
ACOUSTICS 



ACOUSTICS 

Leo L. Beranek 

1954 Edition 
Acoustic Laboratory 
Massachusetts Institute of Technology 
Bolt Beranek and Newman, Inc. 

1993 Edition 
975 Memorial Drive, Suite 804 
Cambridge, MA 02138 



Library of Congress Catalog Card Number: 86-70671 
International Standard Book Number: 0-88318-494-X 

Copyright01954, 1986, 1990, 1993, 1996, 
by the Acoustical Society of America 

A11 rights reserved. No part of this publication may be 
reproduced, stored in a retrieval system, or transmitted, 
in any form or by any means (electronic, mechanical, 
photocopying, recording, or otherwise) without the 

prior written permission of the publisher. 

Published by the Acoustical Society of America 
through the American Institute of Physics, Inc. 

500 Sunnyside Blvd., Woodbury, New York 11797 

Printed in the United States of America 

PREFACE 

Acoustics is a most fascinating subject. Music, architecture, engineer- 
ing, science, drama, medicine, psychology, and linguistics all seek from i t  
answers to basic questions in their fields. In  the Acoustics Laboratory 
a t  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 comrnunica- 
tion physicist is utilized in explaining acoustical concepts. 

v 
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The high-fidelity expert will find the chapters onloudspeaker enclosures, 
horns, 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 a t  M.I.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 a t  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 a t  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. 
Each part is intcnded to be approximately 1 week's work, although this 
will vary among students owil~g to difTercnws 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- 
uremerit of Acoustic I,evels, which may be referred to ill associ:lted lab- 
ratory experiments and demonstrations throughout the course. If only 
a p:wt of the (.lass plans to continue through both terms, thefundamet~t:~l 
material should be taught in the first term and the more applied material 
in the second. One suggcstcd divisiori, in this case, is as follows: 

E'irst Tcrm 

1):~rt I .  Introduction 

l'art I I. 'l'erminology 

l':~.rt, 11 1 .  'I'lic Wave ICqux- 
tion 

1':~rt I V.  Solutions of the 
Wave Equation 

Part V I .  hlctchanical Cir- 
cuits 

l':~rt, \'I I. Acoustic.al 
(:irc:uif,s 

1':1rL v 11 I .  'l'r:tllscluc~!rs 

l'nrt X. I>ircc:i,ivil.y 
I'alt(~r11s 

1'wt S I I .  I:ntliat.iol~ Imped- 
:Llict!s 

l'art XI 11. Acoustic 
IClcrnctits 

Part XVIl. Ihsic: 'l'hcory of 
l>ir.c~c.L-r.:~tli:~to~. 
1,outlspcYl kcrs 

vii 

Second Term 

Part V. Energy Density 
and Intensity 

Part IX. Circuit Theorems, 
Energy and Power 

Part XI. Directivity I n d c ~  
and Directivity 
Factor 

Part XIV. General Charactrt - 
isticas of Micro- 
phones 

I'art Xir. Pressure 
Microphones 

P:~rt. XVI. Gradient and ('om- 
bination Micro- 
phones 

l'art XVIII. Design liactors Af- 
fectii~g Dircct-radi- 
ator Loudspeakers 

ParL XX. Bass Reflex Enclo- 
sures 

h r t  XSI.  1lol.11 Driving 
[.nits 

1':11t SSII li0111s 



viii S I J G G E S T I O N S  F O R  I N S T R I J C T O R S  

First Term 

Part X I X .  

Part  X X I I I .  

Part  X X I V .  

Part  XXVIII. 

Part XXX. 

Simple Enclosures 

Sound Fields in 
Small Regularly 
Shaped Enclosures 

Sound Fields in 
Large Irregularly 
Shaped Enclosures 

Measurement of 
Acoustic Levels 

Hearing 

Second Term 

Part XXV. 

Part  XXVI. 

Part XXVII. 

Part XXIX. 

Part X X X I .  

Part X X X I I .  

Sound Transmis-  
sion through Walls 
between Enclosures 
Noise Control Pro- 
cedures and Noise 
Sources 
Acoustic Transmis- 
sion Paths 
Reciprocity 
Calibration 
of Transducers 
Speech 
Intelligibility 
Psychoacoustic 
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: 

No. 1. 

S o .  2. 

So. 4. 

S o .  6. 

No. 7. 

First Term 

Noise measurement NO. 3. 

Measurement of the con- 
stants of an electro- No. 5. 
mechanical transducer 

No. 8. 
Measurement of free-field 
response of a loudspeaker 

Study of sound fields in  a N,. 9. 
small rectangular 
enclosure No. 10. 

Study of sound fields in a 
large irregular enclosure 

Second Term 

Free-field calibration of 
microphones 
Design and testing of a 
loudspeaker baffle 
Prediction and control of 
noise in a ventilating 
system 
Audiometric testing of 
hearing 
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 he supplemented by timely problems derived from 
the instructor's experience. 
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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- 
XXIV, is still 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 I11 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. 

I hold no particular brief for Chapter 1 1, 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 I 1  on the subject. The supplementary literature of 



A I I  PREFACE 

the last 15 years on noise control, much of which is listed in Appendix 111 
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. I 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 Introdu.ct ion 

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 Aame 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 thcre 
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 follo\\ed 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 (1920fl), 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 a t  Los Angeles (1930-1 940), 
and several research centers in England and Europe, especially Germany. 



I n  t.his period, sound decay in rect,angular 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 I1 came, with its demand for the successful detee- 
tion of submerged submarines and for highly reliable speech communiea- 
tion in noisy environments such as aircraft and armored vehicles. Great 
laboratories were formed in England, Germany, France, and in the United 
States a t  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 fo l lo~~~s ,  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 i t  in 
our hands as we would a block of wood. What physical properties would 
i t  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 f0rce.t 

Further, if we constrain five sides of the  cube and attempt to  displace 
the sixth one, we find that the gas is elastic; i.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 a n  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 

t This is only approximately true, as the air does have viscosity, but the shearing 
forces are very small compared with those in solids. 



A 
T !NTT!C!DI!C?'!ON !.No '!'El?X!,";'O!.C!(.:Y (Chap. ? 

hence the change in volume, takes place rapidly, and further i f  the gas is 
air, oxygen, hydrogen, or nitrogen, the incremental pressure produced is 
equal to 1.4K times the incremental change in volume. 

A P  = -1.4K A V  fast process, diatomic gas 

Note that a positive increment (increase) in pressure produces a negative 
increment (decrease) in volume. Processes which take place a t  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 isothermal. By an isothermal variation we mean one 
that takes place a t  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 i t  and so changes their 
momentum; this change appears as a pressure on the gas. The rate a t  
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, i t  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 fastcr, collide with the container vfalls 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. I t  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. 

...................................... 
I I 

+ 
, , , , , 

D~splacement of 
aor particles 

1 5  
3g0 2 e L  L7 2.8 56 84 112 14.0 16.8 196 224 - o Ihllrce Imm nwae in I r l  
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( d )  f cyck. 0.0075 seconds 

............ - ...................... 
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-re Displacement of r air particles 

(1) 2 cycler. 0.02 seconds 

FIG. 1.1 Pressure and displacemrnt in a plane sound wave produced by a sinu- 
soidally vibrating wall. D l  = one-fourth wavelength; D? = one-half wavelength; 
D3 = three-fourths wavelength; D, = one wavelengt,h; Db = two wavelengths. 
IZ means displacen~ent of the air particles to the right, L means displacement to the 
left, and 0 means no displ~rrrncnt.  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, viz . ,  the mass and stiffness of the gas, and its 
conformance with basic physical laws. Such a mathematical descriptio~~ 
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 . 1 ~ ) ~  i t  will 
accelerate adjacent air particles and compress that part of the gas nearest 
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to i t  as it moves forward from rest. This initial compression is shown in 
Fig. I . I  b as a crowding of dots in front of the wall. The dots represent air 
particles. These closely crowded air part,icles have, in addition to  their 
random velocities, a forward momentum gained from the wall. They 
collide with their neighbors to  the right and during t,he collision transfer 
forward momentum to these particles, which were a t  rest. These par- 
t,icles 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 t,ransferred to distant parts 
of the gas. 

When the wall reverses its motion, a rarefaction occurs immediately in 
front of it (see Figs. 1.lc and 1. ld).  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. 

I t  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, a t  any one instant, the maximum particle 
displacement and the maximum pressure do not occur a t  the same point 
in the wave. To see this, consider Fig. 1 .1~ .  The maximum pressure 
occurs where the particles are most tightly packed, i.e., a t  D2 = 5.6 ft. 
But a t  D2 the particles have not yet moved from their original rest posi- 
tion, as we can see by comparison with Fig. 1 . 1 ~ .  At D2, then, the pres- 
sure is a maximum, and the particle displacement is zero. At this 
instant, the particles next to the wall are also a t  their zero-displacement 
position, for t,he wall has just returned to its zero position. Although 
the particles a t  both D2 and do have zero displacement, their environ- 
ments are quite different. We found the pressure a t  D2 to  be a maxi- 
mum, but the air particles around do are far apart, and so the pressure 
there is a minimum. Halfway between do and D2 the pressure is found 
to be a t  the ambient value (zero incremental pressure), and the displace- 
ment of the particles a t  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 2x54 the particle displacement, 90" out of 
phase, must be varying as sin 2xjt. Particle velocity, however, is the 
time derivative of displacement and must be varying as cos 2xjt. 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 a t  a point in the wave. Now we ask, What phase 

relationship exists between values of, say, particle displacement measured 
a t  two different points on the wave? If the action originating from thc 
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 a t  
points increasingly distant from the source there is an increasing delay in 
the arrival of the signal. Each particle in the medium is moved back- 
ward and forward with the same frequency as the wall, but not a t  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. l.lf the 11.2- and 22.4-ft points are 
separated by exactly one wavelength. A disturbance a t  the 22.4-ft point 
occurs a t  about 0.01 sec after it occurs a t  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. 

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

I t  is an interesting fact that sound waves in air are longitudinal; i.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, a t  
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. I t  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 occur. The particles are accelerated and as a result are displaced 
from their rest positions. The particle velocity a t  any point is not zero 
except a t  certain instants during an alternation. The temperature a t  a 
point fluctuates above and below its ambient value. Also, the pressure 
a t  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 densitg. An increase in sound pressure a t  a 
point causes an increase in the density of the medium a t  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. (I%)]. As is 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 quantit,ies 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 I1 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 a t  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 tc~rmir~ology is "American Standard Aroustical Terminology," 
224.1-1951, 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 11. 

1.5. 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 Glter has an output acoustic impedance of 10-acoustic ohms." 
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 (Po). The static pres- 
sure a t  a point in the medium is the pressure that would exist a t  that  
point with no sound waves present. At normal barometric pressure, P o  
equals approximately lo5 newtons/m2 (lo6 dynes /cm2). 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 a t  O°C. This is a pressure of 1.013 X lo5 new- 
tons/m2. In this text when solving problems we shall assume P o  = 106 
newtons/m2. 

Microbar (ctb). 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 ( t ) ] .  The instantaneous sound pres- 
sure a t  a point is the incremental change from the static pressure a t  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). 

Eflective Sound Pressure ( p ) .  The effective sound pressure a t  a point is 
the root-mean-square (rms) value of the instantaneous sound pressure, 
over a time interval a t  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 
he long enough to make the value obtained essentially independent of 
small rhangcs in the length of the interval. 



Density of Air (PO). The ambient density of air is given by the formulas 

273 Po 
PO = 1.29 - ---- kg/m3 (mks) T 0.76 (1.2) 

273 Po 
DO = 0.00129 - - gm/cm3 (cgs) T 0.76 (1.3) 

where T is the absolute temperature in degrees Kelvin and Po 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 
Po = 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 approsimately by the formulas 

c = 331.4 + 0.6070 m/sec (mks) (1.4) 
c = 33,140 + 60.70 cm/sec (cgs) (1.5) 
c = 1087 + 1.990 ft/sec (English-centigrade) (1.6) 
c = 1052 + 1.lO6F ft/sec (English-Fahrenheit) (1.7) 

where 0 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 

where T is the ambient temperature in degrees Kelvin. At a normal 
room temperature of 0 = 2Z0(F = 71.6"), c A 344.8 m/sec, or 1131.2 f t /  
sec. These values of c will be used in solving problems unless otherwise 
stated. 

Instantaneous Particle Velocity (Particle Velocity) [u(t)]. The instanta- 
neous particle velocity a t  a point is the velocity, due to the sound wave 
only, of a given infinitesimal part of the medium a t  a given instant. I t  is 
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 a t  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 (;n 
the cgs system the unit is the centimeter per second). 

Instantaneous Volume Velocity [U(t)]. 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(t) = 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 a t  a given surface is defined as the 
complex ratio1 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/m6, or the mks acoustic ohm. 1 (In 
the cgs system the unit is dyne-sec/cm6, or acoustic ohm.) 

Z., = 5 newton-sec/m6 (mks acoustic ohms) (1.9) 

SpeciJic Acoustic Impedance (2.). The specific acoustic impedance is 
the complex ratio of the effective sound pressure a t  a point of an acoustic 
medium or mechanical device to  the effective particle velocity a t  that 
point. The unit is newton-sec/m3, or the mks ray1.S (In the cgs system 
the unit is dyne-sec/cms, or the rayl.) That is, 

newton-sec/m3 (mks rayls) 2. = - 
U 

(1.10) 

Mechanical Impedance (ZM). The mechanical impedance is the com- 
plex ratio of the effective force acting on a specified area of an acoustic 
medium or mechanical device t o  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, 

Z, = f newton-sec/m (mks mechanical ohms) (1.11) 
u 

Characteristic Impedance (pot). The characteristic impedance is the 
ratio of the effective sound pressure a t  a given point to the effective par- 
ticle velocity a t  that point in a free, plane, progressive sound wave. I t  is 
equal to  the product of the density of the medium times the speed of 
sound in the medium (pot). I t  is analogous to the characteristic imped- 
ance of an infinitely long, dissipationless transmission line. The unit is 
the mks rayl, or newton-sec/m3. (In the cgs system, the unit is the 
rayl, or dyne-sec/cm3.) 

In the solution of problems in this book we shall assume for air that 
poc = 407 mks rayls (or poc = 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 a t  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 224.1-1951. 
5 Named in honor of Lord Raylrigh. 
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rate a t  which sound energy is transmitted through a unit area per- 
pendicular to the specified direction a t  the point considered. The unit 
is the watt per square meter. (In the cgs system the unit is t,he erg per 
second per square centimeter.) In a plane or spherical free-progressive 
sound wave the intensity in the direction of propagation is 

NOTE: In the acoustical literature the in tens it,^ has often been expressed 
in the units of watts per square centimeter, which is equal to lop7 X the 
number of ergs per second per square centimeter. 

Sound Energy Density (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 
a t  a point is 

where 7 is the ratio of specific heats for a gas and is equal to 1.4 for air and 
other diatomic gases. The quantity y is dimensionless. 

Electric Power Level, or Acoustic Intensity Level. The elect,ric 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 

W1 Electric power level = 10 loglo - db 
Wz 

(1.14) 

I1 Acoustic intensity level = 10 loglo - db (1.15) 
I2 

where TVl and Wz are two electrical powers and Il and I q  arc two sound 
intensities. 

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

El2 Rz Electric power level = 10 loglo - -? 
R1 Ez 

where E l  is the voltage across the resistance R1 in which a power W1 is 
being dissipated and E2 is the voltage across the resistance Rz  in which a 
power W2 is being dissipated. Similarly, 

P Acoustic intensity level = 20 loglo---! + 10 loglo& db ( I  .Ii) 
P 2 I281 

where pl is the pressure a t  a point where the specific acoustic re~ist~ance 
(i.e., the real part of the specific acoustic impedance) is Rsl and pz  is the 
pressure a t  a point where the specific acoustic resistance is Rsz. We note 
that 10 loglo (WI/Ur2) = 20 loglo (E,/E2) only if R1 = Rz and that 
10 logla (11/12) = 20 loglo (p1/p2) only if Rs2 = RS1. 

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. I t  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, 

P SPL = 20 log10 - db (1.18) 
Pml 

In  the United States p , ~  is either 

( a )  p,, = 0.0002 microbar (2 X ne\\ton/m2) 

(b) p ,~ = 1 microbar (0.1 newton/m2) 

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 deribels, is 
10 times the logarithm to the base 10 of the ratio of thc intensity of this 
sound to a reference intensity. That  is, 

In  the Unit.ed States the reference intensity is often t,aken t o  be 
10-l6 watt/cm2 (10-l2 watt/m". This reference a t  standard atmospheric 
conditions in a plane or spherical progressive wave was originally selected 
as corresponding app~oximat~ely to the reference pressure (0.0002 
microbar). 

The. exact relation between i~rt,ensity level and sound pressure level in a 
plnt~e or spherical progressive wave may be found by su\)st.itut.ing 
Eel. (1.12j for int.ensity in Eq. (1.19). 
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IL = SPL + 10 loglo EL db (1.20) 
pocZ,r 

Substituting p,~ = 2 X 1 0 P  newton/m2 and I,( = 10-12 w a t t / m 2  yields 

400 
IL = SPL + 10 loglo - db (1.21) 

Poc 

It is apparent that the intensity level IL will equal the sound pressure 
level SPL only if poc = 400 mks rayls. For certain combinations of tem- 
perature and static pressure this will be true, although for T = 22°C and 
Po = 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, i t  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, 

In  this text, Wmf is 10-l3 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 lo6 
newtons/m2 (0.76 m Hg), the sound pressure level in a duct with an area of 
1 ft2 cross section, or a t  a distance of 0.282 f t  from the center of a "point" 
source (at this distance, the spherical surface has an area of 1 ft2), is, 
from Eqs. (1.12) and (1.18) 

where W = acoustic power in watts 
pot = characteristic impedance = 412.5 mks rayls 

S = 1 ft2 of area = 0.093 m2 
pmf = reference sound pressure = 2 x lW5 newton/m2 

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 ft2, the temperature is 20°C (67"F), and the baro- 
metric pressure is 0.76 m (30 in.) Hg. 

Sound Level. The sound level a t  a point in a sound field is thc reading 
in decibels of a sound-level meter constructed and operated in accordance 
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with the latest edition of "American Standard Sound Level Meters for the 
Measurement of Noise and Other Sounds."2 

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 a t  a 
specified frequency is the power level for the acoustic power contained in 
a band one cycle per second wide, centered a t  this specified frequency. 
The reference puwer must be specified. The unit is the decibel (see aiso 
the discussion under Pressure Spectrum Level). 

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

DISCUSSION. 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 

where fb and fa 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 fb - f a  cps is therefore related to the spectrum level by the 
formula 

L,  = Cn $ 8, (1.24) 

where L, = sound pressure level in decibels of the noise in the band of 
width fb - fa,  for C, see Eq. (1.23), 8, = spectrum level of the noise, and 
n = designation number for the band being considered. 

"American Standard Sound Level Meters for the  Measurement of Noise a n d  Other 
Sounds," 224.3-1914, Amcrican Standards Association, Inc., New York, N.Y. This 
standard is in procrss of rwis ion.  



CHAPTER 2 

THE WAVE EQUATION AND SOLUTIONS 

PART I11 The Wave Equation 

2.1. Introduction. We have already outlined in a qualitative way the 
nature of sound propagation in a gas. In  this cliapter 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. 

----r 
FIG. 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 a t  a space rate of ap/az (or, in vector 
notation, grad p). The sizes of the dots indicate the magnitude of the sound pressure 
a t  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, 
t,he one-dimensional wave equation is derived with the use of simple 
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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 operat,ions 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 Derivation1 
Let us suppose that the box is situated 

in a medium where the sound pressure p 
increases from left to right a t  a space rate 
of aplaz (see Fig. 2.1). 

Three-dimemional Derivation' 
Let us suppose that  the box is situated 

in a medium (see Fig. 2.1) where the 
sound pressure p changes in space a t  a 

spacerateofgradp =id--P+ j 2 + k *  
ax av az 

where i, j, and k are unit vectors in the 
x ,  y, and z directions, respectively, and 
p is the pressure a t  a point. 

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

The difference between the forces acting on the two sides of our tiny 
box of gas is equal to t,he rate a t  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 x direction = - (2 b z )  A y  b r  

(2. l a )  

positive direction = - [ i  (2 bT) dl Az 

Note that the positive gradient causes an acceleration of t8he box in the 
negative direction of x. 

1 Nonvector derivations of the wave equation are given in Rayleigh, "Theory of 
Sound," Vol. 2, pp. 1-15, Macmillan h Co., I.tti., London, 1896; P. hf. Morse, "Vibra- 
tion and Sound," 2d ed., pp. 217-225, McCraw-Hill Book Company, Inc., New York, 
1948; L. E. Kinsler and A. R. Frey, "Fundamentals of Acoustics," pp. 118-137, 
John Wiley 8 Sons, Inc., New York, 1950; R. W. 13. Stephens and A. E. Bate, "Wave 
Motion and Sound," pp. 32-13, 100-406, Edward Arnold 8 CQ., London, 1950; and 
other places. 

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., 2 2 :  61 (1950); and R. V. L. Hartley, Note on "Application of 
Vector Analysis to the Wave Equation," J .  Acous. Soc. Amer., 2 2 :  51 1 (1950). 
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Division of both sides of the above equa- 
tion by Ax Ay Az = V gives the force per 
unit volume acting to accelerate the box, 

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

f = - grad p 
V 

(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, 

where u is the average velocity of the gas 
in the "box" in the x 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, 

M Dq f v = - grad p = - - = 9 (2.3b) V Dt Dl 

where q is the average vector velocity of 
the gas in the "box," 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 / D t  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, i.e., 

where q,, q,, and q, 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 a t  a fixed point, Dq/Dt  aq/at ,  and 
the instantaneous density can be 
approximated by the average density pa. 

Then, 
aq - grad p = po - (2.4b) at 

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 a t  the end of this 
book. 

The Gas Law. If we assume an ideal gas, the Charles-Boyle gas law 
applies to the box. I t  is 

where P is the total pressure in the box, V is the volume equal to 
AT Ay Az, T is the absolute temperature in degrees Kelvin, and R is a 
cwnstant for the gas whose magnitude is dependent upon the mass of gas 

Part I!!] TIIE W A V E  EQTJATION 19 

chosen.1 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, a t  1000 cps, the 
wavelength X equals 0.34 m, as compared with an intermolecular spacing 
of m. Now, whenever a portion of any gas is compressed rapidly, 
its temperature rises, and, conversely, when i t  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 occurs a t  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, I s  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 established3 that  under normal atmospheric conditions the 
speed of travel of a thermal diffusion wave a t  1000 cps is about 0.5 m/sec, 
and a t  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) a t  1000 cps. At 10,000 cps the heat travels 
7.5 X m, which is a small distance compared with a half wavelength 
(1.7 X m). It appears safe for us to  conclude, therefore, tha t  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 t8h.r, total pressure and 
the volume is known to be4 

PV7 = constant (2.6) 

where y is the ratio of the specific heat of the gas a t  constant pressure to 
the specific heat a t  constant volume for the gas. This equation is 

t 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 a t  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 71 times its molecular weight, then R = 8 . 3 1 4 ~ ~ .  

3 See L. L. Beranck, "Acoustic R~leasurements," p. 49, John Wiley & Sons, Inc., 
New York, 1949. 
' M. W. Zemansky, "Heat and Thrrmodynamics." 2d ed., pp. 104-114, McGraw- 

Hill Book Company, Ir~c. ,  New York ,  1043. 
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obtained from the gas law in the form of Eq. (2.5), assuming adiabatic 
conditions. For air, hydrogen, nitrogen, and oxygen, i.e., gases with 
diatomic molecules, 

y = 1.4 

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

Let 

where Po and VO are the undisturbed pressure and volume, respectively, 
and p and T are the incremental pressure and volume, respectively, owing 

Volume at one 
instant equals 
AxAy At 

Volume at another 
instant equals 

a t  ( ~ x + $ A x ) A y A z  

( a )  ( b )  
FIG. 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 t.he box equals 7 = (af,/a.c) AX 

to the presence of the sound wave. Then, to the same approximation as 
that made preceding Eq. (2.4) and because p <<Po and T << Vo, 

The time derivative of this equation gives 

The Continuity Equation. The continuity equatiorl is a mathematical 
expression stating that the total mass of gas in a deformable "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 a t  the surfaces of the box. 

Par t  1111 THI.; \ \ l A V E  1-A-  . -.,.-, -- 
One-diinensional Deravatton 

Refer to Fig. 2.2. If the mass of gas 
within the box remsms constant, the 
change in volume 7 depends only on the  
difference of displacement of the alr 
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 a t  the same velocity 
as  the box itself, some will cross in or 
out of the box and the mass inside will 
change. 

I n  a given interval of time the air 
particles on the left-hand side of the bos 
will have been displaced E,. In this 
same time, the air particles on the right- 
hand side will have been displaced 

The difference of the two quantities 
above multiplied by the area ~y AZ gives 
the increment in volume 

Differentiating a i th  rcaspect to time 
yields, 

\\here u is the inst;mtancous particle 
velocity. 

Three-dimens~onal 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 t h a t  unless 
the air particles adjacent to any  given 
side of the box move a t  the same velocity 
as  the side of the box itself, some will 
cross into o r  out of the box and the  mass 
inside will change; so 

7 = V O  div f (2.1 1 h )  

Differentiating with respect t o  tirnc 
yields, 

a7 - - 
at 

- div q (2.136) 

where q is the instantaneous particle 
velocity. 

The Walle Equation in Rectangular Coordinates 

One-di7uensiorrul Derisalion 
The one-dimensional wave equation is 

obtained by combining the equation of 
motion (2.4a), the gas law (2.101, and the 
continuity equation ( 2 . 1 3 ~ ) .  Combina- 
t ion of (2.10) and (2. ]:<a) gives 

~ I L  2 = --,Po - (2.140) at ax 
Differentiate ( 2  14n) with respect to I. 

d 2 p  - d2U - -,p, 
at2 

(2.15n) 
d l  ax  

Differentiate (2.4,) with respect to z. 

Three-dimensional Derivation 
The three-dimensional wave equation 

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

Differentiate (2.14b) with respect t o  1. 

3 = -?PO div 9 (2.15b) at2 at 
Take the divergence of each side of Eq. 
(2.4b). 

- div (grad p )  = PO div 2 (2.1Gb) 
(3 t 



One-dimensional Derivation Three-dimensional Derivation 
Replacing the div (grad p) by v2p, we get 

-v2p = po div 3 (2.17) 
J l  

Assuming interchangeability of the z V ~ S  the operator called the Lapla- 
and t derivatives, and  combining (2.15a) Combining (2.15b) and (2.17), we 
and (2.1601, we get 

Let us, by definition set, 
rpo - 

PO 

We shall see later that c 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 

1 In rectangular coordinates 

We could also have eliminated p and We could also have eliminated p and 
retained u, in which case we would have retained q, in which case we would have 

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

The TBave 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 i t  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 Eqs. (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 

J2u 1 (2,22a) - - - -- 
dz2 c2 at2 
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1 J2q vzq = - - 
c2 at2 

(2.223) 

where V" = grad (div p) when there is 
no rotation in the medium. 

Simple differentiation will show that (2.23) can also be written 

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

Example 2.1. In  the steady state, t ha t  is, au la t  = 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 

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

If the particle velocity is 1 crn/scc, w is 1000 radians/sw. and Ax is 0.5 cm, then 

We shall have an opportunity in Chap. 6 of this tcxt to see a practical application 
of these equations to the measurcment of particle velocit,y 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 Eqs. ( 2 . 4 ~ )  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. Tha t  is, 

ptV = poVo = constant 
and so 

p'dV = -V dpt 
Let 

PI = PO + P 

where p is the incremental change in density. Then, approximately, from 
Eqs. (2.8) and (2.26), 

POT = - v o p  (2.28) 



Differentiating, 

so t.hat, from Eq. (2.13a), 

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

Inspection of Eqs. (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 Ez, or u for p in Eq. (2 .20~)  or p, t ,  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 

The general solution to this equation is a sum of t,wo terms, 

wherefi and f 2  are arbitrary functions. We assume only that they have 
continuous derivatives of the first arid second order. Xote that because 
t and x occur together, the first derivatives with respect to x and t are 
exactly the same except for a factor of kc .  

The ratio xlc must have the dimensions of time, so that c is a speed. 
From c2 = ~ P O / P O  [Eq. (2. lg)]  we find that 

in air a t  an ambient pressure of lo5 newtons; m? and a t  2Z°C. This quan- 
tity is nearly the same as the experimentally determined value of the 
speed of sound 344.8 [see Eq. (1.8)], so that we recognize c as the speed a t  
which a sound wave is propagated through the air. 

From the general solution to the wave equation given in Eq. (2.32) I\-r 
observe two very important facts: 
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1. The sound pressure a t  any point x in space can be separated into 
two components: an outgoing wave, fl(t  - x/c), and a backward-traveling 
wave, f2(t + x/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,  a t  t = t,, the sound pressure a t  x = 0 is 
f,(tl). At a time t = tl + t2 the sound wave will have traveled a dis- 
tance x equal to ttc m. At this new time the sound pressure is equal to 
p = fl(t1 + tz - tzclc) = fl(tl). I n  other words the sound pressure has 
propagated without change. The same argument can be made for the 
backward-traveling wave which goes in the -x direction. 

It must be understood that inherent in Eqs. (2.31) and (2.32) are two 
assumptions. First, the wave is a plane wave, i.e., it does not expand 
laterally. Thus the sound pressure is not a function of the y and z 
coordinates but is a function of distance only along the x coordinate. 
Second, i t  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  i t  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 me 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 

For example, if 4, is sound pressure, we write 

where w,  = 27if.; f. = frequency of vihration of the vth component of the 
wave; 8, is the phase angle of it; and & 14.1 (or z/Z Ipv/) 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 tlhe time dependence a t  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 hy the real part of a complex exponential 
function. Thus, a t  a fixed point in space x, we have the sound pressure, 

J.(x,t) = .\/2 l ie [+(x)eiwt] (2 .34~)  

p(x,t) = 2/2 Re [p(z)efwf] (2.34b) 
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where p(x) is a complex function (i.e., i t  has a real and an imaginary part) 
that  gives the dependence of p on x. The product of .\/Z times the 
magnitude of p(x) is the peak value of the sinusoidal sound pressure 
function a t  x. The phase angle of p(x) is the phase shift measured from 
some reference position. Generally we omit writing Re although it 
always must be remembered tha t  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 l  and f 2  of Eq. (2.32) by a sum of functions each 
having a particular angular driving frequency w., so that 

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

I t  is apparent that the first term of Eq. (2.35) represents an outward- 
traveling wave whose rms magnitude Ip+'l does not change with time t 
or position x. 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, 

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

Similarly, the solution to Eq. (2.22a), assuming steady-state conditions, 
is 

U(xJt) = & (U+eP(~l-~) + u - eik(cl+z)) (2.38) 

It 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 1/2 eiW1 from the right-hand sides. 
When the remaining function is converted into magnitude and phase 
allgle, 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(xJt) or u(xJt), the quantity fi elW1 must be in the equation if the proper 
values for the ilistantaneous pressure and particle velocity are to be 
obt ainctl. 
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Exampie 2.2. Assume that for the steady state, a t  a point z = 0 ,  the sound pres- 
sure in a one-dimensional outward-lraoeling 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, t )  = %/Z (4ei628r + Zeil8848) 

( a )  What are the particle velocity and the particle displacement as a function of time 
a t  3: = 5 m? ( b )  What are the rms values of these two quantities? (c )  Are the 
rms values dependent upon z ?  

t in seconds 

Solution. a .  We have for the solution of the wave equation giving bo th  z and t 
[see Eq. (2.37)] 

p(z,t) = 4 (4ei128(f-z/c) + 2ei1884(f-=/~)) 

From Eq. (2.4a) we see that 

or 
1 

u ( z , l )  = - p(z , t )  
Poc 

And from Eq. (2.30) we have 

At z ;- 5 m, z / c  = 51344.8 = 0.0145 sec. 

Taking the rcal parts of the two prcwding equations, 

2 .  
sin (G28t - 9.1) $ --sin 1884 (18841 - 27.3) 

Note that each term in the particle disp1ac:ement is 90" out of time phase with the 
velocity and that the wave shape is different. As might be expected, different.iation 
cn~phnsiecs the h igh~r  frequcrlcies. 
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These equations arc plotted below: 

t in seconds "r--y-q 
: 0 
d - -., I 

I 
I I 

0 0.005 0.01 0.05 
t in seconds 

b. The rms magnitude of a sine wave is equal to its peak value divided by -\r2 
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 a t  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  

c. The rms values u and E ,  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 

,-Driving piston 

/ ~ H o ~ ~ o w  cylindrical tube 

L S =  cross-sectional 
a rea  

FIG. 2.3. Rigidly terminated tube with rigid side walls. The velocity a t  x = 0 has a 
value of 4 2  I L O  cos wt m/scc. 

tube, closed a t  one end by a rigid wall and a t  the other end by a flat 
vibrating piston (src Fig. 2.3). 'I'hc angular frcqurnry of vibration of 

the piston is w,  and its rms velocity is UO. 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. 

FIG. 2.4. Portion of the tube showing the direction and magnitude of movement of the 
air particles as a fr~nction of 1 - x .  At position a, 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 . 3 8 ) .  
Set uo equal to the rms velocity of the vibrating piston a t  x = 0, and set 
1 equal to the length of the tube. The boundary conditions are 

At z = 0, u(0,t) = 4 uoejwt, so that  

At x = 1, u = 0, SO that 

Rcnlembcr that 
eju - e-jv 

sin y = 
2 j  

Hence 
u oe-jk' 

u- - -- - 2 j  sin kl 

and 

which gives us 

sin Ic(1 - x j  
U = Uo sin kl 

Note that the fi and the time exponential have been lcft out of Eq 
( 2 . 4 3 )  so that both uo and u are complex rnls quantities aver:lgd ovel 
time. 

Refer to Fig. 2.4. If the length 1 and the frequencay arc held c.onst:tnt 
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the particle velocity will vary from a value of zero a t  x = 1 to a maxi- 
mum a t  1 - x = X/4, that  is, a t  1 - x 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 X/4 point,, 
the oscillatory motions are i n  phase. In other words, there is no pro- 
gressive phase shift with x. This type of wave is called a standing wave 
because, in the equation, x and ct do not occur as a difference or a 
sum in the argument of the exponential function. Hence the wave is not 
propagated. 

