa of this graph is frequency in cycles per
second, plotted on the experimentally determined articulation-index scale
of ¥rench and Steinberg.”  On this graph are plotted as spectrum levels
(sce Part 11) (1) the threshold of hearing for continuous-spectrum sounds;
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Fia. 13.14. Plot, on a spectrum level basis, of (1) the speech arca for a man talking in a
raised volce; (2) the region of “‘overload’’ of the ear of an average male listener; and
(3) the threshold of audibility for young ears. All curves are plotted as a function of
frequency on a distorted frequency scale. [After Beranek, Proc. IRE, 35: 880-8%0
(1947).]

(2) the peak, average, and minimum levels of speech for a raised man’s
voice measured at a distance of | m directly in front of him; and (3) the
“overload spectrum level” for the ear.

According to the work of French and Steinberg and of Beranek, if the
speetrum Jevels of speech at a listener’s ear are such that the center
shaded region of Fig. 13.14 lics above the threshold of hearing of the
listener and above the ambient noise, but below the overload line, all
svllables of the speech will be audible to the listener and the speech intel-
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Hgibility will be nearly perfect. This corresponds to an articulation index
of 100 per cent.

On the other hand, if noise covers part of the shaded specch region or if
part of the region falls below the threshold of hearing or above the over-
load level for the hearing mechanisms, the articulation index is less than
unity.

The percentage articulation index is defined as the ratio (times 100) of
the speech area not covered over by the items named in the previous
sentence to the total speech area as shown in the center of Fig. 13.14.

Procedure for Calculation of Articulation Index. To calculate the speech
intelligibility for a given situation, the following steps must be followed.

1. The orthotelephonic gain of the system should be determined as a
function of frequency. The orthotelephonie gain is defined as

Orthotelephonic gain = 20 logm? (13.1)
1

where p, = long-time average of the sound pressure produced at the
listener’s ear by an average male talker at 1 m distance in an
anechoic chamber, the talker using a raised voice (6 db above
a normal volce). This 1s the reference condition.
p2 = long-time average of the sound pressure due to the direct
speech produced at the listener’s ear by the same talker using
a raised voice but with the actual conditions of communica-
tion present. That i1s to say, p. includes the effects of
amplification, focusing, distance, and barriers between talker
and listener, but not the effects of noise, reverberation, or
distortion. A narrow-band continuously variable filter should
be used for measuring both p, and p..

The directivity characteristics of a speech-reinforcing system or of a
reflecting surface or canopy near the talker are treated as part of the
orthotelephonic gain. For example, if a reflecting canopy boosts the
direct speech level by 3 db, it adds 3 db to the directivity index for the
voice itself. Hence it adds 3 db to the orthotelephonic gain.

In free (anechoic) space the orthotelephonic gain is found from Fig.
13.15. That is to say, the voice level decreases uniformly with distance
at the rate of 6 db for each doubling of distance, so that the amount by
which the center shaded region is shifted upward or downward for talkers
and listeners in a nonreverberant space 1s given in Fig. 13.15. The
effcets of voice strength are also included.  This chart also holds for the
direct portion of the speech in a reverberant room, provided that reflections,
from focusing surfaces or from reflecting canopies, that combine within
0.05 sec with the direct sound are treated as additions to the direct portion.

2. The shaded region of FFig. 13.14 1s moved upward or downward and
its shape s changed as a function of {frequency by adding to it the ortho



410 HEARING AND PSYCHOACOUSTIC CRITERIA [Chap. 13

6 ft.
sl L L
4 ft. ’ 6?5':\067 L /

N
N\
N

¢
\
N

20.; / o2 / /]

sl L L L

Distance between talker and listener
Q
\
&
N\

/
A4
2"/ / / /'by

Normal Raised Very loud  Shouting
conversation voice talking
Fia. 13.15. Contours for proper location of the shaded articulation-index area of
Fig. 13.14. This chart gives the orthotelephonic gain for two people facing each
other in free space at the distances shown. It also takes into account the effect of
voice level. Zero decibel corresponds to a raised voice at 3 ft. In free space, the
orthotelephonic ¢-.in is a function of distance alone and not of frequency.

telephonic gain (in decibels). If the person is talking at other than the
indicated voice level, the shaded region is further shifted upward or
downward by the amounts given in Table 13.3.

TABLE 13.3. Changes in Sound Pressure Level of Voice with Voice Condition

Loud as possible
without straining | Shouting
vocal cords

Normal | Raised
voice voice

Shift in level, db...| =6 0 +6 +12

3. The long-time average spectrum level of the ambient noise arriving
at the listener’s ear is determined as a function of frequency and is plotted
on the same graph.

4. Reverberant sound is also treated as ambient noise. Bolt and
MacDonald® have presented data which, when modified to include the
inerease in the directivity index of the direct speech due to the addition
of a sound system or a reflecting canopy, permit one to plot a reverberant
“speech’ spectrum on the graph of Fig. 13.14. The shape of the

reverberant speech spectrum as a function of frequency is determined as
follows-

o > e i R
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a. Determine the reverberation time in seconds and the room constant

R in square feet at each frequency.

b. Determine thedifferential direc-
tivity index at each frequency, de-
fined as the difference between the
directivity index for the actual situa-
tion and the directivity index for the
voice alone.t Convert to directivity
factor [see Eq. (4.19)].

¢. Using the reverberation time,
the differential directivity factor @,
the room constant B, and the distance
between the source and the listener
r, determine 10 log (QR/r?). Then
enter Table 13.4 to determine at each
frequency the number of decibels N
shown.

d. To obtain the reverberant
speech spectrum, subtract, at each
frequency, the number of decibels N
from the upper edge of the shaded
speech region of Fig. 13.14. This
gives a curve that always moves up

10T 7T 7717
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Arficulation index A

Fra. 13.16. Percentage word-articu-
lation score for phonetically balanced
word lists read by experienced an-
nouncers to (a) trained listeners familiar
with the content of the word lists and
(b) naive listeners selected from the
general population with no familiarity
with the word lists. These relations
are approximate and will differ widely
for different listeners, word lists, and
talkers. (From unpublished data of the
author.)

or down with the shaded speech
region as long as the directivity index and the distance r between the
talker and listener remain constant.

TABLE 13.4. Table for Calculating Approximately the Effect of Reverberation
on Speech Intelligibility{

N
Direct speech peak level minus reverberant
speech level, db

Reverberation time, sec
10 log (QR/r?)

0 5 10 15 20 25 30
0.5 15 20 25 30 35 40 45
1 10 15 20 25 30 35 40
2 5 10 15 20 25 30 35
3 3 8 13 18 23 28 33
4 1 6 il 16 21 26 31

1 R is the room constant as defined in Part XXIV, 7 is the distance between the
listener and the source, and Q is the differential directivity factor of the source.

t The dircetivity index for the voice alone is determined from the directivity
patterns given on p. 343.
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5. The articwdation index is determined by finding the percentage of the
finally plotted center-shaded region of Fig. 13.14 that does not lie below
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1 1 1
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-6 -3 0 3 6 9
noise ratio in decibels

Fia. 13.17. Relation between articulation-test score and the difference in level
between speech signal and noise for test list of different size. The listeners knew the
vocabulary for each test. [From Mqller, Heise, and Lichten, J. Exptl. Psychol., 41:

329-335 (1951).]

the noise level, or below the threshold of hearing, or below the reverberant
speech level, or above the overload line at 95 db.
6. Estimate the word articulation from the graph of Fig. 13.16.
13.10. Psychological and Linguistic Factors Affecting Sentence and

100

80 / |
70 /
60 1
3 4 5 6
Average number of sounds per word
Fre. 13.18. The improvement of
articulation as the number of sounds
per word is increased. Five groups of
20 words, having different average
numbers of sounds per word, were
read 20 times to a group of listeners.

[ASter Egan, OSRD Rept. 3802 (Nov. 1,
1944).)

| ———o

Average per cent of articulation

50

the results of an articulation test.

Word Intelligibility. The prediction
of sentence or word intelligibility is
very difficult because it depends on
many factors other than noise level,
reverberation time, and level of the
signals. In Fig. 13.17 we show the
relation between the per cent words
correct and the signal-to-noise ratio
for word lists that vary in size from 2
words to 256 and for monosyllables.
The listener knew the vocabulary and
had only to choose among the words
to make his response. In Fig. 13.18
we show the improvement in articula-
tion as the number of sounds per word
is increased. Different talkers and
different listeners yield different scores,
as can be seen from Figs. 13.19 and
13.20. Learning is also a big factor in

For example, in Fig. 13.21 we show a
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Fic. 13.19. Bar graph showing the differences in word-articulation scores obtained
with four different announcers. [After Egan, OSRD Rept. 3802 (Nov. 1, 1944).]
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Fra. 13.20. Bar graph showing the differences in word-articulation scores obtained
with a typical group of listeners. [After Egan, OSRD Rept. 3802 (Nov. 1, 1944).]
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Fre. 13.21. Typical learning curve obtained for a test crew with the same speech-

communication system. Each point on the curve represents the average score on

12 tests for a crew of 10 listeners. The tests were read over the interphone system by

three well-practiced announcers. [After Egan, OSRD Rept. 3802 (Nov. 1, 1944).)

TABLE 13.5. Characteristics of Auditorium, Voice, and Reinforcing System

Rever- Speech Differen- Afnb}enlt/
Frequency, t;grati;n Room peaks, Orthotelg- tial. direc— no;z:;:e/g
i mme 7T, constant r_alsed phonic gain tivity bands. db
sec, full R, ft? voice, at [at 60ft, db|factor Q of y
audience 1m, db system re.040002
microbar
O (2) (3) (4) (5) (6) (7)
270 2.0 2.5 X 104 50 —10 10 42
380 1.8 2.8 51 - 2 16 36
490 1.6 3.1 52 0 20 36
630 1.5 3.3 52 2 20 33
770 1.4 3.6 51 3 20 33
920 1.3 3.8 50 3 20 32
1070 1.2 4.2 48 2 20 30
1230 1.2 4.2 47 3 20 29
1400 1.2 4.2 45 4 20 26
1570 1.1 4.6 44 5 20 25
1740 1.1 4.6 42 7 20 24
1920 1.1 4.6 41 6 20 24
2130 1.1 4.6 40 6 20 24
2370 1.1 4.6 38 5 20 24
2660 1.0 5.0 37 3 20 24
3000 1.0 5.0 36 2 20 24
3400 1.0 5.0 34 0 20 24
3950 1.0 5.0 31 - 2 20 24
4650 1.0 5.0 27 - 5 20 25
5600 1.0 5.0 22 —10 20 26
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typical learning curve for a listening test crew, with all other factors
except their learning held constant.

These various factors reveal that speech-intelligibility tests should be
undertaken only after careful planning and that the statistical nature of
the results should be fully appreciated.* The factors discussed above

TABLE 13.6. Calculation of Articulation Index

Articula-
SpeekCh Spec- Reve_r- Energy |tion index,
peaks trum beration 1 Col. 2)
plus QR {1010 QR N, | speech |SXmm .

Frequency, ortho- leve! of — L db’ Shec- tion of minus
cps fele | 2mbient) 7 db Spee | Gols. (3)| Col. (8)
honic | "O5% b |and @) | divided

grz)l.in db db by 600

(1) 2) 3) (4) (5) (6) (7) (8) (9

270 40 21 70 18 23 17 22 0.030
380 49 29 125 21 26 23 30 0.032
490 52 30 172 22 30 22 31 0.035
630 54 32 183 23 31 23 33 0.035
770 54 31 200 23 31 23 33 0.035
920 53 29 210 23 32 21 30 0.038
1070 50 26 232 24 33 17 27 0.038
1230 50 25 232 24 33 17 26 0.040
1400 49 24 232 24 33 16 25 0.040
1570 49 23 255 24 34 15 24 0.042
1740 48 22 255 24 34 14 23 0.042
1920 47 20 255 24 34 13 21 0.043
2130 46 19 255 24 34 12 20 0.043
2370 43 15 255 24 34 9 16 0.045
2660 40 12 280 24 34 6 13 0.045
3000 38 9 280 24 34 4 10 0.047
3400 34 5 280 24 34 0 6 0.047
3950 29 —1 280 24 34 -5 0 0.048
4650 22 —10 280 24 34 —12 —8 0.050
5600 12 —20 280 24 34 —22 —18 0.050
0.825

indicate that absolute predictions of articulation scores are not possible.
However, one can say that if the calculated a?ticulatlon mde).( exceeds
60 per cent, a speech-communication system is probably sgtlsfactory.
If the articulation index is less than 30 per cent, the system 1s probably
unsatisfactory. Between 30 and 60 per cent, the system sbould be viewed
with suspicion and detailed articulation tests performed if possible.

11, L. Beranek, “Acoustic Measurements,” pp. 625-635, 761-792, John Wiley &
Sons, Inc., New York, 1949.
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ExamplAe.- A speech-reinforcing system is to be used in an auditorium. The
(.‘hzu‘ll(‘.t(‘,l'lsfl(’,s of the auditorium, the voice, and the reinforeing system arc tab.ul'uod
in Table 13.5.  Calculate the articulation index at a seat GO [t frl)m the loudspo;kér
for a person talking in a raised voice. Comment on the adequacy of the Sys)tLon;
The volume of the auditorium is 1 million ft3, and the anditorium seats 4000 peo 4](‘~

Solution. Following the procedure that was given in Par. 13.9, we first ad(/ir Ighé
orthotelephonic gain to the speech peak levels.  This is shown in (,:olumn 2 of Table
13.6 and amounts to shifting upward and to distorting the shape of the shaded region
of Fig. 13.14. Next, the ambient noise spectrum, as given in third-octave bandi is
converted to spectrum level by subtracting 10 times the logarithm of the bandwi(’lth
from each number (see column 3). Determine 10 log;s (QR/7?) (see columns 4 and 5)
Enter Table 13.4 to obtain N, and subtract this number of decibels from column 2.
This yields column 7. .

We must add, on an energy basis, the figures that appear in columns 3 and 7, as
Fhese two columns give us the energy of the total interfering noise. The resul’t 18
in column 8. To obtain the articulation index for each band, subtract column 8 from
2 (calling all differences greater than 30 db equal to 30), and divide by 20 X 30 because
’.chere are 20 bands and each band has a maximum contribution of 30 db. The result
is shown in column 9. The total articulation index equals the sum of the figures
in column 9, namely, 0.82. The approximate percentage word intelligibility from
Fig. 13.16 is 98 per cent for trained listeners, who know the complete vocabulary, and
80 per cent for naive listeners. This applies to a person 60 ft from the loudspe;.ker
A\'eargr, the articulation index will be greater, and farther away it will be less. ‘

Thl§ system should be perfectly satisfactory when there is a full audicnce. When
there is no audience, however, the reverberation time for this particular auditorium is
about 2 sec higher, so that N in column 7 of Table 13.6 is about 13 db less (because
both R and T change), and column 7 will be about 13 db more. This will make the
reverberant specch levels about equal to the spectrum level of the ambient noise so
that the articulation index will drop to approximately 0.65. Although the estimated
word intelligibility at 60 ft will still be passable, the articulation index for seats more
thzm. 60 ft away will be lower because the number N decreases 6 db for each doubliné
of dlstgn(;e. For example, at a distance of 180 {t (the rear of the auditorium) with
no audience, N will be about 23 db less than in column 7, yielding an articulation index
of about 0.44. This corresponds to an estimated word intelligibility of 86 per cent
for trained listeners or 45 per cent for naive listeners, which is hardl;' satisfactory.

vArRT XXX Psychoacoustic Criteria

Most acoustical design has as its purpose the satisfaction of some
hum;m need. The loudspeaker and microphone are designed to make
music pleasant or to make speech intelligible to human beings. Noise
control is for the comfort of individuals. We design acous{,imlly our
auditoriums, classrooms, and public and private buildings to satisfy the
listening desires of people.

In this part those acoustical design eriteria are presented which are at
present most widely used.'?  In employing these criterion curves you

2 L. L. Beranck, “Noise Control in Office and Factory Spaces,” Trans. Bull. 18
15th Ann. Meeting Chem. Engs. Conf., pp. 26 -33 (1950). ’
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should bear in mind that prior to 1945 the only publicized criteria were
those giving the optimum reverberation times for auditoriums and the
desired response curves for music-reproduction systems.  The criterion
curves given here dealing with damage to hearing, speech interference,
and residential noise levels have been developed recently.  Hence, it
must be expeeted that this hranch of knowledge is in a fluid state, and the
reader should consult the current literature to keep abreast of progress.

13.11. Levels Producing Damage to Hearing.2'*:1¥ Animportant con-
sideration in most industries is that the noise levels in factory spaces
be low enough so that no damage should occur to the hearing of employees
who are exposed to the noise over a long period of time. Tentative
criteria have been established for no damage to hearing based on an

TABLE 13.7. Damage Risk Criteriat

Pure tone ! ‘ .
levels or COctave- | Hai- | PR mped- Third
. Octave- | octave- octave-
Fre- critical band octave- octave-
band fre- band band-
quency, band . levels of | band fre- band fre-
quencies, . . levels of . levels of
ops levels of continu- | quencies, . quencies, .
. cps . continu- continu-
continu- 1 ous noise cpsd . cpsi .
. ! ous noise ous noise
ous noise l
50 110 37.5- 75‘ 110 37.5- 53 108 45— 57 107
100 95 75~ 150 102 75— 106 100 90- 114 99
200 88 | 150~ 300 97 | 150- 212 94 | 180- 228/ 93
400 85 | 300- 600 95 | 300- 425| 91 | 360- 456 90
800 84 600-1200 95 600~ 850 91 720- 912 90
1600 83 1200-2400 95 1200--1700 91 1440--1824 90
3200 82  |2400-4800 95 2400-3400 91 28803648 90
6400 81 4800-9600 95 4800-6800 91 5760-7296 90

t Tentative criteria for negligible risk of damage to hearing. Levels in decibels not
1o he exceeded for reasonable assurance of no permanent damage. Unit: Decibels re

0.0002 microbar.

1 Only part of the bands are listed here in order to save space.

This table is valid for long periods (vears) of exposure. The numbers are not to be
taken too literally. Numbers 10 db lower would involve negligible risks indeed, while
numbers 10 db higher would result in significant hearing loss. The levels apply to
exposure noise that has a reasonably continuous time character with no substantial

sharp energy peaks.

analysis of all reliable information on the subject in the literature.
Briefly, this eriterion says that, in the frequency region above 300 cps,
the sound levels in any one critical band shall not exceed approximately

13 K. . Kryter, The Effeets of Noise on Man, J. Speech Hearing Disorders, Mon.

Suppl. 1 (September, 1950).
P roe. 2d and 3d Ann. Nall. Noise Abatement Symposia, 2 (1951 ), 8 (1952), National

Noise Abatement Council, New York.
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85 db re 0.0002 microbar.’®  Below 300 ¢ps, only sketchy data are avail-
able so that only tentative estimates can be made.'? These estimated
levels of pure tones or of eritical bandwidths of continuous noise for no
damage to hearing are shown as a function of frequency in column 2 of
Table 13.7.

A very common way of measuring noise is to use a set of wave filters
that divide the frequency scale up into 8, 16, or 24 regions, each region
being about one octave, or one-half octave, or one-third octave in width.
In measuring a noise having a continuous frequency spectrum with these
filters, the levels in each octave band will be higher than the values in
column 2 of Table 13.7 by about the number of decibels given in the
formula

Added number of decibels in using a wide-band filter as compared
with a filter with critical bandwidth = 10 log,c N (13.2)

where N equals the number of critical bands lying within the wider band.

Application of Eq. (13.2) for the wider frequency bands of Table 13.7
yields approximately the levels shown. For example, in the 1200 to
2400-cps band, two-ear listening, there are approximately 16 critical
bands. From Eq. (13.2) we get 10 logi, 16 = 12 db. This number
added to 83 db of column 2 yields 95 db.

The numbers of Table 13.7 are intended to mean that if the noise levels
lie below those tabulated in all the frequency bands by, say, as much as
5 db, the chance is very small that people in such an environment will
suffer a hearing loss due to the noise even if they work in the noise 8 hr a
day, 50 weeks a year, and for periods up to 5 years. What data were
a‘vailable for establishing these numbers did not include known noise
situations that people had been in for more than 5 years. If, on the other
hand, the noise level in any one band lies above the criterion number for
that band by, say, as much as 5 db, there is a fair chance that some people
will suffer a hearing loss due to the noise if they work in that environment
for periods of more than a year.

It is known that people often recover a substantial part of their hearing
loss after an extended rest. The extent of hearing damage should prob-
ably be judged after the person exposed has had a rest of about a week
and has arrived at a stable threshold of audibility.

Furthermore, there is great variability among people, and some people
becomg deaf even doing normal outdoor work (like gardening) owing to
age, d¥scase, and other causes. Furthermore, deafness, like death, is a
statistical matter, and any particular sct of criterion numbers will fail to
predict hearing damage for a few people. The numbers of Table 13.7
must, therefore, be viewed as reasonable ones to use in acoustical design.

Erpployers will do well to have a positive program for checking the
hearing of employces at the time of employment and for rechecking their

e e A S T i
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hearing at frequent intervals if there is any substantial noise in the plant
— even though this noise may le below the numbers indicated in Table
13.7 in all frequency bands.