I n  the region between 1 - x = X/4 and 1 - x = X/2, the particle 
velocity still has the same phase except that its amplitude decreases 
sinusoidally. At 1 - x = X/2, the particle velocity is zero. In  the 
region between 1 - x = X/2 and 1 - x = X the particle velocity varies 
with x according to  a sine function, but the particles move 180" out of 
phase with those between 0 and X/2. This is seen from Eq. (2.43), 
wherein the sines of arguments greater than x are negative. 

If we fix our position a t  some particular value of x and if 1 is held con- 
stant, then, as we vary frequency, both the numerator and denominator 
of Eq. (2.43) will vary. When lcl is some multiple of x, the particle 
velocity will become very large, except a t  x = 0 or a t  points where 
k(1 - x) is a multiple of x, tha t  is, at points where 1 - x equals multiples 
of X/2. Then for lcl = n r  

Equation (2.43) would indicate an  infinite rms velocity under this condi- 
tion. I n  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 a t  those parts of the tube where 
k(1 - x) = nxt  and n is an integer or zero. That is, 

I n  other words, there will be planes of zero particle velocity a t  points 
along the length of the tube whenever 1 is greater than X/2. 

Some examples of the particle velocity for I slightly greater than various 
multiples of X/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 

t For the type of source we have assumed and no diss~pation, this case breaks down 
for kl = nr. 
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of the wave in the tube will depend on which part of the sine wave faIis 
a t  x = 0. For example, if 1 - nX/2 = X/4, the maximum amplitude in 
the tube will be the same as that  s t  thc piston. If 1 - nX/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, a t  x = 0 
the sine curve must pass through the point uo. Second, a t  x = 1 the sine 
curve must pass through zero. I t  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, 

FIG. 2.5. Variation of the particle velocity u ( x , ~ )  for r = 0, as a function of the distance along the 
tubeof Fig. 2.3 for three frequencies, i.e., for three wavelengths. Atx = 0, the rms particle velocity 
is u,,, and at x = I, the particle velocity is zero. The period T = l/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 a t  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 = - jopo$u dx (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 x. 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), 
sfter we have replaced u by its value from Eq. (2.42), yields 

cos k(1 - x) 
P = - ~ P O C U O  sin kl 

Note that the fi and the time exponential have been left out of Eq. 
(2.48) so that  both p and uo are complex rms quantities averaged in time. 

The rms pressure p will be zero at those points of the tube where 
%(I - x) = nu + u/2, where n is an integer or zero. 

r h e  pressure will equal zero a t  one or more planes in the tube whenever 1 
s greater than X/4. Some examples are shown in Fig. 2.6. Here again, 
quantity n is equal to approximate number of half wavelengths in tube. 

Refer once more to  Fig. 2.5 which is drawn for t = 0. The instan- 
,aneous particle velocity is at its maximum (as a function of time). By 
:omparison, in Fig. 2.6 a t  t = 0, the instantaneous sound pressure is zero. 
4t a later time t = T/4 = xj, the instantaneous particle velocity has 
=come zero and the instantaneous sound pressure has reached its maxi- 
num. Equations (2.42) and (2.47) say that whenever k(l - x) is a 
small number the sound pressure lags by one-fourth period behind the 
3article velocity. At some other places in the tube, for example when 
11 - x) lies between X/4 and X/2, the sound pressure leads the particle 
(elocity by one-fourth period. 

To see the relation between p and u more clearly, refer to Figs. 2.5 and 
4.6, for the case of n = 2. I n  Fig. 2.5, the particle motion is t o  the right 
lvhenever u is positive and t o  the left when i t  is negative. Hence, a t  the 
4X/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 
naximum, as can be seen from Fig. 2.6. At (1 - x) = X/2, the particles 
ire moving apart, so tha t  the pressure is dropping to below barometric 
LS can be seen from Fig. 2.6. 

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

Specific Acoustic Impedance. I t  still remains for us to solve for the 
ipcrifics ,zcoust,ic impcdnnw Z, a t  any plane x in the tube. Taking the 
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ratio of Eq. (2.48) to Eq. (2.43) yields 

2. = P- = - j  pot cot kl' = jX. mks rayls 
U 

(2.50) 

where X, is the reactance. 
Where we have set 

1 - x = Z 1  

That is, 1' is the cilstance between any plane x in Fig. 2.3 and the end 

x = o  x = l  
FIG. 2.6. Variation of the sound pressure p ( z , t )  as a function of the distance along the 
tube for three frequencies, i.e., for three wavelengths. At x = 0, the rms particle 
velocity is uo, and at x = 1, it is zero. The period T equals l/f. 

of the tube a t  I .  The - j  indicates that a t  low frequencies where 
cot kl' l/kll the particle velocity leads the pressure in time by 90" and 
the reactance X ,  is negative. At all frequencies the impedance is rca~t~ive  
and either leads or lags the pressure by exactly 90' depending, respec- 
tively, on whether X, is negative or positive. The rcactance X, varies 
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~ L . Y  shown In Fig. 2.7. If the value of Id' is small, we may approximate the 
cotangent by the first two terms of a series. 

represented as a " capacitance" called spebfic acoustic compliance, of mag- 
nitude C. = l'/poc2. Note also that C ,  = l ' /yPo, because of Eq. (2.19). 

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

1 kl' cot kl' & - - - 
kl' 3 

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 i t  may be neglected 
with respect to the first. 

& = P =  1 -  -- 1 
S u  jw(V/poc2) - juCA 

mks acoustic ohms (2.56) 

where V = 1's is the volume and S is the area of cross section of the tube. 
C ,  is called the acoustic compliance and equals VlpocZ .  Note also that 
C A  = V / y P o ,  from Eq.  (2.19). 

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 loa mks rayls a t  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 

Hence, I' = 0.1 m. 

(b) 
kl' . 1 k'l" w'l't - 10' X 10- - - - = - = - -  
3 ' kl' 3 3c2 (3)(344.8)' 

= 0.028 

Hence, the second term is about 3 per cent of the first term. 

I 

l'= 1 
1 I 

l'= A 1'= 
I 

l'= 0 
FIG. 2.7. The specific acoustic reactance (p,,,/u,,,) along the tube of Fig. 2.3 for a 
particular frequency, LC., a particular wavelength where 3(X/2) is a little less than the 
tube length I .  For this case, the number of zeros is 3, and the number of poles is 4. 

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 

Let us see how small the ratio of the distance 1' 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 l'/X from 

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 . 4 ~ )  in the steady state, we have 

which gives us 

7 0.05 
Hence, 

In other words, if cot kl' is to  be replaced within an accuracy of 3 per cent 
by the first term of its series expansion, 1' must be less than one-twentieth 
wavelength in magnit,ude. 

Assuming 1' < X/20, Eq. (2.50) becomes 

The particle velocity and the sound pressure are in 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 P0C Za - jx. = - j -  = . 1 - - -  - mks rayls (2.55) 
kl' ~ w ( l ' / p o c ~ )  jwC, 

z = - =  a POC mks rayls 
U Hence, the specific acoustic impedance of a short length of tube ran be 
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This equation says tha t  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. I t  is a quantity 
that is analogous to the surge impedance of an infinite electrical line. 
For air a t  22 "C and a barometric pressure of lo6 newtons/m2, 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 

where A+ is the magnitude of the rms sound pressure in the outgoing wave 
a t  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., 

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

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

,, = p = jkr - poc ------ - pockr 
U 

+ jkr dm /90° - t a r 1  kr mks 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 bccomes, approximately, 

2. poc mks rayls (2.65) 

The impedance here is nearly purely resistive and approximateiy equal to 
the characteristic impedance for a plane freely traveling wave. In other 
words, the specific acoustic impedance a large distance from a spherical 
Bource in free space is nearly equal to that  in a tube in which no  reflections 
wcur from the end opposite the source, 
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FIG. 2.8. Plot of the magnitude of the specific acoustic-impedance rat,io IZ,l/poc in a 
sphericn.1 freely traveling wave as a function of kr,  where k  is the wave number equal 
to W/C or 2a/h and r  is the distance from the center of the spherical source. 1Z.I is the 
magnit~~tie of ratio of pressure to particle velocity in a spherical free-traveling wave, 
and poc is the characteristic impedance of air. 

(kr)=(wr/c) =(2nr/A) 
FIG. 2 9 Plot of t l l ~  phases angle, in degrees, of the spcrific aro~~stic-impedance ratio 
Z./p,c In a spherical wavr as a function of kr, w h f r ~  k IS the \\avc number equal to 
w/c or 2r/h, and r is the distance from the center of the spherical source. 



IGluations (2.G2) and (2.63) are significant 1)ccausc they rcvcal the 
diffcrcncc Itctwccn thc rcsponscs of a microphonc sensitive to prcssurc 
and a microphone scnsitivc to particlc vclocity as  thc microphones arc! 
brought closc to a small spherical source of sound a t  low frcqucncics. As 
r is made smallcr, the outprtt of the prcssr~rc-rcspo~lsivc microphonc will 
double for ctlcl~ halving of the distance bct\vccn the micropl~onc :~nd t(11e 

kr 
FIG. 2.10. Rcnl nnd irnnginnry parts of thc normalized specific rlconstic impcct:~ncc 
Z./poc of the air lo:~d on a prls:rtin~ sphcm of radius r  locnted in frcc: sprurc:. Z'rcr- 
qucmcy is plottcd on n normnliecd sc:nlo whcrc kr = 2mfr/r = 2 r r / h .  Notc :~lr;o t l~i~t ,  
the ordinate is cqnal t o  Z . M / ~ ~ ~ S ,  whcrc: BM is the rncc11:mi:~l irnpotl:tnc:c:; : L I I ~  to 
Z ~ S / p o c ,  wl~cre %A is the acoustic irnpcxhr~cc. Tllc q l ~ a ~ ~ t i t y  S is tlw :Lrcsn for which 
the impcdnricc is being dctcrmir~cd, and pot is thc charactoristic: irnpc0:~nc:c: of tlic 
medium. 

ccntcr of the spherical source. Expressed in dccil)cls, thc output increases 
G db for each halving of distance. For the veloc:ity-responsive micro- 
phone, the output variation is not so simple. Only :it sufficicmtly largc 
distances (Ic2r2 >> 1) docs the output incrcasc G (11) for c : ~ h  hulving of 
distance. For shorter distanc:cs t,hc second term illside thc p:m~~thcscs 
on thc right-hand sidc of E(I. (2 .63)  bccomcs large, and thc: rnagtlitutl~: ol' 
u incrcasc:~ at, a rat(: cxcccdit~g + C )  db for cac:h halving ol' tlistancc. kcor 
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very short distances (k2r2  << 1), the rate of increase of u approaches : 
limit of 4-12 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 besl 
response when located a large distance from the source of sound. 

Another significant thing is to be learned from Eq. (2.64). A t  low fre- 
quencies i t  is very difficult to  radiate sound energy from a small loud- 
speaker. A small loudspeaker may be likened to a pulsating balloon oi 
some small radius r.  The specific acoustic impedance 2, 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 powel 
radiated by a small loudspeaker becomes very small. A t  high fre- 
quencies, kr > 2, the impedance 2, becomes nearly purely resistive and 
has its maximum value of poc, 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 
- 

Wave equations 

Equation of motion 

Displacement 

Incremental density 

Incremental tcmpcmture 

General equation Steady-state equation 

grad p = --PO - / grad p - - j u p ~ q  
at 



40 TI1E WAVE EQUATION A N D  SOLUTIONS [Chap. 9 

PART V Energy Density and Intensity 

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, i.e., watt-seconds per unit volume, is greater near the 
source t,han farther away and is the variable that  appears in the equations 
describing the acoustical 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 a t  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 DKE is 

where u is the average instantaneous velocity of the air particles in the 
box, po is the average density, and M/Vo is the mass per unit volume. 

The potential energy density due to the sound wave DpE may be found 
from the gas law. For very small changes in the volume of the box, we 
may write [see Eqs. (2.8)] 

If we differentiate Eq.  (2.9) and substitute the resulting expression for 
d ~ ,  the potential energy density becomes 

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 = DKE + DPE, or 

This equation is true a t  any instant a t  a given point in space. 
2.8. Energy Density in Plane Waves. Energy Density in  a Plane 

Frce-progressive Wave. From Eqs. (2.57) and (2.59) we have seen that 
the prcssure and particle velocity in a plane free-progressive (outgoing) 
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wave are equal to 

where p+ = Ip+lejB 
The instantaneous energy density for such a wave in the steady state is, 

from Eqs. (2.68) and (2. lg),  equal to 

[l + cos 2 4 t  - x/c + B/w)] 
p0c2 

This equation says that  for a plane free-progressive wave, a t  all times, the 
kinetic and potential energy densities are equal a t  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, i 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 t o  t = T/2 = 1/2f or 
a distance in space x = X/2 - c/2f, we find the average energy density to  
be equal to 

D.,, = -2- l p  I 2  watt-sec/m3 (2.73) 
p0c2 

where Ip+l is the magnitude of the rms value (in time) of the sound pres- 
sure measured a t  any point in the sound wave. Note also that  poc2 = yPo 
as stated before. Inspection of Eq. (2.60) shows that we may let 

where u+ is the rms value (in time) of the velocity a t  any point in the 
wave. Then, 

= Iu+I2po (2.75) 

Equations (2.73) and (2.75) give the relations among rms sound pressure, 
particle vclocity, and energy density. 

Energy Density zn a Plane Standing Wave. From Eqs. (2.42) and 
(2.47) we have that  

sin ( w t  + 0) cos k(L - x) 
p ( ~ , t )  = 4 p o c I 7 l o l  s111 l i l  -- (2.76) 
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where 6' is the phase angle of uo. 

u(x,t) = 4 luol 
cos (wt  + 6') sin k(1 - x) 

sin k l  

In this case, the kinetic and potential energy are 90" out of time phase. 
The situation is analogous to that for a pendulum lwc;~use 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 2/41 - x) 
D(x,t) = luo12~o 1 - cos 21cl 

(2.78) 

When averaged over either a length of time t equal to T / 2  or a distance x 
in space equal to X/2, we find the average energy density to be equal to 

Davg = Iu012p0 watt-sec/m3 
1 - cos 2kl 

where JuoJ is the magnitude of the rrns velocity of the piston a t  x = 0. 
This equation shows that,  for a constant value of luol, the average energy 
density varies from I ~ t 1 1 ~ ~ ~ / 2  to  infinity depending on the value of 
Icl = 2~1/X. 

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

we have 
p(x,t) = fi lpll sin (wt + 0) cos k(1 - z) (2.81) 

Then Eq. (2.79) becomes 

Here, Jpll is the magnitude of the rrns value (in time) of the maximum 
value (in space) of the sound pressure. If we measure the rrns value of 
the sound pressure in  space by moving a microphone bacliward and for- 
ward over a wavelength and averaging the varying output in a rms 
rectifier, then Jp.,,l = Ipl(/@ and 

where Ip.,,l is the magnitude of the rrns value of the sound prcssure 
averaged in both space and time. Note that Eq. (2.83) is identical to 
Eq. (2.73). 
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Example 2.4. Calculate the avcmgc energy dcnsit,y in a plane free-progrrssivo 
sinusoidal sound wave with a rnaximurn particle tiisp1ac:crnrnt of 0.01 em a t  a fre- 
qurncy of 100 cps. 

Solution. From E q .  (2.30) w r  find that  the rrns particle vclority is  .I,,,,. = wE,,. 

So 

The average energy density is given by ICq. (2.75), 

D.,, = (0.0445)l X 1.18 = 2.34 X watt-src/ni3 

2.9. Energy Density in a Spherical Free-progressive Wave. The 
energy density in a spherical free-progressive wave can be shown5 to be 
equal to 

where 1p.l is the magnitude of the rrns value (in time) of the sound pres- 
sure a t  a point a distance r from the center of the spherical source. 

If the product of the distance r and the frequency is large (2k2r2 >> I), 
the average energy density is the same as for a plane free-traveling or 
standing wave, as  can be seen from Eqs. (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 I1 we defined intensity as the average time rate a t  which energy 
is flowing through unit area of the acoustic medium. I n  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. 

Gemral Equation for Intensity. We can find the average intensity I in 
a given direction a t  a given point in the medium by performing the 
operationt 

I = Rep*qcos 4 (2.85) 

L. E. Kinsler and A. R. Frcy, "Fundamentals of Acoustics," pp. 167-169, John 
Wilry & Sons, Inc., 1950. 

t The average power supplicd by an clrc.trica1 generator to a circuit equals the 
voltage times thc in-phase cornponcnt. of thc current. This power can be shown to 
equal Re ( E 4 1 ) ,  where E and  I arc thc co~nplrx rrns voltagc and currcnt, respectively. 
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mher<> p* is the complex c-onjugatei of the rrns sound pressure p, q is the 
complex rms particle velocity in the direction the wave is traveling, and 
9 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 he taken. 

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

Another way of looking a t  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 c m must pass through unit area in 1 sec. Hence, the inten- 

- 

sity is 
I = cD.,, cos 4 

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

I = - ''+I2 cos 4 = lu+12poc cos 4 (2.88) 
P oc 

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, 

1 = 0  (2.89) 

Physically, this means t,hat as much sound energy ret,urns to  the source as 
travels away from it. 

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

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

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

I = ~e p~ [E  (1 - i)] cos 9 = eos 4 (2.94) 
P0C P0C 

where, as before, 4 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 frolr. 
Eq. (2.88) that  in a spherical wave for large distances I = lu,12poc cos 4. 

Thc total power a t  any radius r is equal to W = 4*r21 = 4 ~ r ~ 1 ~ , 1 ~ / ~ ~ ~ .  
Hence, for a spherical wave, 

for 4 = 0 

By the law of conservation of energy, W is independent of r if there are 
110 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 a t  any point varies inversely with the square of the 
distance r. Hence, because the intensity I a t  any point varies similarly, 
i t  is directly proportional to  the square of the sound pressure a t  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 a t  1000 cps. Calculate ( a )  intensity in the direction the 
wave is traveling; ( b )  sound pressure; (c) particle velocity; (d)  phase angle between 
(6)  and (c) ;  ( e )  energy density; and (j) sound pressure level a t  a point 30 cm from the 
tenter of the source. (Assume 22°F and 0.751 m Hg.) 

Solution. a. The intensity may be found from Nq. (2.95). 

6. The rms sound pressure comes from Eq. (2.94) 

lprI = ado ;  = 40.885 X 407 = 18.97 newtons/mz 

c. The rms particle velocity is given by Eq. (2.03). 
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d. The phasc: angle 0 hctwecn p ,  and u, n1e.y he found from 1 C q  (2.64). 

0 = 90' - tail-' kr = 90" - 7'3.6" = 10.4" 

e.  The energy density is given by Eq. (2.86). 

f. The sound prcssure lcvel is found from Eq. (1.18). 

18.07 
SPL = 20 loglo - 2 X . . 

= 119.5 db re 2 X 10-6 newton/mz (re 2 X lo-' microbar) 

This sound prcssurc level is about 15 db  higher than the higlmt lcvel that is nicas- 
urcd a t  25 f t  above a full syn~phony orchcstra. In other words, 1 watt of acoustic 

power creates a very high sound prcssurc lcvel a t  1 ft from thc 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 i t  
possible for engineers t o  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, ix., where the only independent variable is 
time. In distributed systems, which are common in acoustics, 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. 
Thcre are many problems in acoustics, however, in which the elements 
are lumpetl 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 possihlc 
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 po~sible.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 a t  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 (c) the magnitude of the circuit element. t 

Attention should be paid to the fact that  the quantity a is not restricted 
to voltage el nor b t o  electrical current i. 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 u, or force f, or volume 

B. Gehlshoj, "Electromechanical and Electroacoustical Analogies," Academy of 
Technical Sciences, Copenhagen, 1947. 

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

H. F. Olson, "Dynamical Analogies," D. Van Nostrand Company, Inc., New 
York, 1943. 
V. P. Muon,  Electrical and Mechanical Analogies, Bell System Tech. J., 20: 

405-114 (1941). 
6 A. Bloch, Electro-mechanical Analogies and Their Use for the Analysis of Mechani- 

cal and Electro-mechanical Systems, J. Znst. Elec. Eng., 92 : 157-169 (1915). 
t Among the four circuit elements, the first threc are two-poles. This list is exhaus- 

tive. The transformation clement is a four-polc. There are othcr losslcss four-poles 
which one might have choscn in addition, cq., the ideal gyrator. 
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velocity U ,  or pressure p. Similarly, the quantity c might be any 
appropriate quantity such as mass, compliance, inductance, resistance, 
et,c. The physical meaning of the circuit elements c 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- 
t,ives is shown in Table 3.2. 

TABLE 3.1. Mathematical and Physical Significance of Symbols 

Symbol Name 

Constant-drop 
generator 

Constant-flow 
generator 

Itc~sistance-type 
element 

Capacitance-type 
elcrnent 

Inductance-type 
element 

Transformation- 
type element 

Meaning 

Transient 1 Steadystate 

The quantity a is independent of 
what is connected to the gen- 
erator. The arrow points to the 
positive terminal of the generator 

The quantity b is independent of 
what is connected to the gen- 
erator. The arrow points in the 
direction of positive flow 

a = jwcb 

An important idea to  fix in your mind is that the mathematical opera- 
tions associated with a given symbol are invariant. If the element is of the 
inductance type, for example, the drop a across i t  is equal t o  the time 
derivative of the flow b through it multiplied by its size C. Note that this 
r d e  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 
a.ssocisted with each symbol are shown in columns 3 and 4 of Table 3.1. 



Part VI] M E C I I A N I C A I ,  C I R C U I T S  5 1 

3.3. Mechanical Circuits. Mechanical-circuit elements nted 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, a t  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 t o  the elements of Table 3.1. 
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TABLE 3.3. Conversion from Mobility-type Analogy to Impedance-type 
Analogy, or Vice Versa 

MECHANICAL ANALOGIES 

Mobility type Impedance type 
I 

Element 

lnfin~te mechanical or 
acoustic impedance gen . 
erator (zero mobility) 

Zero mechanical or 
acoustic impedance gen . 
erator I infmite mobil~ty) 

Dissipative element 
(resistance and 
responsiveness) 

F Ita 

Mass element 

Compliant element 

Mech.to acous. (mobility type) 

Impedance element 

Mech. to acous. (impedance type) 
u S: l  U 

lbasformat!nn element 

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. I n  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 t o  det,ermine the quantity a t  any point on the machine. I t  
is not velocity but forre that  is analogous to  electric current. Force can- 
not be measured unless one hreaks into the device. 



I t  becomes apparent thcn that if a mechanical element is strictly 
analogous to  an electrical element i t  must have a velocity difference 
appearing between (or across) its two terminals and a. force acting through 
lt. Analogously, also, the product of the rms force j 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. I t  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 ZM, and Mechanical Mobility ZM. The mechan- 
ical impedance is the complex ratio of force to  velocity a t  a given point in 
a mechanical device. We commonly use the symbol Z,V for mevhanical 
impedance, Jvhere 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. 
I t  is the complex ratio of velocity to  force a t  a given point in a mechanical 
device. We commonly use the symbol z~ for mechanical mobility. The 

units are meters per second per newton, or mks mechani- 
cal m0hms.t g Mass MM. Mass is that  physical quantity which when 

M~ acted on by a force is accelerated in direct proportion to 
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 i t  in motion. However, the 

Frc: 3 1. Me- 
cl,d,~,cal syrn- force acting on a mass and the resultant acceleration are 
I ,OI  for n mass. reckoned with respect to  the earth (inertial frame) so that 

in reality the second terminal of mass is the earth. 
The mechaniral 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 J-shaped configuration represents the "second " terminal 
of the mass and has zero velocity. The force can be measured by a 
suitable device inserted bet\\een the point 1 and the next element or 
generator connecting to  it. 

hlass M M  obeys Kewton's second law that 

t The word "mohm" stands for mobility ohm The units are meters per second 
pw newton. 

1, hrre , / ( t )  is the insttt~ltaneol~s force in ~~c\vt ,ol~s,  A I M  is the mass in kilo- 
grims, and 74t) is the i~~stantaneous velocity in meters per second. 

In the steady state [see Eqs. (2.33) to (2.35)], with an angular frequency 
equal to 2a times the frequency of vibration, we have the special case of 

Newton's second law, 
j = jwMMu (3.2) 

where j = 4-1 as usual and j and u are rms complex quantities. 
The mobility-type analogous symbol that 

x\-e use as a replacemelit for the mechanical 
symbol in our circuits is s capacitance type. 7 
I t  is she\\-n in Fig. 3.2a. The mathematical 
operatio11 invariant for this symbol is found ;-f. l~i!j‘MM 
from Table 3.1. I n  the steady state we have L 

- 
b j (3.3) mobility-hoe a = -  or u=. Impedance -type 

jwc pMnr 
(a) ( b )  

This equation is seen to  satisfy the physical FIG. 3.2. (a) Mobility-type 

law given in Eq. (3.2). Kote the similarity zf' i:'. ~m~~~,"."ce-type sym- 
in appearance of the mechanical and analo- - - 
gous symbols in Figs. 3.1 and 3 . 2 ~ .  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. 
I t  is shown in Fig. 3.20. The invariant operation for steady state is 
a = jwcb or f = jwildnns. I t  also sat#isfies Eq. (3.2). Note, however, that 

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

tu, sarily grounded; this often leads to  confusion. I n  elec- 
trical circuits the time integral of the voltage across an 
induc%ance is flux-turns. The analogous quantity here 

CM is momentum. 
Mechanical Compliance C M .  A physical structure is 

$ur said t o  be a mechanical compliance Cn if, when i t  is acted 

FIG. 3.3.  M ~ -  on by a force, it is displaced in direct proportion to the 
chanicalsyrnbol force. The unit is the meter per newton. Compliant 
for a rnechan- 
ical compliance. 

elements usually have two apparent terminals. 
The mechanical symbol used to represent a mechanical 

compliance is a spring. I t  is shown in Fig. 3.3. The upper end of the 
element moves with a velocity ul and the lower end with a velocity uz. 
'I'he force required to produce the difference between the velocities ul and 
u2 may be measured by breaking into the machine a t  either point I or 
point 2. Just as the same cwrrent would he measured a t  either end of an 
element in an electrical circuit, so the same force will be found here a t  
either end of the compliant element. 
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Mecliaiii~al c u ~ l ~ ~ i i a ~ ~ c t :  CAI oixys iiie ioiiowing physicai iaw, 

where CM is the mechanical c~ompliance in meters per newton and u(t) is 
the instantaneous velocity in meters per second equal to ul - u2, the 
difference in velocity of the two ends. 

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

where j 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. I t  is shown in Fig. 
3 . 4 ~ .  The invariant mathematical operation 

't. f \1 u that this symbol represents is given in Table 

A ,-+I 3.1. In the steady state we have 

u = juc,j (3.6) 

In electrical circuits the time integral of the 
voltage across an  inductance is flux-turns. 

Mobility - type Impedance - type The analogous quantity here is the time in- 
(a) ( b )  tegral of velocity, which is displacement. 

FIG. 3.4. (a) Mobility-type This equation satisfies the physical law 
and i m p e d a n c e - t ~ p ~  sym- given 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 . 4 ~ .  
The impedance-type analogous symbol for a mechanical compliance is 

a capacitance. I t  is shown in Fig. 3.46. The invariant operation for 
steady state is a = b/jwc, or j = u/jwCM. I t  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 EM, and il4echanical Responsiveness TM. A 
physical structure is said to be a mechanical resistance R.w if, when i t  is 
acted on by a force, i t  moves with a velocity directly proportional to the 
force. The unit is the mks mechanical ohm. 

We also define here a quantity TA,, the mechanical responsiueness, that 
is the reciprocal of R M .  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 11y visual inspection. 
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The mechanical element uscd to represent viscous resistance is the fluid 
dashpot shown schematically in Fig. 3.5. The upper end of the element 
moves with a velocity ul and the lower with a velocity uz. The force 
required to produce the difference between the two velocities u l  and u 2  
may be measured by breaking into the machine a t  either point 1 or 
point 2. 

Mechanic:al resistanc:e It,~, o h y s  the following physical law, 

where j is the forw in newtons, u is the tlifference between the velocities 
u l  and uz of t8he two cnds, H ~ I  is the mechanic-a1 resistance in 
ohms, i.e., newtons/(meter per second), and T J ~  is the me~ha~lical  
responsivencs~ in mks mechanical mohms, i.e., meters per second per 
newton. 

The mobility-type analogous syml~ol used t,o replace the mecha~iic.al 
symbol in our circuits is a lesistn~lce. I t  is shown in Fig. 3 . 6 ~ .  The 

FIG. 3.5. Mcchanical  F1c.3.6. (a) Mobility-typeand FIG. 3.7. Mechanical  
symhol for mechanical ( b )  impcdancc-type symbols for symbol for a constant- 
(viscous) resistance. a mechanical resistance. velocity generator. 

invariant mathematical operation that this symbol represents is given in 
Table 3.1. In either the steady or transient state we have 

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 constantrforce. A Constant- 
velocity 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 gcnerator have velocities u l  and u2. One of these velocities, either 
ul or u2, is deternlincd by facators external to the generator. The differ- 



ence between the velocities u1 and u?, however, is a vcloc4ty IL  that is inde- 
pendent of the external load connected 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 a l s ~  
given in Table 3.1. The tips of the arrows point to tthe "positive" 
terminals of the generators. The double circles in Fig. 3 . 8 ~  indicate that 
the internal mobility of the generator is zero. The dashed line in Fig. 
3.8b indicates tha t  the internal impedance of the generator is infinite. 

tZ 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 t o  the product of the current i, the flux density B, 
and the effective length of the wire I cutting the flux (f = Bli). This 
device is shown schematically in Fig. 3.9. The opposite ends of the 

Mobility. type Impedance . type Mobility. type Impedance. type 

( a )  ( b )  2 ( a )  ( b )  . . 

 FIG.^.^. ( a )  Mobility-typeand FIG. 3.9. Me- FIG. 3.10. ( a )  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 ul  and uz that are determined by factors external 
t o  the generator. The force that  the generator produces and that  may 
be measured by breaking into the device a t  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 t o  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 tha t  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 o t h e ~  
end (see Fig. 3.11). From elementary physics we may write the eyuation 
of balance of moments around the fulcrum, 
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or, if not balanced, assumiilg small displacemeuts, 

Also, 

The above equations may be represented by the ideal transformers of 

Fig. 3.12, having a transformation ratio of (3 : 1 for the mobility type 

and (:): 1 for the impedance type. . -, 
FLOATING LEVER. AS an example of a simple floating lever, consider a 

weight.less bar resting on a fulcrum that yields under force. The bar is 

FIG. 3.11. Simple lever. 

Mobility - type lrnpedance - type 

( a )  ( b )  
FIG. 3.12. (a )  Mobility-type and (b) imped- 
ance-type symbols for a 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 

center support gives 

Lfl = 12j2 

and summing the moments about 
the end support gives Mobilities constrained to 

move up and down only 

(11 + h ) f ~  = 12f3 (3.11) FIG. 3.13. Floating lever. 

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



so that, 

and, finally, 

This cquation may hc 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 levcr when the ot,her is equal to zero. It 
will be seen that  this is a way of obtaining the cquivalcnt of two series 
masses without a common zcro-velocity (ground) point. This will be 
illustrated in Example 3.3. 

.-- 

FIG. 3.14. Mobility-type symbol for a FIG. 3.15. Six-elcmcnt mechanical de- 
floating lever. vice. 

Example 3.1. The mechanical dcvice of Fig. 3.15 consists of a piston of mass M M ~  
sliding on an oil surface inside a cylinder of mass M M ~ .  This cylinder in turn slides 
in an oiled groove cut in a rigid body. The sliding (viscous) resistances arc RMI and 
R M ~ ,  respectively. The cylinder is held by a spring of cornplia~icc CM. Thc mcchani- 
cal generator maintains a constant sinusoidal vclocity of angular frcqucncy W ,  whose 
rms magnitude is u m/scc. Solve for the force f produccd by the generator. 
Solution. Although the force will be determined ultimately from an analysis of the 

mobility-type analogous circuit for this mechanical dcvice, 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 incxpcrienced in the use of analogies. Its use 
virturtlly 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 elemcnt terminals which move with thc same vclocity. There 
are in this example two velocitics, u and uz, in addition to "ground," or zero velocity. 
Thcse two vclocitics are rcprescnted in the mechanical-circuit diagram by the vclocitics 
of two imaginary rigid bars, 1 and 2of Fig. 3.16, which osri1l:~tc in a vertical direction. 
The circuit drawing is made by attaching all olcrncnt tcrminals with vclocity IL  to t,hc 
first bar and all terminals with vr1ocii.y ? L Z  t o  the sccond bar. All tcrminals with zero 
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velocity are drawn to a ground bar. Note that a mass always has one terminal on 
gr0und.t Three elements of Fig. 3.15 have one terminal with the velocity u: the 
generator, the mass M M ~ ,  and the viscous resistance RMI. These are attached to 
bar 1. Four elements have one terminal with the velocity ur: the viscous resistances 
R M ~  and R M ~ ,  the mass MMZ, and the compliance CM. These are attached to bar 2. 
Five elements have one terminal with zero velocity: the generator, both masses, the 
viscous resistance R M ~ ,  and the compliance CM. 

FIG. 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, r y  = ~ / R M ,  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 ZM = u/j, the mechanical mobility presented to the 

1 1 I I I 

FIG. 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 

Including the element rM1 the mechanical mobility for that  part of the circuit through 
which f~ flows is, then, 

Note that the input mechanical mobility z~ is given by 

t An exception to this rule may occur when the mechanical device embodies one or 
more floating levers, as wc just learned. 
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Subst i tu t ingj ,  :tnd f 2  into the  second c:cluation prcccding gives us the input mol,ility. 

The result is 

.f = Z M U  newtons (3.16) 

Example 3.2. .4s a further example of a nlrchnl~icxl vircuit, let us consider the t,wo 
masses of 2 and 4 kg shown in Fig. 3.18. They a re  assumed to rest on a frictio~iless 

C U o +  

\\Free to slide on 
flat frictionless 
surface 

FIG. 3.18. Three-elcrnent mechanical device. 

plane surface and to be conncctcd together through a generator of constant velocity 
that  is also free to slide on thc frictionless plane surface. Lct its velocity be 

U Q  = 2 cos 10001 cln/sec 

Lhaw the rnohility-type analogous circuit, and determine the force f produced by the 
generator. Also, determine the mobility p r e s ~ n t ~ c d  to the  generator. 

Solution. The  masses do not have the same vclocity with respect to ground. The 
difference hctween the velocities of the two masscs is U U .  The element representing a 
mass is that  shown in Fig. 3 . 2 ~  with one end groundad and the othcr moving a t  the 

velocity of the mass. 
The mobility-typr circuit for this example is shown in 

uOT lT\q Fig. 3.19. The vrloc:it,y uo equals I L I  + I ( < ,  where ul is 
the velocity with respect lo yround of llfM1, and is that  
for 21'1~2. The force f is 

( ~ ~ u ) r , r , a  
frms = 

( l / j w M u l )  + ( l / j w M u d  

FIG.  3.19. Mobility-type - - j ~ 1 W ~ l ] l f . ~ 2  
J f M 1  + l l fh f2  

? L o  
analogous circuit for the 
device of Fig. 3.18. = jlOoO ~ ' 0.02 = j18.9 newtons (3 .17)  

(2 + 4 )  4 
T h r  j indicates that  the time phasc of tlrc force is !)On Icttdil~g wit,l~ rcspcct to t11;~l of 
t h r  vrlocity of t h r  gc:ncmtor. 
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Ob\- io~~sly ,  whon one nlass is largr wmpared wit,h the ot,her, the force is that  news- 
jary t.o Inovc: tlic s~rritllrr one alone,. This exnmple reveals the only type of case in 
\vhic.lr masses can be in series witl~out the introduction of floating levers. At most, 
only two mmses can br: in scries Ixxausc a common ground is necessary. 

The mobility presented to  the generator is 

Example 3.3. An exnnlple of a mechanical device emhdyir rg  a floating lever ic: 
bhonn in Fig. 3.20. The masses attached a t  points 2 and 3 may be assumrd to he 

\ 

Pivot 
pomts 4 T-T 1 1  17 

( b )  
F I G .  3.20. ( a )  Mechanical dcvice em- 
bodying a floating lever. (b) Mechan- 
ic:tl diagram of ( a ) .  The  compliances 
of the springs are very large so that  all 
of J 2  and f a  go to movc d l  ~2 and M M J .  

4 
'= 

( b )  
F I G .  3.21. ( a )  Mobilit,y-type analogous cir- 
cuit for the device of Fig. 3.20. ( h )  Samc 
as (a) but  with transformers removed. 

resting on very compliant springs. The driving force f l  will be assumed to have a 

freql~ency well above the resonance frequencies of the masses and their spring supports 
so that  

1 
zy2 * J W M M ~  7 

I 
z W 3  & 

~ w n f w a  

i \ l so ,  nss,lr.,c tl::,t a l,l:,s.; 1.: ;~tt;rchccl lo tllv \vciglitlcss 1r:vc.r Imr a t  point I ,  with :I 



mobility 
I 

Z M l  = 7- 

J U ~ ~ M I  

Solve for thr  total mobility prcscnt.cd to the constant-force generator j l .  
So/u/io,a. I3y irrspcrtion, thc rnobility-type analogous circuit is drawn as shown in 

Fig. 3.21a and b. Solving for Z M  - u ~ / j ~ ,  we get 

Note that  if l 2  -+ 0, thr mobility is simply that  of the mass M M ~ .  Also, if 1, + 0, the 
mobility is that of M M ~  and M M ~ ,  that is, 

I t  is possible with one or more floating levers to  have one or more masses with no 
 round terminal. 

PART VII Acoustical Circuits 

3.4. Acoustical Elements. Acoustical circuits are frequently more 
iifficult to draw than mechanical ones because the elements are less easy 
,o 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 t o  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 
~t 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 
.aalogous to voltage in electrical circuits. Such a choice requircs us to 
onsider current as being analogous to some quantity which is propor- 
ional to velocity. As we shall show shortJy, a good choice is to make 
rlrrent analogous to volume velocity, the volume of gas displaced per 
econ d .  
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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 acoustio 
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 a t  the inner end of the tube a t  
point A .  Let us ask ourselves the question, What physical quantities are 
continuous a t  this junction point? 

First, the sound pressure just inside the tube a t  A 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 a t  both 

Spherical 
places, the density of the gas must also be losed cavity 

the same, and it follows that there is con- 
tinuity of volume velocity (cubic meters per 
second) a t  this junction. Analogously, in ~~b~ 
the case of electricitv. there is continuitv of " ,  

electric current at a junction. Continuity FIG. 3.22. cavity con- 
necting to the outside air 

of volume velocity must exist even if there throuph a tube of cross-sec- 
are several tubes or cavities ioinina near one tional- area S. The junction - 
point. A violation of the law of conserva- plane between the the 

cavity occurs a t  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. 

I n  this part, we shall discuss the more general aspects of acoustical 
circuits. I n  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 XA.  Acoustic mass is a quantity proportional to mass 
but having the dimensions of kilograms per meter4. 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. 
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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, j ( t )  = M M  du( t ) /d t .  This law may be 

FIG. 3.23. Tube 
of lcngt,h 1 and 
r ros s - sec t iona l  
ar ra  S. 

expressed in acoustical terms as follo\\.s, 

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

M A  -. M,w/S2  = acoustic mass in kilograms per meter4 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 t o  the  mass. Hence, there are 
"end corrections" which must be considered. These cor- 
rections are discussed in Chap. 5 (pages 132 to 139). 

U ( t )  = instantaneous volume velocity, of the gas in cubic meters 
per second across any cross-sectional plane in the tube. 
The volume velocity U ( t )  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 

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

Impedance -type Mobility -type 

( a )  ( b )  
FIG. 3.24. ( a )  Impedance-type and ( b )  FIG. 3.25. Enclosed volume of air V with 
mobility-t,ype 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 p;et Eq. (3.22). Thc arrows point in the direction of 
positive flow or positive drop. 

.4coustic Compliance CA. Acousti(- ~omplian(~e is a ~011stant  quantity 
having the dimensions of meter5 per newton. I t  is associated with a 
volume of air that  is compressed by a net force without an appreciable 
awrsge displacement of the center of gravity of air in the volume. In 
other words, compression without acceleration identifies an  acoustic 
vompliance. 

The acoustical element that  is used to  represent an acoustic comp1ianc.c 
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 j ( t )  = ( l /CM)Ju( t )  dt. Converting 
from mechanical to  acoustical terms, 

where p(t)  = 

CA = 

instantaneous pressure in newtons per square meter acting 
to compress the volume V of the air. 
CnrS2 = acoustic compliance in meters5 per newton of the 
volume of the air undergoing compression. The acoustic 
compliance is nearly equal t o  the volume of air divided by 
rPo, as we shall see in Chap. 5 (pages 128 to 131). 
instantaneous volume velocity in cubic meters per second 
of the air flowing into the volume that  is undergoing com- 
pression. The volume velocity U ( t )  is equal to  the linear 
velocity ~ ( t )  multiplied by the cross-sectional area s. 

In  the steady state with an angular fre- 
quency o, we have t" 

I7 13.24) ITL rjcA 
where p and u are taken to be rms complex 4 L 
quantit,ies. Impedance - type Mobility - type 

The impedance-type analogous element for ( a )  ( b )  
acoustic compliance is shown in Fig. 3 . 2 6 ~  and FIG. 3.26. ( a )  Impedance- 
the mobility-type in Fig. 3.266. In the steady type and ( b )  mobility-type 

state for either, Eq. (3.24) applies. symbols for an  acoustic com- 
pliance. 

Acoustic Resistance R A ,  and Acoustic Respon- 
siveness r,. Acoustic resistance RA 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. I t  is a const.ant 
quantity having the dimcnsions newton-seconds per meter5. The unit 
is 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 rA. The unit is the rnks acoustic 
mohm with dimensions meter6 per second per newton. 

FIG. 3.27. Fine-mesh The physical law governing dissipative effects in a 
sprcen nrhich serves mechanical system was given by f ( t )  = RMu(t), or, in 
as an acoustical sym- terms of acoustical quantities, 
bol for acoustic re- 
sistance. 

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. 

RA = RM/SZ = acoustic resistance in acoustic ohms, ie. ,  newton- 
seconds per meter6. 

r,  - r M S 2  = acoustic responsiveness in acoustic mohms, ie . ,  
meter6 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 . 2 8 ~  and the mobility-type in Fig. 3.283. 

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

Impedance - type Mobility - type I 

(a) ( b )  ( a )  ( b )  
FIG. 3.28. (a)  Impedance-type symbol FIG. 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  u2 often will be zero and ul will be the velocity of a small piston 
of area S. Remembering that u = U I  - uz, we see that the generator of 
Fig. 3.7 has a constant-volume velocity U = US and that of Fig. 3.9 a 
constant pressure of p = f/S. 

The t,wo types of analogous symbols for acoustic generators are given 
i n  Figs. 3.29 and 3.-G 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 
f = force, newtons 

Rotational systems 
T = torque, newton-m 

v = velocity, m/sec 0 = angular velocity, radians/sec 
= displacement, m + = angular displacement, radians 

ZN = f /v = mechanical impedance, mks Z R  = TI0 = rotational impedance, rnks 
mechanical ohms rotational ohms 

znl = v/f = mechanical mobility, mks z~ = O/T = rotational mobility, rnks 
mechanical mohms 

RN = mechanical resistance, rnks me- 
chanical ohms 

TM = mechanical responsiveness, rnks 
mechanical mohms 

Mu = mass, kg 
CM = mechanical compliance, m/newton 

W M  = mechanical power, watts 

rotational mohms 
RR = rotational resistance, rnks rota- 

tional ohms 
TR = rotational responsiveness, rnks ro- 

tational mohms 
I E  = moment of inertia, kg-mz 
C E  = rotational compliance, radians/ 

newton-m 
W R  = rotational power, watts 

Example 3.4. The acoustic device of Fig. 3.31 consists of three cavities Vi, VI, and 
br3,  two fine-mesh screens R A ~  and R A ~ ,  four short lengths of tube TI, T*, Tt, and T4, 
and a constant-pressure generator. Because the air in the tubes is not confined, it  

i I +I ++p4 
(a) ( b )  RAI RAZ 

FIG. 3.30. (a) Impedance-type and (b)  FIG. 3.31. Acoustic device 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. 

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

f = 10-6 cos lOOOt newtons 

the radius of the tube a = 0.5 cm; the length of each of the four tubes 1 = 5 cm; the 
volume of each of the three cavities V = 10 cms; and the magnitude of the two acous- 
tic resistances RA = 10 rnks acoustic ohms. Neglecting end corrections, solve for the 
volume velocity U o  a t  the end of the tube T4. 

Solution. Remembering that there is continuity of volume velocity and pressure 
a t  the junctions, we can draw the impedance-type analogous circuit from inspection. 
I t  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 (T4) opens to the atmosphere, which 
requires that MA, be connccted 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 



of t,hc volr~rnc velocities of thc gas cr~tering I,'I and T2. The volrlme vc1oc:ity of the 
gas leaving 7 ' 2  is thc same as  that flowing through the scrcen R A ~  and is cqrlal to the 
sum of thc volume volocitics of the gas entering V2 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 T,  (Fig. 3.31), a steady flow 
of air from Il'r is observed. Some resistance to this flow will br offered by tlrc two 
screens I Z A ~  and 1 2 ~ 2 .  Similarly in the schematic diagram of Fig. 3.32, a steady prrs- 
sure p will produce a steady flow U through MA,, resisted o11ly by RAl a ~ ~ d  1iA2. 

FIG. 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 a t  ground potential only if it is produced by an elastic 
diaphragm. For example, if the resistance R A ~  in Fig. 3.31 were replaced by an 
impervious hut clastic diaphragm, the element R A ~  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, as 

can also be seen from the circuit of Fig. 3.32, with R A ~  replaced by a compliance. 
Determine the element sizes of Fig. 3.32. 

V cAl = C.42 = PA3 = -  = lo-" 7.15 x lo--11 m6/newton 
?Pa 1.4 X 10' 

RA,  = RAZ = 10 mks acoustic ohms 

As is cr~stomary in electrir-circuit theory, we solve for I ; ,  indirectly. First, arhi- 
trarily let I J o  = I rn3/sec, and determine thc ratio p/Uo. 

p, = jwM~,Uo = j7.5 X lo6 newtons/m2 
US = j w C ~ ~ p ,  = -5.36 X 10-"Vsec 
U ,  = LT6 + Uo = 0.946 
p, = (R.42 + j w n f A , ) ~ ,  + p, = 9.46 + j14.6 x lo6 
Ut = jwC~Zp, = -0.1043 + j6.77 X lo-' 
U, = I : ,  + U ,  = 0.842 + j6.77 X 
p2 = ( R A ~  + j w M ~ ? ) U 2  + p* = 17.37 + j2.001 X lo6 
UI = jwC~Ip1 = -0.1496 + j1.242 X 10-6 
li = (7, + U, = 0.692 + j1.919 X 10-6 

p = j w M ~ l U  + p? = 15.93 + j2.61 X lo6 = 2 for 170 = 1 
Uo 

The desired value of Uo is 
U O  0.1273 cos 10001 U o = p - =  
p 15.93+j2.G1X106 

s 4.88 X cos (10001 - 90") 
4.88 X sin 1 OOOt 

In other words, the impedance is principally that  of the four acoustic masses in scrips 
so that Uo lags p by nearly 90". 

Example 3.5. A 1Irl111holtz resonator is frcqr~cntly uscd as :L means for e l i r ~ ~ i n a t i ~ ~ g  
an undrsircd frcqucncy c:on~poncnt fro111 an acoustic system. An cxa~nplo is givrrl ill 

Fig. 3 . 3 3 ~ .  A constant-force gcncrator G produces a series of tones, among which is 
one that is not wanted. These tones actuate a microphone M whose acoustic imped- 
ance is 500 mks acoustic ohms. If thc tube 7' has a cross-sectional area of 5 cm2, 
l I  = l 2  = 5 cm, 13 = 1 cm, V = 1000 cm3, and the cross-sectional area of l 3  is 2 cml, 
whnt ircquoncy is eliminntcd from the system? 

( b )  
FIG. 3.33. (a) Acoustic device consisting of a constant-force generator G, piston P, 
tube T with length l1 + 12,  microphone M, and Helmholtz resonator R with volume V 
and connecting tube as shown. (b) Impedance-type analogous circuit for the devicc 
of (a) .  

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

R,, = 500 mks acoustic ohms 

I t  is obvious that the volume velocity U2 of the transducer A1 will be zero when the 
shunt hranch is a t  resonance. Hence, 

f = 245 cps 



A transducer is defined as a device for converting energy from one form 
to another. Of importance in this test  is the electromechanical trans- 
ducer for converting elect,rical 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 electron~echanical transduction. Instead wc 
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 loudspeakers and microphones. Both may be represented by trans- 
formers with properties that  permit the joining of mechanical and elec- 
frical 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 u as shown in Fig. 3 . 3 4 ~ )  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 i 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 = Bli 
e = l31u 

where i = electrical current in amperes 
j = "open-circuit" forcc in newtons produced on the mechariical 

circuit by the current i 
B = magnetic-flux density in wehers per square meter 

' I ' R A N S D l J C . l ? n S  7 l 

effective length in meters of the electrical conductor that 
moves a t  right angles across the magnetic lines of force of flux 
density B 
velocity in meters per second 
11 open-circuit7' electrical voltage in volts produced by a 
velocity u 

The right-hand sides of Eqs. (3.26) have the same sign because when 
u and j are in the same direction the electrical terminals have the same 
sign. 

+ l i  

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

( a )  ( b )  
FIG. 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 a t  constant velocity so as to generate an open-circuit voltage across terminals 
1 and 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 
Eqs. (3.26) a t  all frequencies, including steady flow. !, 
The mechanical side of this symbol necessarily is of 
the mobility type if current flows in the primary. 
The invariant mathematical operations which this 
svmbol re~resents  are given in Table 3.1. They lead FIG. 3.35. Analo- - 
directly to Eqs. (3.26). The arrows point in the ~ ~ : : t g : ~ b ~ ~ ~ ~ t ~ " , " _  
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- ~ ~ ~ ~ , ~ ~ ~ $ ~ ~  
nals. At two of them, voltages and currents can be type. 
measured. At the other two, forces and velocities 
can be measured. This transducer is satisfactorily described by the fol- 
lowing mathematical relations, 



where e = "open-circuit" elcct.rical voltage in volts producccl by a 
displacement 5.  

= displacement in mct,crs of a dimension of the piezoelectric 
device. 

q = electrical charge in coulomhs storcd in the dielectric of the 
piezoelectric device. 
I ( 

j = open-circuit" force in newtons produced by an electrical 
charge q.  

T = coupling coefficient+ with dimensions of newtons per coulomb 
or volts per meter. I t  is a real number when the network is 
linear, passive, and reversible. 

An example is a piezoelectric crystal 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 displacemel~t, 
a voltage e appears across the electrical terminals 1 and 2. Let us 

assume tha t  a positive displacement 
(inward) of the crystal causes termi- 

which crystal nal 1 to  become positive. For small 
is cemented displacements, the induced voltage is 
Distributed proportional t o  displacement. The 

inverse of this effect occurs when no 
external force act,s on the crystal face 
but an  electrical generator is con- 
nected t o  the  terminals 1 and 2. If 
the external generator is connected so 

" 
that  terminal 1 is positive, an internal 

FIG. 3.36. Piezoelectric crystal trans- 
ducer mounted on a rigid wall. force f is produced which acts to  ex- 

pand the crystal. For small displace- 
ments, the developed force f is proportional t o  the electric charge q stored 
in the dielectric of the crystal. 

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

t The coupling coefficient is frequently defined diffrrently in advanccd tcxts or1 
electrostatic-mechanical transdl~cers. For example, in some texts it is dcfincd as 
the square root of ~,"$C'kr%~/8, where ('$ and C; arc defined after Eq. (9.37). The 
author does not intend that the tlcfiriitiori for coupling coefficient i n  this text sllould 
l)e adopted as standard; rather, the term is used sin:ply for corlvcnicricc iu  the 
clisi.~~ssion. 
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so that  Eels. (3.27) become 

Unfortunately, the usual analogous symbol for this type of transformer 
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 . 3 7 ~  first. 

The element (", is the mechanical compliance of the transducer. In 
order to  measure C',, a sinusoidal driving force f is applied t o  the trans- 
ducer termirials 3 and 4, and the 
resulting sinusoidal displacement 
is measured. During this measure- 
ment the electrical terminals are 
short-circuited (e = 0). Avery low 
driving frequency is used so that  
the mass reactance and mechan- 
ical resistance can be neglected. 

The element CL, is the electrical 
capacitance of the crystal mea- 
sured a t  low frequencies with the 
mechanical terminals open-cir- 
cuited (u = 0). Applicatlorl of a 
current i t o  the primary will 

*---J')L4 
( b )  

FIG. 3.37. Two forms of analogous sym- 
bols for piezoelectric transducers. The 
mechanical sides are of the impedance 
type. produce a voltage across the con- 

denser C', of i/jwCb. This in turn produces an  open-circuit force 

A velocity u applied a t  the secondary of the transducer by an  external 
generator produces a current through the condenser Ck equal t o  - u C ~ T .  
This in turn generates an open-circuit voltage 

Equations (3.30) and (3.31) are seen to  equal Eqs. (3.29). 
In Fig. 3.376, CM is also the mechanical compliance of the transducer, 

but measured in a differeut way. A sinusoidal driving force is applied to  
terminals 3 and 4 of the transducer a t  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-circziited ( i  = 0). The element Cs is 
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the electrical capacitance measured a t  low frequencies with the mechan- 
ical terminals short-circuited (f = 0). 

Application of a current i to  the primary will produce a velocity across 
the compliance CM equal to C&. This velocity will produce an open- 
circuit force 

A velocity u applied a t  the secondary of the transformer by an external 
generator produces a force across the corripliance C M  equal to - u / j w C ~ .  
This force will in turn generate a voltage across CM 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 elements in Fig. 3.37 are related by 
the equations 

where Ck = electrical capacitance measured with the mechanical " ter- 
minals" blocked so that  no motion occurs (u = 0) 

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

C,  = mechanical compliance measured with the electrical ter- 
minals open-circuited (i = 0) 

C', = 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, i t  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 C E  can be neglected in the analysis when i = 0. On the 
other hand, if the transducer is a loudspeaker, i t  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 . 3 7 ~  is the one to  use, 
because C ~ U  is small in comparison with the output admittance of the 
amplifier. 

The circuit of Fig. 3 . 3 7 ~  corresponds more closely to the physical facta 
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than does that  of Fig. 3.376. If the crystal could be held motionlrss 
(u = 0) when a voltage was impressed across terminals 1 ; L I I ~  2, thcrc 
would be no stored mechanical energy. All the stored energy would be 
electrical. This is the casc for circuit (a), but not for (b). In other 
respects the two circuits are identical. 

At higher frequcncies, the mass M,+f and the resistance l iM 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 ease, 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 i t  will 
also be possible t o  use the impedance-type analog for the electromagnetic 
case. 

3.6. Mechano-acoustic Transducer. This type of transducer occurs 
a t  a junction point between the mechanical and acoustical parts of an 
analogous circuit. An example is the plane a t  which a loudspcaker 
diaphragm acts against the air. This transducer may also bc 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 t o  the mechano-acoustic 
transducer are 

f = SP (3 .38~)  
U = Su (3.38b) 

where f = force in newtons 
p = pressure in newtous per square meter 
U = volume velocity in cubic meters pcr second 
u = velocity in meters per second 
S = area in square meters 

The analogous symbols for this type of transducer are given a t  the 
bottom of Table 3.3 (page 51). They are seeu to lead directly to Eqs. 
(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 1 X lo4 mks acoustic ohms when driven from an  ampli- 
fier with a col~stnnt-voltagc output of 1.0 volts. The  arca of the diaphragm is 100cm'. 
What open-circuit voltagc will it producc when operated a s  a microphone with an rms  
diaphragm vclocity of I0 cm/sec? 

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



The  power c1issil)ated H v  gives 11s thc rrns volume vclocity of thv di:~l)Irr:rgm U .  

e 1 
BI = - = - = 1.4 volts/rn-sec 

u 0.707 
Ilence, thc  open-circuit voltage for an  rms  velocity of 0.1 m/sec IS 

e = 1.316 X 0.1 = 0.1316 volt 

Example 3.7. An ammonium dihydrogen 

------ phospllttte (ADP) crystal of t h r  Z-cut ~ ~ p a n d e r -  

'' $p%cM 

bar  type (discussed m Chap. ti) has the  follow- 
mrcl~anical and electrical properties: 

7 = 2 X 108 newtons/co~llomb. or volts/m ------- C y  = 9.5 X 10-8 m/newton 
1;rc:. 3.:38. Analogous circuit of the 21fM = kg 
impedance type for a crystal 
microphone. CE = 26 X 10-l2 farad 

RM = negligibly small 

This crystal is to be used in a microphone with a circular (u-eiglrtless) diaphragm. 
Determine the  diameter of t he  diaphragm if tho 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 microhar a t  
10,000 cps. 

Solution. The circuit for t.his transducer with the  transformer rcmoved is shown in 
Fig. 3.38. Because only the open-circuit volt.agc is desired, CE may be neglected in 
the  calculations. j is thc tot,al force applied 
to thc crystal by the diaphragm. Solving 
for e yields 

c = 
f ChU 

1 - w2Cw*ll.,, 

The force j eq~rals  the  area of the diaphragm j 300 

S times the  sound prcssure p. Solving for p, 
2 

p = 0.0002 antilog 7J,$,, 
4 

1"rc. 3.39. Examplr of a mcchano- 
= 1 tlyne/cm2 = 0.1 newton/rn~ acoustic transducer. The acoustic 

Solving for e ,  irnpedanee of a horn (at terminals 3 
and  4) loads the d i a a h r a ~ m  with a 

1 
. - 

70 - = antrlog - = 3.16 X 103 mechanical impedance So2(300 f 
20 j300) mks mechanical ohms. 

e = 3.16 X 10-4 volts 

This corresponds to a diaphragrn with a d i a m e k r  of about  1.41 cm. 
Example 3.8. A loudsprakcr diaphragm couplcs to the  throat of an exponential 

I~orn tha t  has an  acoustic irnpcdance of 300 + jJOO mks acoust,ic ohms. If the area 
of t,hc lo~~tlspeakcr diaphragm Sf, is 0.08 ma, dctermine the r~~ccl~; tn ic :a l - in~~)c~Iar~cc  load 
on t.hr diaphragm d ~ r c  to t l ~ c  horn. 
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Soltrfion. Thc  ~ n a l o g o l ~ s  circuit is shown in Fig. 330. T h c  mechanical irnj)rdance 
: ~ t  tcrn~inals 1 and 2 rcprcscnt the load on thc diaphragm. 

panrr IX Circuif Theorems, Energy, and Power 

In this part we discuss conversions from one type of analogy to the 
other, Th6venin1s thcorem, 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 a t  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 tha t  the quantities that  "flow" in 
one circuit are the same as the "drops" in the dual of that circuit. This 
is also true here. 

To  facilitate the conversion from one t,ype of analogy to another, a 
method that  we shall dub the "dot" method is used6 Assume that we 

G R.1. F. Gardnc,r and J. I,. I h r n c s ,  "Tr:tr~sicmt,s in J,ir~oar Systems," p11. 4ti-49, 
John Wile;. k Sons, In( . . ,  Now York, 1W2. 
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have the mobility-type analog of Fig. 3.17 and that we wish to convert i t  
to an impedance-type analog. The procedure is as follows (scc Fig. 3.40) : 

1 .  Place a dot a t  the centcr 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 element ,that is thc inverse of that  in the original circuit. The 
inverse of any given element may be seen by comparing corresponding 

FIG. 3.40. Preparation by the "dot" method for taking thr d ~ ~ a i  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 tha t  they give the same results. 

After completing the formation of an  analogous circuit, i t  is always 
profitable t o  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, i t  is probably correct. 

I 
3.9. ThBvenin's Theorem. I t  

1 - appears possible, from the foregoing 
1 

FIG. 3.41. I h a l  of thc circuit of Fig. discussions, to represent the opera- 
3.40. Solving for the forces or vclorities tion of a transducer as a combina- 
in this circuit using th r  rules of Tablc 3.1 tion of electrical, mechanical, and 
yields thc snmc valucs as solving for the 
forccs or velocities i n  Fie. 3.40. acoustical elements. The connec- 

tion between the electrical and me- 
chanical circuit t,akes place through an electromechanical transducer. 
Similarly, the connection bet\wen the mechanical and acoustical circuit 
takes place through a mechano-acoustic transducer. A Thhvenin's thtw- 
rem may he written for the combined circuits, just as is written for elec- 
trical circuits only. 

The requirements which must he satisfied in the proper statement a ~ ~ d  
use of T1i6venin7s theorem arc that all the elements be linear and tlierc be 
no hysteresis effects. 

In  tlic next few paragraphs wc shall demonstr:~tc the application of 
l 'hhvet~i~l 's theorem to a loudspeaker problem. The mechanical-radia, 
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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 Z M R  = l / Z M R  in the mobility-type analogy. 
The exact physical nature of Z M ,  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 ThBvenin's theorem, we wish to  
find the equivalent mechanical generator uo and the equivalent mechan- 
ical mobility Z M S  of the loudspeaker, as  seen in the interface between the 
diaphragm and the air. The circuit of Fig. 3.42a with the transformer 
removed is shown in Fig. 3.42b. The ThBvenin equivalent circuit is 
shown in Fig. 3.42~.  We arrive a t  the values of uo and zMs in two steps. 

1. Determine the open-circuit ve- 
locity uo by terminating the loud- 
speaker in an infinite mobility, 
Z M A  = (that is, Z M A  = 0) and 
then measuring the velocity of the 
diaphragm uo. As we discussed in 
Part  11, Z M n  = 0 can be obtained 
by acoustically connecting the dia- 
phragm to  a tube whose length is 
equal to one-fourth wavelength. 
This is possible a t  low frequencies. 

Inspection of Fig. 3.42b shows 
that  

2. Short-circuit the generator e 
without changing the mesh imped- 
ance in that  part of the electrical 
circuit. Then determine the mo- 
bility zMs  looking back into the out- 
put terminals of the loudspeaker. 

(c) 
FIG. 3.42. Analogous circuits for a sim- 
plified moving-coil loudspeaker radiating 
sound into air. ( a )  Analogous circuit. 
( b )  Same, with transformer removed. 
( c )  Same, reduced to its ThBvenin's 
equivalent. 

For example, Z M S  for the circuit of 
Fig. 3.42b is equal t o  the parallel combination bf l / j w ~ ~ ~  and RE/(B1)2,  
that is, 

The ThBvenin's equivalent circuit for the loudspeaker (looking into 
the diaphragm) is shown schematically in Fig. 3 . 4 2 ~ ~  where uo and the 
mobility z,, are given by Eqs. (3.39) and (3.40), respectively. 

The application of Th6venin1s theorem as discussed above is an example 
of how general theorems originally applying to linear psssive electrical 
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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. Eleclrical Elements. The expres- 
sions for energy stored in the inductance and capacitance elements of 
electrical circuits are familiar t o  most students from fundamental studies 
in physics and circuit theory. They are 

Instantaneous magnetic stored energy = T ( t )  = >&[i(t)2] (3.41) 
Instantaneous electric stored energy = V ( t )  = ], iC[e(t)2] (3.42) 

where i ( t )  and e(t)  are, respectively, the instantaneous current in the 
inductance and the instantaneous voltage acxoss the capacitance. 

In  the steady state for an angular frequency w, these equations become 

T ( t )  = >$Lli12(1 + cos 2wt) (3.43) 
V ( t )  = $iCle12(1 + cos 2wt) (3.44) 

where lil and [el 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 
a t  double frequency. On the average, the alternating component is zero, 
so that  

T.,, = >$Lli12 watt-sec (3.45) 
and 

VaVg = %C/el2 watt-sec (3.46) 

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

W(t)  = R[iI2(1 + cos 2wt) (3.47) 

On the average, the alternating component is zero, so that 

W.,. = RliI2 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.,,, T.,,, and V.,, for electrical, mechanical, 
and acoustical elements is given in Table 3.4. I t  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 3:2. Averngc, Virlurs of Power Dissipated and Energy Storedt 
-- 

Element (see Tnl)lr 3.2) 1~~lc~ctric:itl 

- ~~ ~- 

1 
W m  1 1tlij2 

! 
--. I 

~ . v g  ! ~ , 2 i , ~ i ~ ~  

Type Mechanical 
analogy 

llohility r ~ l f j ~  - 

Impedance R . ~ l ~ c i ~  

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. 

Electrical circuit Mechanical circuit Acoustical circuit 
(mobility -type) (mobility -type) 

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

Logically, the total power supplied by the generator e t o  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 t o  the air is given by the power dissipated in the acoustic respon- 
siveness rA. From Table 3.4 we find for the mobility case that  the total 
power for the circuit of Fig. 3.43 is equal t o  

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- 
t,ype elements. From Table 3.4 we see for the mobility analogy that  the 
total T.,, of Fig. 3.43 is equal to 

T,,,, := '.4Lli12+ +icy1 f 2 1 2  (3.50 I 



Similarly, t,he capacitive energy V.., stored in the ~ a p a c i t , a . t , i v ~ - t > ~ ~  
eiements is found to be 

By way of justification for the choice of mks units made early in this 
text, i t  should be noted that direct addition of electrical, mechanical, and 
acoustic powers and energies is possible in Eqs. (3.49) to (3.51) provided 
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 acoustical 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 l k 7  would be neces- 
sary before addition were possible. 

Active and Reactive Power: Vector Power. I t  is common in electrical- 
circuit 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 a t  the source. 

Vector power = Wave + jQ,,, = e*i (3.52) 

where e* is the complex conjugate of the rms voltage e a t  the source 
and i is the rms current a t  the source. Note that if e = /el L4, then 
e* = /el L-cp 

Since i = e / Z ,  one may alternatively write 

where [el is the rms magnitude of the voltage across the complex imped- 
ance Z. Clearly the active power W.,, in a linear passive circuit must 
always be positive. The reactive power, however, may have either sign, 
being positive in 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 t o  write 

where Z* is the complex conjugate of Z. For example, if Z = R + j X ,  
then Z* = R - jX.  

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 

whcre ik is tile complcs current in the kth element of impedance Z k .  The 

voltage across t,he Icth elemcrit is ck.  A similar cquation holds for electro- 
mechano-acottsLicaI circuits. For example, from Fig. 3.43, rememberillg 
that  we have the mobility analogy, we find that 

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) me see that l f 1 I 2  = ~ ~ M , r r ~ 1 ~ 1 ~  and 
from Eq. (3.22) that ] p I 2  = w2Mn21 U1I2. 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 to V.,, - T,,,. 

In general, the reactive power is 

QavK = 2w(Vavg - Tsw) (3.57) 

The total stored energies V.,., and T,,, are found by the procedures 
described in connection with Eqs. (3.50) and (3.51). I t  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 reactjive power supplied by the 
generator is zero. 

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

3.11. Transducer Impedances. Let us look a little closer at the 
impedances a t  the terminals of electromechanical transducers. It has 

become popular in recent years for electrical-circuit specialists t o  express 
the equations for their circuits in matrix form. The matrix notation is 
a condensed manner of writing systems of linear  equation^.^ 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. 

7 P. LeCorl,eiller, "Matrix Analysis of Electric Networks," Harvard University 
I'ress, Carnbriclge, Mass., and John Wiley &Sons ,  Inc., New York, 1950. 



..- 
1 he st r~dcnt ~ lo t  ian11l1:~r w t h  mal rl\: theory is advised l o  deal dircctly 
with the s~n~ultttncorls cquatio~ls from whirh the matrix is derived '1 
knowledge of matrix theory is not necessary, however, for an understand- 
ing of any material in this text. 