13.12. Speech-interference Levels. In the preceding part we dis-
cussed some of the factors governing speech intelligibility. We said that
the speech energy below 200 cps and above 7000 cps contributes almost
nothing to speech intelligibility. We also showed that if the frequency
scale is properly divided into bands of equal contribution to articulation
index, one can determine the effect of noise on speech intelligibility by
finding the average difference between the peak levels (in decibels) of
speech and the rms noise levels in the bands and dividing this average by
30. To illustrate this average difference, assume that the peak levels of
speech are 80, 75, 70, and 65 in four bands and the rms noise levels are
60, 55, 50, and 45, respectively, in these same four bands. Then the
average difference is 20 db, and the articulation index for these four bands
is 2940 = 0.67. However, a difference in any one band that is greater
than 30 db is called 30 db.

Reference to Fig. 13.14 shows that if we desire to divide the frequency
scale into three bands of equal contribution to speech intelligibility, using
available analyzing equipment, we should divide it into the frequency
ranges 300 to 1200 cps, 1200 to 2400 cps, and 2400 to 4800 cps. However,
because the articulation-index frequency scale is more nearly linear below
1000 cps than logarithmic (see Fig. 13.14), an intensity average in the
300- to 1200-cps band is not correct. Moreover, usual available analyz-
ing equipment includes the bands 300 to 600, 600 to 1200, 1200 to 2400
and 2400 to 4800 cps.

To a sufficiently close approximation, we can, if the level in the 300- tc
600-cps band is not more than 10 db above that in the 600- to 1200-cps
band, use the 600- to 1200-cps band as the first band and then define the
speech-interference level as the arithmetic average of the sound pressure level:
in the three bands 600 to 1200, 1200 to 2400, and 2400 to 4800 cps.'>"
However, if the levels in the 300- to 600-cps band are more than 10 di
above those in the 600- to 1200-cps band, the average of the levels in th
four bands between 300 and 4800 cps should be used instead.

It must be emphasized that the speech-interference level for a noise at :
particular location does not say anything about how intelligible speec!
will be to a listener at that location because it does not describe the leve
of the speech itself. 1f the levels of the peaks of speech are also known a
that location, an estimate can be made of the articulation index by th
following procedure:

L, L. Beranek, Airplane Quicting II—Specification of Acceptable Noise Levels
Trans. ASME, 67: 97-100 (1947).

11, L. Beranek and 11, W. Rudmose, Sound Coutrol in Airplanes, J. Acoust. So
Amer., 19: 357-364 (1947).
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1. Using the “slow’” scale (highly damped circuit) on the octave-band
analyzer, determine the rms long-time average sound pressure levels of
the noise in the bands 600 to 1200, 1200 to 2100, and 2400 to 4800 cps.
Then take the arithmetic average of the noise levels in these three bands.
This average is the speech-interference level.

2. Using the “fast’” scale on the octave-band analyzer, determine the
peaks of the sound pressure levels in the bands 600 to 1200, 1200 to 2400,
and 2400 to 4800 cps. The noise levels must be sufficiently low so as not
to contribute to the peak readings, or else some means must be used to
separate the two—such as turning the air-conditioning system off, or
waiting until an hour when the background noise has died down. Find
the arithmetic average of these three band peak levels. The sound-level
meter does not respond rapidly enough to indicate the true (1 per cent)
peak levels, so that about 4 db should be added to the figure just deter-
mined. This gives the adjusted peak levels of speech.

3. The difference between the adjusted peak levels of speech and the
speech-interference level yields a number that when divided by 30
approximates the articulation index. For a more accurate calculation,
the more detailed procedures of the previous part should be used.

If two men are standing, facing each other in a noise field, the maxi-
mum speech-interference levels that just permit reliable communication
at various voice levels and distances are as shown in Table 13.8. In
making up this table, average male voices and good hearing are assumed,
as well as unexpected word material. If the vocabulary is limited or if
sentences only are spoken, the permissible speech-interference levels may
be increased by about 5 db. If a woman is speaking, the permissible
levels should be decreased by about 5 db.  Absence of reflecting surfaces
is assumed.

TABLE 13.8. Speech-interference Levels (in Decibels re 0.0002 Microbar) That
Barely Permit Reliable Word Intelligibility at the Distances and Voice Levels
Indicated. No Reflecting Surfaces to Aid the Direct Speech Are Assumedf

. Voice level (average male)
Distance, »

ft Normaul Raised | Very loud i Shouting
—_ { —— ORI A,
| |
0.5 71 % 77 833 ‘; 84
1 65 , 71 = T L83
2 59 1 65 T 77
3 55 : 61 1 67 3
1 53 i 549 ; G5 ‘ 71
5 51 ! 57 ; 623 : 69
6 w8 Gl 67
i | 43 | 49 i 55 61

1 After Lo L. Beranek, Reference 15,

s M,

Dar
4T
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13.13. Criteria for Residential Areas. The management of factories
located near residential areas often needs to consider the noises made by
its operations. Although this problem has always existed, the advent
of the jet-aircraft engine brought the question of neighborhood noise
control into the foreground. Several acoustics groups have recently
played important parts in the establishment of these criteria, but, as
stated carlier, particular numbers are likely to be revised as more experi-
ence with this type of criterion accumulates.t

Response

Vigorous
legal action NN

Threats of x&
legal action % 4
Strong

complaints Average —1

expected
Mild response

complaints N\

Range of expected
responses from
Mild normal population
annoyance |

o |
annoyance p B c D E F G H [

Noise rating
F1c. 13.22. Relation between response of residents in a ncighborhood to the rating of
the noise causing the response. (After Rosenblith and Stevens, Handbook of Acoustic
Notse Control, Vol. 11, Notse and Man.)

To arrive at a criterion curve for a given neighborhood, use is made of
Tigures 13.22 and 13.23, and Table 13.9.2 First, decide what response
from the neighborhood you wish to achieve, e.g., no annoyance, mild
annoyance, mild complaints, strong complaints, threats of legal action, or
vigorous legal action. Then enter Fig. 13.22, and choose the letter
(A to I) that results from this choice. For example, assume that no
annoyance whatsoever is desired. Then noise rating A applies.

Next use Table 13.9 to adjust the rating upward or downward by a
certain number of letters. For example, let us assume a case where we
have a continuous-spectrum noise (0); an impulsive noise such as from a
drop forge (+1); 10 to 60 exposures per hour (—1); an urban neighbor-
hood near some industry (—2); daytime only (—1); considerable previous
exposure (—1). This combination totals —4. The correet level rank

1 Acoustics groups developing neighborhood criteria inelude  Armour Research
Foundation, Technology Center, Chicago, L5 Bolt. Beranek and Newmun, Consul-
tants in Acousties, Cambridge, Mass; and Acoustics Rescarch Group, General ingi-
neering Labs., General Llectric Co., Sehenectady, NUY.
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for this neighborhood and this type of noise is, therefore, 4 letters less
severe than A, that is to say, E.

The neighborhood noise-level criterion is found, with the aid of Fig.
13.23, from the level rank just determined. For example, for level rank
E, the neighborhood noise level in each octave frequency band should not,

100 T
N
90\\:<:::\\\x ~ 1
i — M

. 80 N \ [ L
;E—) 70 \\ - T
NS IS
g 60 \\\ \X I— I__ .
P A\ \\\ - H 18
25 AN ~. 1 ¢ |%
RIS N S ——
g 40 \ \ \ P
E T~
g 30 ::::\\ZF:=
5 \ B~
& 20 N 4

10 Threshold ——/)\\

™
0 \\

20 75 100 300 600 1200 2400 4800
75 100 300 600 1200 2400 4800 10,000
Frequency band in cycles per second

F1c. 13.23. Relation between the octave-band frequency spectrum and the level rank
of the noise in a neighborhood. The level rank for the total noise is equal to the
highest level rank achieved in any frequency band. (Afiter Rosenblith and Stevens,
““Handbook of Acoustic Noise Control,”” Vol. II, Noise and Man. WADC Tech. Rept.,
52-204.)

lie above the curve drawn above the letter E on Fig. 13.23. If an add.i—
tional engineering factor of safety is desired, the levels should not lie
above the curve drawn below the letter E in Fig. 13.23. )
In cases where the noise spectrum is already known and the noise
rating is desired, the above procedure is reversed. The measured octave-
band noise spectrum is superimposed on Fig. 13.23. The level rank of
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the noise is given by the highest area into which the spectrum intrudes
in any band. This procedure implies that the noise level in a single
band can determine the level rank uniquely.

Then, Table 13.9 is used to obtain a correction number to be applied
to the level rank to give the noise rating. Finally, using Fig. 13.22, the

noise rating is translated into the probable neighborhood reaction to the
noise.

TABLE 13.9. List of Correction Numbers to Be Applied to Level Rank to Give
: Noise Rating

Influencing factor Possible conditions Correla\?zlon
Spectrum character. .. ............. Continuous
Pure-tone components +1
Peak factor............. .. ... . ... Continuous 0
Impulsive +1
Repetitive character (20- to 30-sec ex- | One exposure per min (or con- Q
posures assumed) tinuous)
10-60 exposures per hr —1
1-10 exposures per hr ~2
4-20 exposures per day -3
1-4 exposures per day —4
1 exposure per day -5
Background noise .. . ........... .. .. Very quiet suburban +1
Suburban 0
Residential urban -1
Urban near some industry —2
Area of heavy industry -3
Time of day......... ......... ... Daytime only -1
Nighttime 0
Adjustment to exposure..... . ... ... No previous exposure 0
Considerable previous exposure -1
Extreme conditions of exposure -2

Noises created in sleeping quarters in houses or apartments due to
sources in other parts of the same building should lie in all frequency
bands about 5 db below the lower curve of the appropriate region of
Fig. 13.23.

13.14. Criteria for Office Spaces. In office spaces, satisfactory speech
communication is generally the principal reason for noise control. In a
survey of noise conditions in a large metals-processing company, a radio-
manufacturing company, and an educational institution, it was found
that when office workers were asked to rate noise on a scale ranging from
“very quiet” to “intolerably loud,” they did so in approximate propor-
tion to the speech-interference level. It was also revealed that the rating
depended on the function of the office space, e.g., private office, secretarial
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office, and so forth.  The results are shown in g, 13247 The noise
ratings are shown on the vertical seale, the speech-iterference levels on
the horizontal scale, and the satisfactoriness of telephone usage on the
upper horizontal scale.

When questioned, employees said that point A, in Fig. 13.24, cor-
responded to normal voice at 9 ft and point 3 corresponded to a slightly
raised volice at 3 ft. Comparison of these statements with the numbers

. Telephone Telephone use
Telephone use satisfactory use difficult unsatisfactory
T T 1 T T ! T T
Intolerably |
foud
Very noisy + 1
Eﬂ Noisy o B
=
e
()
R}
S Moderately | i
Z noisy
Criterion points A and B designate
Quiet - desirable upper limits of noise for
intelligible discussion,
yd / : ]
Employees said:
) (A) Normal voice at 9 feet
Very quiet | — (B) Shghtly raised voice at 3 feet 7
| i 1 | | I J | L l |
20 30 40 50 60 70 80 90 100

Speech interference levels in decibels, RE 0.0002 microbar (average of
sound pressure levels in bands 600 - 1200, 1200 - 2400, 2400 - 4800 cps)

Fia. 13.24. Rating scale for noises in office spaces as a function of specch-interference
levels.  (Afler Beranck and Newman, Rating of Noises in Rooms, presented at a meeling
of the Acoustical Society of America, Pennsylvania State College, June, 1950.)

given in Table 13.8 shows that the employees desire speech-interference
levels about 6 db lower than the table would indicate. Table 13.8
applied to average men’s voices. Women's voices are lower by several
decibels, and also the spread of men’s voices from the average is about
+8 db, which may account for this difference.

The rating scale for telephone conversation shown along the top of
Fig. 13.24 is based on intereity calls using the -1 telephone set (not the
latest set with numbers outside the dialy.  For calls within a single
modern exchange the permissible specch-interference levels are about

7, L. Beranek and R. B, Newman, Rating of Naises in Rooms, presented at a
meeting of the Acousticnl Socicty of America, Pennsylvania State College, June,
1950,
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5 db greater than those shown.  1or the latest telephone set, intra-
exchange conditions generally exist for intereity ealls.

13.15. Criteria for Auditoriums. HReverberation Time T vs. Volume and
Frequeney. Traditionally, the eriterion for the design of rooms and
awditoriums has been the reverberation time 7" defined on page 306, [t is
based on audience judgments of the acoustic quality of existing rooms
and auditoriums. 9

24

N
[=)

=
el

08

Reverberation time at 500 cps in seconds
N

=4
-

2 8 2 72 3 6 8
1000 10,000 100,000 1,000,000
Room volume in cubic feet
Frc. 13.25. Optimum reverberation times for rooms of various volumes and uses.
(Compiled from the literature and from the experience of Bolt Beranek and Newman,
Consultanis in Acoustics.)

A reasonable summary of currently accepted optimum reverberation
times is given in Fig. 13.25. These values are generally used at a fre-
quency of 500 cps. The optimum reverberation time at other fre-
quencies relative to that at 500 cps 1s shown in Fig. 13.26. Two curves
are given, one for speech and the other for musiec.

Room Constant K. A more recent way of designating the optimum
reverberation characteristics of a room is in terms of the room constant
R defined on page 312. The optimum values of R for three categories
of rooms are shown in Fig. 13.27 in terms of room volume. Some modern
concert halls, such as the Royal Festival ITall in London, are designed for
high definition largely because the musie of the past hundred years has

1BY_ O, Knudsen, “Architeetural Acousties,” pp. 408 414, John Wiley & Sons.
Inc., New York, 1932

19V, O, Knudsen and C. M. Harris, “Acoustical Designing in Architecture,” pp.
192195, John Wiley & Sons, Tne., New Yaork, 1950.
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Fra. 13.26. Various recommended curves of reverberation time vs. frequency for
studios and auditoriums relative to the reverberation time at 1000 cps. (1) MacNair,
1930; (2) Morris and Nixon, 1936; (3) Danish broadcasting studios for music; (4)
Richmond and Heyda, 1940; (5) v. Békésy and others for speech rooms. Curve 3
below 1000 cps and curve 5 (flat) above 1000 cps are recommended by the author for
music rooms. Curve 5 (flat) is recommended at all frequencies for speech rooms.
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Fic. 13.27. Optimum values of room constant R at 1000 cps as a function of room
volume for three catagories of rooms,
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Fic. 13.28. A tentative (and largely unsubstantiated) criterion for annoyance due
to echo. The contours are for constant percentage disturbance, and the coordinates
are echo intensity level vs. echo delay. [After Bolt and Doak, A Tentative Criterion
for the Short Term Transient Response of Auditoriums, J. Acoust. Soc. Amer., 22:
507-509 (1950).]

TABLE 13.10. Criteria for Noise Controlt

Type of room SC criterion curve

Broadcast studios. .......... ... .. ... .. ... .. ...... 15-20
Concert halls. . ........ .. ... ... ... .. . ... ... ....... 20-25
Legitimate theaters (500 seats, no amplification). ... .... .. 25
MUusiC TOOMS. .. ... ... 25
Schoolrooms (no amplification). ... ... ......... ... .. ... . 25
Homes (sleeping areas) . . ........ ... ... ... .. .. ...... 25
Conference room for 50. .. ... ... ... ... . ... ..... .. 25
Assembly halls (amplification). ............. ... ..... ... 25-30
Conference room for 20. .. .. ... .. ... .. ... ... .. ... ... ... 30
Motion-picture theaters. . ....... .. ... ... ... .. .. .. .. .30
Hospitals. ........ ... ... . .. . 30
Churches . ... ... .. .. . ... . . 30
Courtrooms. . ........... ... ... 30
Libraries .. ...... ... ... 30
Small private office. ......... .. ... .. ... ... ... .. 40
Restaurants .. .. ... ... ... ... . ... ... . ... .. ... . ... . 45
Coliseums for sports only (amplification). . .......... ... . 50
Secretarial offices (typing). . ... ... ... ... L. 55
Factories. .. ... ... .. .. . . .. ... .. ... ... 40-65

1. L. L. Beranek, J. L. Reynolds, and K. E. Wilson, Apparatus and Procedures for
Predicting Ventilation System Noise, J. Acoust. Soc. Amer., 26: 313-321 (1953).

become more intricate and detailed, requiring a reasonably dead hall for
its faithful presentation.

Echoes. Fchoes are known to occur whenever an isolated reflected
wave arrives at the car of a listener more than {5 sec (67 msec) after the
time of arrival of the original sound. In auditoriums, there are many
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reflected waves that arrive at the ear at time intervals greater than
70 msec because the reverberation time may be as high as several seconds.

Recent investigations show that long-time reflections are not trouble-
some if their intensity is sufficiently below that of the initial sound.2
In Fig. 13.28 we show a set of curves that relate the approximate per cent
of listeners noticing something wrong with the acoustics of the hall to

90
N\
N
80 AN
\\ \CAl Speech communication criteria
70 N \ AN The SC numbers on the curves

\ t9\\\\ fquel:l the speech interference
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Fic. 13.29. Speech-communication and annoyance criteria for rooms. SC stands for
speech communication, and the number following it is the speech-interference level
for that contour. The dashed A curves give the permissible low-frequency levels
if the levels in the 600- to 4800-cps bands are actually equal to the SC levels written
on the curves. If not, the low-frequency levels must be lower. This graph must be
used in connection with Table 13.10.  [After Beranek, Reynolds, and Wilson, Apparatus
and Procedure for Predicting Ventilation System Noise, J. Acoust. Soc. Amer., 26:
313-321 (1953).]

the sound pressure level of the echo as a function of the delay time,
following the arrival of the direct sound. For example, if a reflection
oceurs 400 msec after the arrival of the direct sound at the ears of a group
of listeners and if its level is 20 db below that of the direct sound, about
half of the listeners will be aware that something undesirable has occurred.

13.16. Noise Backgrounds in Buildings. ¥reedom from noise is one
of the most important considerations in the design of rooms and audi-

2 R. H. Bolt and P. E. Doak, A Tentative Criterion for the Short-term Transient
Response of Auditoriums, J. Acoust, Soc. Amer., 22: 507--509 (1950).
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toriums.  With Table 13.10 and Fig. 13.29 we may arrive al criterion
curves giving the maximum permissible noise levels In any frequency
band for rooms of various types.*!

For example, in a large assembly hall with a good speech-reinforcement
system, we see from Table 13.10 that the 25-dh SC eriterion curve should
be selected. If the noise is concentrated in a portion of the frequency
range, the appropriate solid curve of Fig. 13.29 is used. If the noise
levels principally lie near the appropriate curve in bands between 300 and
4800 cps, then, because of masking effects, the noise in the lowest three
frequency bands may be higher. For this case, the dashed curves A
may be used in design. In other words, more noise is permissible at low
frequencies if there is high frequency masking noise than if there is not.

211, L. Beranek, J. L. Reynolds, and K. E. Wilson, Apparatus and Procedures for
Predicting Ventilation System Noise, J. Acoust. Soc. Amer., 26: 313-321 (1953).
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PROBLEMS

Chapter 1

1.1. (a) Calculate the wavelength in meters and in feet for sound in air for 72°F for
f =100, 500 cps.

(b) Calculate the frequency of a sound whose wavelength in air at 72°F is 1 m,
1ft,11in.

1.2. What is the characteristic impedance of air in mks units for a barometric pres-
sure of 0.75 m Hg and T = 0°F, 32°F, 50°F, 90°F?

1.3. Show how to convert the following ratios to decibels without use of a slide rule
or tables. Find first the number of decibels as if these were pressure ratios, and then
as if these were intensity ratios. Remember that approximately logie2 == 0.3 and
log1e3 = 0.5.

(@) 2/1 (d) 0.002/1
) +/10/200 (e) 8/0.05
(c) 30/1.33 (f) 17.32/1.6

What are the exact values of logio 2 and logie 3?

1.4. A microphone is connected to an amplifier with an input resistance of 500 ohms.
The output of the amplifier is connected to a nondirectional loudspeaker with an
electrical resistance of 32 ohms. If the amplifier produces 11 volts (rms) across the
terminals of the loudspeaker when the microphone produces 0.013 volts (rms) across
the input of the amplifier, what is the power gain in decibels of the amplifier? The
voltage gain?

1.5. The sound intensity level measured at a distance of 100 ft from a nondirectional
loudspeaker is 70 db re 107! watt/cm2 What is the total power radiated by the
loudspeaker? Find the sound intensity and sound intensity level at a distance of
200 ft.

1.8. Given n different sounds of sound intensity level IL., find the total sound
intensity level 1L, (assume that the various sound intensities add arithmetically).

1.7. The sound intensity level (re 1071¢ watt/cm?) of each of various sounds at a
certain location outdoors is given below.

Sound db
A 68
B ... 73
C............ 60
D........... 70

What is the total sound intensity level due to all of these sounds?

1.8. Given the noise levels measured in the frequency bands indicated below for an
airplane with a random noise spectrum, calculate the spectrum level (sound pressure
tevel in decibels for bands one cyele wide) of the noise in each band, assuming that it is
uniform throughout each band. Plot the datum point for each band on two-cycle
semilog paper at the geometric mean frequency f, of that band, i.e., f, = \/f/,ﬁ = 1.4fy,
and connect the points with a curve.