Let us determine the impedance matrix for the electromagnetic- 
mechanical transducer of Fig. 3 . 4 4 ~ .  I n  that circuit Z, is the electrical 
impedance measured with the mechanical terminals "blocked," that is, 
u = 0; z ,  is the mechanical mobility of the mechanical elements in the 
transducer measured with the electrical circuit "open-circuited"; and 
z, 1s the mechanical mobility of the acoust,ic load on the diaphragm. The 

FIG. 3.44. Analogous circuits for a n  electromagnetic-meclianical transducer. The 
mechanical side is of the mohility type. 

quantity B2 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 . 4 4 ~  yields the two-mesh circuit 
of Fig. 3.446. The equations for this circuit are 

where Z, = l/zY, ZL = l/zL, and f = Bli. The impedance matrix is 
drawn from these equations and is a square array of four impedances. 

The total ele~t~rical impedance Z E T  as viewed from the voltage generator 
is found from the matrix or from Eqs. (3.59) and (3.60) to be 

PartIX] CIRClJIT TIIEOREMS, E N E R G Y ,  A N D  POWER 85 

The second term on the right-hand side is usually called the motional 
impedance because, if the mechanical side is blocked so there is no move- 
ment, then ZeT = ZE. 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 

where 

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

1 
ZM = R M  + jwMM + T-- = mechanical impedance of the mechanical 

3wC.W 
elements in the transducer measured with i = 0 

CL C ~ = ~ + e e  5 = mechanical compliance in the transducer with i = 0 
M 

The impedance matrix is 

Z E - r/ju 1 (3.65) 
- ~ l j w  ZM + ZL 

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 j w  by the operator s = dldt.6 

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 

The second term on the right-hand side is called the motional impedance 
as before. 
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Again we see that the transducer acts as a sort of impedance inverter. 
An added positive mechanical reactance ( + X u )  comes through the 
transducer as a negative electrical reactance. 

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

Substitution of Eq. (3.67) into (3.62) yields 

The mechanical compliance Caa appears from the electrical side to  be an  
inductance with a magnitude B2Z2Cnrl. Substitute now Eq. (3.67) into 
(3.66). 

r2C,1 Z E ,  = Z E  + j- (3.69) 

The mechanical compliance CM of this transducer appears from the elec- 
trical side to be a negative capacitance, tha t  is to say, C M 1  appears t o  be 

FIG. 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 w2. The effect 
of this is simply to  reduce the value of CM. Another way of looking a t  
this is t o  note from Fig. 3.45 that  with Raa = M y  = 0 and 2, = l/jwCwL, 
the total compliance is less than CM because of the added compliance C M L  

3.12. Combinations of Electrostatic and Electromagnetic Transducers. 
The engineer sometimes is called upon t o  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 . 4 1 ~  and 3 . 4 5 ~  reveals that i t  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.8 Inspec- 
tion of the impedance matrices [Eqs. (3.61) and (3.65)] reveals that the 
same circuit could be used for both types of devices provided some meiins 
were introduced for changing one of the signs of the mutual terms. To do 
this, the "B operator" will be introduced. 

The Operator 0. 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 

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 

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 pZ 

FIG. 3.46. Analogous circuit of the mobility type, using the 6 operator, for handling 
electrostatic-mechanical transducers. For use with transient problems, replace jo 
by the operator s. 

should not be replaced by (- 1) until the equations have been reduced t o  
their final form. This avoids the problem of having to decide whether a 
negative number should be replaced by j or B when a square root is taken. 
In Fig. 3.46, going from left to right, u = iz r/jw/B, and, going from 
right to left, the open-circuit voltage eo = fom/ju/-Kso that the trans- -- 
fer impedances in the two directions are the negative of each other. 

When both B and j appear in the transformation ratio, the values of the 
stored energy components T.,, and V.,, are the same as those found when 

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

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).  

I n  a similar manner, the circuit for an  electromagnetic transducer may 
be drawn like that  of Fig. 3.37b if the transducer ratio is jBZt3CMw: 1. In  
this case, the impedance matrix would be 

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. 3.42~. Its mechanical 
and electrical characteristics are 

RE = 10 ohms 
B = lo4 gauss (1 weber/m') 
1 = 3 m  

M X D  = 2 g  
Z H R  = jw2.7 X lo-' m/newton-sec 

where Z M R  is the mobility t h a t  the diaphragm sees when the earphone is on the ear, 
M M D  is the mass of the diaphragm, RE and 1 are the resistance and the length of wire 

f 1.111 ( 4 x  ~o-~)P= f2 

St  3 +:1Fj lo-4 

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

wound on the voice coil, and B is the flux decsity cut by the moving coil. Determine 
the sound pressure level produccd a t  the ear a t  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 cm2. 

Solution. The circuit diagram for the earphone with the element sizes given in 
mks units is shown in Fig. 3 .47~.  Eliminating the transformer gives the circuit of 

P a r t I X ]  C I R C U I T  T H E O R E M S ,  E N E R G Y ,  A N D  P O W E R  89 

FIG. 3.48. Combined electrostatic-electromagnetic transducers. (a) Block mechan- 
ical diagram of the device. ( b )  Analogous circuit with mobilities on mechanical side. 
The fl operator is used for the piezoelectric transducer. (c) Same as (b), except tha t  
z,u, replaces the three parallel mobilities as shown by ( d ) .  ( e )  Dual of (d ) .  Cf) 
Because the circuit of ( d )  has infinite mobility, (b )  simplifies to this form. (g) and ( h )  
Solution of (j) by superposition. 

Moving - coil 
transducer 

P 

"0 
t, - 

Piezo . electric 

-a - 
transducer - 
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Fig. 3.476. Solving, we get 

SPL = 20 log 2m; 185 - - 139.3 d b  re 0.0002 rnicrobar 

Example 3.10. Two transducers, one a piezoelectric crystal and the other a moving 
coil in a magnetic field, are connected to  a mass M M ~  of 1.533 kg as shown in Fig. 3.48a. 
Determine the stored electrical energy in the  condenser CE a t  100 CPS for the following 
constants: 

e = 1 volt 
RE = 10 ohms 

B = 1 weber/mZ 
1 = 3 0 m  

CE = 4 X farad 
M M I  = 1.0 kg 
CMI = 10-6 m/newton 

r  = 1.28 X 10' 
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 (c). Let us det,crnline the value of Z M ,  first. 
We note that  the dual of (d) is given by ( e ) .  

In  other words, the mobility is infinite a t  100 cps. Hence, circuit (c) simplifies to  
that  shown in (1). By superposition, i2 can be broken into two parts i: and i:' given 
by the two circuits (g) and (h ) ,  so that  i 2  = i:' - i:. 

.,, edB212 1 1 
z 2  = -- = - = - -  

Iipr2 (10)(680)1 4.64 X lo6 
.If .I 

zz = 22 - z2 = j l . 17  X lo-' 
l i 2 l  - 1.47 X lo-' amp 

The voltage drop across thc capacitor is 

The electric stored encrgy on the capacitor CE is 

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 a t  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. I ts  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, baffles, 
horns, and noise sources. 

The basic concepts governing radiation of sound must be grasped 
thoroughly a t  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 a t  a specified frequency. 

91 
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The  beam width of a 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 a t  e = 0. 

4.1. Spherical  source^.'.^ A spherical source is the simplest t o  con- 
sider because it radiates sound uniformly in all directions. As we saw 
from Eq. (2.62), the sound pressure a t  a point a distance r in any direction 
from the center of a spherical source of any  radius in free space is equal t o  

where A+ is the magnitude of rms sound pressure a t  unit distance from 
the center of the sphere. 

FIG. 4.1. Directivity pattern for a nondirectional source. Such a pattern is drawn 
on a particular plane intersecting the center of the source. The directivity index DI 
(defined in Part XI) equals 0 db a t  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. 

Simple Source (Point S o ~ r c e ) . ~  For the special case of a very small 
source, whose radius a is small compared with one-sixth wavelength (that 

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, "Funda~nentals of Acoustics," pp. 163-173, John 
Wiley & Sons, Inc., New York, 1950. 
' Morse, op. cil., pp. 312-313. 

is, / ,a  << I ) ,  the velocity a t  t l ~ c ,  S I I I ~ ~ C C  of thc s p h ~ r e  is [see Eq, (2.63)] 

.\ so1lrc.c for whic~h this iorml~la is valid is called a si111ple soitrcc. 
S~~bst i tut ion of ISq. (1.2) into lilq. (4 .1 )  yiclds 

n.l~c.re li0 = rms v o l ~ ~ m c  vclocaity in cv11)ic: mct,crs pcr scc*old of the very 
small source a~ltl  is equal to (4ra')u,,,,, 

p = rms sor~l~cl prcssurc ill ue\vtons per sqrlnrcB rnctc:r :it n distnncx: 
r from t,lx simple source 

Stren.qb11, of a Simplc So~rrcc .~  The rms nieg~~itude of the t$ot:il u.ir flow 
at, t.he surf:rc.e of a simplc sourcoc in c.ul)ic. mctlcrs per see-ontl (or ru l~ ic  
c.cntimct,crs pcr second in the cgs syst,cm) is g i v c ~ ~  \)y Ti,, and is c.allctl the 
st~~rtrgth or a simplc s01~rcc.t 

Intcnsit!g al Distance r. At n dist,:iuce r from the ccnter of a simplc 
so r~ lw  the int,c~~sit,y is give11 by 

When the dimensions of a source are much smaller than a wavelength, 
t he radi:lt.ior~ from i t  will be much t,he same no matter what shapc the 
radiator has, :LS 1o11g as all parts of the radiator vibrate sul~stantially in 
phase. The i~i tm~si ty at, any distance is directly proportional to the 
squarc of thc volume velocity and the frequency. 

4.2. Combination of Simple Sources4 The basic principles governing 
the directivity patterns from loudspeakers can be learned by studying 
combinat,ions of simple sources. This approach is very similar to thc 
consideration of Huygens wavelets in optics. Basically, our prohlcm is 
to add, vectorially, a t  the desired point in space, tho sound prcssr1rt.s 
arriving a t  that, point from all the sinlple sources. Let us see how this 
method of analysis is applied. 

l'wo Simple So~~rces  i n  Phase. The geometric situation is shown in 
IGg. -1.2. I t  is assumed that the dist,ance r from the two point sourcas t,o 
the point A at which the pressure p is being mcasured is large compared 
with t l ~ e  scpilrntion h hctwctc~~ the two sources. 

r ,  1 he splrcrical sound wavc :irrivi~lg a t  the point p from source I will havct 
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traveled a distance r - (6/2) sin 6, and the sound pressure \\ill be 

The  wave from source 2 will have traveled a distance r + (b /2 )  sin 6, so 
t ha t  

The  sum of p, + p2, assuming r >> b, gives 

hlultiplication of the numerator and the denominator of Eq. (4.6) by 

. . 

FIG. 4.2. Two simple (point) sourccs vihrat,ing in phase located a distance b apart and 
a t  distance r and angle 0 with respect to the point of measurement A .  

exp (jlrb sin B / X )  - exp (-j?rb sin 6/X) and replacement of the expo- 
nent ia l~  by sines, yields 

The equation for the magnitude of the rms sound pressure lpl is 

2A+ sin [(2ab/X) sin 61 
P I  = T 1 2  sin ( ( l rb ,~)  sin 01 1 

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 sourccs rsscntinl1.v coalesce and thc pressure a t  n 
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distance r a t  any angle 0 is double that  for one source acting alone. Tho 
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' 180' 
b-3A/2 Dl-3.0 DB b-2A Dl -3.0 DB 

(4 ca) 
FIG. 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 a t  any particular frequency. The boxes give the directivity index a t  6 = 0'. 
Onc 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  = X/2. For 0 = 0 or 180" i t  
is clear that the pressure arriving a t  a point A will be double tha t  from 
either source. However, for 0  = t 9 0 °  the time of travel between the 
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two si~nplt: sor~rc:<:s is ~(1st r ~ g l ~ t  SO t,l~itt t,hc radiat,ion fro111 one source com- 
plctcl-y (';LII(Y:Is the racli:~l~iol~ from th(: other. IIenc:c, t,hc prcsstlre a t  all 
points along the +00° axis is zero. Itememl~cr, we h a w  limited our dis- 
cussion t o r  >> 6. 

Directivity patterns, expressed in dcc:it)els relativc to (.he pressure att 
0 = 0, are given in Fig. 4.3 for the two in-phase sources with 0 = Xj4; 
X/2; A; 3A/2; and 2X. 

A very important observat.io11 can be made from the dir~vt~ivi ty pat- 
Icrrls for this simple type of lxdiator that  applies to all types of radintio~i. 
'I'lie longer the extent of the radiator ( ie . ,  here, the greater 6 is), thc 
sharper will be the principal lobe along the e = 0 axis a t  any given fre- 
c(ucncy and the greater the number of side lobes. As we shall see in the 

next paragra,ph, it is possihle to sup- r ! l A  press those the other side than lobes, the pri~~cipal  t,hat is to lot)cs say, 

a t  0 and 180°, by simply ii~creasing 

d 
+ ,=-, the number of elements. 

f *+ Linear Array oJ Simple S o ~ r c e s . ~  1 t+ The geometric situation for this 
1 i type of radiating array is shown ill 

-1 ._ - - + - 
Fig. 4.4. The rms sound pressure 

11'1~. 1.4. A linrar :trr:ty of n sirnplc 
sollrcrs. v i b r ; ~ t i r ~ ~ '  i n  IIII:ISP. l o c a t d  :L prodll(:ed a t  a point A h y n  identi- 
~ I i s t : ~ . ~ ~ c c  1) t t lxirt .  Tlic wntrr  of t h r  cal simple in-phase soul.ccs, lying iu 

cl = ( 1 %  - l)6 smdl compared with the distjance r, is 

n 1 sin [(nab/X) sin 01 p = L . 2  - - -  
r / n sin [(rb/h) sib?] / 

Xs a sp~( i a1  vase, Ict, us ;Lssumc that  the number of points t~ becomrs 
v ~ r y  largv :t11(1 that the w p a r a t i o ~ ~  0 I)ecomts very small. Thclr, as 

sin 1 jd/X) sin 01 / 
p = p" / - - 

- 

i (d /A)  sin e i 
\\.here p,, is t,hc m:~gnit,ude of the rms sound prcssurc a t  :I distnncc r from 
the array a t  an angle 0 = 0. As before, it is assumed that the estcut of 
the array d is small compared with the dist,arice r .  

Plots of Eq. (1.9) for = 4 and d = A/,*, Xj2, A ,  3Xj2, : L I I ~  (LA are 
sliown ill Fig. 4.5. Similar plots for n + a and 6 -+ 0, t l ~ : ~ t  is, E(l. j.1.1 I ) ,  
:LI.C given ill Fig. -1.6. 

'I'hc pri~lc,il)al dilTc:rc~~c.c among Figs. 4.3, 4.5, a~rd  4.6 for a givcn ra.tio 
of array lc:~~gt,h to wuvclcngth is in thc sr~l)p~cisio~r of 1 1 1 ~  "sidc 1ol)cs." 
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That  is, sound is radiated well in the 0 = 0" and e = 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 a t  e = 0" and 0 = 180". 

A 14 
h X I 2  0' Y 

180' 180' 
d -3h/2 Dl -6.0 DB d-2A D I - 6 . 6 ~ ~ '  

(4 (d) 
FIG. 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 a t  0 = 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 t o  be large compared with the separation 
b between the two sources. 

It can be clearly seen that  the sound pressure a t  8 = 90" and e = 270" 
will be zero, because the contribution a t  those points will be equal from 
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the two sources and 180" out of phase. The pressures a t  8 = 0" and 
0 = 180" will depend upon the ratio of b to the wavelength A. For 
example, if b = X, we shall have zero sound pressure a t  those angles just 
as  we did for b = X/2 in the case of two in-phase sources. In the present 
case, we have a maximum pressure a t  8 = 0" and 8 = 180" for b = X/2. 

0' 
XI2 

a- 

d-3X/2 DI-5.1 DB d-2X Dl-6.2 DB 
(4 (4 

FIG. 4.6. Directivity patterns for a linear line array radiating uniformly along its 
length d. The boxes give the directivity index a t  B = 0'. One angle of zero direc- 
tivity index is also indicated by the arrow. 

The usual case of interest, however, is the one for 

In this case, the complex rms pressure p d  a t  a point A can be shown to 
equal6 

Kinsler and Frey, op. cit . ,  p ~ .  280-285. 
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where UO = rms strength in cubic meters per second of each simple source. 
The ratio of the complex rms sound pressure pd 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 

b 
= -- (1 + jkr) cos e 

T 
(4.14) 

Pa 

When the square of the distance r from the acoustic doublet is large 

/ I \ 
1 

FIG. 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 a t  
an angle 0 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 the sound pressure 
as a function of angle 0. The upper half of the graph shows the variation of the radial 
and tangential components of the particle velocity as a function of angle 0. 

compared with X2/36 (k2r2 >> I) ,  Eq. (4.13) reduces to 

For this case the pressure varies with 0 as shoywn 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 r2 << X2/36, Eq. (4.13) reduces t o  



lcor i.l~is ~ , I I V  prcsst~rc :dso \.:irics wit11 (.os 0 :LS S I I O N I I  1 1 1  IGg. . l .S, 1)11t 
it .  ( . ~ : L I I ~ ( ~ s  i~rvcrs(\I): \\.if11 t,lr(: S ( I I I : L ~ C  of t.h(> (list,:~ncc r. 14;~ ;I.I.V si.ilI ;r.ssttm- 
ing t h a t  r >> 0. 

Ncar-jicld an,d Par-Jicltl. '1 '11~ differe~~cc lwtwect~ ~~cy~r-Jic'ltl a ~ r d  /'trr-./icld 
behaviors of sourc:es must :~lw:tys be b w n r  i n  mild. Wlrcw i,he cli~w,l~ivity 
pnt.t.ern of ti loudspeaker or some other sound sourc~: is p~.csctli,c~l in n 
technical puhlicx.t8ion, i t  is a1w:~ys u~rderst~ood thst  the data wrw t,:llit?t~ :it 
a dist.anw r sufficic~~tly large so tha t  t,hc sound prcssurc \\.us d ~ ( w ~ s s i n g  
linearly with dist,ance along a radial line co t~ t~cc t , i~~g  \vit,h t,lie source, ns 
was the wsc  for Eq. (4.15). This is the jar,/ield case. For t,his to  be 
true, t\\-o conditions usually have to  be met. First, the estctit 6 of the 

180' 

p/po directly 

(a )  ( b )  
Frc:. -4.8. IXrcctivity pattrrn for a donblot sound sollrce. (a )  Sourltl-prcssuw rntio 
p/p"  vs.  0. ( 1 ) )  20 loglo p / p o  vs. 8. The bosrs givc t l~c dirctctivity irltlc-x at 0 = 0". 
One anglc of zero dircctivit.~ index is also indicated I)y t l ~ r  arrow. 

radiating array must be small cotnparcd with r, and r' must 1)c large com- 
pared with X2/3Ci. In acoustics the size factor indicated is usrrally taken 
to be larger than 3 to  10. 

One more item is of interest in connection with the aco~istic doublet8. 
The particle velocity is composed of two compo~~cnts,  one radially 
directed, and the other perpendic~~lar  t o  that  tfircctiotl. At I9 = 0 and 
180" the particle velocity is directed radially entirely (see Fig. 4.7). At  
0 = 90 and 270' the particle velocity is e~rt~ircly perpet~tlicxtlar t o  t,lw 
radial line. I n  between, the radial compo~rcnt v:wies as t.11e cos 0 and t . 1 1 ~  
perpendicular component as  the sin 8. 

l ln  intcrest.irig fact is that  a t  I9 = 90" and 270" n doul)lct, sound sorlrcc 
appears to  propagate a transversely polarized so t~r~d  w:~vc:. T o  demon- 
strate this, &kt: t.wo unbaffi~?d stnall lo~t l~l) i~: t l i ( : l~~ illto an ancc:hoic: 
chaml)cr. I~11l)af11~d loudspeakers (t,ranscluc.c\rs) :IIT (vluivnlc~rt t o  
doul)lt:ts I ~ c v ~ ~ t i s c .  i l l ( :  pressure irrc:rc::~ses orr o11c: siclcb of i,11(. tli:~pIrrngm 

whc:ncvcl i t  dt:c~ci:i,sc~s 0 1 1  thc otllc:~.. IIol(l the two tt~ansd~tc~ers a l ) o ~ ~ t .  
0.5 m apart with both cliapht~ajirns facing thc fioor (r~ot, facing cach other). 
I,ct olre trarrsduccr radi:lt.c a I~\\r-fre(lu(:n(.~ sound and the other act as  a 
microphone connected tjo t.he input of an audio amplifier. As we see 
from Fig. 4.7, no sound prc:ssure will I)(: produced a t  the diaphragm of the 
mic~ophone, but there will be transverse particle velocity. A particle 
veloctity is alwa,ys the l.esdt of a pressure gradient in t,he 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 t o  be plane polarized. 

You have now learned the elementary principles governing the direc- 
tdonal characteristics of s o u ~ ~ d  sources. We shall be able t,o use t,hese 

FIG. 4.9. Rigid circular piston in a rigid Ixtfflr. Thc point of measuremrnt A is 
located at d~stancsc , and ; m g l ~  0 with rrspcLct 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 Baflc. 
Many radiating sources can be represented by the simple concept of a 
vibrating piston located in an  infinitely large rigid wall. The  piston i~ 
assumed to be rigid so tha t  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 t o  increase the effective length of the external transmission path 
between the front and back of the radiating surface. 

The geomet,ry of the problem is shown in Fig. 4.9. We wish to  know 
the sound pressure a t  a point A located a t  a distance r and an angle 0 from 
the center of the piston. T o  do tjllis, we divide the surface of the piston 
into a number of small elements, each of which is a simple source vibrating 
in phase with all the other elemelrts. The pressure a t  A is, then, the sum 
in magrritl~de and phase of the pressures from these elementary elements 
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This summation appears in many texts6 and, for the case of r large com- 
pared with the radius of the piston a,  leads to the equation 

2J1(1ca sin 8 )  eju(t7,cl 
p(r,t) = 

T ka sin e 1 (4.17) 

where u(t = rms velocity of the piston 

J1( ) = Bessel function of the first order for cylindrical coordinates6 

FIG. 4.10. Directivity patterns for a rigid circular piston in an infinite baffle as a 
function of ka = 2 ~ a / X ,  where a  is the radius of the piston. The boxes give the 
directivity index a t  0 = OO. One angle of zero directivity index is also indicated. The 
DI never becomes less than 3 d b  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 ka =I 2?ra/X, tha t  is, for six values of the ratio of the circum- 
ference of the piston t o  the wavelength. 

When the circumference of the piston (2aa) is less than one-half wave- 

s Morse, op. d., pp. 326-346. A table of Bessel functions is given on page 444. 

Icngth, that is, Ira < 0 5, thc piston l)ch:~vcs css~ntii~lly like a point source. 
Whc:ri ka \)cwmcs grwlcr than 3, the piston is highly tlircctiotial. We 
sccb from Il'ig. 4.21 t h:~t an ordir~ary loudspeaker also becomcs quite direc- 
tive a t  higher frc.qucrirics in much the same manricr as does the vibrating 
pi:;( on. 

lLi<gid Circular Piston in End of a Long  tub^.^ In  many instances, 
sound is racliatcd 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 
Lwyor~d the edges of thc diaphragm, its performance may be estimated by 
comparison with that of a rigid piston placed in the end of a long tube 

Tlic gcomctricd situation is shown in Fig. 4.11. The pressure a t  point 
A is again found by summing the pressures from a number of small ele- 
rncnts on the surface of the piston, each acting as a simple source. The 

Long circular -Piston 
tube 

b'ro. 4.1 1. Rigid cir.c:ul:ts piston in the cntl of  a long tub. The point of measurement 
is 1oc::~tctl a1 dist;rnc:c r : ~ n d  :~ngle 0 with respect to thc cvnt,cr of the piston. 

sol\~t,ioll of this pro1)lcm is complex, however, bccsuse radiation can take 
plaw in :dl tlircc%ions ~ L I I C ~  the S O U I I ~  must tlilYrac-t around the edge of the 
tube to get to tlic lelt-hard part of space (Fig. 4.11). Hence, a thcory 
that iriclutlcs Lhc cffects of diffraction must be used in solving the problem 
arralylic.ally. 

The results from such a theory are shown in Fig. 4.12 for six values of 
ka. I t  is assumcd here also that  the distance r is large compared with a, 
so that the directivity pattern applies to the far-field. 

Riyid Circular Piston without BagEc8 To complete the cases wherein 
pistons are commonly used, we present the results of theoretical studies on 
the direcativity pattcrn of a rigid piston of radius a without any baffle, 
radiating into frce space. These results are shown graphically in Fig. 
& 13 for four vdues of Ira. I t  is interesting to note the resemblance 
lwt,nc.cn thcsc curves and those for an acoustic doublet. I n  fact, t o  a 
fitst approximation, an unbafRcd thin piston is simply a doublet, because 
nu :LY~LLI movcment in one direction cornprcsscs the air on one side of i t  
and causes a rarclwtion of the air on the other side. 

7 11. Ix~vir~c and J. Schwingcr, On the Itadiation of Sound from an Unfianged Circu- 
Ixr I'ipc, I Jh? /s .  / ? c , m . ,  73: :$Y:+lO6 (Fcb. 15, 1048). 

'JF. hI. Wivncr, 0 1 1  tllv 1lcl:~tion bctwccn the Sound IWtls Rsdiatctl and Diffracted 
I jy I ) ~ : L I I ( :  OOstit~~l~~s, ./. /I C O I I S I .  SVC. A I I M ~ . ,  23 : 607- 700 (LO5 1). 
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Square or Rectang.ular Piston S o ? ~ r c e s . ~  RIGID SQUARE PISTON IN INFI- 

NITE BAFFLE. This type of radiating source is not very common in 
acoustics. I t  suffices to say here that  the directivity pattern for such a 
pisLon in a plane perpendicular to the piston and parallel t o  a side is 
identical to that for a linear array of simple sources as given by Eq. (4.11). 

FIG. 4.13. Directivity patterns for a n  unbaffled rigid circular piston of radius a 
located in free space a t  an angle 0 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 a t  0 = 0'. One angle of zero directivity index is also 
indicated hy the arrow. 

The pat tern in rt plane that, is parallel to  either of the two diagonals differs 
very little from that in a plane parallel to a side. 

RIGID I Z I C C T A N G C L A I ~  PISTON I N  INFINITE BAFFLE. The directivity pat- 
terns for this type of radiating source with dimensions d l  and dz  are given 
by the formula 

sin [ ( d l / X )  sin 811 sin [ ( s d 2 / X )  sin 02]  
Directivity pattcrn - 1 ( ~ d , / h )  sin O 1  ( r & / h )  sin o2 

Olson, op. n'l., pp. 39-40. 



lo6 

where 81 = 

e 2  = 
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angic between the normal to the surface of the piston and the 
projcction of the line joining the middle of the surface and the 
observation point on the planc normal to the surface and 
parallel t o  d l  
samc as 191, with d2 substituted for dl  

Note that the directivity pattern is equal to the product of the dircc- 
tivity patterns for two line arrays at right angles to  each othcr [see 
Eq. (4.11)]. 

4.4. Curved  source^.'^ I n  the preceding paragraphs of this part 
we have dealt with the radiation of sound from straight-line and planc- 
surface arrays. These types of arrays are closcly resembled by open- 
ended organ pipes, direct-radiator loudspcakers, simple horns, and othcr 
dcviccs. One characteristic common to  all thcsc arrays, except the 
doublct array, is that  thcy bccomc morc directional as the ratio of their 
length to  (be wavclcngth bccomcs greater. This is usually an utdcsir- 
able trait for a loudspcakcr to  cxhibit bccausc i t  means that the spectrum 

/ -4 b 
FIQ. 4.14. Parabolic mcgaphonc sl~it:~.l)lc for IISC by a chccrlen.dcr in n football stadium. 

of music or spccc:h :LS rcproduc:etl \\.ill vary from one position to another 
around the loudspe A, k cr. 

To  overcome, in part, this inc:rc:tsc in dilwtivity wit.11 increasing fre- 
quency, curvcd surfaces are commonly cmploycd as sound radiators. 
r 7 I hcse surfaces can he: made up  of a numb(:r of small loudspcalcers or small 
horns or as  a megapho~le with a crirvecl front. 

Curved-line Source (Z'arabolic ilfc<laphone). An example of a curved- 
line source is the parabolic mcgnphorw of Fig. 4.14. The megaphone 
opclr i~~g is thin enough ( 1  in.) to  bc roughly equivalent t,o a simple line 
source for frequencies below 4000 cps. The horn is parabolic because the 
sec(,ion:~I nrcn is proportion:~l to thc tlistnncc from thc apcx. 

, , 1 hc: soul~d pressure a t  a point il 2 distance r from thc apcs is found by 
summing the prcssurcs in :~mplitudc and phase origi~~:ltil~g from : L I ~  

assumed curvcd l i ~ e  cornposcd of simple sources. Wlicn thc d i s tn~~cc  r is 
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- .  

FIG. 4.15. Directivity patterns for the parabolic mcgaphone of Fig. 4.14 in the planc 
containing the arc of the opening. 

( a )  ( 6 )  
FIG. 4.16. Multicellular horns with curved radiating fronts. (a) 3 X 5 = 15 cells 
(b) 2 X 4 = 8 cells. 

large comparcd wit,h the radius R of the horn, we obtain the directivity 
patt,erns shown in Fig. 4.15. 

This simple case illustrates basic principles applicable to  all curvecl 
radiating sources. At low frequencies the c:urvcd source is largely non- 
dirct:tional. As the frcqllcllcy is incrcascd, the so1irc.c: hccomcs morc 
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dircrt,ional, arhieving its minimum angle of spread \\.hen t.hc chord of the 
curved source is approximately equal to  one wavelength. At high frc- 
quencies, the directivity patt'ern 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 (~lfulticellular Horns). l'lie most common 
curved-surface sources found in acoustics a t  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 011 either side of the principal axis \\-here 

160 - 
150- 

C .- 
g 140 

Frequency in cycles per second 
FIG:. 3.17. Beam widths of multicellular h o r n s  constructed a s  shown i n  t h e  insert  
:tnd a s  sketched in Fig. 4.1G. 

the sound pressure level is down 6 d b t  from its value a t  0 = 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 sho\vn 
in Fig. 4.17. These data are useful in the design of sound systems. 

I t  should be noted that  the minimum beam width occurs when the arc 
of the multicellular horn about equals A.  Also, a t  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 N o  s tandard  va111e 11:is I x r n  chosen for t h e  nurnber of decibels down from t h ~  
@ = O vnlllc of thc  s o ~ ~ r ~ t l  prcssurc love1 in de tc rmin ing  hcam width. I'a111r? of 13, (i, 
~ n d  10 dl) are o i k n  rnco~cr~t.erctl in t l ~ r  lil,rr:tturc. 
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PART X I  Direclivity Index and Direcf ivity Facior 

Charts of the directivity pattcrns of sound sources are sufficient in 
many eases, such as when t,hc source is located outdoors a t  a distance 
from ref lechg surfaces. Incloors, i t  is necessary in addition to  know 
something about the total polver 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 a t  each frequency tha t  tells the 
degree of direct'ivity without the necessit,~ for showing the entire diree- 
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 int,ensityt on a designated axis of a sound radiator a t  a stated distance 
r to the intensity that  would be produced a t  the same position by a point 
source if i t  were radiating the same total acoustic power as  the radiator. 
Free space is assumed for the measurements. Usually, the designated 
axis is taken as the axis of maximum radiation, in which case Q(f)  always 
cxceeds 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 t,he 
logarithm to the base 10 of the directivity factor. 

u I ( f )  = 10 log,, 61(f) (4.19) 

4.7. Calculation of Q( f )  and DI (5).  The intensity I a t  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 = Ip12/poc. If the source is a point source so that I is not a 
function of e and is located in free space, the total acoustic power radiated 
is 

W, = 4 w 2 1  

If the source is not a point sourve, t,he total acoustic power radiated is 
deternlined hy summing the intetlsities over the surface of a sphere of 
radius r. That is, the total radiated power is 

w = 2 /'l I: p2(e,+,r) sin 6 do 
poc 0 

where the coordinate of any point in space is given by the angles 0 and 4 
and the radius r (see Fig. 4.18) and p2(8,4,r) equals the mean-square 
sound pressure a t  the point, designated by 8, 4, and r. 

t Src. thc  ( I t . f i l~~t ior~  for  ~nt.c:rrs~ty on pngc 1 I .  I'lrr irrl,c,r~s~ty e ~ ~ u n l s  t h e  sor~rrcl prcs- 

surc: sqr~arct l ,  cli\.itlctl t)y r o c  for :t 11l;t1rc wnvc in frrc s p : ~ w  or I'or a spheri(.:~l wtt1.c. 
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Usually an analytical expression for p(B,+) does not exist. In practice, 
therefore, data are taken a t  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 . 1 9 ~  a spherical 

FIG. 4.18. Coordinate system defining the angle 9 and 4 and the length r of a line 
connecting a point A to the center of a sphere. The area of the incremental surface 
dS  = r2 sin 9 dB d+. 

View from top of sphere Plan view 

(a) (c) 
FIG. 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 11, 12, 13, etc. The total 
power radiated W is found from 
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where SI ,  St, . . . , Szo are the areas of the 20 parts of the spherical sur- 
face. If, as in Fig. 4 . 1 9 ~ ~  the surface is divided into 20 equal parts, then 
81 = St = SI = - . - = Szo. For less critical cases, i t  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 

where Ipoz12 is the magnitude of the mean-square sound pressure on the 
designated axis of the sound source a t  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 4, 
that  is to say, there is an axis of symmetry, Eq. (4.22) simplifies to 

Q(f) = 
4sp0z2 

(4.23) 
2, [ p 2 ( ~ )  sin e ae 

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 general1 y 
taken a t  a number of points with the angles 8, in a horizontal plane 
around the source so that 

2 p2(On) sin 0. A0 
n - 1  

where A0 = separation in degrees of the successive points around the 
sound source a t  which measurement of p(On) 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°/A0. 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 Q = Qh = 2, that is, D I  = 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°/A8. This, in effect, averages the two sides of the directivity 
pattern. 

The directivity index a t  8 = O0 for each directivity pattern shown in 
Part X and in this part is written alongside each directivity pattern. - 

T Piston in end of / 

piston 

- .- 
ka = (wa/c) = ( 2 a a / ~ )  

FIG. 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) a piston in free 
space without any baffle. 

The reference axis is the principal axis a t  8 = 0 in every case. An angle 
0 a t  which the directivity index equals 0 db is also marked on these 
graphs. Hence, the directivity index a t  any other angle 8 can be found 
by subtracting the decibel value for that axis from the decibel value a t  the 
axis where DI = 0. 

FIG. 4.21. Radiation into a solid cone of space defined by the angles a 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 
k a  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 p may be estimated with the aid oi the nomogram given in Fig. 
4.22." 

Detailed calculations are shown in Table 4.1 for a box-enclosed loud- 
speaker having the directivity pattern a t  a frequency of 1500 cps shown 

Directivitv 
index - DB 

.- 
FIG. 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 Index for Various Types of Radiators, J. Acousf. 
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. 

l 1  C. T. hlolloy, Calculation of the Directivity Index for Various Types of Radiators, 
J. .4co?rsl. Soc. Amer., 20: 387-405 (1948). 
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FIG. 4.23. Measured directivity patterns for a typical 12-in. direct-radiator loud- 
speaker in a 27- by 20- by 12-in. rectangular box. The squares give the directivity 
index a t  0 = 0". One angle of zero directivity index is also indicated. 

Frequency in cycles per second 

FIG. 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 
typical 12-in. direct-radiator loudspeaker mounted in a 27- by 20- by 12-in. rectangular 
box. 
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After a directivity factor has been calculated a t  each trequency, a pioi, 
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 ) i  

sin 0, 

0.087 
0.259 
0.423 
0.574 
0.707 
0.819 
0.906 
0.966 
0.996 
0.996 
0.966 
0.906 
0.810 
0.707 
0.574 
0.423 
0.259 
0.087 

Directivity 

D I ( n  = 10 log 10.4 = 10.2 db 

t At f = 1500 cps for a commercially available loudspeaker having the directivity 
patterns shown in Fig. 4.23. The quantity A0 = 10" = n/18 radians. 



T h e  fields of radio and television h a w  :~dvanc.ed rapidly because of the 
availability of c1ectric:al cornponcnt,~ wit,h well-known physical properties 
that  are simple to nssemble into a cwmpleted mecahanism. With such 
c:omponents (resistors, capacitors, and inductors) the advanced research 
engineer and the high-school s t ~ ~ d e n t  alike are able to experiment with 
new circnits. Such complicated deviws as elwtric-wave filters often can 
I x  designed by selecting from among readily available parts until a 
desired performance c.haractcristic: is :ic:hieved- a feat that otherwise 
might require a lengthy nmt,hen~at,ic.al an:~lysis. 

No such satisfactory situation otists ill the field of acou~t~ics. Acous- 
tical  clement,^ have not been available commercially. Advanced text,- 
I)ooks have often side-stepped the theoretical treatment of their per- 
formanc*e. Even those texts whivh deal primarily with acoustic devices 
give limited information on how to predict the performance of cavities, 
holes, ttt~l)cs, screens, slots, and diaphragms-the elements of aco~st~ical 
cirv~~its .  This text does not pretend to  advance the science of acoust,ical- 
c i rv~~ i t  t,heory to anything :~pproac.lling s state of completion. Much 
basic rcsearch remains t,o bc clone. I t  does attempt to interpret the 
Iat,csst thcorics in such a \my that  the reader can construct and undcr~t~and 
t h ( ~  performance of the usual types of acoustic devices. 

Jmdspcakers, microphones, a ~ r d  woustic filtrrs are the most common 
devices composed of mechanical anti scousticral ele~nent~s. One obvious 
acoustical element is the air into w11ic.h the sound is radiated. Others are 
air cavities, tu lm,  slots, and p o r o ~ ~ s  scrccns \)otll hehind and in front of 
a(-tively vi1)mting diaphragms. These various elements have acoustic 
impdances nssoc2iated with them, which can, ill some frequency r:Lnges, 
Iw rc.prcsentt:d as simple lr~mpcti elernc~~ts .  111 oihcr frequency ranges, 
tlistributcd clcmc~~ls,  a~~:t logol~s 1.0 ~Icctr ic  lines, must be used in  explaill- 
ing the  pe r fo r~m~tw ol' lhc  dc~vices. 

116 
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l 'he first acoustival 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. 

FIG. 5.1. Exact radiation impedances and mobilities for all values of ka for a sphere 
with a surface that vibrates radially. (a) Mechanical-impedance analogy; ( b )  
acoustic-impedance analogy; ( c )  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, and (4) a 
plane circular piston without a baffle. We have already derived the 
radiation impedance for a pulsating sphere. The mathematical solution 
of the radiat,ion from a circular piston mounted in an infinite baffle appears 
in many advanced texts so tha t  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 
present,ed here. 

1 P. M. Morse, "Vibration and Sound," 2d d., pp. 326 346, McGraw-Kill Hook 
Company, Irlc., New York, 1948. 
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6.1. Sphere with Uniformly Pulsating Surtace. 111 l'art 1 V  \vc t1erivc:tl 
tlic ratliatio~r irnpct1a11c.c: for a spl~crc \vit11 a uniformly pulsating surfnw. 
1cor the rc:s~tlt,s, refer to 141. (2.64) a t ~ d  Fig. 2.10. 

I t  is sc:csr~ fwm liig. 2. 10 L11:tt for 1i.u < 0.3, t11i1.t is, \ V ~ C I I  the diameter is 
less than o ~ r e - t c ~ ~ t h  thc wavc~lcr~gtl~, the irnpctla~~cc loatl 011 the surfaw of 

tlic: spllcrc is that of a mass reactance 
becartsc t l ~ c  resistive cornponetit is negli- 
gible compared wit,li the reactive compo- 
11c11t~. 'I'his mass loading may 11e thought 
of as  a layer of air on the outside of the 
spllcrc, the thick~ress of the layer eclusl- 
ing 0.587 of the radius of the sphere. 

At all freclucnci~s, the loading shown 
in Fig. 2.10 may hc rcprcso~~tcd hy the 

plane wall eqr~ivalent c:irc:uit,s of Fig. 5.1. The ele- 
, .  5.2, q 1  i r r  mcnt sizes for thc mcc~llatric~al a d  acous- 
v i t ~ t i  i 1 1 ~ r  0 1 ti(: mol)ilit,ics iInpCdBIICCS are given 
plnnc r ~ f  : III  inlinitc w d l .  with thc circuits. 

6.2. Plane Circular Piston in Infinite Baffle. 'I'he mechanical imped- 
; L I I ( : ~  i 1 1  ~ n k s  mcc:Ilanic:nl oli~ns (~~c\vto~~-scc~otitls per mctcr) of the air loatl 
11po11 O I I C  sitlc of :L ~)lar~c: ~ ) i s t o ~ l  rnou~itctl in a11 infi~rite 1):tflle (see Fig. 5.2) 
mid vil)~.;tt i~~g sitl~~soidally is2J 

where Znr = 

(1 = 

pu = 

(: = 

% M  = 

X M  = 

1c = 

J , ,  K1 = 

2 I , .  11:. I< i~~s l ( ' r  l ~ r ~ t l  A .  I t .  Frcy, " F I I ~ I ~ ~ ~ I I I ~ ~ I I ~ . : L ~ s  of  A C ~ I I Y ~ ~ C S , "  pp. 187--105, John 
Wiby h Sons, I I I C . ,  Ncw York, 1050. 

o r  0 .  1 .  . 2 : Morsc g ivw i n  'I'nblc V I I I  on pago 447 a function 
M ( 2 k a )  t l ~ r ~ t  ( Y ~ I I : L I S  / i I (21i(~)/ 'Lk2(~ ' .  

'(;. N .  \\::L~.soII, "'l'l~(:ory of 13cwc:l J " u ~ ~ c t i o ~ ~ s , "  (!ambridge Univctrsity I'ress, 
l,oll~loll, 1:m. 
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where W = 2ka. 

ka 
FIG. 5.3. Real and imaginary parts of the normalized mechanical impedance 
( Z M / m 2 p o ~ )  of the air load on one side of a plane piston of radius a  mounted in an 
infinite flat baffle. Frequency is plotted on a normalized scale, where ka = 2rrfa/c = 
2xa/h .  Note also that the ordinate is equal to Z ~ ~ a ~ / p ~ c ,  where Z A  is the acoustic 
impedance. 

Graphs of the real and imaginary parts of 

are shown in Fig. 5.3 as a function of La. The German % indicates that 
the quantity varies with frequency. 

Similar graphs of the real and imaginary parts of the mechanical 
mobility 
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are shown in Fig. 5.4. The  mechanical mobility is in meters per newton- 
second, i.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 rea~t~ance 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 

FIG. 5.4. Real and imaginary parts of the normalizrd mccha.nical mo1)ility ( r a 2 p u r z ~ )  
of the air load upon one side of a plane piston of mdi~ls  11. rnountcd in an infinite fiat 
baffle. Frequency is plotted on a normalized scrtlc, whrrc ka = 2rfa/c = 2xalA. 
Note also that the ordinate is equal to zApur/raZ, whrre 2.4 is the acoustic mobility. 

compared wit,h the resistance, and the resistance approaches a constant, 
value. 

The mobility, on tthe other hand, is better behaved. The responsive- 
ness is constant for ka < 0.5, and i t  is also constant for ka > 51 alt,hough 
its value is larger. 

Approzimatc rlnalogo~~s Circuits. The behavior just noted suggests 
that,  except for the wiggles in the curves for Ira betweell 1 and 5 ,  thc 
impedance and the mobility for a piston in an infinite hame car1 I,(. 
approximated over the whole frequency range by the analogous circwits 
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of Fig. 5.5. 'I'hose circuits give the mechanicai and acous i i~ im~eda~ice t i  
and mobilities, where 

rn2poc mks mechanical ohms (newton-sec/m) (5.6) 
RMZ + R M ~  = 128a2poc/9r 

= 4.53a2poc mks mechanical ohms (5.7) 
1.386a2poc mks mechanical ohms (5-8) 
0.G/apoc2 m/newton (5.9) 
8a3p0/3 = 2 . 6 7 ~ " ~  kg (5.10) 
l / ra2p6  = 0.318/a2poc mks mechal~ical mohms (5.1 1) 
0.721a2p,,c mks mechanical mohms (5.12) 
poc/sa2 = 0.318poc/a2 mks acwustic ohms (5.13) 
RA2 + RAl = 128p0c/9rRa2 

= 0.-15!)p0c,la~ mks acorrstir ohms (5.14) 
0.1 404p6/a2 mks acolistic. ohms (5.15) 
5.94a3/p,,c2 m5/newton (5.16) 
8po/3r2a = 0.27po/n kg/mi (5.1 7) 
ra2/poc mks acoust,ic mohms (5.18) 
7.1 2a2/p,,e mks acoustic- mohms (5.19) 

(c) ( d )  
FIG.  5.5. Approximntc radiation irnpcdancrs and mobilities for a pislaon in an infinitc 
bafflc or for a piston in the rnd o f  a long tuhc for all valucs of ka. ( a )  Mechanicnl- 
irnpc?tf:tllce anrtlogy ; ( h )  aco~tst.ic:-irnpodancc: analogy ; (c) mcchnnic:al-lno1,ility analogy; 
(d) acol~st.ic:-lnobility analogy. 

All constants are dimensionless and were chosen t o  give the hest 
average f i t  to  the functions of Figs. 5.3 and 5.4. 

J,ozo- and High-jrequcncy Approximalions. At low and a t  high fre- 
quencies these circuits may be approximated by the simpler circuits given 
in the last column of 'I'al)le 5.1. 

i t  is appalcnt that, whtn ka < 0 5, that  is, when the c-ircwmferencc of 
the piston ',ha is less than one-half wavelength X/2, thc impedance load 
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presented by the air on t.hc vil)rating piston is t h t  of a mass shunted by a 
very large resistance. In other words RZ = ( 1 2 1  + R2)' is large com- 
pared with w 2 M I 2 .  In fact, this loading mass may be imagined to bc a 

layer of air equal in area to thc area 
Piston of radius a of the piston and equal in thickness to 

about 0.85 times the radius, because 

( ~ a ~ ) ( 0 . 8 5 a ) p ~  2.67aJpo = Mnrl 

At high frequencies, 1ca > 5, the air 

F , ~ .  5.6. piston vibrating in the load behaves exactly as though i t  wcrc 
end of a long tube. connected to one end of a tube of thc 

same diameter as the piston, with the 
other end of the tube perfectly absorbing. As we saw in Eq. ('L.GO), thc 
input mechanical resistance for such a tube is *a"&. Hence, intuitively 
one might expect that a t  high frequencies the vibrating rigid piston beams 
the sound outward in lines perpendicular to  the face of thc piston. This 
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is act,ually the case for the near-field. At a distance, however, the far-field 
radiation spreads, as we learned in the preceding chapter. 

5.3. Plane Circular Piston in End of Long Tube.5 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. 

kn 
FIG. 5.8. Real and imaginary parts of the normalized mechanical mobility (razp,czM) 
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 = 2rjalc = 27ra/h. 
Note also that the ordinate is equal to z~poc/?ra~, where Z A  is the acoustic mobility. 

Graphs of the real and imaginary parts of the normalized mechanical 
impedance ZM/ra2poc 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 mechanical 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 he represented over t,he entire frequency range by 

6 II. Lcvinc and J. Scl~winger, O n  the I<.atli:lt.ion of Sor111t1 from an Unfiangcd Circrt- 
lar I'ipc, l'h!ys. Rev., 73 : :1S:3 400 (1938). 



TABLE 5.1. Radiation Impedance and Mobility for One Side of a Plane Piston in Infinite Bafflet 

ka < 0.5:  
Series resistance, ))7 

Shunt resistance, R 
hlass, M I  

Impedance 

Acoustic Mechanical 

ka > 5 :  
Resistance, RZ 

- 

Specific acoustic 

f = drop 
u = flow 

RSZ = POC R A ~  = p0c/ra2 

Mobility 

p = drop 
u = flow 

u = drop 
f = flow 

ka < 0.5:  
Series responsiveness, I 

Mass, M I  

ka > 5 :  
Responsiveness, rz 

p = drop 
U = flow 

u = drop 
p = flow 

t This table gives element sizes for analogous circuits in the region where ka < 0.5 and 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. 

Analogous circuita 

U = drop 
p = flow 

TABLE 5.2. Radiation Impedance and Mobility for the Outer Side of a Plane Piston in End  of Long T u b e t  E 
r 

Impedance 

Mechanical Specific acoustic Acoustic 

p = drop p = drop 
u = flow U = flow 

Analogous circuits 
f = drop 
u = flow 

ka < 0.5: 
Series resistance, '8 
Shunt resistance, R 
Mass, M 1  

%s = 0.247w2a2po/c %A = 0.0796w2po/c 
Rs = 1.505poc RA = 0.479pOc/d 

h f s l  = 0.6133apo M A ,  = 0.1952po/a 

Rsz = POC RAZ = po~/rra~ 

u = drop U = drop 
p = flow p = flow 

rs = 0.665lpoc T A  = 2 . 0 ~ a 2 / p o c  
M s l  = 0.6133apo M A ,  = 0.1952po/a 

ka > 5:  
Resistance, RZ 

u = drop 
f = flow Mobility 

ka < 0.5:  
Series responsiwnws, r 
Mass, hf, 

ka > 5:  
Responsiveness, r t  

t This table gives element sizes for analogous circuits in the regions where ka < 0.5 and ka > 5 .  .411 constants are dimensionleas. For 
the r~gion between 0.5 and 5.0, the approximnte circuits of Fig. 5.5 or the exact charts of Figs. 5.7 and 5.8 should be used. 
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the same analogous circuits used for the piston in an infinite baffle and 
shown in Fig. 5.5, where the elements now are 

R M ~  = ra2poc mks mechanical ohms (5.20) . , 

Ru2 + RMI = 4r(0.6133)2a2poc 
= 4.73a2poc mks mechanical ohms (5.21) 

0 . 5 0 4 ~ a ~ ~ ~ c  = 1.58aZpoc mks mechanical ohms (5.22) 
0.55/apocZ m/newton (5.23) 
0.6133?raspo = 1.927a3po kg (5.24) 
l / r a2po~  = 0.318/a2poc mks mechanical mohms (5.25) 
0.633/a2poc mks mechanical mohms (5.26) 
poc/ra2 = 0.318poc/a2 mks acoustic ohms (5.27) 
RA2 $- RAI = (4) (0.6133)2p~~/?ra2 

= 0.479poc/a2 mks acoustic ohms (5.28) 
0.504p0c/aa~ = 0.1604poc/a2 mks acoustic ohms (5.29) 
5.44a3/poc2 m6/newton (5.30) 
0. 1952po/a kg/m4 (5.3 1) 
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r ~ 2  = mi2/p~c mks acoustic mohms 
r ,  I = (i.23a2/poc mks acoustic molrme 

111 thc frcqucncy rnngcs whcre ka < O.,5 and Ira > 5, analogous circr~it~s 
of the typc shown in Table 5.2 may be uscd. 

6.4. Plane Circular Free Disk.6 A disk in free space without, sur- 
rounding structure is a suitable model, a t  low frcqircncics, for a dircct- 
radiator lo~~dspcakcr without a 1)afflc of ally sort. A simple equivalent 
circuit, :~pproximatcly valid for all frocl~~cncics likc those showrr in Fig. 
5.5, cn~~rro t  1)c drn\vn for this case. At very low frcqucncics, howevcr, it, 
is possiblc to rcprcsc~rt the impedance by a series combirratio~l of a mass 
mid a frcclticn(:y-dcpcndc~lt re~ist~ancc just as  wm done for the pistons in 
b:~fHcs. 

Gr:~phs of the real a d  imaginary parts of the normalized mechanical- 
impcdancc load on bolh sides of the diaph,ra!ym, ZM/xa2poc, as  a function of 
Ira for the free disk, arc shown in Fig. 5.9. The data of Fig. 5.0 arc uscd 
i n  dcnlilrg wit,h impedance analogies. 'l'hc complex mot)ilit,y curl t)c 
ol)tu.inc:d by taking t.he rcc:iprocal of the complcs impedt~~c:c. 

111 {,he frcq11c11c:y rarrgcs whcrc ka < 0.5 and Iia > 5, analogous circuits 
of thc typc shown in Ttl)lc 5.3 may be used. 

5.5. Acoustic Compliances. Closctl l'uhc. J r r  ICq. (2.50) wc s h o ~ c d  
t l ~ t  a Ic11g111 of tul)c, rigidly c:losctl on one ad, with a radir~s irr rnclc1.s 
grcat,cr than 0.0.',/1//'alrd less t11an I O / j  had :LII illput nc:oust,ic: impedance 
(at  ll1c open c11d) of 

Z - 
%, -.jplc 

A -- a = ('ot lil' 

whcre ZA = :~co~~sl.i(:  inlpcd:l~r(:c in mks ac:oust,ic: ohms 
%, = spcv-ilic: i~(*o~~sl , i ( :  imped:u~cc in mlis rayls 
a = ~ x l i ~ ~ s  oC t111)c i l l  mctcrs 
1' = Ic~\gl.l~ of tube in meters 

For vnlucs of 1; L h t  w e  ]rot too large, the cot,:mgent rnay 1)c replaced by 
the first two terms of its cquivalcnt-scrics form 

1 kl' (X:l1)" cot lil' = - - - - . . .  
1i1' 3 4 5 
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Equation (5.34) becomes 

2, & - j  1 + j w P o .  I' . .  (5.36) 
W (  V/poc2) 3xa2 

where V = l'ra2 = volume of air in the tube. The acoustic impedance 
Z A  is a series combination of an acoustic mass (l'po/3~a2) and an  acoustic 
con~pliance (V/poc2), Equation (5.36) is valid within 5 per cent for 1's up 
to  about X/7.t 

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 t o  dimensions of 
I = X/8. I n  this case the shape of the cavity is important because the 
magnitude of the inductance involves the ratio l/?ra2, t ha t  is, length 
divided by cross-sectional area. Such a series combination of mass and 
compliance is shown in Fig. 5 .11~.  

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 i t  and 

where 

is an acoustic compliance with the units of mK/newton. T h e  5 per cent 
restriction given above means that  1' should be less than (h/16), where 
X 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 is 

z A = - j  0.85~0 
4 V/rPo) 

+ jw - xu 

For the second term t o  be negligible within 5 per cent (aX2/V) should br 
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 t o  say, one terminal is the out- 
side of the enclosure housing the cavity, and it is usually a t  atmospheric 
pressure. With such an arrangement for an acoustic con~pliance (see 
Figs. 3.2.5 and 3.31 for examples) it is never possible to insert a compliance 
t)etween acoustic resistors or acoustic masses as, for example, in the upper 
hranches of Fig. 3.32. 

t I n  1Cq. (5.42) we define the  acoustic mass of a short open-ended tube a s  equaling 
M A  - p01','na2. ITencc-, t,o tllis approxiniittior~, the mass for a closed tube is one-third 
tlrlrt for nrl o ~ ) c r ~  tllhc. 
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Stifness-controlled Diaphragm. To obtain a "series" type of acoustic 
compliance a diaphragm or stretched membrane must be used. Dia- 
phragms and membranes resonate a t  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 7 

Stiffness - Mass of air in 
controlled which little corn - 
diaphragm pression occurs 

( a )  ( b )  
FIG. 5.10. Example of a series acoustic compliance obtained with a stiffness-controlled 
diaphragm. 

(4 (4 
FIG. 5.11. Approxirnate analogous circuits for a short tube of medium diameter. 
(a) and (b) Circuits used when p 2 / U z  is very large (closed end). (c) and (d) Circuits 
used when p 2 / U Z  is very small (open end). Circuits (a) and (c) ~ i e l d  the impedance 
within about 5 per cent for a tube length 1' that  is less than A/8. Circuits ( b )  and (d) 
yield the impedance within about 5 per cent for I' < A/16. 

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 a t  50, 100, and 300 cps. Assume T = 23°C and Po = 10s 
newton/mz. (NOTE: The neck portion will be discussed later in this part.) 

Solution. The speed of sound a t  23°C is about 1133 ft/sec. Hence, 

Pnrt X l l l ]  A C O U S ' I ' I C  l < l , I < M E N T S  

The length 1 of the jug is 0.833 It. Hence, 

1 =. h = = ko = 0,833 f t  27 13.6 4.5 

At 50 cps, where 1/k = >5,, the cavity portion of the jug may he represented by an 
acoustic compliance 

C A E - =  8.24 lo-' = 5.89 X 10-8 n,S/ncwton 
y ~ ' o  1.4 x 105 

= -j5.4 X lo4 mks ncwt~sl ic ohms Z A  = -3 
314 X 5.89 

At 100 cps, where l/A = )i4, thc cavity portion of the jug 
may be represented by a series acoustic mass and acoustic 
compliance. 

-7 
r 

At 300 cps, where l/A = 1/4.5, the acoustic impedance of 
the cavity portion of the jug must be solved for directly 
from Eq. (5.34). 

Z A  = --3pC cot kl 
I> 

xu2 

- - -j(1.19 X 345.4) cot 2u X 300 X 0.254 
1 - r - 1  
FIG. 5.12. Sketch of a 

~ ( 0 . 1 0 1 6 ) ~  345.4 musical jug. 
ZA = -j4.5 X 103 mks ac:o~ist.ic ohms 

6.6. Acoustic Mass (Inertance). A tube open a t  both ends and with 
rigid walls behaves as an acoustic mass if i t  is short enough so that the 
air in i t  moves as a whole without appreciable compression. In  setting 
up the boundary condition, the assumption is made that  the sound pres- 
sure a t  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. I n  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 t o  neglect transverse resonances in the tube, the 
radius must not be too large. The equations which follow are valid for a 
radius in rnekrs greater than about o . o 5 / d j  and less than about lO/f. 
Solution of the one-dimensional wave equation of Part  111, with the 
boundary condition p = 0 a t  x = 1, that is, a t  the open end, yields 

z, = jP"' tan kl' 
7ra9 
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where Z A  = impeda11c.c in mks aroustic ohms of  the open tube 
of length 1' 

p, = density of the gas in kilograms per cubic meter 
c = 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 rnd to  the 

plane whers Z A  is being determined 
For small values of kl', the tangent may be replaced by the first terms 

of its equivalent series form. 

(kl') 2(l~1')~ 
tan kl' = kl' + -- 

3 + + - ' ' 

An equivalent circuit for Eq.  (5.-$1) valid within about 5 per cent for 
the frequency range where 1' < X/8 is given in Fig. 5 .11~ .  I n  that 
analogous circuit, 

pol' nr, = -, (5.42) 
xa 

and C, is given hp Eq.  (5.38). The quantity MA is an acoustic: mass with 
the units of kilograms per meter4. 

For values of 1' < X 116, the second term of Eq. (5.41) will he less than 
5 per cent as large as the first, so that  

The equivalent circuit for this impedance is given in Fig. 5.11d. 
End Correclions. END CORRECTIONS IF THE END OF TUBE TERMINATES 

I N  INFINITE BAFFLE-FLANGED TUBE. Most acoustic masses terminate a t  
either one end or the other in open air or in a larger cavity. This means 
that corrections must be added t o  the length 1' above if the value of MA is 
to he correct when 1' is not large. The correction is the impedance given 
in Table 5.1 by the circuits for ka < 0.5. For the case that  n is less than 
X/25, the circuits of Table 5.1 reduce simply to  one element of magnitude 
,\I,, [see Eq. (5.17)). Hence the end correction 1" necessary for each 
baffled end of a vibrating "plug" of air in a tubc is equal t o  

Hence, (5.42) becomcs 

where the quantity 1 is by definition equal to the effective length of the 
tube in meters and is the sum of the actual length 1' plus the end correc 
tion(s) 1" (or 21"). The numeral 2 in the parentheses will be used only if 
there are two free ends t o  the vihrating plug of air. 

If the tubc is not round, we may replace a by ~ S / A ,  where S is the 
cross sectional area of the tube. 

END CORRECTIONS IF E N D  O F  T U B E  IS FREE (UNFLANGED TUBE)' (see 
Fig. 5.6). In this case, the correction a t  each free end of a tube is the 
impedance glven in Table 5.2 by the circuits for ka < 0.5. If a is less 
than 1/25, the circuit of Table 5 2 reduces simply to one element of mag- 
nitude M A ,  tts g~ven by Eq ( 5  3 1). Hence, the end correction 1" neces- 
sary for each free end of a vibrating plug of air in a tube is equal t o  

and Eq. (5.42) bccomes 

If the tube is not round we may replace a by m, where S is the 
cross-sectional area of the tube. Cases of elements rombining both 
acoustic* mass a l ~ d  ac-ousti(: resistanw will be discussed later in this part. 

Example 6.2. Thc jug of Examplc 5.1 has a neck with a diameter of 1 in. and u 
length of 1.5 in. (see Fig. 5.12). At what frequency will thc jug resonate? 

Sol~ction. First, Ict 11s assume t h a t  the frequency of resonance is so  low tha t  t h r  
lrngth of the nrck 1' is small comparctl with A / I G .  Thcn, bccausc the a i r  in i t  is not 
const ra ind,  i t  will 1)e an  acoustic mass. 

Thc \ .ol~~rnc vcsloc*ity t l ~ r o ~ ~ g h  t l ~ c  neck of thc. j t ~ g  is thc s;tlllcb :IS t11:tt. c111.t.ring tl~c* air 
cavity i~lsiclc. IIcr~cr, t11c two c~ lo~nc~r~ t s  arc in srrirs and will rc>sor~:ttc a t  

5.7. Acoustic Resistances. Any device in which the flow of gas occllrs 
i n  I)~I:LS(' \\it11 :~ncI d i ~ w t l y  proportior~al to thct applird prcssnre may be 
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represented as a pure acoustic rcsistancc. In other words, therc is no 
stored (reactive) energy associated with the flow. Four principal forms 
of acoustic resistance are commonly employed in acoustic devices: fine- 
meshed screens madc 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 dcsired. 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 

(a) Regions in which viscous losses occur 

FIG. 5.13. Sketch showing the dimin~ltion of the amplitude of vihration 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. 

I n  Fig. 5.13, we see t,he opposite sides 1 and 2 of a slit, or tube, or of one 
mesh of screen. An alternating pressure difference ( p 2  - p,)  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 a t  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, slit, 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 IJnited Stat,cs arc. shown in Table 5.4. 
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The acoustic resistance is obtained by dividing the values of 2, 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 
1 L , 

No. of Approx. diam of Rs, rayls, Rs, mks rayls, 
wires per 1 i r e ,  cm 1 dyne-sec/cma 1 newton-sec/ma 
linear in. 

Tube of Very Small Diameter7 [Radius  meters) < 0.002/fi]. The 
acoustic impedance of a tube of very small diameter, neglecting the end 
corrections, is 

where rl = viscosity coefficient. For air 7 = 1.86 X lo-' newton-sec/m2 
a t  20°C and 0.76 m Hg. This quantity varies with tempera- 
ture, tha t  is, 7 where T is in degrees Kelvin. 

1 - length of tube in meters. 
a = radius of tube in meters. 

MA = acoustic mass of air in tube in kilograms per meter4. 
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 ( ~ a ~ ) ~ ,  which yields 

where Mar = posa21 = mass of air in the tube in kilograms. 
Narrow Slits [t(meters) < 0.003/<f]. The acoustic impedance of a 

very narrow slit, neglecting end corrections, is 

'Lord Rayleigh, "Theory of Sound," 2d ed., Vol. 11, 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. 

8 I. B. Crandall, "Vibrating Systems and Sound," D. Van Nostrand Company, Inc., 
New York, 1926. 
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w h ~ c  1 = Icngth of slit in mt:t1c:rs ill direc:tdon i n  \vI~ich thc sound wave is 
txaveling (scc Fig. 5.14) 

w = width of slit in metcrs as viewed from the direction from whi('h 
the wave is c:orni~~g (see Icig. 5.14) 

t = thickness of slit, in rnet,ers (sce Fig. 5.14) 
The mrc'11a11ic:al impedance of a vcry narrow slit is given \)y multiplying 

travel of / sound wave 
where M M  = pO1u)t = mass of air i n  
thc slit in kilogr:~nls. 

Thr  clialrrrfcr 11 of t.hc holc rcqr~irrd for this a rm is 

5.8. Cavity with Holes on Opposite Sides Mixed Mass-Compliance 
Element. A special case of an clcmeut that is f rcque~~t ly  encountered in 
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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, is 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 U1 entering opening 1 divides 
into two parts, one t o  compress the air 
(C , )  and the other ( U z )  t o  leave opening 
2. By judicious estimation we arriveat 
values for MA. If the length I of the 
cylinder is fairly long and the volume "'i;"- CA 

3 is large, M A  is merely the end correc- 0 o 
tion 1" of Eq. (5.44). If the volume 3 FIG. 5.16. Analogous circuit for the 

device of Fig. 5.15. is small, then MA becomes nearly the 
acoustic mass of a tube of radius a and length 1/2.  The acoustic compliance 
is determined by the volume of air lying outside of the estimated dotted 
lines of Fig. 5.15. 

5.9. Intermediate-sized Tube-Mixed Mass-Resistance Elementg 
 meters) > 0.01 d f a n d  a < 10/j]. The acoustic impedance for a 
tube with a radius a (in meters) that is less than 0.002/f l  was given by 
Eqs. (5.48) and (5.49). Here we shall give the acoustic impedance for a 
tube whose radius (in meters) is greater than 0 . 0 1 / d  but  still less than 
10/j. For a tube whose radius lies between 0.002/fi  and 0.01/<j 
interpolation must be used. The acoustic impedance of the inter- 
mediate-sized tube is equal to  

Z A  = RA + ~ W M A  
where 

1 
R, = - ,.\/2;; mks acoustic ohms 

aa2 

a = radius of tube in meters. 
P O  = density of air in kilograms per cubic meter. 
p = kinematic coefficient of viscosity. For air at, 20°C and 0.76 m Hg, 

p A 1.56 X lop5 m2/scc. This quantity varies about as l '1.7/P0, 

where 7' is in degrees Kelvin and Po is atmospheric pressure. 
I' = actual lcngth of the tube. 

U .  Ingar-d, "Scnttrrir~g m d  Absorption by Acoustic Reson:ttors," doctoral disserta- 
t i o n ,  Massach~~sctts Institute of Tcchr~ology, 1950, and J .  A C O U S ~ .  SOC. A m e ~ . ,  26 :  
1041 1045 (1953). 
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I" = end correction for the tube. It is given by Eq. (5.44) if the tube is 
flanged or Eq. (5.46) if the tube is unflanged. The numbers (2) in 
parentheses in Eqs. (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 ElementQ   meters) 

> 0 . 0 l / d f a n d  a < 10/j]. Many times, in acoustics, perforated sheets 
are used 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 
irnpcdance for each area b2, that is, each hole, is given by 

where 

1 
I = - - po d G  [t + 2 (1 - $)] mks acoustic ohms (5.5G) 

r a 2  

A h  = *a2 = area of hole in square meters 
Ab = b2 = area of a square around each hole in square meters 

t = thickness of the sheet in meters 
If there are n holes, the acoustic 

irnpcdance is approximately equal 
to l / n  times that for one hole. 

If this mass-resistance element is 
Holes w ~ t h  
radius a used with a compliance to form a 

resonant circuit, we are often inter- 
eskd  in (,he ratio of the angular fre- 
qucncy of resonance wo to the angu- 
lar lxmdwidth w (radians per sec- 
ond) measured a t  the half-~ower 

FIG. 5.17. Thin perforatcd shcet with points.  hi^ ratio is called the " ~ 1 ,  
holes of radius a, and Icngth 1, spaced a 
distancc b on ccntcrs. of the circuit and is a measure of the 

sharpness of the resonance curve. 
The " & A "  of a perforated sheet when used with a compliance of such 

size as to produce resonance a t  angular frequency wo is 

The Q A  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 config~rat~ion 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 Diferent 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 

( a )  ( b )  ( c )  
FIG. 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 X/16, then we may write the following two equations relating the 
pressure and volume velocities a t  the junction: 

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 S1:S2 because, 
from Eq. (5.59), 

and, from Eq. (5.60), 
ulsl = u2S2 

wherej, and jq are the forces on the two sides of the junction and ul and U? 

are the average particle velocities over the areas S1 and Sz. We have 
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and 

so that  

A transformer is needed in this case and is drawn as shown in Fig. 5 .18~.  
I t  must be not'ed tha t  a reflected wave will be sent back toward the 

source by the simple discontinuity. We saw in Part I V  that, in order 
that there be no reflected wave, the specific acoustic impedance in the 
second tube (pz/uz) must equal that in the first tube (pl/ul). This is 
possible only if S1 = 82, that  is, if there is no discontinuity. 