431
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Frequency bands,
cutoff frequencies, ¢ps | Sound pressure level, db,
e o - re 0.0002 microbar
fi Ja
75 150 95
150 300 101
300 600 097
600 1200 91
1200 2400 86
2400 4800 79
4800 9600 70

1.9. Spectrum levels of a continuous spectrum noise are tabulated below for the
frequency range 100 to 2500 cps. An analyzer having half-octave filter bands is used
to measure this noise, the datum point for each band being at the geometric mean
frequency. Determine the noise level readings obtained in successive half-octave
bands, starting with the bands 100-141 cps, 141-200 cps, 200-282 cps, etc. Note that
each band has a width extending from f to +/2f and that the geometric frequency
equals f /2

Frequency, Spectrum level, db,

cps re 0.0002 dyne/cm?
100 84
200 85
300 82
500 80
700 77

1000 71

1500 66

2000 62

2500 57

1.10. A noise spectrum is measured with a General Radio sound analyzer. This
analyzer has a filter whose mean frequency is continuously variable and whose band-
width is equal to 0.02f. Convert the measured sound pressure levels (re 0.0002 micro-
bar) to spectrum levels. Plot a curve of spectrum level vs. frequency on two-cycle
semilog paper.

Frequency, Measured sound
cps pressure levels, db
75 72
150 75
300 78
700 74
1100 69
2200 63
4800 59
7500 53

1.11. P1.0t the spectrum level (plot db for a 1-cps bandwidth vs. frequency on two-
?ycle semilog paper) of the electrical noise that will produce an output of 0.1 volt
independent of frequency, from the following perfect filters. As a reference voltage
level use 1 volt,
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(@) A sound analyzer of the constant percentage bandwidth type.  This tustrunient
has a bandwidth equal to 0.02f, where f is the frequency to which the analyzer is tuned.

(b)Y A wave analyzer of a constant bandwidth type. This instrument has a constant
bandwidth of 3 ¢ps.

(¢} An octave filter set with the following contiguous bands:

Limiting frequencies of the bands,
cps
75-150
150-300
300-600
600-1200
1200-2400
2400-4800
4800-9600

For case (c) plot the data at the geometric mean frequency of each band, i.e.,

fo = \/]Tf—z

1.12. You are asked to measure a continuous noise spectrum extending over a
frequency range of 20 to 15,000 cps. You find that it will take two analyzers, one for
the range from 20 to 5000 cps and the other from 5000 to 15,000 cps. The bandwidth
of the low-frequency analyzer is a constant equal to 100 cps. The bandwidth of the
other analyzer varies as a function of frequency and is equal to 0.01f, where f is the
mid-band frequency. If the following data are obtained, what values would you
plot on a spectrum-level vs. frequency graph?

Low-frequency Analyzer

f SPL
100 60
200 63

2000 64

4000 68

High-frequency Analyzer

f SPL

5000 65

6000 66

7000 67

10,000 69

1.13. A sound wave is propagated in a room. At a particular point the sound pres-
sure is 1.4/30° and the particle velocity is 0.02/ —~30°. Find the specific acoustic
impedance.

1.14. A sourceof sound is located in free space. A series of 12 measurements of intensity level is
made at 12 points on a hypothetical spherical surface of radius of 10 m with center at the sour-
ce. The points of measurement are so located that they lie at the centers of equal areas that divide
the surface of the sphere into 12 parts. The 12 intensity levels are 90, 89, 88, 87, 86, 85, 84, 83, 82,
81,80,and 70db re 10~ '® watt/cm?.  Assuming that the intensity of the sound is uniform over each
part, calculate (a) the total power radiated by the source; (b) the power level; (¢) the average
intensity; (d) the average sound pressure; and (e) the average sound pressure level *

* The arca of a sphere 18 412
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Chapter 2

2.1. On the conventional pressure vs. volume (PV) diagram, plot the behavior of g
volume of perfect gas contained in a cylinder when the piston closing one end is driven
so that its displacement as a function of time is a square wave. What power, in
watts, is dissipated by the moving piston for any repetition frequency f? (A graphical
solution for a typical case is acceptable.) If power is dissipated where does it go?

2.2. A cylindrical tube having a radius of 3 ¢cm is closed at one end. The diameter
of this tube is small compared to the wavelength of the sound in it, which means that
plane waves only will be found. If the tube is 38 ¢cm long, calculate the acoustic,
specific acoustic, and mechanical impedances at the open end for frequencies of 60,
110, and 490 cps. What is the percent error if calculations are made at 60 cps, using
the approximate formula (single-term expansion of the cotangent) for the impedance
of a short tube?

2.3. Given a cylindrical tube of length L with one end open and the other end closed
with a piston with velocity Uee*. The diameter of the tube is small compared to a
wavelength of the sound in it, which means that only plane waves are found. 1t is
assumed that negligible sound power is radiated from the open end, and consequently
the sound pressure at this end is approximately zero. Obtain a solution of the one-
dimensional wave equation under these conditions and derive an expression for the
specific acoustic impedance looking into the tube at the piston end.

2.4. For the tube of Fig. 2.3, the specific acoustic reactance at a plane z, along its
length is —500 mks rayls at 1000 cps. What is the specific acoustic reactance at
values of X that are greater than z, by 0.05, 0.10, and 0.20 m?

2.6. How does the sound pressure level in a plane free-traveling wave vary as the
temperature varies from 0 to 1000°C if the intensity level is held constant at 100 db?

2.6. A point source operating at 1000 cps radiates 1 acoustic watt. Determine, at a
distance of 10 m, (a) intensity; (b) sound pressure; (c) intensity level; (d) sound pres-
sure level; (e) rms particle velocity; (f) rms particle displacement; (g) rms incremental
density; and (k) rms incremental temperature.

2.7. A sound intensity level of 80 db is measured 10 m from a spherical source of 100
cps radiating into free space. 'Whatis the total power radiated in all directions? What
is the power level?  For this case plot the intensity level in decibels as a function of r
on semilog paper with 7 on the logarithmic axis. How many decibels does the inten-
sity level decrease for each doubling of distance? Does the sound pressure level
decrease at the same rate?

2.8. Discuss the variation of sound intensity and of energy density with distance 7
in a spherical free-progressive wave. If these quantities vary in different ways,
explain the physical meaning of the difference in the variations.

2.9. The one-dimensional wave equation in cylindrical coordinates is

ap  1op _ 1%
at Trar Taen
Here we have assumed that pressure is independent of the coordinates 6, z and depends
on r and ¢ only. Show that
Poefk(ct:tr)

r

satisfies this equation for 4r2%2 3> 1. What is the significance of the + sign in the
exponent?

2.10. Find the specific acoustic impedance at a distance r from the axis of a long
cylindrical source. Assume that the source produces a sound field that can be

i LR

S S
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approximated by
Poc,‘k(w )

Vr

To what value does this impedance reduce for 4k%2 > 1?7 See Table 2.1 for obtaining
u in the steady state. Substitute r for z in the equation of motion.

Chapter 3

3.1. Convert the mechanical system shown in Fig. P3.1 into a mobility-type circuit
and into an impedance-type circuit. Motion is possible only along the z axis. The
supporting springs have a total compliance of 2Cx at each of the four positions where
they occur.

Constant - velocity Supporting springs

generator X ——
2
O Cun 8 Load

w My My My 2y Mks
2 2 7 mechanical

mohms

-~ 2Cp2 2Cm2 2Cwm2 2Ca
: /
T
Fic. P3.1

3.2. (a) For the mechanical system shown in Fig. P3.2, draw the mf)bility-t,ype and
the impedance-type circuits. Motion is possible only along the y axis.

(b) If the constant velocity source u is represented by u = /2 |tems| €OS o, find the
rms magnitude and the phase (relative to u) of the velocity of M.

7 '/ R Mi z
B
My
y
Cmn
/ u
Y/

Constant-velocity source
Fia. P3.2

3.3. Tn the sketch of a mechanical system shown in Fig. P3.3, the mass .MM’ is sup-
ported by four springs each with a compliance Cu1. The mechanical resistance Jias
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vepresents the total friction between My and M aya. Motion is possible only along
the y axis, )

(a) Draw the mechanical schematic.

(0) Draw the mobhility-type circuit.

() Draw the impedance-type cireuit.

(d) If the constant velocity generator is represented by w = "2 A cos wl, deter-
mine the frequency at which the velocity of M, will be a maximun, assuming 12,
to be very small.

y
MM]

Cyr—— =~ Cp Ty
RM] M
M2
Constant velocity
generator

Z Z

Fra. P3.3

3.4. Ao idealized drawing of an automobile is shown in Fig. P3.4. Suppose one
whecl goes over a series of bumps in the road, giving that tire a velocity, vertically,

% = V2w sin wl

Assume that only vertical mnotion is possible.  Draw the miobility-type and impedance-
type circuits.

Body
Mup

_l_ Spring _Lf~shock absorber

Axle Axle
M My,
Tire—»O Cpyr ~——Tire
Cur
u
77757 A Z

Fra. P34

SR pea——

[

RS B e T

st ¢
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3.5. Draw the mobility-type circuit for the agitator shown in Fig. P3.5.  Indicate on the circuit
diagram the velocity u, of the small particle M, that is falling through the viscous fluid held inside
atesttube 7° The mass of the wall of the test tube is M,,,. The mechanical resistance between
the particle and the walls of the test tubeis R,,,. Neglect the small**d-c” downward velocity of the
small particle.  Construct the mobility- and impedance-type circuits, assuming C,,, = C,,, .

P

%

X

%Cm

7

Fia. 3.5

3.6. (a) Draw a mobility-type circuit and sketch a mechanical system which would
have the analogous eleetrical circuit shown in Fig. P3.6, where 7 1s analogous to force f.

(b) Where must the ground point of this circuit be located if the mechanical system
is to be physically realizable?

(¢) Give the magnitude of cach mechanical element in terms of the constants of the
above circuit and show where and in what direction the force f is acting.

(d) Ohtain the dual of the electrical circuit. lLabel the elements of the dual in
terms of the given circuit.

Fic. P3.6

3.7. (a) Using the impedance-type analogy draw a circuit for the acoustical
system shown in Fig. 3.7, where My is in kg; M4y, Mg, M 4z are in kg/m?*; Casis in
ms/newton; and R4y, R4y are in mks acoustic ochms.

(h) Convert this circuit to a mobility-type circuit.
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My /
~ L
My =Ry M, C
Area S / / A2
Constant M,
force f /
v (A
Ryz
Fic. P3.7

3.8. Sketch a possible acoustic realization of the electrical filter shown in Fig.
P3.8. Show the acoustic equivalent of placing a resistive load across the last LC

branch.
L L L
I S ’N%
L L L% L
E
C T C T C T C T

Fia. P3.8

3.9. In the device of Prob. 3.2 the element sizes are as follows:

M, = 0.01 kg

Mz = 0.02 kg

Caur = 1073 m/newton

Ry = 1 mks mechanical ohm
Ry2 = 2 mks mechanical ohms

If the velocity generator has a frequency of 100 radians/sec and a velocity 1 m/sec,
find the active and reactive power for each element and the total active and reactive
power.

3.10. The device of Prob. 3.7 has the following constants:

M, = 0.001 kg

S = 3 cm?
M4, = 0.001 kg/m*
R4; = 10 mks acoustic ohms
M as = 0.002 kg /m*

M 42 = 0.003 kg/m*
R4, = 20 mks acoustic ohms
Ca: = 1077 m%/newton

If the generator has a frequency of 1000 cps and an rms force of 1 newton, determine
the active and reactive power in each element and the total active and reactive power.

Chapter 4

4.1. A very small loudspeaker in a small enclosed baffle behaves like a simple
spherical source of the same area at low frequencics.  If its rins amplitude of motion
(t.e., rms displacement) is 0.1 ¢m at 100 ¢ps, and its diameter is 10 em, determine (a)
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sound pressure at 1 m; (b) intensity at 1 m; (c) total power radiated; (d) sound pres-
sure level; (e) sound power level.

4.2. The sound power level of a nondirectional source of sound is 130 db. Find, at
a distance of 70 ft, (a) intensity; (b) sound pressure; (c) sound pressure level.

Also find the peak-to-peak displacement at 100 cps of the spherical source if its
radius is 0.5 ft.

4.8. Verify the directivity indexes given in Fig. 4.5 for the cases of A/2, \, and 37/2.
Assume that the 0° axis is an axis of symmetry in three-dimensional space.

4.4. For the source of Fig. 4.11 determine the sound pressure level at 3 m on the
6 = 0 axis for ka = 0.5, 1.0, 2.0, and 3, with a PWL = 130 db re 1073 watt.

4.6. Compute the directivity factor and directivity index for a microphone from
the following data taken at 3000 cps:

Output voliage level minus

6, deg output voltage level at § = 0°, db
0- 30 0
30- 60 —10
60— 90 —20
90-120 -30
120~-150 —40
150-180 —30

4.6. Given a loudspeaker with the following directivity characteristic at 2000 cps:

Acoustic response in db
_relative to acoustic

6, deg response at § = 0°

0- 10 0
10- 20 - 1.5
20- 30 - 6.0
30— 40 —10.0
40— 50 —17.0
50— 60 -19
60— 70 -21
70— 80 —22
80— 90 —23
90-100 —25
100-110 -27
110-120 —29
120-130 —32
130-140 —47
140-150 —35
150-160 —30
160-170 —29
170-180 —27

Calculate the directivity factor @ and the directivity index DI. Assume that at
2000 cps the sound pressure level at a distance of 15 ft from the loudspecaker measured
in an anechoic chamber is 111 db re 0.0002 dyne/em? for an available electrical power
input of 50 watts. What is the power available (PAE) efficiency level in db at 15 ft?
Would this answer be different if a distance of 40 ft were assumed as a basis for calcu-
lation, agsuming, as before, that 111 was the level measured at 15 {t?
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Chapter b

5.1. A symmetrical loudspeaker is mounted in a wall between two anechoic rooms,
Its radius is 0.1 m and the rims velocity of the diaphragm is 1 em/see. Determine the
total acoustic power radiated at 100 and JOOO0 eps. Determine the intensity on the
axis of the loudspeaker at 3 m distance at 1000 ¢ps, taking into account directivity.

6.2. Assume the source of Fig. 1.11 with a radius of 30 ¢m for which directivity
indexes are given in Figs. 4.12 and 4.20.  Calculate for cases (a) and (f) shown in Fig.
4.12 the rms velocity of the diaphragm necessary to produce a constant sound pressure
level of 100 db at a distance of 10 ft on the 8 = 0 axis.

6.3. A piston of radius @ in an infinite baflle is vibrating with an rms velocity u. At
lc

=5y the power radiated is (0.12) ma?pocu?. Approximately what is the power
radiated at w; = }{ow: and at ws = 10w, assuming that u remains unchanged?

6.4. The acoustic device shown in Fig. P5.4 is used as the load on one side of the
diaphragm of a transducer.

(a) Draw the acoustic impedance-type circuit.

(b) Alter the circuit diagram so that it may be coupled through the area S to a
mechanical mobility-type circuit.

Fis. P5.4

(c) Attach an electrostatic transducer to the area S. Assume that it has an elec-
trical capacitance Cg, a coupling constant 7, and a mechanical compliance Cy (see
Fig. 3.37).

(d) Attach an clectromagnetic transducer to the area S. Assume that it has an
electrical winding impedance Zg, a coupling constant Bl, and a diaphragm with a mass
Mu (see Fig. 3.35).

6.6. Sketch an equivalent circuit for the mechano-acoustical system shown in Fig.
P5.5. The volumes V4, V,, V;; the acoustic resistance and acoustic mass R4, M 4; and
the effective mechanical mass My, mechanical compliance Cu, and area S of the
diaphragm are in mks units. Give the relation between each of the element sizes on
your circuit diagram and the mechanical or acoustical quantities given here.

/—Diaphragm
% 7Y
Vi L/ \Z] 7 Vi
Vzzzzz %
Constant p M, ‘R,
©zZzzz7) %

Fis. P5.5

e s AT < e oy s
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6.6. A loudspeaker diaphragm has an air cavity behind it and a resonator that is
connected into one side of the cavity. Find the mechanical impedance load at 100
eps on the rear side of the diaphragm if the diaphragm area is 50 cm?, the volume of
the air cavity behind the diaphragm is 1000 em3, and the resonator comprises a tube
5 ¢m long and 2 em in diameter connecting to a second voluime of 100 em3.

6.7. A loudspeaker and a microphone are placed on opposite sides of a circular hole

-

in a perfectly rigid wall as shown in the diagram in Fig. 5.7, The wall may Le 20n-

~1<——Rigid wall
infinite in sxtent

Large /
distance

N _L A* (223
Microphone
/
Loudspeaker Circular hote
in wall
Z
Fia. P5.7

sidered infinite in extent in all directions. If the hole is plugged with a rigid material,
the loudspeaker produces a pressure p of 94 db re 0.0002 dyne/cm? on the left-hand
surface of the wall at a frequency of 500 cps.

(a) Compute the power that emerges from the hole on the microphone side of the
wall when the hole is opened.

(b) Assume that a hemispherical wave (centered at point A) is propagated to the
right of the wall. Compute the open-circuit voltage of the microphone, assuming that
it has a sensitivity of —50 db re 1 volt for a sound pressure of one microbar.

(¢) How does the open-circuit microphone voltage vary as the frequency is de-
creased? Assume that p (with the hole plugged) remains at 94 db re 0.0002 dyne/cm?
and that the microphone voltage is the same at all frequencies if it is in a sound field
of constant pressure.

6.8. Draw the equivalent circuit of the device shown in Fig. P5.8 in both the
mobility-type and the impedance-type analogies, using acoustic impedances. The
areas of the tubes at the right and the left of the cavity are both S. Assume the

/Volume velocity U

Cax 4 Very long tube —>

Closed cavity behind piston with acoustic compliance Cup
Fic. P5.8
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device can be represented by lumped clements and assume that end corrections may
be neglected.  Show the volume velocity of the diaphragm U on your circuits.

5.9. Figure P5.9 is an analogous circuit for a mechano-acoustical system. The
elements within the dotted boxes are mechanical elements.  Sketch a possible arrange-
ment of acoustical and mechanical elements that has an analogous circuit like that
shown in the figure.

Radiation
impedance

ZAA

Fic. P5.9

5.10. An acoustical element made from a perforated sheet with a thickness of 0.0025
m and an area of 0.01 m?is needed that hasa “Q4’ of 2.0 and an acoustic mass of 135
kg/m¢at an angular frequency of 100 radians/sec. Find the number of holes required
in such an element. Hints: Assume that the large fraction at the right of Eq.
(5.58) is approximatcly unity. Assume (1 — a/b) = 1 in Eq. (5.57). At the end,
test the percentage error in “Q4”" and M4 made by these assumptions. Note also
that the number of holes n equals the area divided by b2

Chapter 6

6.1. A moving-coil microphone has a diaphragm with an area of 5 cm2.  When this
diaphragm is replaced by a rigid block of steel of the same shape the sound pressure
produced at 500 cps at its surface in a free field by a particular source is 1 dyne/em?.
The acoustic impedance of the diaphragm (when in place on the microphone) as
measured at its external surface is (20 + j0) cgs acoustic ohms. What sound pressure
is produced at the surface of the diaphragm?

6.2. A source of sound with a very high mechanical impedance is imbedded in the
inner surface of a closed cavity. The cavity has a volume of 20 cm?® A microphone
with a diaphragm impedance of 200 — j(10¢/w) cgs acoustic ohms is imbedded in
another part of the inner surface. If the source diaphragm has an rms displacement
of 0.05 cm?, what is the complex rms velocity of the microphone diaphragm at 500 cps
if it has an arca of 4 cm??

6.3. The response of a capacitor microphone is —52 db re 1 volt for a sound pressure
of 1 microbar at the diaphragm. The capacitance when the microphone diaphragm
is exposed to the air (pp = 0) is 50.0 micromicrofarad (uuf). The capacitance when
the microphone diaphragm is blocked (up = 0) is 48.0 uuf. The air volume behind
the diaphragm is 0.2 em? and the diaphragm area is 3 em?.  Draw an equivalent eir-
enit for the microphone at low frequencies and give the values of the elements in mks
units.

6.4. A capacitor microphone whose diaphragm is flush with one side of a swall
cavity hus the following characteristies:
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Diaphragim compliance = 5 X 10~% m /newton
Compliance of air behind diaphragm = 2.2 X 1075 m /newton
Polarizing voltage = 200 volts
Spacing of diaphragm and backplate = 1074 m
Area of diaphragm = 3 cm?
Electrical capacitance of the microphone = 35 uuf
Load resistance = 20 megohms

Neglect the mass and resistance of the diaphragm. A small constant-velocity piston
imbedded in onc side of the cavity generates a pressure of 0.1 newton/m? throughout
the cavity with the microphone diaphragm fixed so that it cannot move. The
mechanical compliance of the cavity is 9 X 1073 m/newton. Compute the voltage
across the load resistance at an angular frequency of 3000 radians/sec.

6.6. A crystal microphone of the type shown in Fig. 6.40 is used in the circuit shown
in Fig. P6.5. The X-cut Rochelle-salt crystal element inside the microphone is like
that shown in Fig. 6.35a, with dimensions 1 X 1 X }{¢in. The plates are connected

R
R=0.1 megohm
Fic. P6.5

in parallel electrically. Assume that for a given sound pressure the microphone pro-
duces an open-circuit voltage level of —60 db re 1 volt at frequencies of 100 and 1000
cps and T = 40°C. What will the voltage levels be at the same frequency if the
sound pressure is held constant and the temperature is set at each of the following
values: 10, 25, and 30°C?

6.6. A barium titanate unit is to be used in a microphone. Assume that the unit
will be the bender Bimorph type, series-connected. If the length is 10 cm, the width
2.5 cm, and the thickness 0.2 em, determine the open-circuit voltage produced by the
microphone when a rms force of 0.01 newton at w = 1000 radians/sec is applied to the
proper place on the bender Bimorph unit.

6.7. A tentative design for a Rochelle-salt-pressure microphone calls for an alumi-
num diaphragm connected to one corner of a square-torque Bimorph crystal that has
been made from an X-cut shear plate (see Fig. 6.40). Physical constants are:

Diaphragm diameter = 4 cm
Diaphragm mass = 5 X 10~ kg
Diaphragm compliance = 4.5 X 107% m /newton
Crystal area = 1 cm?
Crystal thickness = 2 mm
Volume of cavity behind diaphragm = 107° m3

The plates are connected electrically in parallel. Disregard the cavity between the
diaphragm and sintercd plate.

(a) Compute the low-frequency open-circuit pressure sensitivity in db re 1 volt per
microbar, disregarding the cffect of the sintered metal plate.

(h) Disregarding the air load, calculate the resonance frequency with the electrical
terminals open-circuited,
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(/) What would he the effect on sensitivity and frequency response of reducing the
voluine of the cavity behind the diaphragm?

Chapter 7

7.1. A small direct-radiator loudspeaker is to be used both as a microphone and as a
loudspeaker in an intercommunication set. It is calibrated as a microphone in the
middle of the audio-frequency region where, to a rough approximation, all mass and
stiffness reactances may be neglected and the specific radiation impedance on cach
side of the diaphragms is pec.

If the open-circuit free-field sensitivity as a microphone is —80 db re 1 volt for a
blocked-diaphragm sound pressure of 0.1 newton/m?, what will be the maximum
power available efficiency of the device operating as a loudspeaker, assuming a
generator resistance of 0.2 ohm, and radiation into half-space?

Let voice-coll resistance Rgp = 0.2 ohm; flux density in air gap B = 2.2 webers/m?;
length of wire in coil I = 2 m; effective radius of diaphragm = 0.04 m.

7.2. A public address system with an over-all “gain’’ at 1000 cps of 15 db is desired.
The “gain’’ of the system, here, is 20 times the logarithm to the base 10 of the ratio of
the sound pressure produced at a distance of 50 ft by the loudspeaker in an anechoic
room to that produced at the microphone by the person talking. You have available
a4 microphone with a free-field open-circuit sensitivity of —90 db below 1 volt per
microbar and an internal resistance of 30 ohms.  You also have a loudspeaker that has
a maximum available power response of 96 db re 0.0002 microbar and 1 watt measured
at 1000 cps and 20 ft. The loudspeaker impedance is 8 + jO ohms and the amplifier
has an input impedance of 30 + jO ohms and an output impedance of 26 + jO ohms.
What matched-impedance power gain in decibels must your amplifier have at 1000 cps?

7.3. The power available efficiency of a loudspeaker operating in an infinite baffle is
5 per cent, assuming radiation into half-space. At a distance of 20 ft from the speaker
there is a dynamic microphone. The open-circuit voltage calibration of the micro-
phone is —90 db re 1 volt for a sound pressure level of | microbar. Assume that the
speaker radiates a spherical wave. Also assume that the output impedance of the
microphone is essentially resistive and equal to 30 ohms. If the power available to
the loudspeaker is 10 watts, what is the power in a 30-ohm resistor connected to the
microphone?

7.4. In a certain loudspeaker there is only a limited space for the voice coil.  Some
of the constants and dimensions of this loudspeaker are as follows:

Cone diameter = 0.25 m
Mass of the cone = 0.03 kg
Voice-coil diameter = 0.056 m
Maximum radial thickness of the voice coil winding = 0.0025 m
Winding length of voice coil = 0.0125 m
Number of turns on the voice coil = 10

(a) Compute the ratio of the loudspeaker efficiency for an aluminum voice coil to
the loudspeaker efficiency for a copper voice coil. Consider only the range where
ka < 0.3.

(b) What is the d-c resistance of each voice coil?

7.6. For frequencies below 500 cps, determine the resonance frequency and the
total “Qp” of a direct-radiator loudspeaker with the physical constants given below,
assuming an infinite bafle mounting. Let £, = 10 ohms; Ry = 8 ohms; B = 2.1
weber/m?2; [ = 10 m; Myp = 0.02 kg; Cus = 2 X 107* m/newton; and effective
diameter = 0.2 m.
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7.6. An idealized dircct-radiator loudspeaker has the following characteristics:

Mass of the cone and voice coil = 0.025 kg
Compliance of suspension = 1075 m /newton
Air-gap flux = 1 weber/m?
Length of the voice-coil winding = 10 m

Assume that the impedance of the voice coil is negligible at all frequencies of interest
and that the specific acoustic impedance of the air load on the cone is 407 newton-
sec/m’

(a) At what frequency does the loudspeaker resonate?

(b) If the mass of the air load had been taken into consideration, how would the
resonance frequency of the system have been affected?

(c) Sketch the response of this speaker as a function of frequency. Discuss any
differences between this curve and the usual direct-radiator loudspeaker response
curves.

7.7. Given a single-cone single-coil direct-radiator loudspeaker with the following
characteristics: effective diameter = 0.3 m; mass of the cone = 0.025 kg; mass of the
voice coil = 0.005 kg; mechanical compliance of suspension = 6 X 105 m /newton;
mechanical resistance of suspension = 1.5 mks mechanical ochms; air-gap flux = 1.0
weber /m?2; voice-coil resistance = 8 ohms; voice-coil inductance = negligible; diam-
eter of voice coil = 0.05 m; number of turns on voice coil = 50; and generator
resistance = 8 ohms. Find the power available efficiency at 500 cps, assuming
radiation to one side of an infinite baffle.

7.8. Given a single-cone single-coil dircct-radiator loudspeaker with the following
characteristics: diameter = 8 in.; mass of cone = 25 g; mass of voice coil = 2 g;
mechanical compliance of suspension = 5 X 10-7 ¢cm/dyne; mechanical resistance of
suspension = 2000 mechanical ohms; air-gap flux gauss = 15,000; voice-coil resist-
ance = 8 ohms; voice-coil inductance = negligibly small; diameter of voice coil = 2.0
in.; and number of turns on voice coil = 50.

Assume that a constant voltage of 1 volt rms is held across the voice-coil terminals.
Compute the acoustic power output at 1000 cps, and determine the efficiency at this
frequency, assuming radiation to one side of an infinite baffle.

Chapter 8

8.1. Design and give brief instructions for building a closed-box baffle for a loud-
speaker with an advertised diameter of 12 in. The resonance frequency of the
speaker in the closed box should be only 10 per cent higher than the resonance fre-
quency without bafile.

Assume that the compliance of suspension, Cys, equals 2.1 X 107¢ m/newton and
the mass of diaphragm and voice coil, M up, equals 0.012 kg. What would be the
resonance frequency if the speaker radiated into the air on both sides of an infinite
baflle?

8.2. The loudspeaker of Example 8.3 in the text, when mounted in a closed-box
baffle with a volume of 0.3 m3, has a Qr of 0.27 for R, = 3 ohms, and a resonance
frequency of 50 cps.

(a) Draw the response curve at frequencies below 400 cps.

() What is the effect on the response of the loudspeaker in this frequency range
resulting from rigidly attaching three “domes’” (cones with a height of 1 cm and a
dinmeter of 10 em) to the cone so as to increase the mass of the diaphragm?  Caleulate
two rases where each of the three domes has a mass, respectively, of 0.02 and 0.1 kg.
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.Note.' In the calculations assume that Qr = M4/R, is the same at all frequencies as
its value at 100 cps.

8.3. The loudspeaker of Example 8.3 in the text, when mounted in a closed-box
baffle with a volume of 0.3 m? has a Qr of 0.27 and a resonance frequency of 50 cps
for B, = 3 ohms.

(a) Draw the response curve at frequencies below 500 cps.

(b) What is the effect on the response of the loudspeaker of mounting a short sec-
tion of an exponential horn in front of the loudspeaker that loads the front side of the
diaphragm with the following specific acoustic impedances (divided by pec) in place of
the front-side radiation impedance?

Fre(il:;ncy’ Rs/poc | Xs/poc
20 0.0005 0.03
40 0.002 0.05
75 0.008 0.1
150 0.03 0.2
250 0.1 0.4
300 0.15 0.5
400 0.25 0.6
500 0.4 0.7

8.4. A particular 15-in. low-frequency direct-radiator loudspeaker is placed in a
closed bo.x and the sound pressure on axis (in the far-field) relative to the mid-band
pressure is as shown in Fig. 8.15, under the conditions that

R, = 14 ohms
Rg = 5.5 ohms
Bl = 25 webers/m
Rys = 2.3 mks mechanical ohms
Mup = 0.045 kg
Cus = 2.82 m/newton
Volume of box = 0.3 m?
Sp = 8.03 X 1072 m?
Sp/L* = 0.2 (see Fig. 8.6)

) (a) Assume that we wish to convert the closed box into a vented enclosure. What
is the resonance frequency of the driver and its air loads (the series part of the circuit
of Fig. 8.18)?
) (b_) I‘f we construct the port by cutting a 20-cm-diameter hole in the box and insert-
ing in it a tube, what must the length of the tube be in order to have the enclosure
resonate at the frequency found in (a)?

(c) What are the new frequencies of cone resonance (i.e., w; and wy for maximum
cone velocity)?

(d) Refer to Figs. 8.22 to 8.24. Plot, three points and sketch the on-axis pressure
responses for Q. = 0.5, 3.0, and 10.0. In plotting the curve, take into account the

change in efficiency in region €, if any occurs, relative to that for the closed box at
500 cps with R, = 0.
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8.5. At frequencies below 500 cps, analyze the behavior of the small bass-reflex
assembly sketch shown in Fig. P8.5, assuming the following information:

Inside volume of box
not occupied by loudspeaker = 0.5 ft?
Number of holes = 15
Diameter of each hole = 0.5 in.
Thickness of box side walls = 0.5 in.
R, = 0 ohm
R = 2 ohms
Mup = 0.0025 kg
Cus = 3.6 X 107* m /newton
Rurs = 1.0 mks mechanical ohm
Advertised diameter = 6 in.
Bl = 5 webers/m

Fic. P8.5

8.6. Determine the length of air gap necessary in the permanent-magnet structure
of a direct-radiator loudspeaker for producing an undistorted sound pressure level of
100 db at 20 ft in free space at 40 cps. Assume an advertised diameter of 12 in,,
voice-coil length of 14 in., and a closed-box baffle. Would it be reasonable to con-
struct a loudspeaker with this size of air gap?

Chapter 9

9.1. An exponential horn is to be constructed with a throat diameter of 1 in. and
mouth dimensions of 3 X 5 ft.

(a) Determine the lowest cutoff frequency that can be used if the permissible length
of the horn is 6 ft.

(b) Compute the flare constant of the horn Jength for this frequency.

8.2. An exponential horn is to be constructed with a cutoff frequency f. of 70 cps.
A driving unit with a diameter of 10 ¢m is available. Design the horn so that it will
be a8 small as possible consistent with producing a response within +3 db between 100
and 400 cps. Assume that the specific acoustic impedance looking back into the
driving unit is pec at all frequencies.

9.3. A loudspeaker system is to be designed for the reproduction of music. It is to
have a low-frequency section and a high-frequency section with separate driver units.
The harmonic distortion of the radiated sound wave is to be not greater than 5 per
cent at the maximum acoustic power output desired of 10 watts. The lowest fre-
quency to be passed is 90 cps.  The erossover frequency is to be 700 cps and you may
assume that the power divides evenly between the two units.

Determine for each of the horns (a) diameters of the mouths (bells); (b) cutoff
frequencies; (c) throat areas; (d) flare constants; (e) lengths; and (f) the upper fre-
quency limit on the high-frequency horn.
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9.4. Analyze the horn of Fig. 9.18 in an effort to learn (a) its cutoff {requency; (b)
its flare constant; and (c) the frequencies at which the bends in the horn should pro-
duce irregularities in the response curve.  Assume that the height is 48 in., the over-
all width is 30 in., and the over-all depth is 40 in.

9.6. Design the shortest possible length of exponential horn to be placed in front
of a direct-radiator loudspeaker that will provide a mass load of 0.1 kg at 40 cps and a
specific acoustic 1impedance load of nearly poc at 400 ¢ps to the diaphragm whose area
is 0.12 m2.  Hint: At 40 cps, the horn can probably be treated as a cylindrical tube
containing the same mass of air.

9.6. Istimate the power available efficiency at several frequencies of a typical
15-ft.-diameter loudspeaker if it is terminated on the front side by the horn of the
previous example and on the rear side by a closed box with a compliance equal to that
of the suspension.

Chapter 10

10.1. In a certain rectangular room the (1,0,0) mode occurs at 10 cps, the (0,2,0)
mode at 30 c¢ps, and the (0,0,3) mode at 50 cps, when the air temperature is +20°C.

(a) What is the frequency of the (2,3,1) mode at 20°C?

(b) What would the frequencies of the (3,0,0), (0,2,0), and (0,0,1) modes be at
—20°C?

(c) Sketch the contours of equal pressure for the (1,0,3) mode.

10.2. Find the angles of incidence of the traveling waves on the three walls of a
rectangular room with dimensions 3 X 2 X 1 m for the (10,17,3) and (3,17,10) modes
of vibration.

10.3. Plot the resonance curve and determine the “Q’”’ for a normal mode of vibra-
tion with a reverberation time of 3 sec and a resonance frequency of 1000 cps.

10.4. Determine the room constant for the living room of your home or for your
dormitory room, assuming all doors and windows closed and two persons occupying
the room.

10.6. A source of sound with a frequency of 1000 cps and a power level of 100 db re
1071% watt is located in the center of a large irregular room with a room constant of
1000 ft2 and approximate ditnensions of 50 X 40 X 15 ft. If the source has a direc-
tivity index that is symmetrical about the § = 0° axis and is equal to +10 db at
6 = 0° +3db at 8 = 45°; —8 db at 6§ = 90°; —30 db at 8 = 135°; and —20 db at
§ = 180° plot the rms sound-pressure-level contour curves on a horizontal plane
parallel to the floor and intersecting the source.

10.6. You are asked to treat acoustically a small lecture room with dimensions
40 X 23 X 11 ft. The walls are gypsum plaster on metal lath, the ceiling is painted
concrete, and the floor is covered with linoleum tile. The window areas are 100 ft2
Prescribe suitable acoustical treatment for the room, assuming 10 people seated in
wooden chairs and a desired reverberation time of 1.1 sec at all frequencies. Is air
absorption important at 4000 cps?

10.7. A lecture room having dimensions 10 X 30 X 18 ft seats 50 students in
wooden chairs. The walls and ceiling are gypsum plaster on hollow tile, and the floor
is painted concrete. Two-thirds of the area of one of the 18 X 40 ft walls is occupied
by windows; the blackboard area is 240 ft2. The desired reverberation time is 1.2 sec
at 500 cps.

(a) Determine the reverberation time of the room at 500 cps when empty, half full,
and full.

(b) Prescribe acoustical correction, assuming half-capacity seating, and compute
the new reverberation time with full capacity.

10.8. The pressure response characteristic of a loudspeaker measured on the axis at
10 ft in an anechoic chamber is as follows:
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Response in db re 0.0002 microbar
Frequency, eps and a power available of 1 walt
100 98
200 100
400 102
1000 97
2000 100
4000 104

The directivity factor @ is found from Fig. 4.24.

This loudspeaker is to be used in a room with a volume of 104 {t? an area of 5000 ft?
and a reverberation time of 1.2 sec at all frequencies. Calculate the sound pressure
level, at the six frequencies above, that the loudspeaker will produce in the room at
30 ft for a constant power available of 1 mw.

10.9. A lecture hall in which a public-address system is to be used is to be treated
with acoustical material for optimum acoustical properties. The dimensions and
other specifications of the room are as follows: length = 90 ft, width = 100 ft,
height = 30 ft at front and 10 {t at back (see Fig. P10.9).

t 90 J.
e
e
10
h S
30
Wooden tiers +—
for seats
10 ke

Longitudinal section of room
Fic. P10.9

The floor is wood; the walls and ceiling are lime plaster on metal lath; the 350 seats
are wooden; and one-half of the ceiling, one-third of the side walls, and all of the rear
wall are to be covered with the same acoustical material. Assuming a reverberation
time of 1.4 sec at all frequencies for an audience of 250 persons, determine the absorp-
tion coefficients of the ceiling material, as a function of frequency.

10.10. A source of sound with a power level of 110 db re 10712 waitt is located in a
large irregular room with a room constant of 1000. One wall of this room has an area
of 600 ft? and a transmission loss of 30 db. Find the sound pressure level near the
wall and across the adjoining room, assuming it has the same room constant.

Chapter 11

11.1. A centrifugal blower for a furnace produces, at the top of a smoke stack, a
pure tone at 1000 c¢ps with a power level of 140 db. People living at a distance of
1000 ft complain about the noise, and a court order requires the company to reduce
the level to 25 db re 0.0002 microbar under all weather conditions. Prescribe a suit-
able sound trecatment. Assume that the stack is 6 ft in diameter and that this open
area must be preserved in the treatment.

11.2. A quiet conference room with dimensions 30 X 30 X 15 ft is to be built next
to a trading center with dimensions 200 X 75 X 24 ft. The sound pressure levels
in the conference room must not rise above an average of 40 db in each of the 600-1200,
1200-2400, and 24001800 cps bands. If 40 people shout at one time in the trading
center, what amount and kind of acoustical treatment must be provided in each of the
two rooms and what type of wall should be installed between them to produce the
desired levels in the conference room?
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11.3. Four tabulating machines arc to be operated in a floor space of 15 X 15 ft in
one corner of a large office measuring 50 X 90 X 14 ft. It is desired that the noise
levels not exceed an average of 55 db in the 600-1200, 1200-2400, and 2400-4800 cps
bands in the part of the office not occupied by the tabulating machines. Prescribe
an acoustical treatment.

11.4. A hotel ventilating system uses a propeller that produces the sound power
levels shown in column 2 below:

Frequency | Power levels | Criterion
band, re 10713 watt, levels,
cps db db
37- 75 90 50
75~ 150 90 40
150- 300 89 30
300- 600 85 25
600-1200 80 20

If the levels must be reduced to the values shown in column 3, prescribe an acoustical
treatment that will provide the necessary noise reduction in a 6 X 6 ft duct leaving
about 50 per cent or more of the duct area open for the air to move through.

11.6. A room in a building faces a street. The noise level at the plane of the
windows would be 90 db if the building were not there. The sound waves arrive at
the wall at many angles of incidence. The average transmission loss of the window
glass is 29 db, the area of windows is 60 ft?, and the room constant is 500 ft? without
treatment and 3000 ft2 with treatment. Find the level of the reverberant sound in the
room arising from the traffic noise with and without acoustical correction in the room,
assuming all noise enters through the glass windows.

11.6. In a small factory room having dimensions of 30 X 50 X 20 ft, the reverberant
noise level with all machines running measures 94 db re 0.0002 microbar. The
reverberation time of the room with all machines quiet is measured to be 2.8 sec.

(a) Compute the total absorption in sabins present in the room, the average absorp-
tion coeflicient, and the room constant K.

(b) Compute the power output of a fictitious noise source that will produce the
same reverberant noise level as the factory machines.

(c) If the walls and ceiling are covered with a material that increases the absorption
coefficient of these surfaces to 0.7, find the resulting reverberation time and the reduc-
tion in the level of the reverberant sound field.

Chapter 12
12.1. A microphone is calibrated using the circuit shown in Fig. P12.1:

B
E R, Zy—>
Microphone
Zy
lnput
Amplifier
Output
Fia. P12.1
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The circuit values are £, = 999 ohms, By = 1.0 ohmn, Z, = 50 ohms resistive, and
Zy = 50 ohms resistive. The generator E is first short-circuited and the microphone
is immersed in a sound field. With a free-field sound pressure of 74 db re 0.0002
microbar, the voltmeter V reads 10 volts. The sound field is then turned off. The
short circuit is now removed from the generator.  When E is adjusted to read 2 volts,
the voltmeter ¥ again reads 10 volts.

() Compute the open-circuit voltage of the microphone for the above sound pressure.

() The microphone is connected to an amplifier with a power gain of 90 db and a
loudspeaker with a power available response of 75 db re 0.0002 microbar and 1 watt
measured in an anechoic chamber 30 ft from the source. Assume matched impedances
at the input of the amplifier. Compute the sound pressure level produced at this
same distance with a free-field sound pressure level of 70 db re 0.0002 microbar at the
microphone.

12.2. Indicate whether the following statements are true or false.

(a) Rochcelle-salt-crystal microphones are unaffected by temperatures below 150°F.

(b) Moving-coil microphones must be operated into very high resistances rather
than their nominal resistances to avoid reduction in the response at very high
frequencies.

(¢) The output of crystal microphones is lower at high frequencies than at low
frequencies when 50 ft of coaxial cable is used.

(d) Graphic level recorders give one a knowledge of the wave form of a sound with
a 1000-cps fundamental.