To find the magnitude and phase of the reflected wave in the first tube 
resulting from tjhe discontinuity, we shall use material from Part IV. 
Assume that the discontinuity exists a t  x = 0. The specific acoustic 
impedance in the first tube is 

If the second tube is infinitely long, the specific acoustic impedance for it 
a t  the junction will be 

[see Eq. (2.GO)I. The impedance Zsl a t  thc junction is, from Eqs. (5.59) 
and (5.64), 

From Eqs. (5.67) and (5.68), 

S1 2.51 = - poc 
S* 

Using Eqs. (2.37) and (2.58), setting x = 0, we may solve for the rms 
reflected wave p- in terms of the incident wave p+. 

The sound pressure pr of tdhe t.ransmit,ted wave in the second tube a t  the 
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junction point must equal the sound pressure in the first tube a t  that 
point, 

PT = P+ + P (5.74) 
so that 

I f  SI rquals S2, therc is no rcflccted wavc p- atid then p+ = p,. 
Notc also that if Sz becomes vanishingly small, this case corresponds 

to the case of a rigid termination a t  the junction. For this case, 

'l'his cq~~at ion  illustrates t,hc oftcri-mcl~t,iorled case of pressure doublitry. 
'I'hat is to say, when a plane sound wave reflects from a plane rigid surface, 
the sout~d prcssrire st thc surface is double that  of the incident wave. 

T w o  1'ipc.s o j  IIiJ'ercnt Arcas Joined by an Es;poncntial C o n r ~ c t o r . ~ ~  An 
csponcntial connector may t)c used to  join two pipes of different areas. 
Such a coiincclor (scc Pig. 5. I!)) acts as a simple discontinuity when its 

(a) ( c )  
IJ'I ( ; .  5. 19. ( ( L )  ICxl)onc*nt.i:~l cwnntvtnr I)rt\vccn t,\r-o pipes; (0) Iiig11-friy~~cncy rcpre- 
scwt:tt.ion of (u) lisiug i l (:ol~st , i (:- inlpcd:~~~(:~:  tr:~nsdu(:cr; (c) I I ~ ~ ~ I - ~ ~ ( * ( ~ I I C I I ( : J '  repre- 
scvit:~tion of (a)  using rnac l i :~nic i~ l - i rn~t :d:~~~( -~:  tr:~nstluc.cr. 

l a  11. I? .  Olson, " I':lv~~~csnts o l  Ac:o~~sl.it.:~I I ' ; I I ~ ~ I I ~ Y ( S I . ~ ~ ~ ~ , "  %ti rd . ,  1'1). 10'3 1 1  1 ,  L). Van 
Nvstrnn(1, ( : O I I I ~ ) : ~ I I ~ ,  In(;., Si \r- j'ork, 1!1.17. 
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and the length of the connector is 1, then the specific acoustic impedance 
a t  x = 0 is 

P I  MIS (bl + 0) + j sin (bl) zs, = - = p,,c 7----p 
u 1 60s (bl - 0) + j sin (bl) 

where b = $6 W j c 2 )  - m2 in meters-' 
m = flare constant in meters-' [see Eq. (5.79)] 
0 = tan-' (m/2b) 
c = speed of sound in meters per second 
2 = length of the exponential connector in meters 

po = density of air in kilograms per cubic meter 
At low frequencies (b imaginary and X / 1  large) 

a t  high frequencies (b real and l/X > 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 (see Fig. 5.19b). That  is to say, 

For mechanical impedance a t  high frequencies the transformation ratio is 
R e e n  from Eq. (5.83) to be v'ST/Si (see Fig. 5 .19~) .  That  is to say, 

Example 6.4. It is dcsired to resonate a bass-reflex loudspeaker box to 100 cps by 
drilling a number of holrs in it. The box has a volumc of 1 ft3 and a wall thickness of 
36 in. Determine the sizc and number of holcs nceded, assuming a &A = 4 and a ratio 
of hole diametcr to on-center spacmg of 0.5. 

Solution. From Eq. (5.58) we see that, approximately, 

Q A  A 
a &  

(0.00395) d2 

The diametcr of the hole in inches is 2a/0.0251 = 0.0703 in 
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The reactance of the box a t  resonance equals 

1 x s = = 2 % -  1.4 X 106 
00CA 628V - 628 0.02832 = 7880 mks acoustic ohms 

The desired acoustic mass of the holes is 

If there are n holes, the acoustic mass for each hole equals 

 MA = n(12.55) kg/m4 
From Eq. (5.57), 

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 103 mks acoustic ohms. 

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  MA/^, because each M A  has to 
serve ss the acoustic mass both for the section in question and the adjacent section. 
By definition, the cutoff frequency is 

The design impedance is equal to 

From these two equations we can solve for CA and M A I .  

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. 

~ ~ ( 0 . 8 5 ~ )  
M A  = *a2 

(1.7)(1.18) = 3.18 
Ha 

a = 0.2 m 

The diameter of the hole is 0.4 m. The volume of the cavity is 

The elements for the T section are therebv 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 

Diaphragm 

FIG. 6.1. Sketch of a pressure-actuated 
microphone consisting of a rigid enclosure, 
in one side of which there is a flexible 
diaphragm connected t o  a transducing 
element. 

into electric currents which actu- 
ate indicating meters. In  some 
applications like the telephone, 
high electrical output, low cost, 
and durability are greater consid- 
erations than fidelity of reproduc- 
tion. In  other applications, small 
size and high fidelity are of greater 
importance than high sensitivity 
and low cost. In measurement 
applications we may be interested 
in 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 ill detail se\,eral 
examples of each t,ype involving elcctrornagnetic, electrostatic, and 
piezoelectric types of transduction. 

6.1. Pressure Microphones. h 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 m\ 
in a closed cavity (see Fig. 6.1). A i, Cav~ty with 

dimensions 
tiny hole through the wall of the cav- less than ~ / 1 6  

ity keeps the average pressure inside u = fi U! elu1 

of the cavity a t  atmospheric pressure. 
However, rapid changes in pressure, 

( a )  

such as those produced by a sound 
wave, cause the diaphragm to move 

$a 
backward and forward. !A'" - - 

If a pressure microphone is placed I h\ 
\ 'JJ 

in a cavity in which the pres- FIG. 6.2. Sketch of a pressure chamber. 
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 a t  successive points 1, 2, 3, and 4 of Fig. 6.3a, i t  will re- 
spond differently a t  each of these points for reasons that  can be seen from 

Cavity connected 
in series with an 
acoustic mass 

I l l  

' I 1  1 All dimensions 
less than h/16 

( b )  
FIG. 6.3. Sketch of an arrangement in which a pressure gradient is produced. 

Fig. 6.36. The pressure drops pl, p2, pa, and p, are different from each 
other hy an a m o u ~ ~ t  Ap, if the spacings Ax 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 forcc. acting to movc the diaphragm will be independent of fre- 
quency tjccause p = d G  [see Eq. (2.88)). 



6.2. Pressure-gradient Microphones. A pressure-grditx~t micro- 
phone is orre th:~t, responds to  a dilTcwnce in pressurc at, two c:losc\y 
spaced poit~ts. A common c:x:~mplc of this typc of microphone 11;~s a 
diaphragm, both sides of which arc cxposcd to the sountl wk~vc. Such a 

corrstruction is shown ill Fig. 0.4. 

Immovable post if a pressure-gradient micro- 
phor~e is placed in t,hc cavity of 
Fig. 6 . 2 ~ ~  there will be ~ r o  net force 
:~(+tig 0 1 1  the diapllrag111 and its 
output will be zero. 'I'l~is 11a.p- 
pclrs I)ccaust: there is no pressure 

Diaphragm Mechanical connection gra'jictlt in the cavity. 111 cotl- 
trast,, if a pressure-gratiicut mirro- 
phone is plawd t i t  the succcssivo 
positions 1 to 4 of Fig. 6 . 3 ~ ~  it will 

the same between suc.wssivc points, Idir mi(-rophonc output will he irrdc- 
prndclrt of w1iic:hc~vc~r of the four positions it occr~pics in 1 " ~ .  1 17 0 . 3 ~ .  

If a very small pressure-gucliw~t mic.ro11honc is placed ~ I I  a pla~re sound 
wave traveling in the x directiou, the complex rrns force j,, aeting to move 

Principal axis 
of microphone 

of the sound wave 
Frc:. G.5. I'rcssurc-gr:iclic:nt ~nic:ropltor~c- with princ:ip:d axis loc::lt.cd a t  nn urlgle 0 
with rrspcsct. to tht! dircction of travrl of Lh(: sound wnvr. 

the diaphragm will be 

where p = rms sound pressure 

'3 cos 0 = componrnt of the r. gr:rdient of pressure acting across the faces 
ax 

of tdrr diaphragm 
0 = a ~ ~ g l ~  thc normal to lhc diaphntgm makes with t l ~ c  direction 

of travcl of the wave ( s ( ~  Fig. 6.5) 
A1 = cfl'cctivc distance h twccn tlic two sides of the diaphragm (see 

F I ~ .  6.4)  
S = arcs of diaphragm 

The equation for a plane travclrt~g sound wave has already been give11 
[&. (2.57)]; i t  is 

p = pue j k l  (6 .2)  
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where k = o / c  
po = rms pressure a t  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 

The magnitude of the force a t  any point x is 

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 jo is, 
therefore, proportional to the particle velocity a t  any given frequency. 
Reference to  Fig. 6.5 is sufficient to convince one that  when 0 = 90°, the 
force acting on the diaphragm will be zero, because conditions of sym- 
metry require th,at 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 

The equation for a spherical wave is found from Eq. (2.62). 

Substituting (6.6) in (6.5) gives 

However, we see from Eq. (2.60) that in a plane wave the rms velocity is 
related to the rrns pressure by 

and in a spherical wave [Eq. (2.64)] 



whcrc juj is tilt. rrns p:lrt,ic*lc~ vc4oc.it.y in the clirt:c:tio~r of tr:tvel of t h  
sound wave. Ilc~~c:e, ICcls. (ti.4) a ~ ~ d  (6.8) lwcome 

In other words, the cff~ctive (rms) force J,, acting o n  the diaphragm of 
a prc?ssure-gradient microphone is dircctly proportional to the cffcctivc: 
particle velocity in the direction of propagation of the wavc, to  the fw- 
qucncy, to  the density of the air, to the size and area of the diaphragm, 
and to the angle i t  makes with the direction of propagation of the sound 
wave. This statement is true for any type of wavc front, plane, sphc.sic.al, 
cylindrical, or other, provided the mic:rophone is so small that its presence 
docs not disturb the sound wave. 

At any given frequency, the response of the microphone is pr~port~ional 
to the cos 0, which yields the directivity pattern shown in Fig. G.Ga. This 

( a )  ( b )  
FIG. 6.6. Directivity c:haract,eristic: of the  p r ( ~ s ~ ~ ~ r ~ - g r : t ( l i ( ~ ~ ~ t  ~nicrophonc o f  Icig. 6.1. 

shape of plot is commol~ly rcferrcd to as  a "figure 8" pattern. 'l'hc same 
pattern, plotted in dc~ibels  relative t,o the force a t  8 = 0, is given in ( 1 ) ) .  
I t  is interesting to  ohscrve t,hat the pa t te r~ i  is the sAme as that for an 
aroustic: doublet or for an unfla~~ged diupl~ragm a t  low frequencies (see 
Icigs. 4.8 and 4.13). 

The frequency rcsporlse of a pressure-gradient (particle-velocit,y) 
microphone, when p l a c d  in a spherical wave, is a function of the curva- 
ture of the wave fro~rt.. That, is tto say, from 15q. (6.10) we see that 
I'or values of k2r' (Iir (v111aIs W T / C )  large cwmpared with 1 the particle 
\doci ty is lincarly rdatcd to the soul~d pressure. A large valr~e of k r  
Inc:ans that either the frequerrcy is high or tht: ra(lius of curvature of the 
\ \ .3\~(~ front is large. Ilowevcr, for \.;tlnc>s of li.'r%slnnll (w~nj):~r(xI with I ,  
1~11ic.h means that the radius of ~ ~ I . V : L ~ . I I I . C  is small or the frequcr~cy is low, 
or I)otli, the particle velocity is proportional t,o Ip(/(w.r). .As a rcsult,. 
\ \ l l (> r l  a persol1 talking or s i ~ ~ g i ~ ~ g  nluvcs 11e2ir t.0 :i ~)~.(>ss~~r~-gra(ii(:~~t, rni('w- 
P ~ O W  so th:~t r is srn:iII his voic:(: seems t o  t)c.c~)rnc, mow " I ~ ) o ~ n y "  or 

responds to  both the pressure and 
the pressure gradient in a wave. A 
cbommolr example of such a micro- 
phone is one having a cavity a t  the 
back side of the diaphragm that 
has an opening t o  the outside air 
containing an acoustic resistance 
(see Fig. 6 . 7 ~ ) .  

The analogous circuit for this 
tlrvice is shown in Fig. 6.70. If 
\ \e  let 

p,=poe-~"  (6.12) 

I,et us say that  is the rrns vol- 
ume velocity of the diaphragm; Uo 
is the rrns volume velocity of the 
air passing through the resistance; 
p,  is the net rrns pressure acting 
to move the diaphragm ; and % A  ,, is 
the diaphragm impedance. Then 

produces an 
output voltage ( a )  

( b )  
FIG. 6.7. (a) Sketch of a combination 
pressure and pssure-gradient  micro- 
phone consisting of a right enclosure in 
one side of which is a movable diaphragm 
connected to a transducing clement and 
i n  another side of which is a n  opening 
with an  acoustic resistance RA. ( b )  
Acoustic-impedance circuit for (u). 

we can write t,he following equations from Fig. G.7b: 

The pressure diffrrrnve across the diaphragm is 

Substitution of (6.13) in (6.15) yields 
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where B is an arbitrarily chosen dimensionless constant. Since fD = p,S, 
where S is the effective area of the diaphragm, we have 

(f,, l  = p,lalS(l t B cos e )  (6.18) 
where a is the ratio 

A plot of the force Ifu( acting on the  diaphragm as a function of 0 for 
I3 = 1 is shown in Fig. 6 . 8 ~ .  The same pattern plotted in decibels is 

B = l ;  cardioid 
( a )  ( b )  

FIG. 6.8. Directivity characteristic: of the  combination pressure and prcssllre-gradient 
microphone of Fig. 6.7. 

given in (b). The directivity pattern for B = 1 is commonly called a 
cardioid pattern. Other directivity patterns are shown in Fig. 6.46 for 
R = 0, 0.5, 1, 5 ,  and w .  

PART XV Pressure Microphones 

Pressure microphones are the most widely used of the three Imsic types 
discussed in the preceding part. They are applicable to  acoustic measur- 
ing systems and t o  the pickup of music and speech in broadcast studios, in 
public-address installations, and in hearing aids. Mmiy engineers and 
artists believe tha t  music reproduced from the output of a well-designed 
pressure microphone is superior to that  from thc more dircc~tional types 
of microphone because the quality of the reverberation in the auditorium 
or studio is fully preserved, because untfrsirahle wavc-form distortion is 
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minimized, and because thr  quality of the reproduced sound is not as  
strongly dependent as for other types upon how close the talker or the 
musical instrument is to  the microphone. 

Three princaipal types of pressure microphones are commonly found in 
broadcast and public-address work and in hearing aids. They are the 
electromagnetic, electrostatic, and piezoelectric types. We shall analyze 
one commercially available microphone of each of these three types in the 
nest few sections of this part. Various other types of microphones are 
~lsecl 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. I t  is principally used in 
broadcast work and in applications where long cables are required or 
where rapid fluctuations or extremcs in temperature and humidity are 
expected. 

The best designed moving-coil microphones have open-circuit voltage 
responses to  sounds of random incidence tha t  are within 5 d b  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 t o  
5 d b  maximum below 1000 cps for the temperature range of 10 t o  100°F, 
pressure range of 0.65 to  0.78 m Hg, and humidity range of 0 t o  90 per 
cent relative humidity. 

The electrical impedance is tha t  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 t o  permit use 
in a closed cavity without seriously changing the sound pressure therein. 

T o  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. G.9a). In  addition, there are acoustical circuits behind 
and in front 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. 

Eleclro-mechano-acoustical Relations. The sound passes through the 
protective screens and arrives a t  a grid in front of the diaphragm. This 
grid ha3 :L num\jer of small holes drilled in i t  which form a small acoustlc 
mass and a small arw~lst i v  rcsistancr This grid is so small that  its radia- 



Air space. CA1 --, r A i r  space. CA2 
Protective T\\-, Diaphragm . and 
screens ~011, M m ,  em 

ustic resistance 
mass. RAS. MAS 

Air cav~ty, CA3 

( b )  
FIG. 6.9. ( a )  Diagrammatic roprescntation of the csscntial elcmcnts of a moving-coil 
(dynamic) microphone. (From Heranek, ' i A c o ~ ~ s l i c  Measurenienls," John IYiley 
d? Sons, Inc.,  New York, 1949.) ( b )  Cross-sectional skctcl~ of a comnic~rcially available 
moving-coil microphone. [From Marshall and liomanow, A Non-direclional Micro- 
phone, Bell Sysl. 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 
p,, is that  which the sound wave would produce a t  the face of the grid if 
the holes of the grid were closed off. Uc is the volume velocity of the air 
that moves through the grid. U D  is the volume velocity of the diaphragm 
and is equal t o  the effective linear velocity U D  of the diaphragm times its 

I &  Thevenin. gener- A 1 0 

ator for outside 
circuit 

FIG. 6.10. Acoustical circuit for t,he elements in front of the diaphragm of the micro- 
phone of Fig. 6.9 (acoustic-impedance analogy). 

effective area So. The radiation mass looking outward from the grid 
openings is MA1. The acoustic mass and resistance of the grid openings 
are MA0 and RAG. The compliance of the air space in front of the dia- 
phragm is CAI. At all frequencies, except the very highest, the effect of 
the protective screen can be neglected. 

Behind the diaphragm the acoustical circuit is more complicated. 
First there is an air space between the diaphragm and the magnet that  
forms an acoustic compliance (see Fig. 6.9b). This air space connects 

0 1 1 A 
Y ; Thevenin 

generator 
for outside 
circuit 

FIG. 6.11. Acoustical circuit for the clc~ncnts hehind the diaphragm of the micro- 
phone of Vig. 6.9 (acoustic-impedance analogy). 

with a large air cavity that is also an acoustic compliance. I n  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 acoustiral circuit behind the diaphragm is given in Fig. 
6 11. The acoustic compliance directly behind the diaphragm is C.42; the 
acoustic resistances of the screens are R A s ;  the acoustic mass of the inter- 
connecting passage is M A T ;  the acoustic complianct of the large air space 



is CA3; the acoustic mass of the tube is MAT, and its rcsiatnnce is RAT; thc 
radiation mass looking out from the tube is Mlz. The pressure p,3z is thc 
sound pressure that would be produccd a t  the outer end of the tube if.it 
were blocked so that  no air can move thl.ough it, that is, UT = 0. 

At low frequencies, whcre the separ:rtion l)ctwccn thc outer end of the 
equalizing tube and the grid is small comparcd with a navclcngth, p,,, 
equals ~ B Z .  At high frequencies whcre p,,, would I)e cspccicd to  diffcr 
from p ~ z ,  wMAT becomes so large and ~ / w C A ~  SO small that the movement 

- 
Mobility analogy 

Fro. 6.12. Mcchano-clcctrical circuit of diaphmgm, voirc coil, and rnngnctic f r l d  
of the  microphonc of l'ig. 6.9 (rncc:Ilx~tic::~l-~~~ol)ility :~11:11ogy). 

of the diaphragm U D  is independent of pe2. Hence, we can draw our 
circuit as though P B ~  = p ~ 2  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. Thc force cscrted on the 
diaphragm is f ~ ,  and its resulting velocity is u ~ .  &re, M M n  = mass of 
diaphragm and voice coil; Cws = compliance of the suspension; L = 

inductance of voice coil; alid R E  = electric rcsistal~ce of the voice coil. 

FIG. 6.13. Mcchano-c1cc:tric:d circuit of thc d i : ~ p I ~ r : ~ q ~ ,  voiw coil, and ~n i~gnc t i c  
ficld of the microphonc of loig. O.!) (~~~c:c:t~nnic:il-irnpc(l:~~~i~c~ :~n:tlogy). Notc t h t  110 

is also cqual to eo/Bl. 

ZE,, is the electric impedance of thc elcctric load to which the microphonc 
is connected. The quantity co = Blun is the open-circuit voltage pro- 
duced by the microphone. 

In  ordcr to comhine Figs. 6. 10, G .  11, and 6. 12, the dual of Fig. 6.12 must 
first be taken; i t  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 hc divided by the arca of thc 
diaphragm So and all vcloc:itics multiplied hy SI,. This \)c done by 
inserting an area transformer into the circuit. Allowi~lg by tlcfinition 
p,,, = poz = p,, and recognizing that  Ur, must he the same for all thrce 
component circuits, we get the circuit of Fig. (i.14 for thc 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 Z E L  -+ a. This means that the electrical 
terminals are open-circuited so that  the voltage appearing across them is 
the open-circuit voltage e, (see Fig. 6.12). In  the circuit of Fig. 6.14, the 
"short-circuit" velocity is equal to  e,/Bl. 

At  very low frequencies Fig. 6.14 reduces to Fig. 6 .15~ .  The  generator 
pe is effectively open-circuited by the three acoustic compliances CAI, CAz, 
and CA3, of which only CAa has appreciable size. Also, the three resist- 
ances RAT, RAG, and RAs are small compared with the reactances of Caa and 
CMsSD2. Physically, the fact that  uo, 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 

FIG. 6.14. Complete electro-mechano-acoustical circuit of the moving-coil microphonc 
of Fig. 6.9 (impedance analogy). The elcctromechanical transformer has  been 
cleared from the  circuit. 

see the voltage response in decibels as a function of frequency. I n  region 

(a )  the response increases a t  the rate of 12 db per octave increase in 
frequency. 

At a higher frequency (see Fig. 6.15b) a resonance conditiondevelops 
involving the large cavity behind the diaphragm with compliance Cns and 
the equalizing tube with mass and resistance MAT and RAT. Here, the 
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. 6.15c), a highly damped resonance 
condition occurs involving the resistance and mass of the screens behind 
the diaphragm, l Z A s  and MAS, and the diaphragm constants themselves, 
M M D  and CMs. This is region (c) of Fig. 6.16. A highly important 
design feature, therefore, is a resistance of the screens RAs large enoughso 
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 tllc mass of the diaphragm M M D  and the stiffness of the 
air immediately behind it, Caz. This yields the response shown in region 
(d) of Fig. 6.16. 

Finally, a third t~:so~~:~nc:c ocac.urs involvil~g primarily the acoust,ic*al 
clcmcnt,~ i n  front of the dii~pllt.;rgnl [see Fig. 6 . 1 5 ~  and region (c) of Fig. 



M I C R O P H O N E S  [Chap. 6 

pBL j-zm' iy:7 - eo (a) 
HA T BI Very low 

frequencies 
2 

eo Near tube 
BI and cav~fy 

resonance 

e~ Near principal 
B1 diaphragm 

resonance 

Near resonance 
5 of the diaphragm 

and the small 
cavity behind 
the diaphragm 

(M,l+MAc) R~~ 

Near resonance 

~1 with the small 
RAG cavity and grid 

in front of the 
(MA~+MAc) dtaphragm 

FIG. 6.15. Moving-coil microphones. Simplified circuit,s for five frequency regions 
(impedance analogy). The excess prcssurc produced by the sound wave a t  the grid 
of the microphone with the holes in thc grid blocked off is p ~ ,  and the open-circuit 
voltage is e,. 

Frequency in cycles per second 
FIG. 6.16. Open-circuit-voltage response charactcristic of x moving-coil inicrophonc 
of the type shown in Fig. (i.!). Nornlnlly thc rcfcrcnc,c volfxgc r,,r ill the : t rg~~n l rn t  
of tjhc logarithm is t ~ t k c ~ ,  to I,<: I volt.. 
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6.161. The response then drops off a t  the rate of - 12 db  per doubling 
of frequency. 

These various resonance conditions result in a microphone whose 
response is subst,allt.ially flat, from 50 to 8000 C ~ S  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 t,he position of the micxophone. The usual effect 
is that  the response is enhanced in regions (d) and (e) if the sound wave 
impinges on the microphone grid a t  normal (perpendicular) incidence 
compared with grazing incidence. One purpose of the outer protective 
screen is to  minimize this enhancement. 

6.6. Electrostatic Microphone (Capacitor Microphone). General Fea- 
tures. The electrostatic type of microphone is used extensively as a 
st.andard micropholle for the measurement of sound pressure and as a 
studio microphoiie for the high-fidelity pickup of music. I t  can be made 

Insulating Condenser ,f- materid /'- rn~crophone - 

Thin 
diaphra 

-Back plate 

( a )  ( b )  
I:IG. 6.17. ( a )  Srhc.trt:i(ic representation of a n  elect,rost,atic microphone. (b) Simple 
vxcu~~rn-t .r~bc circc~it, for use with capa.citor microphonc. 

small in size so it  does not disturb the sound field appreciahly in the fre- 
quency regiol~ below 1000 cps. 

Sound-pressure levels as low as 35 d b  and as high as 140 dh  re 0.0002 
microhar can he measured with standard instruments. The mechanical 
impedanre of thr. 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 0.0'25 db  for each degree Fahrenheit rise in temperature. 

Continued operation a t  high relat,ive humidities may give rise to  noisy 
operation because of leakage arross the insulators inside. Quiet opera- 
tion can he rest,ored by desiccation. 

Constr~rctio?~. In principle, t.he electrostatic microphone consists of a 
thin diaphragm, a very small distance behind which there is a back plate 
(see Kg.  0 . .  The diaphragm and back plate :ire electricttlly insulated 
from eac~h other and form an elcctric capacitor. Two c:ommcrc.ial forms 
of t,his type of rnic.rophonc arc shown in Fig. 6.18. The principal devia- 
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lnsulatmg 
material Case 

Positive terminal 

Insulator clamping ring 
Glass insulator 

Glass diaphragm 0.002 in. thick 
19 holes (No. 60 dr~lll 

Evaporated gold surface 
Bronze 
clamping spring --, 
Sta~nless steel 
rmgs for: 

Adjust~ng 
backplate assembly 

Clamping 
adjusting ring - 

-Air gap 0.001 

"Back" electrode 

For mounting 
on preamp 

Molded mycalex ~nsulatlon 
for backplate assembly 
grooved to increase leakage paths 

FIG. 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 
o f  the Altec 21-C capacitor microphone. The  cap with holes in it serves both for 
protection and as an acoustic network a t  high frequencies. (From Beranek, "Acoustic 
Measurements," John Wiley & Sons, Inc., New Ymk, 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 a t  resonance. 
One manner in which the microphones are operated is shown in Fig. 6.17b. 
The resistance R 1  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 tha t  the total 
charge Q(t )  is 

&(t) = qo + q(t) = C E ( ~ ) [ E  + e(t)l (6.20) 

where qo is the quiescent charge in coulombs, q(t)  is the incremental charge 
in coulombs, Ce(t) is the capacitance in farads, E is the quiescent polarizing 
voltage in volts, and e(t)  is the incremental voltage in volts. 

The capacitance C E ( ~ )  in farads is equal t o  (see Fig. 6 . 1 7 ~ )  

where Cko is the capacitance in farads for x( t )  = 0 and C E ~ ( ~ )  is the 
incremental capacitance in farads, Q is a factor of proportionality that  for 
air equals 8.85 X 10-12, S is the effective area of one of the plates in 
square meters, xo is the quiescent separation in meters, and x( t )  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 x( t )  is small 
compared with so2. 

If we similarly assumed that [e(t)];,, << E2,  then (6.20) and (6.21) 
yield 

so that  

The total stored potential energy W ( t )  a t  any instant is equal t o  the 
sum of the stored electrical and mechanical energies, s Q ( t ) 2 / C E ( t )  plus 
> $ ~ ( t ) ~ / C ~ s ,  where CIS is the mechanical compliance of the moving plate 
in meters per newton. That is, 

1 [ g o  + q(1)I2 1 x(tI2 1 go2 + 29o!?(t)l. 
W ( t )  = - +- -  & -  

2 Ck0 + Cs1(t) 2 C I S  2 c:. [l + 21 
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The force a t  any illstmt in newtons acting to  move the plate is, from the  
equation for work, dlY = f dx, 

dW(t) 
f o  + f ( t )  = 7 (6.25) 

and the element sizes were given in ICqs. (3.34) to (3 37). In practicae, the  
circuit of Fig. 6.1% 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 a t  the face of the microphone when a voltage is 
applied to  electrical terminals (3-4 of Fig. 6.19) is very small. Hence, 

so that,  by differentiation of Eq.  (6.2-i), 

Hence, because E = ~o/C',,, 

Rearranging Eq. (6.23) gives 

I n  the steady state, ( b )  
FIG. 6.19. Alternate clectromrcha~lical analogous circuits for electrostatic micro- 
phones (impedance analogy ). 

j w q  = i 
jux = u 

when an  electric-impedance bridge is used to  measure the capacitance of 
the microphone, the capacit,ance obtained is approximately equal to  CEO. 

By Th6venin'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 a t  the terminals of the microphone by 
the sound wave and equals [from Eq.  (6.31) and 
Fig. 6.191 

UE CMsSpBE 
e a =  -7 = (6.34) 

p " 0  xo 

41 +-:: 
FIG. 6.20. ThCvenin's 

where q ,  i, x, and u are now taken t o  be complex rms quantities; so Eqs. 
(6.27) and (6.28) become 

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 - - 

where the force f H .  acting on the microphone with circuit of a capacitor .- - - " - 1  - 
the  diaphragm blocked so tha t  u = 0, is equal t o  $ ~ ~ h ~ ~ ~ ~ ~ ~  
the blocked pressure ps times the area of the dia- situated in free space. 
phragm S. 

Acoustical Relations. The microphones of Fig. 6.18 have diaphragms 
with the property of mass M M D  in addition to  the mechanical compliance 
CMs 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, CAI; a back plate and slots with acoustic resistance 
and mass, RAS and MAS; and an air cavity around and behind the plate 
with an acoustic stiffness, CA2. The radiation impedance looking outward 
from the front side of the diaphragm is jwMAA1 where MAA is found from 
Eq. (5.31). The complete acoust,icnl and mechanical circuit in the 

Note in particular that  CMs is the mechanical compliance measured with 
the electric current i = 0 ;  CEO is the electric capacitance measured with 
the force f equal to  zero; C",, is the electric capacitance measured with the 
velocity u equal to  zero; and C',, is the  mechanical compliance mcasured 
with the voltage e = 0. These circuits were first shown as Fig. 3.37, 



162 M I C H O P I I O N E S  [Chap. 6 I 

impedance-type analogy is seen in Fig. 6.21. In this circuit ps equals the 
rms pressure a t  the diaphragm when i t  is restrained from moving, 
M A D  = MMD/S2 = acoustic mass of the diaphragm, S  = effective area of 
the diaphragm, and UD = S U D  = 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. 

FIG. 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 .23~ .  From this 
circuit, the open-circuit voltage e, is equal to 

At low frequencies, therefore, e, is independent of frequency. This is the 
frequency region shown as (a)  in Fig. 6.24. 

CAZ MAS BAS 
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. 6.236. At resonance, the volume velocity through the compliance 
CAs is limited only by the magnitude of the acoustic resistance RAS. 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 a t  lower 
frequencies. The response near resonance is shown a t  (b) in Fig. 6.24. 
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LOW frequencies 

Near first 
RAS resonance 

Above first 
resonance 1 
W(MU+MAD+MAS I>> WC,S 

9 vT !tf?r anti - 
resonance (A) = -.As 

cn 
Above second 
resonance 1 
w(MAA+MM)>> & 

FIG. 6.23. Capacitor microphone. Simplified circuits for six frequency regions 
(impedance analogy). The excess pressure ~roduced by the sound wave a t  the 
d ia~hraam of the microphone with the microphone held motionless is ps, and the 

A - 
open-circuit voltage is e,. 

Above the resonance frequency, the circuit becomes that of Fig. 6.23~.  
The volume velocity is controlled entirely by the mass reactance. Hence, 

In  this frequency region the response decreases a t  the rate of 12 db  per 
octave [see region ( c )  of Fig. 6.241. 

At a high frequency, the parallel circuit antiresonates, and the response 
drops very low. This condition can be seen by reference to Fig. 6.23d. 
Just above the point of antiresonance, a resonance occurs as shown in ( e ) .  



' I ' he  magnitude of t.he rcsorialic.a peak is Ilc~rc~ lirnil,c.cl I)y 1 1 1 ~  ~ . :u l i ;~ t , io~~ 
~vsistancc J C A A ,  w11ic.h is 110 longer negligil~ic c.olnl)arctl \~ i t>h  jw ; l l . , ,  [scc 
(c) of Fig. 6.241. Finally, above this rr:soll;Lllc:e frcclrltl~c.y, t,l~ch op:rl- 
circuit voltage again drops off a t  the rate of 12 dl) per orlavc [scc ( j ) ] .  

6.6. Piezoelectric Microphones. l'iczoelwtric: micwpho~ics employ 
crystals or dielectrics which, when acted on I)y snit.ut)lc forws, protlt~c:e 
electrical potentials lit~early related to thc deforrnatio~~ of t,he sul)sta~ic:e. 