(e) The calibration of sound-level meters should be checked frequently.

12.3. A source of sound resting on the ground produces sound pressure levels of 90,
85, 80 and 75 db re 0.0002 microbar at the centers of four equal sectors of a hemi-
spherical surface with a radius of 1 m centered at the source. Determine the total
power level assuming standard temperature and barometric pressure. Also, find the
four directivity indexes associated with the four areas.

12.4. The following data were taken with a constant percentage bandwidth analyzer
on the noise from a continuous spectrum source. If the analyzer has a bandwidth that
is 2 per cent of the mean frequency, determine the levels in the usual 8-octave bands.

Frequency, Band level in db

cps re 0.0002 microbar
30 33
50 36
100 44
200 55
500 52
1000 50
2000 50
5000 50
10,000 50

12.6. You are asked to measurc the power-level spectrum of a large outdoor 60-cps
power transformer equipped with large cooling fans. The purpose of the tests is to
determine the detailed spectrum of the noise and the octave band levels Assume
that 1000 ft of cable will be necessary; that temperatures up to 100°F will be encoun-
tered and that noise levels between 40 and 80 db are to be measured

Discuss how you would select your apparatus, how and at what positions you would
take the data, and how you would record the data and plot the results.

12.6. Two identical capacitor microphones are to be calibrated by the reciprocity
technique. I the open-circuit low-frequency response of each is —50 db re 1 volt for
a sound-pressure ficld of 0.1 newton/m?; if the clectrical capacitance of cach is 50 uuf
when the microphone is in free space; if the acoustical compliance of each diaphragm
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when the clectrical terminals are open-circuited is 10712 m8/newton; and if the volume
of the coupling airspace is 1073 1n3, find the ratio of the open-circuit voltage produced
by the No. 2 microphone to the voltage driving the No. 1 microphone when the
diaphragms of both terminate in the coupling airspace.

Chapter 13

13.1. Determine the loudness level in phons of each of the following three sounds,
and total loudness level of the combination: (¢) a pure tone of 70 db SPL at 2000 cps;
(b) a band of white noise of spectrum level equal to 50 db located between 800 and
1000 cps; (c) a pure tone of 80 db SPL at 40 cps.

18.2. Indicate whether the following statements are true or false.

(a) You are listening to a 1000-cps Morse-code signal in the presence of noise. A
filter with a 100-cps bandwidth centered at 1000 cps will improve your ability to hear
the signals.

(b) A pure tone of 60 db sound pressure level at 100 eps is less than half as loud as
a pure tone of 60 db sound pressure level at 3000 cps. Assume that the comparison
is made in a free field and that the transfer function of Fig. 13.11 is a measure of
loudness.

(¢) Pitch and the position coordinate of auditory nerve patches on the basilar mem-
brane are related to frequency in approximately the same manner.

(d) In general an intermediate-frequency tone will be masked more by a low-fre-
quency tone than by a high-frequency tone.

13.3. The spectrum level of a noise as a function of frequency passes through the
following points:

Frequency, Spectrum level, db,

cps re 0.0002 microbar
50 66
350 53
700 49
1000 48
1600 51
2200 57
3000 55
4000 51
5000 49
8000 45
12,000 43

Plot a smooth curve on semilog graph paper through these points to obtain the plot
of spectrum level vs. frequency.

Calculate the loudness level in 300-mel bands up to a pitch of 3300 mels. Find the
total loudness level.

18.4. Given seven pure tones with the following frequency and sound pressure
levels:

Frequency, Sound pressure level,

cps db, re 0.0002 microbar
40 85

100 80

300 78

700 82

1500 G8

3500 75

9000 70
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(a) On semilog graph paper make a plot of loudness level vs. frequency by drawing
a vertical line at the frequency of each of the seven tones.

(b) Suppose the sound pressure of each of these tones is reduced by 30 db. Again
plot loudness level vs. frequency and determine the loudness level of the combination.

(¢) In the light of the above exercise, does adjustment of the volume control on a
radio affect the faithfulness of what the listener hears?

18.5. (a) The noise in an automobile traveling at 40 mph is measured with a sound
analyzer that has a filter which is continuously variable as a function of frequency.
The bandwidth of the filter also varies and is equal to 0.02f. Convert the measured
sound pressure levels, given below, to spectrum levels and plot a curve of them on two-
cycle semilog paper.

Frequency, Sound pressure level
cps db re 0.0002 microbar
100 64
200 67
400 69
800 65
1200 61
2500 52
5000 49
10,000 52

(b) A cooling fan, a vibrator, and a motor-generator set are needed in the auto-
mobile for a special purpose. The fan gives off a tone with a frequency of 150 cps, the
vibrator gives off a 3000 cps tone, and the motor-generator set gives off a tone of 670
cps. How should the noise specifications on these devices read if all three are to be
inaudible wheun the car is moving faster than 40 mph? Assume that the three devices
are procured with just tolerable noise levels for each. What will be the loudness level
of the three tones together when the car is standing still?
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APPENDIX I

DECIBEL CONVERSION TABLESt

It is convenient in measurements and calculations in electroacoustics to express the
ratio between any two amounts of electric or acoustic power in units on a logarithmic
scale. The decibel (1{oth of the bel) on the briggsian or base-10 scale is in almost
universal use for this purpose.

Since voltage and sound pressure are related to power by impedance, the decibel
can be used to express voltage and sound pressure ratios, if care is taken to account
for the impedances associated with them.

Table I and Table II on the following pages have been prepared to facilitate making
conversions in either direction between the number of decibels and the corresponding
power, voltage, and sound pressure ratios.

To Find Values Outside the Range of Conversion Tables. Values outside the
range of either Table I or Table II on the following pages can be readily found with
the help of the following simple rules:

Table I1: Decibels to Vollage, Sound Pressure and Power Ratios

NUMBER OF DECIBELS POSITIVE (+). Subtract +20 decibels successively from the
given number of decibels until the remainder falls within range of Table I.  To find
the voltage (sound pressure) ratio, multiply the corresponding value from the right-hand
voltage-ratio column by 10 for each time you subtracted 20 db. To find the power
ratio, multiply the corresponding value from the right-hand power-ratio column by
100 for each time you subtracted 20 db.

Example—Given: 49.2 db

49.2db — 20db — 20db = 9.2db
Voltage (sound pressure) ratio: 9.2 db —

2.884 X 10 X 10 = 288.4
Power ratio: 9.2 db —
8.318 X 100 X 100 = 83,180

NUMBER OF DECIBELS NEGATIVE (—). Add +20 decibels successively to the given
number of decibels until the sum falls within the range of Table 1. For the voltage
(sound pressure) ratio, divide the value from the left-hand voltage-ratio column by
10 for each time you added 20 db. For the power ratio, divide the value from the left-
hand power-ratio column by 100 for each time you added 20 db.

Example—Given: —49.2 db

—49.2db + 20db + 20 db = —9.24db
Voltage (sound pressure) ratio: —9.2 db—

0.3467 X 3{o X Ko = 0.003467

t Courtesy of the General Radio Company, Cambridge, Mass.
455
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Power ratio: —%.2 db
0.1202 X Yoo X 2{go = 0.00001202

Table 11: Voltage and Sound Pressure Ratios to Decibels

FOR RATIOS SMALLER THAN THOSE IN TABLE. Multiply the given ratio hy 10 sue-
cessively until the product can be found in the table. From the number of decibels
thus found, subtract +20 decibels for each time you multiplied by 10.

Example—~Given: Voltage (sound pressure) ratio = 0.0131

0.0131 X 10 X 10 = 1.31
From Table II, 1.31 -»

2.345db — 20 db - 20 db = —37.655 db

FOR RATIOS GREATER THAN THOSE IN TARLE. Divide the given ratio by 10 succes-
sively until the remainder can be found in the table. To the number of decibels thus
found, add +20 db for each time you divided by 10.

Example—Given: Voltage (sound pressure) ratio = 712

712 X {9 X ¥{q = 7.12
From Table II, 7.12 —

17.050 db + 20 db + 20 db = 57.050 db

o
N
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DECIREL CONVERSION TABLES

TABLE 1. Decibels to Voltage, Sound Pressure and Power Ratiost
To account for the sign of the decibel. For positive (+) values of the decibel: Both
voltage and power ratios are greater than unity.  Usc the two right-hand columns.

For negative (—) values of the decibel: Both voltage and power ratios are less than
unity. Use the two left-hand columns. Use the voltage columns for sound pressures.

Power ’ Voltage
ratio ratio

Ezample: Given: £9.1 db. Find: - -———|—
+9.1db | 8.128 | 2.851

—9.1db | 0.1230 | 0.3508

-~ + - +

, db db

Voltage| Power Voltage | Power [Voltage | Power Voltage | Power
ratio | ratio ratio ratio | ratio | ratio ratio ratio
1.0000{1.0000 | 0 1.000 { 1.000§0.7079,0.5012 | 3.0 | 1.413 | 1.995
0.9886(0.9772 | 0.1 1.012 1.02340.6998(0.4898 | 3.1 1.429 | 2.042
0.977210.9550 | 0.2 1.023 1.047{0.691810.4786 | 3.2 | 1.445 ] 2.089
0.966110.9333 0.3 1.035 ¢ 1.072)0.6839(0.4677 | 3.3 | 1.462 | 2.138
0.955010.9120 | 0.4 1.047 1.096{0.676110.4571 | 3.4 1.479 | 2.188
0.944110.8913 | 0.5 | 1.059 | 1.122/0.6683(0.4467 | 3.5 | 1.496 | 2.239
0.933310.8710 | 0.6 1.072 1.148{0.6607 [0.4365 | 3.6 | 1.514 | 2.291
0.922610.8511 0.7 1.084 1.175[ 0.6531 10.4266 3.7 1.531 2.344
0.912010.8318 | 0.8 } 1.096 [ 1.202{0.645710.4163 | 3.8 | 1.549 | 2.399
0.9016(0.8128 | 0.9 1.109 { 1.230§0.6383|0.4074 { 3.9 1.567 | 2.455
0.8913{0.7943 1.0 1.122 | 1.259]0.6310(0.3981 4.0 1.585 | 2.512
0.8810|0.7762 1.1 1.135 | 1.288/0.6237(0.3890 | 4.1 1.603 | 2.570
0.871010.7586 1.2 1.148 | 1.318/0.6166/0.3802 | 4.2 1.622 | 2.630
0.8610(0.7413 1.3 1.161 1.349) 0.6095(0.3715 | 4.3 1.641 | 2.692
0.8511(0.7244 1.4) 1.175| 1.380)0.60260.3631 4.4 1.660 | 2.754
0.8414:0.7079 1.5 1.189 | 1.413)0.5957(0.3548 | 4.5 1.679 | 2.818
0.8318 10.6918 1.6 1.202 | 1.44500.588810.3467 | 4.6 | 1.698 | 2.884
0.822210.6761 1.7 1.216 | 1.47910.582110.3388 | 4.7 | 1.718 | 2.951
0.8128/0.6607 1.8 1.230 | 1.514]0.5754(0.3311 4.8 1.738 | 3.020
0.8035 |0.6457 1.9 1.245 | 1.54910.5689]0.3236 | 4.9 | 1.758 | 3.090
0.794310.6310 | 2.0{ 1.259 | 1.585]0.5623/0.3162 | 5.0| 1.778 | 3.162
0.785210.6166 | 2.1 1.274 | 1.622{0.5559(0.3090 | 5.1 1.799 | 3.236
0.776210.6026 } 2.2 | 1.288 | 1.660)0.549510.3020 | 5.2 | 1.820 ) 3.311
0.76740.5888 { 2.3 1.303 1.69810.5433|0.2951 | 5.3 | 1.841 | 3.388
0.7586 (0.5754 2.4 1.318 ) 1.738/0.5370/0.2884 | 5.4 1.862 | 3.467
0.71499 10.5623 2.5 1.334 1.7780.5309 0.2818 | 5.5 | 1.884 | 3.548
0.741310.51495 2.6 1.349 1.820) 05248 10.2754 5.6 1.905 3.631
0.732810.5370 2.7 1.365 1.8620 0 518810 2692 5.7 1.928 3.715
0.72440.5248 2.8 1.380 1.905§ 0.51290.2630 5.8 1.950 3.802
0.7161 10 5129 2.9 1.396 1.950) 0 5070 |0.2570 , 5.9 1.972 3.890
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TABLE 1. Decibels to Voltage, Sound Pressure and Power Ratios.—
(Continued)
- + - +
db db
Voltage | Power Voltage | Power |Voltage| Power Voltage | Power
ratio ratio ratio ratio ratio ratio ratio ratio
0.501210.2512 | 6.0 1.995 | 3.981{0.335010.1122 | 9.5 2.985| 8.913
0.495510.2455 | 6.1 2.018 | 4.07410.331110.1096 | 9.6 | 3.020 | 9.120
0.489810.2399 6.2 1 2.042 | 4.169{0.3273(0.1072 | 9.7} 3.055 | 9.333
0.484210.2344 | 6.3 2.065 4.266{0.3236(0.1047 | 9.8 | 3.090 | 9.550
0.4786 10.2291 6.4 | 2.080 | 4.365]0.3199{0.1023 | 9.9 | 3.126 | 9.772
0.4732|0.2239 6.5 | 2.113 1 4.467]0.3162(0.1000 | 10.0 | 3.162 | 10.000
0.467710.2188 | 6.6 | 2.138 | 4.57170.312610.09772| 10.1 3.199 | 10.23
0.462410.2138 | 6.7 | 2.163 4.677] 0.3090(0.09550| 10.2 | 3.236 | 10.47
0.4571 |0.2089 6.8 1 2.188 | 4.786§0.3055(0.09333; 10.3 | 3.273 | 10.72
0.4519(0.2042 { 6.9 | 2.213 4.898( 0.3020(0.09120| 10.4 | 3.311 | 10.96
0.446710.1995 | 7.0 | 2.239 | 5.012[0.2985|0.08913| 10.5 | 3.350 | 11.22
0.4416(0.1950 | 7.1 2.265 | 5.129§0.2951(0.08710{ 10.6 | 3.388 | 11.48
0.436510.19056 | 7.2 2.291 5.2480.2917|0.08511| 10.7 | 3.428 | 11.75
0.4315{0.1862 | 7.3 2.317 | 5.37010.2884|0.08318; 10.8 + 3.467 | 12.02
0.426610.1820 | 7.4 | 2.344 | 5.495{0.28510.08128} 10.9 | 3.508 | 12.30
0.421710.1778 | 7.5 | 2.371 5.623}0.281810.07943{ 11.0 | 3.548 | 12.59
0.4169(0.1738 | 7.6 2.399 | 5.754{0.2786!0.07762| 11.1 | 3.589 | 12.88
0.4121(0.1698 | 7.7 2.427 5.88810.275410.07586| 11.2 | 3.631 | 13.18
0.4074 |0.1660 7.8 2.455 | 6.026]0.272310.07413} 11.3 | 3.673 | 13.49
0.4027|0.1622 | 7.9 2.483 6.166]0.26920.07244| 11.4 | 3.715} 13.80
0.308110.1585 | 8.0 | 2.512 | 6.310}0.2661[0.07079| 11.5 | 3.758 | 14.13
0.393610.1549 | 8.1 2541 6.457]0.2630(0.06918| 11.6 | 3.802 | 14.45
0.389010.1514 | 8.2 2.570 | 6.607}0.26000.06761] 11.7 | 3.846 | 14.79
0.3846 10.1479 8.3 2.600 | 6.761]0.257010.06607| 11.8 | 3.890 | 15.14
0.380210.1445 | 8.4 | 2.630 | 6.918]0.2541[0.06457| 11.9 | 3.936 | 15.49
0.3758(0.1413 | 8.5 | 2.661 7.079{0.2512{0.06310| 12.0 | 3.981 | 15.85
0.371510.1380 | 8.6 | 2.692 | 7.244}0.2483(0.06166| 12.1 4.027 | 16.22
0.367310.1349 | 8.7 | 2.723 | 7.413]0.2455|0.06026 12.2 | 4.074 | 16.60
0.363110.1318 | 8.8 | 2.754 | 7.586}0.242710.05888| 12.3 | 4.121 | 16.98
0.358010.1288 | 8.9 | 2.786 | 7.762}0.239910.05754| 12.4 | 4.169 | 17.38
0.354810.1259 | 9.0 | 2.818 | 7.943]0.2371(0.05623) 12.5 | 4.217 | 17.78
0.35081(0.1230 | 9.1 2.851 8.1281 0.2344 (0.05495} 12.6 | 4.266 | 18.20
0.346710.1202 9.2 2.884 8.318{0.2317(0.05370| 12.7 4.315 | 18.62
0.342810.1175 9.3 2.917 8.511]0.2291(0.05248 12.8 4.365 | 19.05
0.338810.1148 9.4 2.951 8.7104 0.226510.05129 12.9 4.416 | 19.50

o
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TABLE I. Decibels to Voltage, Sound Pressure and Power Ratios.t—
(Conlinued)
- + - +
db db

Voltage| Power Voltage | Power |Voltage| Power Voltage | Power
ratio | ratio ratio ratio | ratio ratio ratio ratio
0.223910.05012| 13.0 4.467 | 19.95 | 0.1496 [0.02239] 16.5 6.683 | 44.67
0.2213]0.04898| 13.1 4.519 | 20.42 §0.147910.02188| 16.6 6.761 | 45.71
0.218810.04786| 13.2 4.571 | 20.89 1 0.1462]0.02138| 16.7 6.839 | 46.77
0.2163 10.04677] 13.3 4.624 | 21.38 1 0.14450.02089| 16.8 6.918 | 47.86
0.213810.04571] 13.4 4.677 | 21.88 10.142910.02042{ 16.9 6.998 | 48.98
0.2113|0.04467{ 13.5 4.732 | 22.39 | 0.1413{0.01995| 17.0 7.079 | 50.12
0.2089|0.04365| 13.6 4.786 | 22.91 | 0.139610.01950] 17.1 7.161 | 51.29
0.206510.04266| 13.7 4.842 | 23.44 {0.1380(0.01905| 17.2 7.244 | 52 .48
0.0242{0.04169] 13.8 4.898 | 23.99 [ 0.1365(0.01862| 17.3 7.328 | 53.70
0.20180.04074| 13.9 4.955 | 24.55 {0.1349!0.01820f 17.4 7.413 | 54.95
0.199510.03981{ 14.0 5.012 | 25.12 {0.1334(0.01778| 17.5 7.499 | 56.23
0.19720.03890| 14.1 5.070 { 25.70 | 0.1318:0.01738| 17.6 7.586 | 57.54
0.1950|0.03802| 14.2 5.129 | 26.30 | 0.1303 |0.01698] 17.7 7.674 | 58.88
0.192810.03715] 14.3 5.188 | 26.92 10.1288|0.01660| 17.8 7.762 | 60.26
0.19050.03631| 14.4 5.248 | 27.54 | 0.1274(0.01622| 17.9 7.852 | 61.66
0.1884|0.03548| 14.5 5.309 | 28.18 ] 0.1259(0.01585; 18.0 7.943 | 63.10
0.18620.03467] 14.6 5.370 | 28.84 10.1245(0.01549{ 18.1 8.035 | 64.57
0.1841{0.03388| 14.7 5.433 | 29.51 [ 0.1230(0.01514| 18.2 8.128 | 66.07
0.1820(0.03311| 14.8 5.495 | 30.20 ] 0.1216 [0.01479| 18.3 8.222 | 67.61
0.1799(0.03236] 14.9 5.559 | 30.90 §0.1202{0.01445| 18.4 8.318 { 69.18
0.177810.03162| 15.0 5.623 | 31.62 {0.1189(0.01413| 18.5 8.414 | 70.79
0.17580.03090] 15.1 5.689 | 32.36 |0.1175(0.01380| 18.6 8.511 | 72.44
0.173810.03020| 15.2 5.754 | 33.11 §0.1161(0.01349| 18.7 8.610 | 74.13
0.171810.02951| 15.3 5.821 | 33.88 10.1148(0.01318| 18.8 8.710 | 75.86
0.1698|0.02884| 15.4 5.888 | 34.67 |0.11350.01288| 18.9 8.811 | 77.62
0.167910.02818} 15.5 5.957 | 35.48 {0.1122(0.01259} 19.0 8.913 | 79.43
0.1660 |0.02754] 15.6 6.026 | 36.31 §0.1109|0.01230| 19.1 9.016 | 81.28
0.164110.02692| 15.7 6.095 | 37.15 | 0.1096 [0.01202| 19.2 9.120 ; 83.18
0.1622{0.02630] 15.8 6.166 | 38.02 10.1084 [0.01175{ 19.3 9.226 | 85.11
0.1603 10.02570| 15.9 6.237 | 38.90 | 0.1072(0.01148] 19.4 9.333 | 87.10
0.158510.02512] 16.0 6.310 | 39.81 }0.1059|0.01122| 19.5 9.441 | 89.13
0.1567 |0.02455] 16.1 6.383 | 40.74 |0.1047(0.01096] 19.6 9.550 | 91.20
0.15490.02399| 16.2 6.457 | 41.69 ]0.103510.01072| 19.7 9.661 | 93.33
0.153110.02344] 16.3 6.531 | 42.66 | 0.1023|0.01047| 19.8 9.772 | 95.50
0.151410.02291] 16.4 6.607 | 43.65 10.1012]0.01023| 19.9 9.886 | 97.72
0.1000[0.01000{ 20.0 | 10.000 {100.00
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TABLE 1. Decibels to Voltage, Sound Pressure and Power Ratios. t—

(Conlinued)
— +
db S

Voltage Power Voltage Power
ratio ratio ratio ratio

3.162 X 107! 10—t 10 3.162 10

107! 102 20 10 102

3.162 X 1072 1073 30 3.162 X 10 103

102 104 40 102 10¢

3.162 x 1073 103 50 3.162 X 10* 108

103 10—¢ 60 103 10¢

3.162 X 10~¢ 107 70 3.162 X 103 107

10+ 10— 80 104 108

3.162 X 10~ 10— 90 3.162 X 10¢ 10°
108 10— 100 10* 101

+ To find decibel values outside the range of this table, see page 455. Use the
voltage ratio columns for sound pressure ratios.
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TABLE II.  Voltage and Sound Pressure Ratios to Decibelst

Voltage and sound pressure ratios. Use the table directly.

Power ratios. To find the number of decibels corresponding to a given power ratio:
Assume the given power ratio to be a voltage ratio and find the corresponding number
of decibels from the table. The desired result is exactly one-half of the number of
decibels thus found.

Example: Given: a power ratio of 3.41. Find: 3.41 in the table:

3.41 — 10.655 db X }4 = 5.328 db

‘f;:‘i’fe 0.00|001}002003)|001]005]006]|0.07[008]0.09
1.0 0.000] 0.086] 0 172] 0.257| 0.341| 0.424| 0.506] 0.588] 0 668] 0.749
1.1 0.828| 0.906| 0.984/ 1.062| 1.138 1.214| 1.289| 1.364] 1.438| 1.511
1.2 1.584| 1.656| 1.727| 1.798] 1.868| 1.938] 2.007| 2.076| 2.144| 2 212
1.3 2.270] 2.345) 2. 411! 2.477) 2.542| 2.607] 2.671; 2.734] 2.798] 2 860
1.4 2 923| 2. 984| 3.046| 3.107] 3.167| 3.227] 3.287| 3.346| 3.405 3.464
1.5 3 .522| 3.580| 3.637| 3.694] 3.750| 3.807| 3.862] 3.918] 3.973| 4.028
1.6 4.082| 4.137| 4.190| 4.244] 4.207] 4.350| 4.402| 4.454] 4.506| 4.558
1.7 4.609| 4.660] 4.711] 4.761| 4.811] 4.861| 4.910| 4.959| 5 008| 5.057
1.8 5.105) 5.154] 5.201| 5.249| 5.296| 5.343| 5.390( 5.437{ 5.483| 5.529
1.9 5.575| 5.621] 5.666] 5.711] 5.756| 5.801| 5.845| 5.889| 5.933| 5.977
2.0 6 021 6.064] 6.107 6.150{ 6.193] 6.235{ 6.277| 6.319] 6.361 6.403
2.1 6 444 6486 6.527| 6.568| 6.608] 6.649 6.689 6.729 6.769 6.809
2.2 6 848 6.888| 6.927| 6.966| 7.008 7.044| 7.082| 7.121] 7.159| 7.197
2.3 7.2350 7.272] 7.310] 7 347 7.384] 7.421 7.458] 7.495| 7 532| 7.568
2.4 7.604] 7.640| 7.676 7.712| 7.748| 7.783| 7.819 7.854 7.889| 7.924
2.5 7.959| 7.993| 8.028 8.062| 8.097| 8.131 8.165( 8.199| 8.232| 8.266
2.6 8.299| 8 333| 8.366| 8.399] 8.432| 8.465| 8.498| 8.530| 8.563| 8 595
2.7 8.627| 8 659 8.691| 8.723| 8.755| 8.787| 8.818| 8.850] 8.881] 8.912
2.8 8.943| 8 974} 9.005| 9.036 9.066] 9.097] 9.127| 9.158{ 9.188] 9.218
2.9 9,248 9.278] 9.308] 9.337| 9.367| 9.396| 9.426| 9.455| 9.484| 9 513
3.0 9.542| 9.571| 9600 9.629] 9.657] 9.686! 9.714| 9.743] 9.771| 9.799
3.1 9.827 9.855| 9 883 9 011| 9.930! 9.966] 9.994{10.021{16.049|10.076
3.2 110.103]10.130/10 157/10.184/10.211|10.238]10.264{10 291{10 317/10 314
3.3 [10.370[10.397|10.423]10 449{10.475|10.501{10.527]10.553{10.578/10. 604
3.4 110.630110.655(10.681|10.706]10.731{10.756{10.782|10. 807|10_832{10 857
3.5  110.881]10 906]10 931{10.955/10.980{11.005(11.029{11.053]11.078/11.102
3.6 |11.126{11.150[11. 174{11.198(11.222{11.246|11.270{11.293|11 317[11.341
3.7 I11.364]11.387]11 411]11.434/11.457/11.481]11.504]11 527[11 550011 573
3.8 11.596]11.618]11 641|11.664]/11.687|11.709(11.732|11.754|11 .777/11.799
3.9 |11.821011.844(11 866/11.888!11.910/11.932{11.954|11.976(11 99812, 019

12.041]12 06312 085/12.106]12. 12812.149(12 171[12 192112 213112234
12 256[12 277112 208(12.319|12.340112 .361{12 .382{12.403[12.424/12 444

12 165012 486{12 506(12.527(12.547({12 56812 .588(12.609]12.629/12.6449
12 669]12 690112 710{112 730[12.750{12.770{12.790]12_810!12 829/12 844
12 869112 880112 908112 928{12 948112 96712 98713 . 00613 026113 .045

[EORN N
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TABLE II.

APPENDIX 1

Voltage and Sound Pressure Ratios to Decibels‘T—(Coniinued)

Voltage
ratio

0.

00

0.
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14
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15.
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15.
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16.
16.
16.

16
16

16.
17.
17.
17.
17.

17.
17.
17.
17.
17.

18.
170
276
382

18
18
18
18

064
13.
13.
13.
13.

255
442
625
804

979

.807
.964
15.
15.
15.

117
269
417

563
707
848
987
124

258
391
521

.650
77

902
025
147
266
385

501
616
730
842
953

062

13.
13.
13.
13.
13.

13.
.168
.337
.502
.664

14
14
14
14

i4.
.979
15.
15.
15.

14

15.
15.
.862

15

16.
16.

16.
16.
16.
16.
16.

16.
17.
17.
.278

17

17.

17.
17.
17.
17.
17.

18.
18.
18.
18.

084
274
460
643
822

997

823

133
284
432

577
721

001
137

272
404
534
663
790

914
037
159

396

513
628
741
853
964

073
180
287
392

.480“18.480

13.
13.
13.
13.
13.

14.
14.
14.
.518
.680

14
14

14.
14.
15.
15.
15.

15.
15.
15.
16.
16.

16.
16.
16.
16.
16.

16.
17.
17.
.290

17

17.

17.
17.
17.
. 864

17

17.

18.
18.
.297

18

18.
18.

103
293
479
661
839

014
185
353

839
995
148
298
446

592
735
876
014
151

285
417
547
676
802

927
050
171
408
524
639
752
975

083
191

402
506

13.
13.
13.
.679

13

13.

14.
14.
14.
14.
14.

14.
15.
15.
15.
.461

15

15.
15.
15.
16.
16.

16.
16.
16.
16.
16.

16.
17.
17.
.302

17

17.

17.
17.
17.
.875

17

17.

18.
18.
18.
18.
18.

122
312
497

857

031
202
370
535
696

855
010
163
313

606
749
890
028
164

298
430
560
688
815

939
062
183

420

536
650
764

985

094
202
308
413
517

13.
13.
13.
13.
13.

14.
14.
14.
14.
14.

14.
15.
15.
15.
15.

15.
15.
15.
16.
16.

16.
16.
16.
16.
16.

16.
17.
17.
17.
17.

17.
17.
17.
17.
17.

18.
18.
18.
18.
18.

141
330
516
697
875

049
219
387
551
712

870
026
178
328
476

621
763
904
042
178

312
443
573
701
827

951
074
195
314
431

547
662
775
886
996

105
212
319
423
527

13.
13.
13.
13.
13.

14.
14.
14.
567

14

14.

14.
15.
15.
15.
.490

15

15.
15.
15.
16.
16.

16.
16.
16.
16.
16.

16
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17.
17.
17.

17.
17.
17.
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18.
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18.

160
349
534
715
892

066
236
403

728
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041
193
343
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778
918
055
191

325
456
586
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840

.964

086
207
326
443
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007
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13.
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15.
15.

15.
15.
15.
16.
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16.
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16.
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16
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17.
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17

17.
17.
17.
17.
18.

18.
18.
18.

18

18.

179
368
552
733
910

.083
.253
14.
.538
14.

420

744

902
056
208
358
505

649
792
931
069
205

338
469
599
726
852

.976

098
219
338

570
685
797
908
018

127
234
340
444
547

13.
.386
13.
13.
13.

13

14.
14.
14.
699
14.

14

14.
15.
15.
.373
.519

15
15

15.
15.
15.
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16.

16.
16.
16.
16.
16.

16.
17.
17.
.349

17

17.

17.
17.
17.
17.
18.

18.
18.
18.
18.
18.

198

570
751
927

100
270
436

760

917
072
224

664
806
945
083
218

351
483
612
739
865

988
110
231
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582
696
808
919
020

137
244
350
455
558

13
13.
13.
13.
13.

14.
14.
14.
14.
14.

14.
15.
15.
15.
15.

15.
15.
15
16.
16.

16.
16.
16.
16.
16.

17.
17.
17.
17.
17.

17.
17.
17.
17.
18.

18.
18.
18.
18.
i18.

.217{13

405|113
589/13
768(13

117(14.
287(14.
453|14.

616(14
776|114

933[14
08715

678/15.
820|15.
.959(15

365|16.
49616 .
625/16.
75216.
877/16.

001|17.
122117.
24317 .
36117.
748/17.

593}17.
707(17.
820(17.
931|17.
040(18.

148/18.
255/18.

361/18

465/18..
56818

|

09

.236
.423
.607
.786
94513

962

134
303
469

.632
791

.948
.102
239|15.
388i15.
534|15.

254
402
549

692
834

.973
096|16.
232|16.

110
245

378
509
637
764
890

013
135
255
373
490

605
719
831
942
051

159
266
371
475
578
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TABLE II. Voltage and Sound Pressure Ratios to Decibels. {—(Continued)
Vfi‘t'l’fe 0.00 | 0.01|0.02|0.03|06.04|0.05|006]0.07|0.08]0.09
8.5 118.588|18.599(18.609/18.619|18.629]18.639/18 649|18.660|18.670|18. 680
8.6  [18.690/18.700{18.710{18.720(18.730|18.740[18.750/18.760/18.770/18.780
8.7  [18.790/18.800[18.810[18.820(18.830|18 . 840|18.850/18.860|18.870/18.880
8.8 [18.890/18.900[18.909(18.919(18.920|18 . 939|18.949|18.958|18.968/18.978
8.9 |18.988/18.998|19.007|19.017/19.027]19 . 036|19.046|19.056|19.066/19.075
9.0 |19.085!19.094]19.104]19.114]19.123(19.133(19.143[19.152(19. 162{19.171
9.1 |19.181]19.190]19.200(19.200|19.219|19.228|19.238]19.247{19.257/19.266
9.2 |19.276/19.285|19.295/19.304/19.313]19.323|19.332/19.342{19.351{19. 360
9.3 [19.370/19.379(19.388|19.398/19.407|19.416(19.426/19.435/10. 444(19.453
9.4 [19.463|19.472(19.481]19 490[19.499|19.509(19.518]19.527/19.536/|19. 545
9.5 |19.554/19.564/19.573/19.582/19.591|19.600|19.609|19.618]19.627/19.636
9.6 |19.645(19.654/19.664{19.673|19.682|19.691{19.700(19.700[19.718(19.726
9.7  119.735|19.744]19.753|19.762]19.771/19.780/19.789(19.798/19.807]19.816
9.8 |19.825/19.833!19.842/19.851|19.860|19.869|19.878]10.886/19.895{19. 904
9.9 119.913/19.921/19.930(19.939/19.948[19.956/19.965(19.974/19.983/19.991
0 1 2 3 4 5 6 7 8 9

10 120.000/20.828/21.584|22. 27922 . 923|123 . 522|24. 082/24 . 609|125 . 105/25 . 575
20 |26.021/26.444(26 . 848|27 235(27.604|27 . 950/28. 299]28  627|28 . 043/29 . 248
30 [29.542/29.827(30.103]30.370|30.630|30.881/31.126(31. 36431 .596/31.821
40 |32.041]32.256|32. 465/32.669|32.869|33 . 064/33 . 255|33 . 442/33 . 625/33 . 804
50  |33.979|34.151|34.32034.486/34.648]34 . 807|34.964/35.117/35.269|35 . 417
60  |35.563[35.707|35.848]35.987/36. 124136 258(36 . 39136 521|36. 65036 . 777
70 |36.902|37.025(37.147/37.266]37.385(37. 501|37. 616]37 . 730|37 . 842/37. 953
80  |38.062/38.170/38.276/28 . 382[38. 486|38 . 588(38.600(38.790/38. 800|38. 988
90  |39.085/39.181|39.276|30.370(39. 463|39. 554139 645|39. 73539 825/39 . 913
100 140.000

t To find ratios outside the range of this table, see page 455.
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Conversion Factors

The following values for the fundamental constants were used in the preparation

of the factors:

Acceleration due to gravity

Density of H,O at 4°C
Density of Hg at 0°C

1 U.S. gallon

= 39.37 in. = 3.281 ft

11b (weight) =

0.4536 kg = 0.03108 slug
14.594 kg

= 4.448 newtons

9.807 m/sec?

32.174 ft/sec?

10> kg/m?

1.3595 x 10* kg/m?

1 Bntish Ib

0.83267 British gallon

464

E
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TABLE C.1 Conversion Factors
. Conversely,
To convert Into Multiply by multiply by
acres ft? 4.356 x 10 2.296 x 107
miles® (statute) 1.562 x 10 640
m? 4,047 2.471 x 10*
hectare (10*m?) 0.4047 2.471
atm in. H,0 at 4°C 406.80 2.458 x 107
in. Hg at 0°C 29.92 3.842 x 107
ft H,0 at 4°C 33.90 2.950 x 107
mm Hg at 0°C 760 1.816 x 107
bfin.? 14.70 6.805 x 107
newtons/m? 1.0132 x 10% 9.872 x 10
kg/m? 1.033 x 10* 9.681 x 10°*
°c °F (CCx9/5)+32  (°F—32) x 5/9
cm in. 0.3937 2.540
ft 3.281 x 107 30.48
m 1072 10?
circular mils in.? 7.85 x 107 1.274 x 10°
cm? 5.067 x 10 1.974 x 10°
cm? in.? 0.1550 6.452
ft? 1.0764 x 10> 929
m? 10+ 104
cm? in.? 0.06102 16.387
ft? 3.531 x 10°* 2.832 x 10*
m? 10 10°
deg (angle) radians 1.745 x 107 57.30
dynes 1b (force) 2.248 x 10 4.448 x 10°
newtons 10 10°
dynesfcm? Ib/ft? (force) 2.090 x 107 478.5
newtons/m? 10° 10
ergs ft-1b (force) 7.376 x 10 1.856 x 107
joules 107 107
ergs/cm?® ft-1b/ft? 2.089 x 107 478.7
ergs/sec watts 107 107
ft-lb/sec 7.376 x 10°* 1.356 x 107
ergs/sec-cm? ft-lb/sec-ft? 6.847 x 107 1.4605 x 10*
fathoms ft 6 0.16667
ft in. 12 0.08333
cm 30.48 3.281 x 107
m 0.3048 3.281
fr? in.? 144 6.945 x 107
cm? 9.290 x 10°* 0.010764
m? 9,290 x 107 10.764
ft? in.? 1728 5.787 x 10™*
cm? 2.832 x 10* 3.531 x 10°*
m? 2.832 x 107 35.31
liters 28.32 3.531 x 10
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TABLE C.1 Conversion Factors—Continued

CONVERSION FACTORS

TABLE C.1 Conversion Factors—Continued

467

. Conversely,
To convert Into Multiply by multiply by
ft H,O at 4°C in. Hg at 0°C 0.8826 1.133
Ib/in.? 0.4335 2.307
Ib/ft? 62.43 1.602 x 107
newtons/m? 2989 3.345 x 10
gal (liquid U.S.) gal (liquid Brit. Imp.) 0.8327 1.2010
liters 3.785 0.2642
m? 3.785 x 102 264.2
gm oz (weight) 3527 x 107 28.35
b (weight) 2.205 x 107 453.6
hp (550 ft-Ib/sec) ft-Ib/min 3.3 x 10* 3.030 x 10°*
watts 745.7 1.341 x 107
kw 0.7457 1.341
in. ft 0.0833 12
cm 2.540 0.3937
m 0.0254 39.37
in.? ft? 0.006945 144
cm? 6.452 0.1550
m’ 6.452 x 10* 1550
in.? ft? 5.787 x 10~ 1.728 x 10°
cm? 16.387 6.102 x 107
m? 1.639 x 10° 6.102 x 10*
kg Ib (weight) 2.2046 0.4536
slug 0.06852 14.594
gm 10° 107
kg/m? Ib/in.? (weight) 0.001422 703.0
Ib/t? (weight) 0.2048 4.882
gm/cm? 10 10
kg/m? Ib/in.?> (weight) 3.613 x 10°¢ 2.768 x 10*
Ib/ft> (weight) 6.243 x 102 16.02
liters in.? 61.03 1.639 x 107
ft? 0.03532 28.32
pints (liquid U.S.) 2.1134 0.47318
quarts (liquid U.S.) 1.0567 0.94636
gal (liquid U.S.) 0.2642 3.785
cm? 1000 0.001
m? 0.001 1000
logen, orlnn log, on 0.4343 2.303
m in. 39.371 0.02540
ft 3.2808 0.30481
yd 1.0936 0.9144
cm 10? 107
m? in.? 1550 6.452 x 107
ft? 10.764 9.290 x 107
yd? 1.196 0.8362
cm? 104 10+
m? in.? 6.102 x 10* 1.639 x 107
ft? 35.31 2.832 x 107

. Conversely,
To convert Into Multiply by multiply by
m3 (Cont.) yd? 1.3080 0.7646
cm? 10¢ 10
microbars (dynes/cm?) Ib/in.? 1.4513 x 107 6.890 x 10*
Ib/ft? 2.090 x 107 478.5
newtons/m? 107 10
miles (nautical) ft 6080 1.645 x 10*
km 1.852 0.5400
miles (statute) ft 5280 1.894 x 017
km 1.6093 0.6214
miles? (statute) ft? 2.788 x 107 3.587 x 10°*
km? 2.590 0.3861
acres 640 1.5625 x 107
mph ft/min 88 1.136 x 107
km/min 2.682 x 107 37.28
km/hr 1.6093 0.6214
nepers db 8.686 0.1151
newtons Ib (force) 0.2248 4.448
dynes 10* 107
newtons/m? Ib/in.? (force) 1.4513 x 107 6.890 x 10°
Ib/ft? (force) 2.090 x 102 47.85
dynes/cm? 10 10+
Ib (force) newtons 4.448 0.2248
Ib (weight) slugs 0.03108 32.17
kg 0.4536 2.2046
Ib H, O (distilled) ft? 1.602 x 10 62.43
gal (liquid U.S.) 0.1198 8.346
Ib/in.? (weight) Ib/ft? (weight) 144 6.945 x 107
kg/m? 703 1.422 x 107
Ib/in.? (force) b/ft? (force) 144 6.945 x 107
N/m? 6894 1.4506 x 10*
Ib/ft? (weight) Ib/in.? (weight) 6.945 x 107 144
gm/cm? 0.4882 2.0482
kg/m? 4.882 0.2048
Ib/ft? (force) Ib/in.? (force) 6.945 x 107 144
N/m? 47.85 2.090 x 107
Ib/t> (weight) Ibjfin.® (weight) 5.787 x 10* 1728
kg/m? 16.02 6.243 x 107
poundals Ib (force) 3.108 x 10* 32.17
dynes 1.383 x 10* 7.233 x 107
newtons 0.1382 7.232
slugs Ib (weight) 32.17 3.108 x 107
kg 14.594 0.06852
slugs/ft? kg/m? 157.2 6.361 x 10~
tons, short (2,000 ib) tonnes (1,000 kg) 0.9095 1.102
watts ergs/sec 107 107
hp (550 ft-lbfsec) 1.8341 x 107 745.7
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INDEX