Frequency in cycles per second 
FIG. (i.24. Ol~c~~-i . i r i .~~i t - \ ;o l t ;~ge response c*haractcbristin of :t c.:ip:r(.itor r ~ l i i . r . i ~ l ~ l ~ o ~ ~ ( ~  
of t.11~ type sho\v11 i r ~  Fig. (i.186. Normally r,,r is taken as 1 volt. 

FIG. 6.25. Typic.:~l form of a largc Rochcllc salt  rryst:rl. Thv coortlinntc~ axcs m d  
the  way in wh1c.h an  X-cut shear plate is cu t  frorri tlic crystal arc. ir~tliratrcl ((httrtesj 
of Brush h'leclrorrzcs Company.) 

Piezoelectric substances have been used c~stelisivcly in mirrophones 
because of their low cost and ruggedness. 

Four common types of piezoelectric suhstanc:cs arc disvr~ssed in this 
chapter, viz., Itochellc salt, ammonium dihycirogert phosptlatt (AD1') and 
lithium sulfate crystals,t and barium t,itanata ceramic plat,cs. 

t A D P  crystals are sold undc~r thi: t r:~tlc narllc I'N, nr~tt l i t , I ~ i ~ ~ ~ n  s ~ ~ l f a t r  rr.y.;t.:ils ~lntl(>r 
the trade name LII. 

Crys ta l  Microphones. 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 he purchased a t  
low cost to cover the frequency range of 20 to 8000 rps 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 microhar may be measured. 

The elert,rical impedance is that  of a pure rapacitancbe, 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 

FIG. 6.26. Typical form of a largr FIG. 6.27. Typical form of a large lithium 
ammonium d~hydrogrn phospl~ate sulfate (LH) crystal. (Courtesy of Brush Elec- 
( A D P  or P N )  crystal. (Cowlesy of tronics Company.) 
Brush Elecfron~cs 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 t o  be X-cut (see Fig. 6.25). 

Two other common cuts are the I' cut and the Z cut. Reference to 
Table 6.1 indicates that  each crystal material can best be used only in 
ccrtain cuts. 

SHEAR PIATES. If two edges of an X-cut Rochelle salt crystal are 
parallel to the Y and % 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 . 2 8 ~ .  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. 6.283, 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 . 2 8 ~ ~  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 (c) 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 

( b )  ( c )  
FIG. 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.) 

( b )  
FIG.  6.29. (a)  Method of cutting a 
45" expander bar from ashear 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 crystals 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. Propcr ties of Piezoelectric Substances 

'Type of str:rin 01,- 
tainable 

Common c u b .  

Density, ~ K / I I I ' .  . . 
Low-frcclucnny cut 

off a t  25'C 

Volume resistivity 

Tc~r~pera ture ,  for 
complete 
destruction 

Maximum safe 
temperature 

. . Ie~upera ture  for 
apprec.ialrlc Ic:rk 
ngc. . . . . . . . . . . 

M a x i r ~ ~ ~ : n ~  s d c  
humirlity (un- 
protcctcd cle- 
I I ICI I~ )  

I'rotcctcd with 
Mctdscal. .  . . . . 

111111ridity alwvc 
wl1ic11 x ~ ~ r f a w  
1c:rk:igc I,o<wrna 
alr~)rcciablc (un 
protected cle- 
ment) 

Minimum safe rcla 
tive humidity 
(unprotected 
clcmcnt) 

1)ielcctric eonsb:rn 
a t  30°C.. . . . . . . 

Maximum break 
ing stress (alter 
nating coniprtx 
sion-tension) 

Ilocl~clle d t  

shear; and 
exj~ander 

c; 4B0.Y; Y ;  
4R0 Y  
1.77 X 10' 

0 .  1 cps 

,G°C ( I3  LoIq 

10°C (122'F) 
70 % 

100 % 

50 % 

40 % 

350 (JY r t ~ t )  
3 .4  (Y out) 
14.7 X 10' 
newtons/ml 

t 

Crystals 

, 

A D P  

.i No data available. 

'rim~vcrrre 
nltear; and 
expander 

:; 4R0Z; 1; 

1.80 X 10" 
\AAl. !) elm 
AAA, 14 cps 

k c  Fig. G.37 

t 

25°C (257OF) 

LO°C (104OF) 
94 % 

50 % 

0 % 

15.3  

20.13 X 10" 
newtons/rn' 

1.H 

'ransverse and 
I<,n~itudinal 
slic?ar; and ex- 
pander and 
irydrostatic 

Y  

2.06 X 10' 
.e8s than 0.2 
CPS 

0x0 ohm-m 

t 

6°C (167"li) 

t 
95 % 

50 % 

0 % 

10.3 

t 

Quartz 

Cransverse and 
longitudinal 
shear 

I. Y, AT 

2.65 X 10' 
RSS than 
0.0001 cps 

fery high 

.oses piezo- 
electric prop- 
erties 57G°C a t  

ibove 250% 
slow decrease 
of piezoelec- 
tric activity 

:Not a critical 
factor except 
for external 
short circuita 
of electrodes) 

Usually much 
higher than 
otlicr piezo- 
electric mate- 
rials, except 
that value de- 
pends on sur- 
face finish and 
condition 

0 % 

Ceramic 

arium titanate 

Cransverse and 
longitudinal 
shear; and ex- 
pander; and 
h ydroststic 

5 .7  X 10' 
,ess than 
0.0001 cpa 

More than 10" 
ohni-m 
&sea piezo- 
electria pmp- 
erties a t  
120% 

)O°C (194'F) 

Moisture ab- 
sorption 0.1 % 



IJowwer, l.l~cre is a sizable rcsponsc of t,hc lit.hium sulfalr c~ryst~al to 
1iytlrost.atic: pressure. 

'l'hc same cl~c:t~romec:ha~~ic.al rclatiollships exist for a vrystd ~nic:ropl\one 
as  for all clcctrostatic microphone (see the precedi~~g section of this 
part,), viz., 

where eo = open-circuit voltage in volts produced by a deformation f of 
the crystal in meters, j = force acting to deform thc vryhtal producwd 
by an  electrical charge q, and 7 is a coupling coefficient defined after 
15q. (3.27b). As was described in Par t  VIII (pages 71 to  75), such a 

FIG. 6.30. Electromechi~nical equivalent circuits for piezoc~lcctric microphones 
(impedance analogy). ( a )  Circuit for one face of piexoelcctric 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 . 3 0 ~ ~  pro- 
vided one of the  two faces of t he  crystal across which the force is being 
produced is held stationary. If both faces are permitted t o  move. the 
equivalent circuit must be modified as  shown in Fig. 6.30b. 

I n  these circuits, C, is the electrical capacitance, in farads, measured 
a t  low frequencies with the crystal in a vacuum (or, for all practical 
purposes, in air). 1 d M  is the effective mechanical mass, in kilograms; 

I N u  is the electromechanical transformation ratio in volts per newton (or 
meters per coulomb) ; and CM is the mechanical compliance, in meters per 
newton, measured a t  low frequencies with the electrical terminals 
open-circuitcd. 

For Rochelle salt X cut cryst,als, the eltrtrical c:aparit.ance varies as a 
function of tempcrat,i~rc. T h c  factor of proportion:~Iit,y p for unmountcd 
i ~ n d  unrestrained crystals is sho\w in Fig. 6.31. Two discontinuities in  
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this curve occur a t  -18°C and +22"C and are known a s  the Curie 
points. At these points, the capacitance varies radically with tem- 
perature and is influenced considerably by the manner in which the 
crystal is mounted. For example, a mounted crystal of the Bimorpht 
type has a value of C, a t  22"C, which is a little over three times that  a t  
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 t o  variations in capacitance is to 
operate the microphone into a n  open circuit. 

Temperature in "C 
FIG. 6.31. Factor of proportionality p in the expression for electrical capacitance 
C, = plw/21 of an unmounted X-cut Rochelle salt expander bar as a function of 
temperature. The discontinuities a t  -18°C and +22"C are known a s  the Curie 
points. (Courtesy of Brush Electronics Company.) 

The electromechanical transformation ratio N M  for this type of crystal 
in effect does not vary with temperature. For an unmounted uncoated 
crystal the variation amounts t o  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. 

A discussion of the detailed performance of piezoelectric dielectrics and their 
resemblance to ferrornagnctic substances appears in a text, now in press: T. F. Hueter 
and R. 1%. Bolt, "Sonics," John Wilcy & Sons, Inc., New York. 

t Himorph is a registered trade-mark of Brush Electronics Company, Cleveland, 
Ohio. 
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The element sizes (Fig. 6.30) for a Rochelle salt X-cut length expander 
bar are NM = 0 . 0 9 3 / ~ ,  Car = 31.4 X 10-121/wt, Mol = 7151wt, and 
CE = plw/2t. The dimensions 1, w, and t in meters are as shown in Fig. 
6 . 3 2 ~ ~  and p is given in Fig. 6.31. 

The element sizes for an  ADP 2-cut expander bar are Nar = 0.185/w1 
C M  = 47.4 X 10-121/wt, MM = 7371wt, and CE = 128 X 10-121~/t. The 
dimensions 1, w, and t in  meters are as shown in Fig. 6 . 3 2 ~ .  

The element sizes for a Y-cut LH thickness expander bar (the elec- 
trical field is parallel t o  the  mechanical deformation of the crystal, see 
Fig. 6.326) are Nnr = 0.175t/lw1 C M  = 16.3 X 10-12t/lw, NM = 8321wt, 
and CE = 91 X 10-121w/t. The dimensions 1, w, and t are in meters. 

W I \ over the end 

( a )  \' Length expander bar 

.Force distributed 
over the face 

( b )  Thickness expander bar 

FIG. 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 i n  the hydrostatic mode are NA = 0.148t, C A  = 32 X 10-121wt, and 
CE = 91 X 10-121~/t. The value of MA has little significance because of 
the various resonances tha t  can be excited. The dimensions 1, w, and t in 
meters are as  shown in  Fig. 6.32b except tha t  the crystal is free of a 
support. 

BIMORPHS. An important disadvantage of the expander-bar type of 
structure in some applications is i ts 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 pressurcs. To reduce this mechanical 
impedance appreciably without lowering the output voltage, two plates 
or bars may be combined t o  produce a Bimorph. In a sense, a Bimorph 
is 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 i n  
such a way that  when a potential is applied to them one expands and the 
othcr contracts. Conversely, a force acting pcrpendicular 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, respcctively. The former makcs use of two expander 
bars and the latter of two shear plates. Generally, the bender Bimorph 

FIG. 6.33. Bender Bimorph. ( a )  Two 
expander-bar crystals ready to be ce- 
mented together to form a bender 
Bimorph. (b)  Application of potcntials 
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 j or electrical 
potentials are applied, the crystal as- 
sumes the shape shown. (Courtesy of 
Brush Electronics Company.) 

FIG. 6.34. Torque Bimorph. (a), ( b ) ,  
and (c) Distortion of shear plates when 
potentials of opposite polarity arc 
applied across thrir faces. (d) Two 
shear plates arc ccmented togethcr to 
form a torque Bimorph. When either 
a force j or electrical potentials arc 
applicd, the Bimorph assumes the shapc 
shown. (Courlesy of Brush Eleclronics 
Company.) 

is supported a t  both ends and the force applied in the middle, although i t  
can be clamped a t  one end and the force applied a t  the other. A torque 
Bimorph is generally held a t  three corners and the force applied a t  the 
fourth. With these types of structures, a force applied as shown in 
Figs. G.33~ and 6.34d is equivalent t o  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 eonnec- 
tion, the electrical terminals are the two outer foils. For a parallel con- 
nection, the foil between thc crystals forms one terminal, and the two 
outside foils connected togcthcr form the other. 



.i\ series I%imorph has one-qu:~rt,cr the cnp:wiI,i~nc.c ;LINI  t.\vi(*c the out,l)l~t 
voltage of a parallel Bimorph. 

Refer to the circuit of Fig. 6.30a (the circuit of Fig. (i.300 c*:~nnot be used 
for Bimorphs m o u n t d  as  described ahove). For sq~mrc-torpc IIimorph 
made Jrom X-cut liochclle salt shear plates as S ~ O L V I I  i t 1  Icig. (i.35at con- 
nected electric:ally in parallel, the element sizes at. 30°C arc: N nr = 0.143/t1 
(IM = 2.87 X 10-l"lZ/t", M M = 2Ci'212t, altd C b ;  = @ X I .  1812/t X 10F. 
The facttor P is given in Fig. 6.36 and ecln;~ls I .O a t  30°C. 'I'hc: dimensions 
1 and t arc in meters. Wlie~l the  p1ntc.s are c:onnectcd clert,ricdly in scrics, 

Driving 
point 

( a )  Driving 
point 

l ( I W  

( b )  Temperature in O C  

1<'1o. 6.35. 13imorphs. Mrthod of l'rr:. 6.36. Factor of proportio~~nlit,y p 
inounting, din~cmsions, and ~ ) o i ~ ~ t , s  o f  i n  thr cxl)rcssion for clcc:tric:n.l c.:ll):~ri- 
:tpplication of forcc for ( a )  sclunro l.:mc.cs (lx of a n  X-cwt 1loc:hc.llr s:dt 
torquc 13inlorph and (11) ~wt . :~ngu l :~ r  sclll;lrc torquc I<in~orph mounted ;IS 

bcndcr l%i~norph. sllo\vn i n  Fig. li.85~. (C:oc~rles?l oj lirush, 
Elc~./ro~~ics (:otrrpnn~/.) 

the value of NM is doul)lctl and that, of ( J I R  is rctluc:cd to  o~lc:-fo~~rth ii,s 
parallel valuc. 

For A Dl' spare-torquc IIimorphst (sw Fig. 0.350) c:olrt~cc.t~c~l c~lwI.ric~:llly 
in parallel, the ctlcmcnt, sizcs are N u  = O.25O/tl (!M = ,1.45 X 10 lllP/tx, 
Mnn = 228@ and Cs = 50712/t X 10-12. 

For Rochdle salt bender Bimorphs (sce Fig. 6.350) conneclsc:tl c:l(:cl.ricdly 
in parallel, the elemcnt sizes are  N u  = 0.07351/wt1 C M  = 17!) X 10 12L3/~otal 
Mad = 407Lwt, and Cx = 1.18 X 10-81u)/t. ' h e  dimensions 1, u), and 1 
are in meters. Whcn the plates arc connected electrically in series, the 
value of NM is doubled and tha t  of CE is reduced to one-fourth its parallel 
value. The circuit of Fig. 6 . 3 0 ~  must 1)c used. 

For ADZ' bender Bimorphs (see Fig. 6.3511) c:onncc:tctl c:lcc:tric:ally i n  

t Element sizes for rc:c:tana~~lar-torq~lle I%imorphs of I<o::hc~llr salt, o r  A1)I' n r r  ttvr~ii- 
able from 1 . h ~  I l n ~ s l ~  I,; lcct.ror~ic.~ Company, C:lf:vrlnr~:l, Ot~i.:. 

prallel,  the clcnlcnt sixcs arc Nn, = 0. I 5%:3l/ud, (:M = 199 X lo- 12/3/wt31 
A1 ,,, = ~:{~LIUL, : L I I ( ~  ( ,"E = 5.0!1 X 10- 'O~~ /L .  

'I'hc I I O I I ~ ~ I I C ; L ~  (list,ort,ion produ~cd  I)y ADI' and LII crystals is very 
sm:~ll. 1Loc:hc~llc salt is a11 cxccption, however. In the temperature 
range from - 18OC to  +24OC, i t  exhibits hystcrcsis effects in t he  relation 
\)c:t,wccn the ;~pplic:d force arid the voltage produced across a small load 
r~~sistancc. 'I'his hysteresis elTcct arises in the electrical capacitance C E  
alltl is of ncgligil)lc irnportaric:e if the microphone operates in a near-open- 
c:irc:l~it condition, suc:lt as irlto the input of a cathode-follower vacuum- 
tu lx  stage. In mic:rophot~os working a t  ordinary sound levels, the 

Temperature in "C 
1"1(:. 0.47. M n s i n ~ ~ l r n  c:spc.ct,cd low-frcqurncy cutoff in cyelcs for ADP:(l'N) crystals 
rls :L fun r l . i on  of :~~nl , icwt ,  t.c.~nl,c:~.:~turc in ccnt,igrildc dcgrecs. Thc cut,off frcqucncy 
is t l ( ~ l i ~ w t l  :IS I .~I ;LI ,  frcyrlc.nry w t ~ c ~ c '  the c,i~p,zc:it,ivc rc.:~ct:~r~cc :lnd the rc>sist,anc:c (each 
I : S I I  I t  I L t o  s )  I I (Courlcs!/ o j  Brush Blrc11~onic.s 
( ~ ' O I I ~ ~ ~ ( L ? L ! ~ . )  

I~ystcrcGs cITcct in I<ocl~c~llc salt is negligible even wl1c11 the crystal is 
loaded . 

A11 cryslxls liavc x Inilk rcsistivityt which appears as a shul~l ,  rcsis1.anw 
across the clcc:t,tic.al t , c ~ m i ~ ~ a l s  of the cryst:~l. ' h i s  factor is not of practical 
importance a t  ordi11:~ry t,cmpcratures cxccpt in AD1' crystals. 

For AIII' crystaIs, the bulk rcsistivity increases rapidly with tcn~pera- 
turc, :LS (::LLI 1)c seen fwnl  Icig. 6.37. 'l'hc ordinate of this graph is the 
~utol'l' ~ N : ( ~ I ~ ( : I I ( : ~ ,  c(1u:~I 10 the frccirlcl~cy a t  which the reactance and 
rcs i s t~u~w mcasrll~ctl ac:ross two f:lccs of a crystal plate are equal. 
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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 C E .  In addition, the load resistance will contribute to the 
noise in that i t  is in parallel with the internal resistance. The spectrum 
level of the self-noise drops off a t  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 ~owder .  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 l'itanate Ceramic Microphones. A recent and useful form of 
piezoelectric material is a ceramic made from barium titanate. The 
ceramic is rendered piezoelectric by permanently polarizing i t  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 a t  elevated temperatures. Pure barium titanate has a Curie point 
like that of Rochelle salt, except that  i t  occurs a t  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 G to 18 db 
below that of Rochelle salt or ADP types. Temperature changes do not 
affect the dielectric constant appreciably. 

7 ,  1 he advantages of hsrium titanate over the crystal materials dcscrihed 
above are that i t  has a higher dielectric constant than that for Rochelle 
salt, and one that changes very little with tcmpcrature in the range 
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between $10 and +80°C. The mechanical compliance CM and the 
transducer ratio NM 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 a t  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 C E  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. 

2.00 

Temperature in O C  

FIG. 6.38. Barium titanate ceramic. Relative free capacitance CE 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. 

Referring to the circuits of Fig. 6.30, for a barium titanate length- 
expander bar like that shown in Fig. 6 . 3 2 ~ ~  the element sizes are Nnr = 

0.0051/w1 C M  = 10.2 X 10-121/wt, M M  = 2260lwt, and C E  (at 25°C) = 

1.5 X 10-slw/t. The dimensions 1, w, and t are in meters. 
For a barium titanate thickness-expander bar like that in Fig. 6.32b1 the 

element sizes are N M  = 0.0127t/lw1 C M  = 8.13 X 10-12t/lw, M M  = 22601wt, 
and C E  (at 25°C) = 1.5 X 10-81~/t. The dimensions I ,  w, and t are in 
meters. 

Referring to the circuit of Fig. 6 . 3 0 ~ ~  the element sizes for a barium 
titanate bender Bimorph like that  shown in Fig. 6.35b1 with the plates con- 
nected electric,ally in series, are N w  = 0.00G81/wtl CM = 40.6 X 10-1213/~t31 
M ,  = 1530Lwt1 and C E  (at 25°C) = 1.28 X 10-81~/t. 

The barium titanate transducer also responds to hydrostatic pressures 
such as would be obtained if a ceramic plate were suspended freely in air 
or in a liquid. The circuit of Fig. 6 . 3 0 ~  is likewise used here except that 
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acoust.ic-ui eic.tncnts are sui)s i i iuid [or ~ric~c.;~:t~~ic.a; elt~rriet~i,~. it 
case the transducer is called a volume expa~l. t lc~,  : ~ n d  the element siz 
N A  = 0.0022 volt,/newt,on/m2 (or m"!/cotilornt)), C I A  = 12.2 x IC 
m5/newton, and C E  = 1.5 X 10~-Rlw/l farads. The dimensions I, c 

t are in meters. 
Uses of Piezoelectric Transducers. Ways in  which piezoelectric 

ducers are incorporated into microphones are shown ill Figs. 6.39 t c  
I n  the fi rst of t,hese figures, a microphone 
is sketched using ADP or I\oc:helle 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 connect,ed 
t o  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. G . 3 5 ~ .  
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 is encased 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 'ir w 

pc rubber 1 Neor 
mountmg pad hou, 

FIG. 6.42. Sketch of a 
statically actuated crystal 
phone using lithium sulfat 
crystals as the active e 
The castor oil ba th  is pl 
to convey the sound F 
uniformly to all surfaces 
crystal. Data taken on a 
stack of six plates conne 
parallel, jd in. on a side wi 
plate 0.04 in. thick, sho 
the capacitance is about 
10-l2 farad and the open 
output voltage is about --! 
1 volt per dyne/cm2. (Cot 
Brush Electronics Company  

as to  produce a potential difference across the electrodes fastened 
piezoelectric plates. 

,4 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 oi 
The outer flexlble housing serves both as a diaphragm and as a retail 
the castor oil. A pressure over the outside surface is transferred tl 
the housing and the castor oil l n t h  to the element inside. 
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PART XVI 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 i t  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)? 

@)a, 
Section 
through 

pole piece 

Twisted lead YP' 
Bottom clamp 

adjustable 

FIG. 6.43. Sketch of the ribbon and magnetic structure for a velocity microphone. 
(After Olson, Elements of Acowlical  Engineering, 2d ed., p. 239, I). V a n  Nostrund 
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, i t  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 movemcnt of the ribbon causes a potential differcnce 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, f i6 in. wide, and 0.0001 in. thick with a clearance of 0.003 in. a t  
each side. 

From Eq. (6.1 1) we see that  the pressure difference acting to move the 
diaphragm is 

= f s / S  = ~ o p o  A1 cos 0 (6.38) 
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Substitution of (6.38) in (6.39) yields 

14 = I4 (Bl)po A1 
- S cos e 

~ M M A  + M,, 

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 a t  frequencies 
of about 2000 cps but are counterbalanced by appropriate shaping of the 
magnetic pole pieces. 

6.8. Combination Pressure and Pressure-gradient Microphones. 
Electrical 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 t o  combine elec- 
trically the outputs of a pressure and a pressure-gradient microphone. 

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 i t  is desired 
to  suppress unwanted sounds that  are situated, with respect t o  the 
microphone, about 180" from wanted sounds. In respect t o  impedance 
and sensitivity this type of cardioid microphone is similar t o  a ribbon or 
t o  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 

The equation for the open-circuit output voltage of a magnetic or 
ribbon type of pressure-gradient microphone in the same frequency range 
is 

e: = C p  cos 0 (6 .42)  
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B- 00 

FIG. 6.46. Graphs of the expression 63 = 20 log [(I + B cos e ) / ( l  + B)] a s  a function 
of 0 for B = 0, 0.5, 1.0, 5.0, and a. 

Adding (6.4 1) and (6.42) and letting C I A  = B gives 

e ,  = Ap(1 + B cos 0) (6.43) 

B will be a real positive number only if e, and el have the same phase. 
The directional characteristic for a microphone obeying Eq.  (6.43) will 

depend on the value of R. 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 = a,, the 
mic~ophonc is a figure 8 type. In Fig. 6.46 directional characteristics for 
five values of B arc shown. 

The voltage e: is a function of lrr, as we discussed in Par. G 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 t,he 
same as those shown for Fig. 6.46. 

I n  order that  this type of microphone have a flat response as a function 
of frequency for p,,, constant (i.e., constant sound pressure a t  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 a defined in Eq. (6.19), i.e., 

As an example, let us take the case of a microphone for which Z A D  >> RA 
and ~/uCARA >> 1. I n  this case the response of the transducer must be 
proportional to  

where B is given by Eq. (6.17). 
Restated, the transducer must have an output voltage for a constant 

net force act'ing on the diaphragm that  is inversely proportional to fre- 
cluency, 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. 

CHAPTER 7 

DIRECT-R ADIATOR 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 
i;; interposed between the diaphragm and the air. The direct-radiator 
t,ype 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, 
2nd in music and outdoor-announcing systems. 

The prillcipal 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 a t  high frequencies, and (3) frequently, 
irregular response curve a t  high frequencies. For use in home radio 
receiving sets where little acoustic power is necessary and where the 
listellcrs are generally not very critical, the advantages far outweigh the 
disadva~l~ages. 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 t o  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 is a cone, 

For supplemental reading, t h e  student will find the following publications valrl- 
able: II. F. Olson, "Elements of Acoustical Engineering," 2d ed., Chap. VI ,  D. Van 
Sostrand Company, Inc., New York, 1947; M. S. Corrington, Amplitudes and i'hasr 
.\Icitsurc!n~c~nts on 1,outlspcakcr Cones, Proc. IIZE, 39: 1021-1026 (1951); Transirnt  
'resting of I,oudspcakers, Audio b;nvineering, 34: 9-13 (August, 1950). 
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generally made of paper or aluminum, which is supported a t  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 
i t  is attached. Usually the cone is sufficiently stiff a t  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 

6 

2. Flexible edge suspension 
6 

6. Holes for air release 
7. Cone (diaphragm) 
8. Permanent magnet 
9. Open web supporting 

FIG. 7.1. Cross-sectional sketch of a direct-radiator loudspeaker assumed to be 
mounted in an infinitc baffle. 

of these traveling waves and of resonances in the cone itself are to produce 
irregularities in the frequency-response curve a t  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 bafflle 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 a t  
low frequencies to be a piston of radius a moving with uniform velocity 
over its entire surface. This is a fair approximation a t  freqrlenc+x for 
which the distance b or1 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 RE, respectively. The diaphragm and the wire on the voice 
coil have a total mass M M D .  The diaphragm is mounted on flexible sus- 
pensions a t  the center and a t  the edge. The total effect of these suspen- 
sions may be represented by a mechanical compliance CMs and a mechan- 
ical resistance Rrs = l/rMS, where TMS is the mechanical responsiveness. 

( d )  
FIG. 7.2. (a) Mechanical circuit of direct-radiator loudspeaker; (1) )  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. 

The air cavity and the holes a t  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 
znrrc = ~/zMR, where z M ~  is the radiation mobility. 

We observe that one side of each flexible suspension is a t  zero velocity. 
For the mechaniral resist,ance this also must be truc hccause i t  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, viz . ,  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 . 2 ~  and b, respectively. The symbols have the follow- 
ing meanings: 

e, = open-circuit voltage of the generator (audio amplifier) in 
volts. 

R, = generator resistance in electrical ohms 
L = inductance of voice coil in henrys, measured with the voice- 

coil movement blocked, &., for u, = 0. 
RB = 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. 
1 = length of wire in meters on the voice-coil winding. 
i = electric current in amperes through the voice-coil winding. 

f, = force in newtons generated by interaction between the 
alternating and steady mmfs, that is, f, = Bli. 

u, = voice-coil velocity in meters per second, that  is, u, = e/Bl, 
where e is the so-called counter emf. 

a = radius of diaphragm in meters. 
M M D  = mass of the diaphragm and the voice coil in kilograms. 

C M . y  = total mechanical compliance of the suspensions in meters per 
newton. 

TMS = l/Rnrs = mechanical responsiveness of the suspension in 
meters per newton-second (mks mechanical mohmst). 

R M s  = mechanical resistance of the suspensions in newton-seconds 
per meter (mks mechanical ohms). 

Z M R  = ~ / Z M H  = ~ M R  + j x M R  = mechanical radiation mobility in 
mks mechanical mohms from one side of the diaphragm (see 
Fig. 5.4). The German r indicates that ~ M R  varies with 
frequency. 

ZxE = % M R  + j X M R  = mechanical radiation impedance in newton- 
seconds per meter (mks mechanical ohms) from one side of a 
piston of radius a mounted in an infinite baffle (see Fig. 5.3). 
The German % indicates that % M E  varies with frequency! 

The circuit of Fig. 7.26 with the mechanical side brought through the 
,ransformer to the electrical side is shown in Fig. 7 . 2 ~ .  The mecharlical 
nobility Z M I  = u,/f, is zero if the diaphragm is blocked so that  therc a 1s ' no 

i :I nmhm 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 B2L2zM1 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 . 3 ~  

( a )  ( b )  
FIG. 7.3. The electrical circuit (referred to the mechanical side) is shown here in two 
equivalent forms. The circuits are of the mobility type. 

Acoustic 
Electrical Mechanical 

A 

/ - L v 
B212 

( b )  
FIG. 7.4. (a )  Low-frequency analogous circuit of the impedance type with electrical 
quantities referred to mcchanical side. Z X R  is given by Fig. 5.3. The quantity fc 

represents the total force acting in the equivalent circuit to produce the voice-coil 
velocity u.. (b) Single-loop approximation to Fig. 7.4a valid for X M R ~  >> SWR'. 

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 . 4 ~ .  

The performance of a direct-radiator loudspeaker is directly related to 
the diaphragm velocity. Having solved for it, we may compute the 
acoustic power radiated and the sound pressure produced a t  any given 
distance from the loudspeaker i n  the far-field. 

voice-coil Velocity at Medium and Low Frequencies. The  voice-coil 

velocity u,, neglecting d L 2  compared with (RO + RE)2, is found from 
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Fig. 7.4a, 

where 

Voice-coil Velocity at Low Frequencies. At low frequencies, assuming 
n addition that X M R ~  >> %MR2, we have from Fig. 7.4b that 

  here MMl = 2.67a3po = mass in kilograms contributed by the air load 
In one side of the piston for the frequency range in which ka < 0.5. The 
luantity ka equals the ratio of the circumference of the diaphragm to the 
wavelength. 

The voice-coil velocity is found from Eq. (7.1), using Eqs. (7.2) and 
17.4) for RM and XY, respectively. 

7.4. Power Output. The acoustic power radiated in watts from both 
,he rear and the front sides of the loudspeaker is 

:-Ience, assuming w2L2 << (R,  +  RE)^, 

7.5. Sound Pressure Produced at  Distance r. Low Frequencies. In 
;hap. 4 we showed that  a piston whose diameter is less than one-third 
wavelength (ka < 1.0) is essentially nondirectional a t  low frequencies. 
Tence, we can approximate it by a hemisphere whose rms volume velocity 
:quais U ,  = SDU,, where S D  is the projected area of the loudspeaker cone. 
3y the projected area, we mean *a2 of Fig. 7.1. 

From Eq. (4.3) we see that  the magnitude of the rms pressure a t  a 
)oint in free space a distance r from either side of the loudspeaker in an 
nfinite baffle is 

:t is assumed in writing this equation that the distance r is great enough 
io that i t  is situated in the "far-field." Hence, the pressure a t  r is 

Equation (7.8) is also readily derived from Eq. (7.6) by observing from 
Table 5.1 (page 124) that,  a t  low frequencies, 

and 

w = 4 s r 2 ~  = 4fi21p(r)12 
Poc 

where I is the intensity a t  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, i.e., as a rigid piston, the pressure produced a t  a dis- 
tance r depends on the power radiated and the directivity factor Q. 

The directivity fact,or Q was defined in Chap. 4 as the ratio of the 
intensity on a designated axis of a sound radiator t o  the intensity that 
would be produced a t  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, 

For a directional source in an infinite baffle such as we are considering 
here, 

where W1 = acoustic power in watts radiated from one side of the 
loudspeaker. 

(5 = directivity factor for one side of a piston in an infinite plane 
hame. Values of Q are found from Fig. 4.20. Note that 
18, equals IY/2 and, a t  low frequencies where there is no 
directionality, Q = 2, so that Eq. (7.12) reduces to Eq. 
(7.11 ) at, low frequencies. 

Tlie sound pressure is found by substituting Eq. (7.6) divided by 2 into 

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 Eqs. (7.6), (7.8), and 
(7.13) shons that the quatitity Ru2 + Xu2 in the denominat,or, 9i,,r,t in 
the numerator, ant1 the dircc*ti\.ity factor & arc terms that vary \vit>h fre- 
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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 %ME varies with the square of the fre- 
quency. So, if Q is constant, the numerator of (7.13) varies in direct 
proportion to frequency. If Q is not constant but increases with fre- 
quency, the variation is more rapid. In other words, neglecting the 
directivity (i.e., let Q = constant), the curve of sound pressure as afunc- 
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 i t  has a slope of +6  db  per octave of fre- 
quency. Above the resonance frequency i t  has a slope of -6 db per 
octave. In  the case of a sound-pressure or an acoustic-power us. 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 fZ/(RM2 + XM2). 

7.7. Maximum Power Available Efficiency (PAE). Often, the response 
of a loudspeaker is stated in terms of its maximum power available eficiency, 
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. 

Medium and Low Frequencies. The maximum power available eficiency 
(PAE) at medium and low frequencies [u2L2 << (Ro + RE)2] is Eq. (7.6) 
divided by the maximum power available. 

W 800B2l2R0%MR PAE = - X 100 = 
(R, + RE)~(RM'  + Xx2) 

(7.15) 
W E  

where RM and XM are given by Eqs. (7.2) and (7.3). At the lower fre- 
quencies we may replace %ME by Eq. (7.9) and XM 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 . 4 ~  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, a t  the resonance frequency wo, the power output is de- 
termined by the total resistance in the circuit because X M  passes through 
zero. 

I I 

(a) Very low frequencies 

I I 

( b )  At principal resonance frequency wo 

I 
(c) Above principal resonance frequency 

( d )  At second resonance frequency 

I 

( e )  High frequencies 

FIG. 7.5. Simplified forms of the circuit of Fig. 7.4a valid over limited frequent! 
ranges. 