Absorbent mufflers, 359-360
Absorption, in air, 307-311, 345 -346
in materials, 299-305
Absorption coefficients (see Cocflicients)
Absorption units, English, 305
metric, 305
sabins, 305
Acceptable noise levels, auditoriums,
425-427
buildings, 427
office spaces, 423-425
residential areas, 421-423
Acoustic, definition of, 9
Acoustic compliance, 35, 65, 128-130
Acoustic components, 116-143
Acoustic filters, 143, 353-360
Acoustic generators, 66—67
Acoustic impedance, 11
Acoustic inertance (see Mass)
Acoustic mass, 63-64, 131-133
Acoustic materials, carpets, 300
draperies, 300
for duct lining, 352-354, 356--359
for engine test eells, 356-360
fabrics, 300
mounting conditions, 303-304
perforated facing, 303
seats, 300-301
thickness, 302
tiles, 302-304
in ventilation systems, 352-354, 356-
359
Acoustic ohm, 11
Acoustic resistance, 65-66
Acoustic responsiveness, 65-66
Acoustic structures, 349-360
Acoustic transformers, 139-142
Acoustical, definition of, 9
Acoustical circuits, 62-69
Acoustical elements, 62-69
Acoustical Society of America, v
Acoustical standards, 8, 15, 372, 396
Adiagbatic, definition of, 4
Adiabatic alternations, 19
Adiabatic gas law, 19
ADP (ammonium dihydrogen phos-
phate), general, 164-174
microphone, 363
Age effects on hearing, 396

Air, specific heat of, 19
Air absorption, 307-311, 345-346
Air-gap energy, 2006
Air losses, 308-311, 345-346
Aircraft noise, 342, 344
Altec 21-C microphone, 158
American Standard Association, &, 15,
372, 396, 400
sound-level meters, 15
terminology, 8
Ammonium dihydrogen phosphate (see
ADP)
Amplification systems, speech, behavior
indoors, 407-412
behavior outdoors, 407-410
cellular horns, 107-108
(See also Horns; Loudspeakers:
Microphones)
Amplitude, movement of cardrum, 389
Analogies, 47-90
conversion of, 77-78
direct, 52
impedance-type, 52
inverse, 52
mobility-type, 52
rotational, 67
Analogous impedance, 11
Analysis of sound, frequency analyzers
333-334, 362-365
Anechoic chamber, 22, 229, 278, 394, 40¢
Architectural acoustics, 298-331, 417-42!
Array, curved, 106-108
linear, 96-97
two simple sources, 93-96
Articulation index, 408-412
Articulation scores, 411-415
Attenuation of sound, air, 307-311, 345
346
barriers, 348
doors, 349
ducts, 350-353
mufilers, 353-360
structures, 324-330
Attenuation coefficient, 307-311
Attenuation constant, air, 307-311
Audibility threshold, 394-396, 408
Auditoriums, echoes, 427-428
examples, 322-324
mean free path, 298-299
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aditoriums, noise, 427-429
psychoacoustic criterion, 425- 429
reverberation time, 306-311, 425~ 1426
room constant, 312-313, 425--426
sound absorption coefficients, 299-305
sound decay rate, 304-306
sound encrgy density, 313-314
sound pressure levels, 314-322
speech intelligibility, 406-417
transmission through walls, 324-331

wditory canal, 390

wtomobile power levels, 339

wverage absorption coefficient «, defi-

nition, 299-305
graphs, 302-304
table, 300-301

ixis, principal, 112

reference, 112

Jackground noise, effect on readings, 374
Jackward-traveling wave, 288-289
3aflle, bass-reflex, 239-258
closed-box, 114, 211-228
definition, 101, 184, 209
finite, flat, 210-211
infinite, 210
measurement of, 231-232
parallel, absorbent, 356-359
3affle constants, 231-232
3andwidths, analyzers, 333-334, 362-365
critical, 334, 365-366, 393-394, 406
3arium titanate, general, 164, 167
microphone, 174-177, 363
3arometric pressure, atmospheric, 9
corrections in rooms, 315
Barriers, 348
3asilar membrane, 390-391
Bass quality, cardioid microphone, 182
explanation, 38-39, 148-149
gradient microphone, 148-149, 178
ribbon microphone, 148-149, 178
Bass-reflex baffles, 239-258
Beam width, 92, 108
Bender Bimorph, 170-173
Bends, in ducts, 351-352
in horns, 278-279
Bessel functions, 118-119
Beta (8) operator, 87-88
Bimorph, 170-173
Boundary conditions, 29
Box, bass-retlex, 239-258
closed, 114, 211-218
open-back, 211
vented, 239-258
Brick partitions, 328-329
Building materials, absorption cocf-
ficients, 300
densitics, 328
transmission losses, 328-329

Cabinet  for loudspeakers, bass-reflex,
239-258
closed-box, 211-228
open-back, 211
Cables on microphones, 371
Calibration of transducers, auxiliary
transducer, 383-387
free-field, 382-385
general equation, 381-382
pressure, 385-387
reciprocity method, 377-387
self-reciprocity, 382-383
Calibrator for microphones, 363
Canal, ear, 390
Capacitance, microphones, 169, 172, 173,
175
Capacitor microphones, construction and
properties, 157-164
dynamic range, 157
electrical impedance, 157, 160-161
general relations, 72-75
humidity effects, 157
mechanical impedance, 157, 160-161
temperature effects, 157
Cardioid pattern, 150, 181
Cavity, closed, 128-129
with holes, 136-137
Cellufoam, 220
Cellular horn, 107-108
Ceramic microphone, 174-177
Characteristic impedance, 11, 36
Charles-Boyle gas law, 18
Churcher-King contours, 400
Circuit, for acoustic transformer, 139
for closed tube, 130
for filter, acoustic, 354
for loudspeaker, in bass-reflex baffle,
241
in closed-box or infinite baflle, 213
direct-radiator, 187, 201
horn, 262
for microphone, capacitor, 162
moving-coil, 155
piezoelectric, 168
ribbon, 179
for open tube, 130
for radiation impedances, 117, 121,
124-126
Closed-box baflle, 114, 211-228
Closed tube, 28-35, 128-129
(See also Tubes)
Cochlea, 390
Cochlear partition, 390
Coeflicients, absorption, of building ma-
terials, 300
of materials, 299-305
of sound, 299-304
(See also Average absorption coef-
ficient «)
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Cocflicients, attenuation, m, 307-311
coupling, 72n., 230-231
noise-reduction, 303

Coll, voice, construction, 184

design, 195-198

Compensating networks, 401

Complex conjugate, 44n.

Complex exponential function, 25

Complex impedances, 1]

Complex magnitude, 26

Complex numbers, convention for, 11

25-28, 44n.

Complex ratio, 11

Complex solutions, 25-28

Complex sounds, analysis, 362-365

Compliance, acoustic, 35, 65

special, 35
closed-box, 217, 221-222
closed-tube, 128-129
diaphragm, 130, 215, 230
jug, 130-131
measurement, 230
mechanical, 53-54
short-tube, 35, 129
suspension, 215, 230

Components, acoustic, 116-143

Compound-wall constructions, 329

Compressibility of air, cavities, 35, 128-

129, 217, 221-222

Condenser microphones (see Capacitor

microphones)

Cone, solid, in space, 112, 183-184
(See also Diaphragms)

Conical horn, 276-278

Connector, exponential, 141-142

Constants, baffle, 231-232
barometric-pressure, 9
characteristic impedance, 11
damping, 205, 292, 307
density-of-air, 10
diaphragm, 214-215, 228-231
flare, 270
gas, 19
loudspeaker, 228-231
port, 240-241
power-available generator, 190
reciprocity, 381
reference quantities, 13-14
room, 313, 316, 425-427
speed-of-sound, 10

Continuity equation, 20

Conversion tables, decibel, 455-463
factors, 464-467
mobility-to-impedance analogies, 51
octave-band levels, to critical-band

levels, 366
to spectrum levels, 364
units, 464-467
(See also Tables)

’

Couplers, exponential, 141-142
for primary calibration, 385
Coupling cocfficient, 72n., 230-231
Course organization, vii
Criteria, psychoacoustic, 417-429
auditoriums, 425-427
damage-to-hearing risk, 416-417
noise, in buildings, 427
control of, 427
in office spaces, 423-425
in residential areas, 421-423
reverberation time, 425
room constant, 425-427
speech interference levels, 419-420
Critical bandwidths, 334, 365-366, 393—
394, 406
Critical frequencies of haffles, 244-247
Cross-sectional shapes, horns, 279-280
Crystal microphones, applications, 165,
177
barium titanate, 174-177
Bimorph, 170-173
crystal shapes, 164-166
diaphragm-actuated, 176-177
direct-actuated, 176-177
distortion, 173
dynamic range, 165
electrical impedance, 165
equivalent circuit, 168
expander plate, 166-170
frequency response, 165
general relations, 72-75
humidity effects, 167
hydrostatic operation, 166-168, 170,
177
internal resistance, 173
resistivity, 173
self-noise, 173-174
shear-plate, 165-166
stability, 168-177
strength, 167
temperature effects, 168-169, 172, 174
tests for normaley, 174
Curved-line source, 106-108
Cutoff frequency, 271, 362-364

Damped vibrations of rooms, 291-295,
304-311

Damping constant, loudspeakers, 205
rooms, 292, 307

Dashpot, 55

Data recording, 374-375

Deafness, 396-397, 416-419

Decay of sound, in loudspeakers, 205
rate of, 304-305
in rooms, 293-295, 304-311

Decay constant, loudspeakers, 205
rooms, 292, 307
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Jecay curves for sound in rooms, 293-
294
Deccibel, conversion tables, 455-463
definition, 12
Density, air, definition, 7, 10
formula, 10, 39
normal, 10
variational, 23
building materials, 328
energy (see Energy density)
flux, 186, 214, 230, 266
metals, 197
Diameter, effective, of diaphragms, 215,
231
Diaphragms, behavior, 199-201
constants, 214-215, 228-231
design, 199-202
diameter, effective, 215, 231
measurement, 228-231
stiffness-controlled, 130
unflanged, 148
velocity, 187, 199, 224-225
Diffraction, case of sound-level meter
373-374
human being, 373-374
long-tube, 103
microphones, 157, 180, 372
Diffuse sound ficld, 298
Dipole source (see Doublet)
Direct-radiator loudspeakers, 183-207
advantages, 183
baffle, 210-258
finite, 210-211
infinite, 210
bass-reflex, 239-258
box-enclosed, 211-228
coaxial, 202-203
construction, 183-184
diaphragm, 198
disadvantages, 183
divided-cone, 201
duocone, 201
element sizes, 214-216
examples, 194-195, 207, 231-239
measurement of elements, 228-231
multiple, 259-260
response, 198, 203-204
axial, 203204
transient, 205
subjective judgments, 205
triaxial, 202-203
unbaffled, 209-210
Direct sound, 311, 317, 320-321
Direct speech, 409
Directional microphones, arrays, 93-96
diaphragm, 117-128
directivily as related to sources, 378-
379
doublet, 148
ribbon, 178-182

Directivity, measurement of, 365-369
noise-control, 334, 342-344
sources of, 91-115, 316-319
of transducers, 378-379
Directivity characteristies, 91
of loudspeakers, 202-203
of microphones, 148, 150, 181
relation between microphones and
loudspeakers, 378-379
Directivity factor, 109-112, 317, 319,
321
Directivity index (see DI)
DI (directivity index), calculation, 109-
115
definition, 109
sources, 92, 95, 97-98, 100, 102, 104--
105, 107, 112-114
Directivity patterns, 91-108, 114
aircraft, fans, 344
frec disk, 103-105
speech, voice, 343
Disk, free, directivity patterns, 103-105
radiation impedance, 128
Dispersion of sound, 25
Displacement, eardrum, 389
microphone, 159, 168
particle, 5, 7, 23, 39
transducer, 72
Distortion, horn, 272-276
large-amplitude waves, 272-274
loudspeaker, 205-206, 252-253
microphone, 173
nonlinear, 173
transient, 205-206
Doors, transmission loss, 349-350
Doublet, microphone, 148
source, piston without baffle, 103-105
simple, 97-100
Draperics, 300
Driving units, circuit for, 262
construction, 261
divided-cone, 201
typical, 260-261
(See also Direct-radiator loudspeakers)
Ducts, attenuation in, 350-353
Dynamic loudspeaker (see Direct-radi-
ator loudspeakers)
Dynamic microphone, 151-157, 363

Ear, anatomy, 390-394
canal, 390
critical bandwidths, 334, 365-366, 393—
394, 406
differential sensitivity, 403-404
loudness, 401-403
loudness level, 398-401
masking, 404-406
piteh, 397-398
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12ar, thresholds, 394-397
transfer function, 401
Eardrum, 389-390
Larphone, moving-coil, 88
Iichoes, 427
Lffective length of tube, flanged, 132-
133
unflanged, 133
Effective particle velocity, 10
Effective sound pressure, 9
Effective volume velocity, 10
Efficiency, loudspeakers, maximum
power available, 190-193, 195-198,
262-265
reference, 193-194
Iilectromagnetic loudspeakers, 183-207
Electromagnetic-mechanical transducers,
70-71, 84-85
Electromagnetic microphones, 151-157
Electromechanical transducers, 70-75,
86-90
Electrostatic-mechanical transducers, 71—
75, 85-86
Electrostatic microphones, 157-164
Elements of circuits, acoustical, 62-69,
128-143
compliance, acoustic, 129-131
general, 48-50
mass, acoustic, 131-133
mechanical, 51-62
radiation, 116-128
resistance, acoustic, 133-136
transducers, 70-77
transformers, acoustic, 139-142
Enclosures, bass-reflex, 142-143, 239-
258
box, 114, 211-228
large irregular, 298-331
loudspeaker, 208-258
rectangular, 286-297, 330
sound in, 28-35
steady-state behavior, 291-294
transient behavior, 291-295
tube, 28-35
End corrections, closed-box, 217-218
flanged-tube, 132-133
free-tube, 133
Energy, air-gap, 206
dissipated, 80-82
kinetic, 40
potential, 40
stored, 80-82
Encrgy density, definition, 11-12
example, 45
general equation, 40
kinetic, 40
plane waves, 40-43
potential, 40
rooms, 298

Energy density, spherical waves, 43
steady-state sound, 311-314
Energy flux (see Intensity)
Engine noise, 340
Equal-loudness contours, 399-400
Equations, acoustical, general, 39
Eyring-Norris, 306
horn, 269-273
microphone, 145, 148, 150
reciprocity, 382-384, 387
reverberation, 306
room, 298-429
transducer, 83-88
wave, 16-23, 39
solutions to, 23-39
Expander plates, 166-170
Exponential, horn, 268-276, 282, 284
Exponential connector, 141-142
Exponential function, 25
External ear, 390
Eyring-Norris equation, 306

Fans, ventilating, 342, 344

Far field, 100-101

Feeling, thresholds of discomfort, tickle
and pain, 397

Fiberglas blanket, 219

Fiberglas board, 219

Fiberglas wedge, 221

Field, sound, anechoic, 22, 229, 278, 394,

409

diffuse, 298
direct, 311
far, 100-101
free, 22, 36
near, 100-101
reverberant, 311
Filters, acoustic, 143, 353-360
electrical, 333334, 362-365
Finite-sized bafile, 210-211
Flanking transmission, 359-360
Flare constant, 270
Fletcher-Munson contours, 399
Flow resistance, 219
Fluctuating sounds, measurement, 371-
372
Fluctuations of sound in room during
decay, 293294
Flux density, definition, 186
measurement, 230
typical, for loudspeakers, 214, 266
Folded horn, 278-283
Force, equation of, 17, 39
Forced vibrations (see Steady state)
Forward-traveling wave, 288-289
Free ficld, definition, 22, 36
reciprocity formulas, 382-385
response, microphones, 157, 382-385
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frequency, analyzers, 333-334
critical, 244-247
definition, 7, 397
differential sensitivity of ear, 404
normal, 287
resonance, 215, 229, 244, 263, 286-287
welghting, 401
Frequency response, filters, 353-360
loudspeakers, 189-192, 226-228, 246-
253
horn, 263266
microphones, 156, 164
mufllers, 353-360
sound-level meters, 372-373
transducers, 379-381
Friction in air, 135, 137
Fundamental, missing, 404

Gas, adiabatic, 19-20
Charles-Boyle law, 18

Gas constants, 19

General Radio Type 1551-A sound-level

meter, 374

Generators, acoustic, 66—67
constant-force, 56
constant-pressure, 66
constant-velocity, 55
constant-volume-velocity, 66
loudspeaker (see Direct-radiator loud-

speakers)

mechanical, 55-56
table of, 51
voice, 338-343, 407-408

Glass fiber blanket, 219

Glass fiber board, 219

Glass fiber wedge, 221

Goatskin, 202

Gradient microphones, general, 146-150
ribbon, 178-180

Gram-molecular weight, 19

Graphic-level recorder, 363

Grazing incidence sound, 372

Harmonic distortion, in gases, 272-274
in horns, 272-274
in loudspeakers, 252-253
in microphones, 173
in sound waves, 272-274
Hearing, 388-406
differential sensitivity, 403-404
car, 390-394
loudness, 398-403
masking, 404-406
mechanism, 388-389
missing fundamental, 404
pitch, 397-398
thresholds, 394-397

EX
Helmholtz resonator, 69
Hemispherical radiation, 345
History, 1
Horn loudspeakers, 259--284
Horns, advantages, 259
bends, 278
cellular, 107-108
conical, 276-278
cross-sectional shapes, 279
cutoff frequency, 271
disadvantages, 259-260
distortion, harmonic, 272-274
nonlinear, 272-276
equation, 269
exponential, 268-276
finite, 272-276
flare constant, 270
folded, 278-283
high-frequency, 282-284
hyperbolic, 277
impedance, 269-273
infinite, 269272
Klipsch, 283
low-frequency, 280-282
materials, 280
mobility, 264, 270-271
mouth, 259, 268
multicellular, 107-108
parabolic, 276
throat, 259
typical, 280-284
Humidity, effects of, on microphones,
151, 157, 167, 174, 370
on sound propagation, 308-311
Huygens wavelets, 93
Hydrostatically sensitive microphones,
167, 170, 175, 177

Impedances, acoustic (see Specific acous-

tic impedance)

American Standard, 11

analogies, 77-78

characteristic, 11, 36

closed-box, 216-221

conversion to mobility analogies, 51

definitions, 11

at discontinuities, 139-142

horn, 269-273

inverter, 85

loudspeaker, 185, 213

mechanical, 11, 52

microphones, 157, 160-161, 165

motional, 85, 187

perforated sheet, 138-139

pipes, 131-135

planc wave, 35

radiation (see Radiation impedances)

sereens, 134-135

Impedances, slits, 135136
spherical wave, 36-38
surge, 36
transducer, 83-86
tubes, 131-135

rigidly closed, 32-35
small, 135
voice-coil, 214-216, 229

Inertance (see Mass)

Infinite baffle, 210

Inner ear, 390

Intelligibility of speech, 406-417

Intensity, definition, 11
example, 45
general equation, 43
plane waves, 44
simple source, 93
spherical waves, 44-45, 93

Introduction, 1-8

Isothermal, definition of, 4

Isothermal alternations, 19

Jug, 130-131, 133

Kapok, 220
Kinematic coefficient of viscosity, 137
Klipsch horn, 283

Laboratory experiments, viii
Large-amplitude waves, 272-274
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Listeners, preferences, 205-206, 208
speech intelligibility, 406-417
Lithium sulphate, 164-177
Lobe, principal, 96
side, 96
Losses, air, 308-311, 345-346
Loudness, calculation, 401-403
definition, 401
differential sensitivity, 403-404
principles, 398-403
Loudness function, 401-402
Loudness levels, calculation, 401-403
contours, 399-400
definition, 398-399
Loudness units, 401
Loudspeakers, bass-reflex enclosed, 142—
143
box-enclosed, 113-115
coaxial, 202-203
direct-radiator (see Direct-radiator
loudspeakers)
distortion, harmonic, 252-253
nonlinear, 252-253
divided-cone, 201
duocone, 201
electromagnetic, 183-207
horn combination, 259-284
impedance, 185, 213
moving-coil, 75-76
multiple, 259-260
subjective judgments, 205
triaxial, 202-203

Length, effective, of tube, flanged, 132~

133
unflanged, 133
Level, acoustic intensity, 12
band pressure, 15, 364
discomfort, tickle, pain, 396--397
intensity, 12-14
loudness (see Loudness levels)
power (see Power levels)
power-spectrum, 15, 364
pressure, 13, 305, 314-322, 361--369
pressure-spectrum, 15, 364
sound, 14, 372
sound pressure, 13, 361-369, 372
spectrum, 15, 364
threshold of audibility, 394-396
tolerance, 396-397
Levers, floating, 57-58, 61-62
simple, 56-57
Line microphones, 96-97
Linguistic factors, 412-417
Lining, baffle-box, 219
Lining impedance, 219-221
Linings in ducts, 352-353
Listeners, criteria, 417-429
hearing, 388-406

Machinery, power levels, factory, 338-
340
office, 340
vibration isolation, 335-339
Magnetic-tape recorder, 363
Masking, critical bandwidths, 334, 365
366, 393-394, 406
definition, 404-405
of pure tone, by another, 405
by noise, 405-406
Mass, acoustic, 63-64, 131-133
diaphragm, 215, 229-230
mechanical, 52-53
radiation, 116-128, 216, 242
voice-coil, 214-215
Mass law, 328
Massa microphone, 176
Materials, acoustic (see Acoustic mate-
rials)
sound-absorbing, 134, 219-221, 250,
303~304, 335-339, 350-360
wall, 328
Matrix, impedance, 84-86
transducer, 83-86
Mean free path, 288-289
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Measurement, analysis, 362--365
directivity, 365-369
fluctuating sounds, 371
high-frequency noise, 370
high sound levels, 370
low-frequency noise, 370
fow sound levels, 369-37(
sound power level, 365-367
sound pressure, 361-376
sounds in varying humidity and tem-
perature, 370
spectrum level, 364
Mechanical circuits, 47-62
Mechanical compliance, 53-54
Mechanical elements, 51-62
Mechanical generators, 55~-56
Mechanical impedance, 11, 52
Mechanical mass, 52-53
Mechanical ohm, 11
Mechanical resistance, 54
Mechano-acoustic transducers, 75
Megaphone, 106-108
Mel, 397, 403
Membrane, stretched, 130
Metals, density, 197
resistivity, 197
Meters, fast-scale, 371-372, 420
rms, 26
slow-scale, 371-372, 420
sound-level, 15, 372-373
sound-pressure-level, 26, 361-365, 369-
372
Microbar, definition, 9
Microphones, 144-177, 363
angle of incidence, 146, 372-374
bass quality, 38-39, 178, 182
cables on, 371
calibrator for, 363
capacitor (see Capacitor microphones)
cardioid, 148, 180-182
ceramic, 174-177
choice, 369
combination, 149-150, 178-182
crystal (see Crystal microphones)
diffraction effects, 157, 180, 372-374
directional (see Directional micro-
phones)
distortion, harmonic, 173
nonlinear, 173
dynamic, 151-157
effect of humidity on, 151, 157, 167,
174, 370
electromagnetic, 151-157
electrostatic, 157-164
hydrostatice, 167, 170, 175, 177
impedance, 157, 160-161, 165
incidence angle, 146, 372-374
line, 96-97
moving-coil, 151-157, 363

Microphones, piezocleetrie, 76, 164-177
pressure, 144-177
pressure~-gradient, 146-149, 178-182
vibbon (see Ribbon microphones)
velocity, 146-149, 178~180
(See also specific namesof microphones)
Middle ear, 390
Missing fundamental, 404
Mks units, 9, 82, 209
Mobility, acoustical, 117, 120-121, 123~
126
analogies, 77-78
conversion to impedance analogies, 51
definition, 52
horn, 264, 270-271
mechanical, 52-62
ohm, 52
radiation, 117, 120121, 123-126
Mode, normal, of vibration, 286
Mohm, 52
Mole, 19
Motion equation, 17-18, 39
Motional impedance, 85, 187
Mounting of acoustical materials, 303—
304
Mouth, horn, definition, 259
size, 268
Moving-coil earphone, 88
Moving-coil loudspeaker, 75-76
Moving-coil microphone, 151157, 363
Moving-coil transducers, 71, 75, 88, 90
Mufliers, 353-360
Multicellular horns, 107-108
Multiple loudspeakers, 259-260

National Bureau of Standards test room,
325
Natural frequency, 287, 296
Near field, 100-101
Networks, 401
Newton's second law, 18, 53, 64
Noise, aircraft, 342, 344
ambient (background), 374
correction for, 375
analysis of, 362-365
automobiles, 339-340
control of (see Noise control)
effect of, on hearing, 396-397, 416-419
on speech intelligibility, 408-416
fan, 342
machinery, 339-341
measurement of, 361-376
random, 393
sel{-, in microphones, 174
white, 393
Noise control, air losses, 345 348
analyzers, 333-334
barriers, 348

Noise control, eriteria, 334

directivity, 334

source, 342-344

doors, 349-350

ducts, 350-353

environment, 334

factors, 333-335

illustration, 335-339

mufllers, 353-360

procedures, 333-339

required, 334

source levels, 338-341

terrain losses, 347

transmission paths, 334

vibration isolation, 335

walls, 324-330, 349-350
Noise levels, acceptable, 417-428
Noise measurement, 361-376
Noise reduction (see Noise control)
Noise-reduction coefficients, 303
Nomogram, directivity-index, 113
Nonlinear distortion, horns, 272-276

loudspeakers, 252-253

microphones, 173

plane waves, 272-274
Nonlinearity in gases, 272-274
Normal frequencies, 287
Normal-frequency diagram, 296
Normal modes of vibration, 286
Normal threshold of audibility, 395
Norris-Eyring equation, 306

Objective noise meter, 15, 372-373
Octave, analyzers, 333-334, 362-366
definition, 364
Ohm, acoustic, 11
mechanical, 11
Open tube, 131-133
Optimum reverberation timne, 425
Optimum room constant, 426
Orchestra power levels, 338
Organ pipes, 106
Orthotelephonic gain, 409
Ossicles, 390
Oval window, 390

Pain due to large sounds, 396-397
Parabolic horn, 276
Parabolic megaphone, 106-108
Parallel baffles, 356-359
Particles, displacement, 7
veloeity, 7
plane wave, 35
relation to pressure, 39
rigidly closed tube, 29-31
spherical wave, 36
Partitions, building, 328-329
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Perforated facings, 302-303
Perforated sheet, 138-139
Phon, 399
Piezoelectric coupling coefficient, 72
Piezoelectric microphone, 76, 164177
Piezoelectric substances, 167
Piezoelectric transducers, 71-75, 90
Pipes, junctions, 139-142
organ, 106
Piston, without baffle, 103-105, 128
directivity, 101-106
in end of tube, 103-104, 123-128
impedance, 118-128
in infinite bafile, 101-103, 105-106,
118-123
in tube, 28-35
Pitch, definition, 397-398
differential sensitivity, 404
Plane waves, distortion, 272-274
free progressive, 5, 35
impedance, 35-36
large-amplitude, 272-274
particle velocity, 35
pressure, 35
rigidly closed tube, 28-35
Plywood, 280
Point source, 91-93
Polar diagram (see Directivity patterns)
Polarized sound wave, 100-101
Porous materials, 134, 217-222, 303-304,
335-339, 350-360
Port, definition, 239
distortion, 252-253
size, 242, 255
Port constants, 240-241
Power, active and reactive, 82-83
dissipated, 80-83
efficiency, 190-194
available, 190-194, 196, 262-263
loudspeaker, 188
source, 109-112
vector, 82-83
Power levels, acoustic, 14, 361-369
aircraft, 342
automobiles, 339
band, 15
definition, 12, 14-15
electric, 12
engines, 340
machinery, 338-340
office, 340
orchestra, 338
propellers, 341
steam hose, 341
ventilating fans, 342
voice, 338
Power-spectrum level, 15, 364
Pressure, ambient, 7, 9
atmospheric, 9
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Pressure, barometric, 9
definitions, 9
differential sensitivity of ear, 403
doubling, 141
effective, 9
excess, 8
incremental, 7, 9
instantancous, 9
measurement, 361-376
microphones, 144-177
gradient, 146-150, 178-182
plane wave, 5, 35
rigidly closed tube, 31-32
sound, 5, 8, 9, 31-32
spherical wave, 36
static, 9
Pressure level, 13, 305, 314-322, 361369
Pressure-spectrum level, 15, 364
Primary calculation, 377-387
Propagation, general equations, 39
sound, through gas, 5
speed, in air, 10, 22, 24
in diaphragms, 203
Propagation constant, 26, 308-311
Propeller noise, 341
Psychoacoustic criteria (see Criteria)
Psychoacoustic factors, 208
Psychological studies, hearing, 388-406
loudspeakers, 206
speech intelligibility, 406-417
Public-address systems (see Amplifica-
tion systems)
Pulsating sphere, 36-39, 92-93

Q, of loudspeakers, 189, 190, 229
of perforated sheet, 138
of resonant circuits, 138, 190
of sources, 109-115, 189
(See also Directivity factor)
Quartz, 167

Radiation, from cellular horns, 107-108
from curved sources, 106-108
directivity patterns, 91-108, 114
from doublet, 97-100
from free disk, 103-105
from hemispherical source, 345
impedances, 116-128, 216

free-disk, 128

piston, in end of tube, 123-128

in infinite baffle, 118-123

spherical source, 117-118
from linear array, 93-98
loudspeaker, 222-228, 243244
from multicellular horn, 107-108
from piston, baffled, 101-103

free, 103-105

tube, 103-104

Radiation, from spherical source, 36-39,
92, 345
Radios, audio system, 401
receivers, 400
tone control, 401
Random noise, 393
Randomly incident sound, 328, 372
Rate of sound decay, 304-305
Rayl, 11
Reactance (see Impedances)
Reciprocity, auxiliary transducer, 383-387
self-, 382-383
Reciprocity calibration, free-field, 382-385
pressure, 385-387
Reciprocity principle, 377-378
Reciprocity theorem, 379-381
Recorders, graphic-level, 363
magnetic-tape, 363
Recording, of data, 374-376
of signals, 363
Reduction, noise, coefficients of, 303
(See also Noise control)
Reference intensity, 13
Reference loudspeaker response, 193, 194,
246
Reference power, 14
Reference power available efficiency, 193
Reference sound pressure, 13, 194, 246
Reissner’s membrane, 391
Relations, general acoustical, 39
Relative humidity (see Humidity)
Resistance, acoustic, 65-66, 133-136
flow, 219
fluid, 55, 134
frictional, 54
lined box, closed, 216-221
mechanical, 54
radiation, 116-128, 216, 243
screens, 134-135
viscous, 54, 134
voice-coil, 214
Resistivity, crystals, 173
metals, 197
wire, 196-197
Resonance, basilar membrane, 392
circuit, 83
diaphragm, 199-200
ear, 392
rim, 199-200
room, 286-293
transverse, 287
Resonance curve, 292
Resonance frequency, 215, 229, 244-247
Resonators, Helmholtz, 69
Response, filters, 353-360
loudspeakers, 189-192, 225-227, 246-
253
horn, 263-266
microphones, 156, 164, 379, 385
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Response, mufflers, 353-360
sound-level meters, 372-373
transducers, 379-381

Responsiveness, acoustic, 65-66
mechanical, 54

Reverberant-energy density, 311-313

Reverberant sound, 311-314, 318, 321

Reverberation time, definition, 306
enclosures, 306-311
living rooms, 205~206
optimum, 425

Ribbon microphones, circuit, 179
directivity, 180
frequency response, 180
low-frequency boost, 38-39, 148-149,

178
structure, 178-179

Rim construction, loudspeakers, 198

Rim resonance, loudspeakers, 199-200

Rochelle salt, Bimorphs, 170-173
crystal structure, 164
general, 164174, 363
humidity, 167, 174
long cables, 371
microphones, 164-174, 370-371
nonlinear distortion, 173
normaley tests, 174
plates, expander, 166-170

shear, 165-166
properties, 167
resistivity, 173
self-noise, 173
temperature effects, 167-174, 370-371

Room constant, definition, 312
optimum, 425-427
typical, 316

Rooms (see Auditoriums; Enclosures)

Rotational systems and analogies, 67

Sabin, 305
Schematic diagrams, conventions, 48-52
definition, 47
Self-noise in microphones, 174
Self-reciprocity, 382-383
Shear plates, 165-166
Sheepskin, 200-201
Sheets, perforated, 138139
sinusoidal absorbent, 358-359
Side lobe, 96
Silencers, 353~360
Simple source, 91-93, 367
Slit, impedance, 135-136
Solutions to wave equation, one-dimen-
sional, 23-36
plane wave, 35-36
rigidly closed tube, 28-35
spherical, 36-39
steady-state, 25-28

Sone, 401
Sound, definition, 3
diffuse field, 298
direct, 311, 317, 320
dispersion, 25
intensity, 11-12
pressure, 5, 9
propagation, 9
reverberant, 311-314, 318, 321
sources, 338-344
speed, 7, 10, 22, 24, 203
transmission, 324-331, 345-346
Sound absorption, in air, 307-311, 345
346
coefficients, 299-305
in materials, 209-305
Sound-amplification systems (see Ampli-
fication systems)
Sound coeflicients, 299-305
Sound energy, density, 12
flux, 11-12
Sound level, 11-15
intensity, 12-14
pressure, 13, 15
Sound meters, level, 15, 372-373
pressure, 26, 362-365, 372-373
Soundstream absorber, 358-359
Source function, 91-93, 367
Sources, acoustic, 66-67, 91~115
curved-line, 106-108
directional, 316-321, 367-369
doublet (dipole) 97-100
horn, 108
infinite-impedance, 49, 51
large, 321-322
linear array, 96-97
mechanical, 55-56
megaphone, 106-108
piston, without baffle, 103-105
in end of tube, 103-104
in infinite baffle, 101-103, 105-106
rooms, inside, 291, 313-322
simple (point), 91-93, 367
spherical (see Spherical sources)
strength, 93
table of, 51
two simple in-phase, 93-96
zero-impedance, 49-51
Specific acoustic impedance, definition, 11
plane wave, 35
rigidly closed tube, 32-35
spherical wave, 36
Specific heat of atr, 19
Spectrum level, measurement, 364
power, 15, 334
pressure, 15, 364
Speech, articulation index, 408
direct, 409
dircctivity patterns, 343
intelligibility, 406-417
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Speech, articulation index, levels, 410
peak and mimimum, 408
Speech, levels, power, 338
range, 338, 407-408
reverberant, 410
spectrum, 338, 407-408
Speech amplification systems (see Ampli-
fication systems)
Speech-level range, 338, 407408
Speed of sound, air, 7, 10, 22, 24
diaphragms, 203
Spherical sources, properties, 91-93, 367
radiation, 345
impedance, 117-118
Spherical wave, 36~39
Standing wave, 286
Stationary wave, 28-35, 286
Steady state, 25-26, 39, 49, 201-293, 311~
322
Stiffness (reciprocal of compliance) (see
Compliance)
Strength of simple source, 93
Subjective judgments, loudspeakers, 205
Suspension, compliance, 215, 230
Symbols, meaning of, 49-50
Synthetic bass, 404

Tables (selected), absorption coefficients,
300-301
acoustical relations, 39
building materials, densities, 328
weights, 328
coefficients of absorption, 300-301
conversion, from mobility to imped-
ance analogies, 51
of octave-band levels, to critical-
band levels, 366
to spectrum levels, 364
(See also Conversion tables)
conversion factors, 464-467
criteria for noise control, 427
damage-to-hearing risk criteria, 416
decibel conversion, 455-463
directivity factors, 319
energy and power in elements, 81
frequency bands of 300-mels width,
403
general acoustical relations, 39
mel bands of 300-mels width, 403
metals, density, 197
resistivity, 197
noise-control criteria,*427
piezoelectric substances, 167
power and cnergy in elements, 81
radiation impedances and mobilities,
124-126
speech interference levels, 420
symbols, meaning of, 49-50
thresholds of tolerance, 397

Tables (selected), unit conversion, 464-467
voice levels, 410
Telephone speech intelligibility in noise,
424
Temperature, corrections in rooms, 315
effects on microphones, 151, 157, 167,
174, 370
gas law, 18
incremental, 39
in relation to pressure, 39
Temperature gradients, 348
Terminology, 8-15
American Standard, 8
Terrain losses, 347
Theorems, circuit, 77-83
Thévenin’s, 78-80, 161
Thermal diffusion wave, 19
Thévenin’s theorem, 78-80, 161
Thresholds, audibility, 394-396, 408
damage, 397
discomfort, 397
hearing, 394-397, 408
pain, 397
tickle, 397
tolerance, 396-397
Throat, definition, 259
Tickle due to loud sounds, 397
Tiles, acoustical, 302-304
Tone bursts, 205
Tone control, 401
Torque Bimorph, 170-173
Transducers, 70-77
calibration, free-field, 382-385
pressure, 385-387
primary, 377-387
reciprocity, 377-387
definition, 70
electromagnetic-mechanical, 70~-71, 84~
85
electromechanical, 70-75, 86-90
electrostatic-mechanical, 71-75, 85-86
ideal, 71
mechano-acoustic, 75
moving-coil, 71, 75, 88, 90
(See also Direct-radiator loudspeakers;
Horn loudspeakers; Microphones)
Transfer function, 401-402
Transformers, acoustic, 139-143
Transient behavior, loudspeakers, 205-
206
rooms, 291-295
Transmission, sound, inside horns, 268-284
inside tubes, 28-35, 128-129
Transmission coefficient, 324
Transmission loss, air, 345-346
average, 327-328
definition, 324
enclosures, 330
flanking, 359-360
raeasured, 327-330
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Transmission loss, walls, 324-330
Transmission paths, air losscs, 345-346
barriers, 348
ducts, 350-353
enclosing walls, 349-350
flanking, 359-360
hemispherical radiation, 345
mufllers, 353-360
outdoors, 345-348
spherical radiation, 345
teraperature gradients, 348
terrain losses, 347
Transverse wave or resonance, 286-289
Tubes, closed, 28-35, 128129
flanged, 132-133
intermediate-sized, 137-138
junctions, 139-142
medium-diameter, 131-133
piston in end of, 103
rigidly closed, 28-35, 128-129
small-diameter, 135
unflanged, 133
Tweeter, 282-284

Unbafied loudspeaker, 209-210
Units, absorption, 305
conversion, 455-467
mks, 9, 82, 209
noise-reduction, 303

Vector power, 82-83
Vector wave equation, 17, 39
Velocity, definitions, 7, 10
effective, 10
instantaneous, 10
microphones, 146-149, 178-182
particle, 7, 29-31, 35-36, 39
of sound, 7, 10, 22, 24
voice-coil, 187-188
volume, 10
Ventilating ducts, 351-353
Ventilating fans, 342, 344
Vibration, isolation, 335-339

Vibration, normal modes, 286
pick-ups, 363

Viscosity coefficient, 135
kinematic, 137

Voice (see Speech)

Voice coil, definition, 185
design, 195-198
mass, 214-215
velocity, 187-188

Volume veloeity, 10

Walls, density of materials, 328
multiple, 329
single, 328
transmission coefficient, 324
transmission loss, 324-330
Wave, backward-traveling, 25-26, 288
289
forward-traveling, 25-26, 288-289
free progressive, 35-36
plane, 25, 28-32
spherical, 36-39
standing, 286
stationary, 28-32, 286
Wave equation, derivation, 16-23
one-dimensional, 22, 39
rectangular coordinates, 21, 39
solutions, 23-39
spherical coordinates, 22, 39
three-dimensional, 22, 39
vector, 17, 39
Wave number, 26
Wavelength, definition, 7
Weighting network, 401
Weights, building materials, 328
metals, 197
Western Electric 640-AA microphone,
158
Wind effect on sound propagation, 346
Windows, of ear, 390-391
transmission loss, of double, 329
of single, 328
Woofer, 235-239
World War 11, 2
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speech production and perception, and in applying this knowledge to problems of
speech processing. Contains important papers from a wide range of journals from
§uch fields as engineering, linguistics, physics, psychology, and speech and hear-
ing science. Sold in three-volume set or individually. Volumes listed below.

Speech Production, Raymond D. Kent, Bishnu S. Atal, Joanne L. Miller,
Eds. 880 pp., hardcover 1991.
Speech Perception, Joanne L. Miller, Raymond D. Kent, Bishnu S. Atal,
Eds. 874 pp., hardcover, 1991.
Speech Processing, Bishnu S. Atal, Raymond D. Kent, Joanne L. Miller,
Eds. 672 pp., hardcover, 1991.

Proceedings of the Wallace Clement Sabine Centennial Symposium, J. David
Quirt, Ed. Papers presented at the symposium held 5-7 June 1994. 393 pp., pa-
perback, 1994.

Research Papers in Violin Acoustics, Carleen M. Hutchins, Ed. Two-volume
set relates the development of the violin to the scientific advances as well as the
musical climate of each era from the early 15th Century to the present. Includes
over 120 papers with an annotated bibliography of over 400 references on sub-
Jects such as the bowed string, the bow, wood, varnish, and psychoacoustic re-
search. 1600 pages approx., hardcover, to be published July 1996.

Sound, Structures, and Their Interaction, Miguel C. Junger and David Feit.
Covers theoretical acoustics, structural vibrations, and the interaction of elastic

structures with an ambient acoustic medium. 451 pp., hardcover, 1993 (originally
published 1972).

Theaters for Drama Performance: Recent Experience in Acoustical Design,
Richard H. Talaske and Richard E. Boner, Eds. Plans, photographs, and descrip-
tions of theater designs by acoustical consultants from North America and abroad,
supplemented by cssays on theater design and an extensive bibliography. 167 pp.,
papcerback, 1987.



Vibration and Sound, Philip M. Morse. This publication provides students
and professionals with the broad spectium of acoustics theory, including wave
motion, radiation problems, the propagation of sound waves, and transient phe-
nomena. 468 pp., hardcover, 1981 (originally published 1936).

Vibration of Plates, Arthur W. Leissa. 353 pp., hardcover, 1993 (originally
published 1969).

Vibration of Shells, Arthur W. Leissa. 428 pp., hardcover, 1993 (originally
published 1973).

Monographs dedicated to the organization and summarization of knowledge
existing in the field of continuum vibrations.

Auditory Demonstrations on Compact Disc, A.]. M. Houtsma, T. D. Rossing
and W. M. Wagenaars, Eds. This classic collection contains interesting auditory
demonstrations which are educational for the scientist as well as the lay person
interested in how the human ear perceives sounds. Included on the 39 tracks are
demonstrations on frequency analysis, the decibel, loudness, masking, pitch, criti-
cal bands, timbre, beats, and binaural effects. A text booklet is provided which
contains an introduction to each of the topics and bibliographies to obtain more
detailed information. Issued in 1989.

Video on Measuring Speech Production, Maureen Stone, producer. A three-tape
collection of demonstrations for use in teaching courses on speech acoustics,
physiology, and instrumentation. A text booklet describing the demonstrations
and bibliographies for obtaining additional information is included. Issued in 1993.