In region C, above the first resonance frequency, the power output (an( 
the sound pressure) approaches a constant value, provided the circui 
impedance approaches being a pure mass reactance. That  is to say 

Z ~ M R  increases with the square of the frequency, and X M ~  also increases a 
the square of the frequency, and so the frequency variation cancels OUI 

For small values of amplifier resistance R,, the total mechanical resist 
ance RM becomes quite large in some loudspeakers SO that  the resonanc 
is more than critically damped. Reference to Eq. (7.8) shows that I 



RM2 >> XM2, t,he 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/B2L2 and the 
masses MMU $ XMR/W. The voice-coil velocity a t  this resonance can be 
determined from the circuit of Fig. 7.5d. The resonance frequency will 
occur when 

wL(B2L2) 
w2L2 + (R, + RE)' = w M v ~  + ~ X H R  

We must note, however, that  if (R, + RE)'is large compared with L2w2, 
the reactance of the capacitance L/B212 and resistance B2Z2/(R, + RE) 

I I In - I I I 
a- A-B? C p + - D - E - - 4  

Frequency (logarithmic scale) 
FIG. 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 Q T  of about 2. The 
dashed curve is for a QT equal to about 0.5. 

in parallel becomes tha t  of a negative inductance equal to -B212L/ 
(R, + 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 
ra2poc, where a is the effective radius of the loudspeaker. Also, w2MMD 
becomes large compared with the resistance in the circuit, and w2L2 
becomes large compared with (R, +  RE)^. The voice-coil velocity is 
determined from Fig. 7.5e. The power availabIe efficiency is 

This region is marked E in Fig. 7.6. Here, the power output decreases 
by 12 dh  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, C M s  can be small so that the resonance frequency is 
high. Also, i t  is common in practice to make R M  so large that the 
velocity u, 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, 

8O0R,B2l2!3lv~ 
PAE ref = - (R, + R E ) 2 ~ 2 ( M ~ ~  4- 2 M ~ 1 ) ~  

or, with the help of Eq. (7.9), 

If the loudspeaker is less tjhan 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 a t  medium and low frequencies 
where the radiation is nondirectional [see Eq. (7.15)] is 

At the resonance frequency wo, where X M  = 0, 

where Q T  is analogous t,o the Q of electrical circuits. Equations (7.20) 

and (7.21) may be expressed in decibels by taking 10 loglo 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 sour~d pressure from a direct-radiator loudspeaker as a 
functioo of frequency inrl~iding the directivity characteristics. Methods 
for determining the (~onst.~l~lt,s of loudspeakers and of box and bass-reflex 
cncslosures are also presented. If the reader is interested only i p  learning 
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how to choose a bafRe 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 Q (for 
radiation to one side) equals 2. 

Solution. The sound pressure a t  distance r, assuming no directivity, is related to  
the acoustic power radiated to one side as follows (see Eq. 7.12): 

where I = intensity a t  distance r 
W1 = W/2 total acoustic power radiated from one side of the diaphragm 

The equivalent reference sound pressure is 

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,,r) from Eq. (7.18) for the case of a commercial loudspeaker 
with an advertised diameter of 12 in. Also, let us calculate the ratio of the PAE to 
the reference power available efficiency a t  the first resonance frequency. Typical 
values of the constants are 

B = 10,000 gauss = 1.0 weber/m* 
1 = 9 m  

L = 7 X lo-' henry 
RE = 8 ohms 
R, = 2 ohms 

a = effective radius of diaphragm = 0.13 m 
SD = effective area of diaphragm = 0.0531 m 2  
po = density of air = 1.18 kg/m' 
c = speed of sound = 344.8 m/sec 

%MR = 1 . 5 7 ~ ~ a 4 ~ ~ / c  (see Table 5.1) = 1.53 X 1 0 - % ~ ~  newton-sec/m 
M M ~  = 2.67poa3 (see Table 5.1) = 0.00694 kg 
M M D  = 0.011 kg 
RMS = 0.5 mks mechanical ohm 
CMS = 1.79 x lo-' 

Solution. From Eq. (7.18), we obtain 

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 a t  the beginning 
of the chapter that the efficiency of this type of loudspeaker is usually low. 
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The upper resonance frcqucncy, if such exists, is determined from Eq. (7.16), i.e., 

For our example, the ( R E  + R,)2  is SO large compared with L2w2 that  the shunt 
resistance and capacitance act like a series resistance and a negative inductance, ant1 
no second resonance occurs in the frequency range for lvhich a lumped-element circuit 
holds. 

The boundary bctwecn 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 

f = 5 = --- 344.8 = 424 cps 
2sa 2s  X 0.13 

Obviously, a smaller diaphragm of lighter weight would result in region C extending 
to a higher frequency. However, a reduction in the mass M M D  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 f i s t  resonance frequency equals 

where 
M M  = M M D  + ~ M N I  = 0.025 kg 

so that 
100 = 75 cps 

j0 = 2 s  4(0.025)(1.79) 
RM = s5(o + 0.5 + 0.3 + 8.9 mks mechanical ohms 

From Kq. (7.21) we see that  the ratio of the PAE a t  wo to the reference PAE is equal 
to Q T ~ .  Hence, this ratio equals 1.74, and PAE a t  wo  equals 5.6 per cent (both sides). 

PART XVIII  Design Factors Affecting Direct-radiafor Loud- 
speaker Performance 

A loudspeaker generally is designed t o  provide an  efficient transfer of 
electric power into acoustic power and t o  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 efficiency, 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 a t  a given frequency is proportional to 

Z2R, 
PAE a [(R, + R r ) ( M r .  + 2M~i) l '  

Now, the resistance RE can be expressed in terms of the mass of the 
7.roice-coil winding MMc by writing 

I 
i 

where K = resistivity of voice-coil conductor in units of ohm-meters. The 
value of K for different materials is given in Table 7.1. 

a, = radius of wire in meters. 
1 = length of voice-coil winding in meters. 

Also, 
MMc = ? ~ a ~ ~ Z p ,  (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 

Substituting (7.24) in (7.22) yields 

where M',, = M M D  - M M C .  
Differentiation of this equation with respect t o  MMc and equating the 

result to  zero gives the value of MMc necessary for maximum power out- 
put from a generator of impedance R, provided we assume that the coil 
length is already predetermined. Hence, MMc for maximum PAE is 
found from 

Further, substituting (7.25) in (7.27), we get 

As an alternate possibility, we assume that  the resistance of the coil, 
RE, is to be constant. .i\llow MMc and 1 to vary. Then dctclrmi~~c M,,c 
for maximum PAE. 
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TABLE 7.1. Resistivity and Density of Various Metals 

Metal element 

Aluminum. . . . . . . . . . . .  
. . . . . . . . . . .  Antimony. 

Bismuth. . . . . . . . . . . . .  
. . . . . . . . . . .  Cadmium. 

. . . . . . . . . . . . .  Calcium. 
Carbon . . . . . . . . . . . . . .  

. . . . . . . . . . . . . .  Cesium 
. . . . . . . . . . .  Chromium. 

. . . . . . . . . . . . . .  Cobalt. 
. . . . . . . . . . . . . .  Copper. 

Gold. . . . . . . . . . . . . . . . .  
Iridium. . . . . . . . . . . . . .  
Iron . . . . . . . . . . . . . . . . .  
Lead . . . . . . . . . . . . . . . . .  
Lithium. . . . . . . . . . . . . .  
Magnesium. . . . . . . . . . .  
Manganese . . . . . . . . . . .  
Mercury . . . . . . . . . . . . .  
Molybdenum. . . . . . . . .  
Nickel. . . . . . . . . . . . . . .  
Platinum. . . . . . . . . . . . .  

. . . . . . . . . . .  Potassium. 
. . . . . . . . . . . . . . .  Silver. 

. . . . . . . . . . . . .  Sodium. 
Tin . . . . . . . . . . . . . . . . . .  
Titanium . . . . . . . . . . . . .  
Tungsten. . . . . . . . . . . . .  
Zinc. . . . . . . . . . . . . . . . .  

From Eq. (7.25), we have 

mistivity, ohm-n Density, kg/ma 

Putting this in (7.22) yields 

where, as above, M',, = MMD - MMc. Maximizing, we get 

Finally, let us assume that MMc of Eq. (7.30) is a constant and that we 
wish to let RE  and 1 vary. Then determine Re for maximum PAE. 
Maximizing Eq. (7.30), we get 

RE = Ro (7.32) 

Hence, for the optimum value of power available efficiency, we see 



Rim th~ckness 0.01" 

FIG. 7.7. Detail of t,he edge of a felted-paper loudspeaker cone from an 8-in. loud- 
speaker. [After  Corrington, Ampli tude and Phase Measurements o n  Loudspeaker 
Cones, Proc. IRE, 39: 1021-1026 (1951).] 

Frequency in cycles per second 
FIG. 7.8. Relative power-available response of an 8-in.-diameter loudspeaker mounted 
in an infinite baffle. The dashed curve was computed from Figs. 8.12 and 8.13 for 
QT = 6. [After  Corrington, Ampli tude and Phase Measurements o n  Loudspeaker i 

Cones, Proc. IRE,  39: 1021-1026 (1951).] 

from Eqs. (7.28), (7.31), and (7.32), that  RE = Ro and 

I t  is not usual, however, that the voice coil should he 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 M D  and 
also the radiation impedance change. 
great rapidity as  a function of fre- 
quency. As a result, no tractable 
mathematical treatment is available 
by which the exact performance of a 
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- 
~ h r a g m . ~  The diaphragm is a felted 
paper cone, about 6.7 in. in effective 
diameter (see Fig. 7.7), having an in- 
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 a t  points 1 to 8 as indicated on 
the curve. 

The major resonance a t  90 cps is the 
principal resonance and has the rela- 
tive amplitude given by Eq. (7.21). 
Above that is the fairly flat region that 
we have called region C. At point 1, 
which is located a t  420 cps, the cone 
breaks up into a resonance of the form 
shown by the first sketch in Fig. 7.9. 
Here, there are four nodal lines on the 
cone extending radially, and four re- 
gions of maximum movement. As in- 

- - 
These changes may occur with 

(7)  (8) 
FIG. 7.9. Nodal pattern of the cone 
of the loudspeaker whose response 
curve is given in Fig. 7.8. The 
shaded and dashed lines indicate 
lines of small amplitude of vibration. 
The (+) and (-) signs indicate 
regions moving in opposite directions, 
i.e., opposite phases. [After  Corring- 
ton with changes.] 

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 a t  point 2 a t  

M. S. Corrington, Amplitude and Phase Measurements on Loudspeaker Cones, 
Proc. IRE, 39: 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 a t  940 cps, a new type of vibration has become quite appar- 
ent. The diaphragm moves in phase everywhere except a t  the rim. 
Looking a t  the rim construction shown in Fig. 7.7 and a t  the vibration 
pattern of Fig. 7.9(4), we can deduce what happens. The center part of 
the cone vibrates a t  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 a t  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 
a t  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 concentric t o  the rim of the loudspeaker. When these 
occur, a large increase in output is obtained, as  shown a t  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 t o  the edge of the cone and being 
reflected back again. These outwardly and inwardly traveling waves 
combine to produce a standing-wave pattern that mill radiate a maxi- 
mum of power a t  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, i t  is necessary that  a termination of proper mechan- 
ical impedance be placed a t  the outer edge of the diaphragm. This 
termination must be one that absorbs waves traveling out\vard 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/yd2, 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 a t  high frequencies are large radius and large 
mass of the diaphragm. A logical means, therefore, for improving the 

( b )  
FIG. 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  a t  a fraction of its radius. 

FIG. 7.11. Mechano-aco~istical circuit for loudspeakers with the cones shown in 
Fig. 7.10. 

high-frequency response would be to design the diaphragm so that  a t  the 
high frequencies only the portion of i t  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 . r r D ,  Cus, and RMs are the mechanical constants of the 
smaller (inner) cone, and MM2, CM2, and R , v ~  are the mechanical con- 
stants of the outer cone. The two are connected mechanically with each 
other through a compliance Cnrr. The radiation impedance of the inner 
cone is Z M H 1 ,  and that  of the outer cone is Z,,,R2. The other constants 
arc the same as in Fig. 7.4. ,4t high frequencies 1/uCM3 is essentially a 
short circuit, and only the constants of the smaller cone are involved. 
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I n  practice the design of Fig. 7.10b is more commonly used because of 
its lower cost,. 

Another but more expensive mcans for separating the inner portion of 
the cone from the outer is to use a leather strip for the compliance C M 3  

A material sometimes used for this is goatskin, having a weight of about 
2.5 oz/yd2. At  the highest frequencies a t  which the inner cone of the 
loudspeaker is to  operate, the goatskin acts t o  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 t o  mount two or more loudspeakers 
of different diameters near each other. An electrical network, called a 
crossover networlc, is used to  supply electrical power to  one loudspeaker a t  

Low- frequency diaphragm 

Low - frequency unit 

Mid- frequency 
unit High-frequency 

unit 

High-frequency 
horn 

Mid-frequency horn 

FIG. 7.12. A "coaxial," or FIG. 7.13. Cross section of a "triaxial," o r  "three- 
" two-way," loudspeaker. way" loudspeaker. (Courtesy of Jensen Mfg. Co., 

Chicago, Ill.) 

low frequencies and to the other, or others, a t  higher frequencies. A 
difliculty with this arrangement is tha t  if the loudspeakers are mounted 
side by side, the path that  the sound has t o  travel from each of the loud- 
speakers t o  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 a t  some parts of the room, and addition will occur 
a t  others. 

T o  avoid this effect, the loudspeakers are often mounted concentrically 
i.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). I n  the vicinity of the 
crossover frequency there is usually some shielding of the radiation from 
the larger loudspeakers by the smaller ones, with resulting irrcgularity 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 a t  which the radiated power would decrease, if the cone were a rigid 
piston, is hetween 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 a t  the sides because of directivity. Tha t  is to say, a t  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. I n  this connection, i t  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 wavelengths in that  distance, multiplied 
by the frequency in cycles per second. For the particular %in. loud- 
speaker of Figs. 7.7 t o  7.9, the phase shift and the average speed of 
propagation of the sound wave from the apex t o  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 a t  
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, i t  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 fllnctiorl of frequency on the axis of symmetry of the 
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loudspeaker divided by the electrical power available is equal to the 
product of ( I )  the power-available-efficiency response characteristic, 
(2) the directivity factor, and (3) 1/4xr2, where r is the distance a t  which 
the intensity is being measured. In decibels, we have 

where I,, = pa,2/po~ = intensity in watts per square meter on the desig- 
nated axis at a particular frequency 

pa, = sound pressure level in newtons per square meter measured 
on the designated axis a t  a particular frequency 

PAEl = W1/WE = 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 D I  a t  low frequencies is 3 db because the 
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Fta. 7.14. Phase shift and average wave speed in the cone of an &in. loudspeaker. 
[After Corringlon, Antplilude and Phase A4easuren~enls on Lottdspcaker Cones, PTOC. 
IRE, 39: 1021-1026 (1951).] 

power is radiated into a hemisphere, and tha t  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/m2), Eq.  (7.33) becomes 

SPL re 0.0002 microbar = 20 loglo -i?~.- = 10 loglo WE 
0.00002 

+ 10 loglo PAEl + DI - 10 loglo 4 r r 2  
+ 10 loglo pot + 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 basedon sub- 
jective judgments as to what constitutes "quality" or perhaps simply on 
listening "satisfaction." I t  is believed by many observers that  a flat 
sound-pressure-level response over a t  least the frequency range between 
70 and 7000 cps is found desirable by most listeners. Some observers 
believe t,hat the response should be flat below 1000 cps but that  between 
1000 and 4000 cps i t  should be about 5 db higher than its below-1000-cps 
value. Above 4000 cps, the response should return to  its low-frequency 
value. I t  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 

sin 0 
sin (wt - 0) + sin - J.o e - R M ' / 2 M ~  sin (mot + Jlo) 1 (7.35) 

where 
z, = IZ,lefe = RM + j x ~  (7.36) 

where R M  and X M  are given by Eqs. (7.2) and (7.4). 

sin t,b0 = 

wo = 

From 
and the 

K .w * 
-- - - -- = 2r  times the resonance frequency 

Eq. (7.1) we see that the first fraction on the right side of (7.35) 
first term within the brackets is the steady-state term. The 

second term within the brackets is the transient term, which dies out a t  
t,he rate of exp ( - R M ~ / ~ M M ) .  

I t  is known that the reverberation time in the average living room is 

t :I tone b u r s t  is :L \\-nvc-train pulse that contains a number of waves of a certain 
frequency. 
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about 0.5 scc, which corresponds to a decay ronstant of 13.8 src-I. 
Psychological studies also indicate that  if a transirnt sound in a room has 
decreased to less than 0.1 of its initial value within 0.1 scc, most listeners 
are not disturbed by the "overhang" of the sound. This corresponds to 
a decay constant of 23 sec-l, 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, i t  seems reasonable to  
assume that if the decay constant for a loudspeaker is greater than four 
times this quantity, ie., greater than 92 sec-I, 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 

Equation (7.35) reveals that, the greater R M / ~ M M ,  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 t o  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 i t  a transient decay time determined from an equation 
like Eq. (7.35). In order to fulfill the criterion of Eq. (7.39)) i t  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 rcsponse 
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. 

Example 7.3. If the  circular gap in the  permanent magnet has a radial length of 
0.2 cm, a circumference of 8 cm, and a n  axial length of 1.0 cm, 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 10--6 m3 
Flux density = 1 weber/m2 

From books on magnctic devices, we find tha t  the energy stored is 

where the perme:~bility p for air is po = ST X wcber/(amp-turn r n j .  IIcnce, the 
air-gap energy is 
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Example 7.4. A 12-in. loudspcnkrr is mountcd In one ol the two l ~ r g c s t  si4c.s oi n 
closed box having the dimensions 27 hy 20 by 12 in. Detrrniinc and plot t,llr rrlntivc 
power available efficiency and the rcl:tt,ive sound prcssurc levcl on t l ~ e  principil axis. 

Solution. Typical directivity patterns for this loudspeaker are shown in l'ig. .1.23. 
The directivity index on the principal axis as a function of frequency is shown in Fig. 
4.24. I t  is interesting to note tha t  the transition frequency from low dircctivily to 
high directivity is about 500 cps. Since the effective radius of the radiating cone for 
this loudspeaker is about 0.13 m, ka a t  this transition frequency is 

or  nearly unity, a s  would be expected from our previous studies. The transition from 
region C [where we assumed tha t  w ~ M M ~ ~  >> %MR' and u2L2 << (Rp +  RE)^] to region E 
of Fig. 7.6 also occurs a t  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 . 4 ~ .  Let us assume tha t  i t  is mounted in a n  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 

where 

If we assume the constants for 13xarnple 7.2, we obtain the solid curve of Fig. 7 .15~ .  
I t  is seen that,  above f = 1000 cps, the power available efficiency drops off. 

Frequency in cycles per second 

FIG. 7.15. Graphs of thc relat,ive 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 dctcrmine the sound prcssure level on the principal axis of t,he loud- 
speaker, using Eq. (7.34). The directivity index for a piston in a long tuhe is found 
from Fig. 4.20. The rcsults are given \ ~ y  the dashed curve in Fig. 7.15. Ol)viously, 
the directivity indcx is of great valuc in maintaining thc frcqucncy response on the 
~)rincipal axis out to higher frequencies. At stilI higher frcquencics, conc resonances 
occur, as wc said I)c~forc, arid thc typical rrsponsc curve of 12ig. 7.8 is ol)t:rir~rd. 
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CHAPTER 8 

LOUDSPEAKER ENCLOSURES 

PART X I X  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  t o  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. I t  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 mill 
have to seek illformation elsewlhcrc or to decitlc for himself which sllape 
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 undcrstar~ds a-c circuit theory, the frecluency- 
response curve for his am~,lificr-loudsy1caker-\~aff1~; cao~n\,ination. J>esig;n 
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graphs are presented to simplify the calculations, and three complete 
examples are worked out in detail. linfortnnately, the calculations are 
sometimes tedious, but there is no short cut to the answer. 

As we have stated earlier, a11 cd(:ulations are based on the mks system. 
A conversion table is given in Appendix I1 that permits ready conversion 
from English units. The advantage of working with meters and kilograms 
is that all electrical quantitits 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 system1 where powers are in ergs per 
second, electrical potentials are volts X los, electrical currents are 
amperes X lo-', and impedances are ohms X lo9. 

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 
side can be understood if we consider 
that an unbaffled loudspeaker a t  low 
frequencies is the equivalent of a pair of 
simple spherical sources of equal strength 
located near each other and pulsing out 
of phase (see Fig. 8.1). The rear side of 
the diaphragm of the loudspeaker is 
equivalent to one of these sources, and 
the front side is equivalent to the other. 

If we measure, as a function of fre- 

FIG. 8.1. Dor~blet  sound source 
equivalent a t  low frequencies to  
an  unbaffled vibrating diaphragm. 
The point A is located a distance 1. 

and a t  an  angle 6 with respect to 
the axis of the loudspeaker. 

quency f ,  the magnitude of the rms 
sound pressure p a t  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 

pofZUoba 
I p / =  ,, cos 8 (8.1) 

where Uo = rms strength of each simple source in cubic meters per 
second. 

b = separation between the simple sources in meters. 
po = densitmy of air in kilograms per cubic meter (1.18 kg/m3 for 

ordinary temperature and pressure). 
T = distance in meters from the sources to the point A .  It is 

assumed that r >> b. 
e = a ~ ~ g l e  shown in Fig. 8.1. 
c = speed of sound in meters per second (313.8m/sec, normally). 

1 T I .  F. Olson, "I<letnrnts of Acoustical I.hginceringJn 2d ed., pp. 84-85, Table 4.3, 
I). \I:LII Sostrand Corrlpnny, Inc., New York, 1947. For a discussion of simple 
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In other words, for a constant-voiume veiocity of the ioudspeaker dia- 
phragm, the pressure p measured a t  a distance r is proportional to the 
square of the frequency f and to the cosine of the angle 0 and is inversely 
proportional to r .  In  terms of decibels, the sound pressure p increases a t  
the  rate of 12 db for each octave (doubling) in frequency. 

In  the case of an actual unbaffled 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 Baffle. 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. I t  was shown that if 
one is sbove the first resonance frequency usually the response is flat with 
frequency unless the B1 product is large (region C) and that if one is below 
the first resonance frequency the response decreases a t  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 baffle is a very large enclosure, 
well dampcd by absorbing material. One practical example is to mount 
the loudspeaker in one side of a closet filled with clothing, allowing the 
front sidc 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  i t  
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 a t  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 
Imffle to act approximately like an infinite baffle a t  50 cps, its smallest 
lnt,eral dimension must be about 3.5 m (11.5 ft).  However, even above 
this frequency, sound waves traveling from behind the loudspeaker reflect' 
off \\ails and mcet Ivith those from the front and cause altcrriate cancella- 
tiolls and rcillforc.c~mc~t~ts of the s o u n d  as the two waves come into phase or 

Part X I X ]  S IMI 'LE E N C 1 , O S I J R E S  2 11 

out of phase at particular frequencies i n  particular parts of the room. 
This effect can be rcdurcd by locating the loudspeaker off center in the 
baffle, but i t  cannot he 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 baffle 
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 

. Plywood 
0.7 to 1.0 inch 
thick 

-Acoustical lining 
0.5 to 1.5 inch 
thick 

FIG. 8.2. Loudspeaker of radius a FIG. 8.3. Typical plywood box with 
mounted in an  unlined box with loudspeaker mounted off center in one 
dimensions L X L X L/2.  \Vhile side and lined with a layer of soft ab- 
this type of box is convenient for sortlent acoustical material. 
analysis, thc construction shown in 
Fig. 8.3 is more commonly used. 

effect, usually undesirable, occurs a t  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 a t  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.'z2 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 ply\vood, 0.75 to 
1.0 in.  thick and braced t o  prevent rwollance. A slow air leak must be 

D. J. Plnch and I-'. 1%. Willi:~ms, Lo~~dspenker Enclosures, Audio Engineering, 36: 
120. (.July, 1'351). 
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S U M M A R Y  OF CLOSED-BOX BAFFLE DESIGN 

1. T o  determine the volume of the closed boz: 

a.  Find the  values of fa (without baffle) a n d  Cus from Par. 8.7 (pages 229 to  230). 
Approximate values may be determined from Fig. 8.5b and d. 

( b. Determine S D  from Fig. 8.50. and calculate CAS = CMSSD'. 

c. 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. 8.1 1, deter- 
mine the values of CAB/CAS and, hence, CAB. 

d. Having CAB,  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. T o  determine the response of the loudspeaker at jrequencies below the r i m  resonance 
frequency (about 500 cps): 

a.  Find the  values of M M D ,  RMS,  CMS,  B1, RE, and S D  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 M A D  = MMDISD' ,  CAS = CMSSD',  and RAS = RMsISD'. 

I c. Determine RAR,  X A R ,  M d l ,  CAB, and M A B  from Eqs. (8.4) to (8.8) 

d. If the flow resistance and volume of the  acoustical lining are known, deter- 
mine RAB from Fig. 8.8. Otherwise, neglect R,+B t o  a first approximation. 

e. Determine the actual (not the rated) ou tpu t  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 RA,  to ta l  mass M A ,  and total compliance CA 
from Eqs. (8.19) to (8.21). Determine wo a n d  Q T  from Eqs. (8.22) and (8.23). 

g. Determine the reference sound pressure a t  distance r from the loudspeaker 
by  Eq. (8.27). 

h. Determine the  ratios of the  driving frequencies at which the response in 
desired to the resonance frequency ma, t h a t  is, w / w o .  Determine the ratio of 

MA /R A 

i. Obtain the frequency response in decibels relative to the reference sound 
pressure directly from Figs. 8.12 and 8.13. 

_J 

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 a t  low frequencies is a compliance operating t o  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 t o  infinity to  zero t o  infinity, and so on. This vary- 
ing impedance causes the frequency-response curve to  have correspond- 
ing peaks and dips. 

If the box is lincd n.it,h n so~lnd-:~l)sorl)ing ~nnt~eritil, these resonances arc: 
da~nped :tnd nt high frcque~lcics the rcxr side of the diaphragm is loade(l 
with an impedance cqual to that  for the diaphragm in an infinite baffle 
radiating into free space. 

At low frequencies, where t,he diaphragm vibrates as one unit so tha t  i t  
c m  be t,reated as a rigid piston, a complete elect,ro-mechano-acoustica.l 
circuit can be drawn that  describes the behavior of t.he box-enclosed 
loudspeaker. This circuit is shown in Fig. 8.4 and \\-as developed by 
proi:edures given in Par t  X\;II. 

Some interesting facts about loudspeakers are apparent from this 
circuit. First,, t.he electrical generator (power amplifier) resistance R, 

Front side of 
Mechanical part diaphragm 

Electrical of loudspeaker radiation BOX - - r----7 f -'-\ 

(R, +RE) Si  

(&+RE) SD 

FIG. 8.4. Circuit diagram for a direct-radiator loudspeaker mounted in a closed-box 
baffle. This circuit is valid for frrquencic.~ helow about 100 cps. The volume velocity 
of the diaphragm = IT , ;  r ,  = open-circuit voltage of generator; R, = generator 
resistance; IZE = voice-coil rcssistance; B = air-gap flux density; I = length of wire 
on voice-coil winding; Su = efTrctive a r r a  of thr diaphragm; MAD = acoustic mass 
of diaphragm and voice roil; ( : A S  = total acu1lstic con~pliance of the  suspensions; 
I Z A ~  = acoustic rcsistancc in the s~~spensions;  % A R ,  ? J A R  = acoustic-radiation imped- 
ance from the  front sidc of the diaphragm; IZAB, X A B  = acoustic-loading impedance of 
the box on the rear side of the diaphragm. 

and the voice-coil resistance R E  appear in the denominator of one of the 
resistances shown. This means that  if one desires a highly damped or 
an overdamped system, i t  is possible t o  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 LRC 5rcuits. 

Values of Electrzcal-circuit Elements. All the elements shown in Fig. 
8.4 are in units that  yield acoustic impedances in mks acoustic ohms 
(newton-seconds per meter5), 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 S I ,  appearing in the c4ectrical part of the 
circuit. The q u a n t i t ~ ~ s  shown are 

e, = open-circuit voltage 111 volts of the audio amplifier driving the 
1oudspc:~kcr 



B = flux density in the air gap in nebers per square meter ( 1  weber/ 
m2 = lo4 gauss) 

I = length of the wire wound on the voice coil in meters ( I  m = 

39.37 in.) 
R, = output electrical impedance (assumed resistive) in ohms of the 

audio amplifier 
R E  = electrical resistance of the wire on the voice coil in ohms 

a = effective radius in meters of the diaphragm 
Su = s a 2  = 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 tha t  
they are transformed over t o  the acoustical part of the circuit so that  they 
yield acoustic impedances in  mks acoustic ohms. 

M A D  = M M D / S D 2  = acoustic mass of the diaphragm and voice coil 
in kilograms per meter4 

M M D  = mass of the diaphragm and voice coil in kilograms 
CAS = C M s S D 2  = acoustic compliance of the diaphragm suspen- 

sions in meters5 per newton (1 newton = lo5 dynes) 
C M s  = mechanical compliance in meters per newton 
RAS = RMs/Su2  = acoustic resistance of the suspensions in mks 

acoustic ohms 
RMS = 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. I t  is helpful, 
however, t o  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 t o  
1.4 webers/m2 depending on the cost and size of the loudspeaker. 

TABLE 8.1. Typical Values of 1, RE, and  M,rrc for Various Advertised Diameters 
of Loudspeakers 

Advertised 
diam, in. 

-~ -~ 

4- 5 
6-8 

10-12 
12 

15--16 

S o m ~ n a l  
Impedance, 

ohm3 
- 

3 2 
3 2 
3 2 
8 0 

16 0 

RE, MMC,  mass of 
ohms I voice coil, g 

Values of Iiadiation (Il'ronl-sztlo) 1 t n p c h , ~ c e .  Acoustical elements allvaYs 
give th(. Ilcwcomcr to  the ficltl of ; L ( Y ~ I I S ~ I ( ~ S  some difficulty t m m s e  they are 
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Advertised diameter in inches 

(a) 

Advertised diameter in inches 

Advertised diameter in inches 

(c) 
FIG. 8.5a. Relation between effective diameter of a loudspeaker and its advertised 
diameter. 
FIG. 8.5b. Average resonance frequencies of direct-radiator loudspeakers when 
mounted in infinite baffles vs. the advertised diameters. 
FIG. 8 .5~ .  Average mass of voice coils and diaphragms of loudspeakers as a function 
of advertised diameters. M M D  is the mass of the diaphragm including the mass of the 
voice-coil wire, and M k D  is the mass of the diaphragm excluding the mass of the 
voice-coil wire. 
FIG. 8.5d. 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. Tha t  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  i t  is able to  accept power from the loudspeaker. The  
magnitude of the front-side radiation impedance depends on whether the 
I~ox is very large so that  it approaches being an infinite baffle or whether 



the  hox has dirnr~~siolrs of lrss than about 0 (i hy 0.0 by 0.6 m (7.6 ft3), in 
\vhic.h case the behavior is quitc different. 

VERY-LARGE-SIZED BOX (APPROXIMATE INFINITE BAFFLE) 

zAR = 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/So. If the frequency is low so 
that the effective circumference of the diaphragm (2aa) is less 
than X,  that  is, ka < 1 (where k = 2n/X) %AR may be computed 
from 

o.159u2po , 
A - 0.0215$ 

C 
(8.2) 

X A R  = radiation reactance for a piston in an infinite baffle. Determine 
from the ordinate of Fig. 5.3, multiplied by 407/SD. For 
ka < 1, X A R  is given by 

and 
0 .270~0 , 0.318 M A l  = -- - --- 

a a 
(8.3b) 

MEDIUM-SIZED BOX (LESS THAN 8 FT~) 

Z A R  = approximately the radiation impedance for a piston in the end 
of a long tube. This resistance is determined from the ordinate 
of Fig. 5.7 multiplied by 407/SD. If the frequency is low so 
that  the effective circumference of the diaphragm (2aa) is less 
than X, % A R  may be computed from 

X A R  = approximately the radiation reactance for a piston in the end of 
a long tube. Determine from the ordinate of Fig. 5.7 multiplied 
by 407/S,,. For ka < 1, X A R  is given by 

and 

Closed-box (Rear-side) Impedanc~. The acoustic impedance Z A B  of a 
closed box in which the loudspeaker is mounted is a reactance X A B  in 
series with a resistanw %,,. As \ye shall see below, neither X A B  nor % A B  

is well behaved for wavelengths shorter than 8 times the smallest dimen- 
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sion of the b0s.T If the djmrnsion behind the loudspeaker is less than 
about X/4, the reactance is negative. If that dimension is greater than 
X/4, the reactance is usually positjive if there is absorbing material in the 
box so that the loading on the back side of the loudspeaker 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 ~omp1ianc.e~ 

is the acoustic compliance of the box in meterss per newton and 

is the acoustic mass in kilograms of the air load on the rear side of the dia- 
phragm due to the box; and where 

V B  = 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. T o  a first approximation, the volume of 
the speaker in meters3 equals 0.4 X the fourth power of the ad- 
vertised diameter in meters. 

-y = 1.4 for air for adiabatic compressions. 
Po = atmospheric pressure in newtons per square meter (about lo5 on 

normal days). 
aa  = dG 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 So to  the 
area L2 of the side of the box in which i t  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 X/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 i t  is unlined, the mechanical 
reactance is determined from Fig. 8.7. 

Impedance o j  Closed Box with Absorptive Lining. The type of reactance 
function shown in Fig. 8.7 is not particularly dcsirable because of the very 

t A t  1000 cps, a wavelength at 72°F is nhout 13.5 i n  ; at 500 cps ,  27 in . ;  at 2000 c,ps, 
6 8 in.: and s o  or). 
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0.01 0.04 0.1 0.4 1 .O 

(sD/L* ) 

FIG. 8.6. End-correction factor B for the reactance term of the impedance a t  the rear 
side of the loudspeaker diaphragm mounted in a box of the type shown in Fig. 8.2. 
The acoustic reactance of thc box on the diaphragm is given by X A B  = -YPO/WVB 
+ wBpo/aa.  For a noncircular diaphragm of area SD,  =a = dG. 

Square root of piston area per unit wave length (&&= ffiD,h) 
FIG. 8.7. Specific acoustic reactance of a closed box L X L X L / 2  with a diaphragm 
of area S D  a t  center of L x L face. T11c position of the first normal mode of vibration 
occurs when L / 2  = h /2 ,  that is, it occurs a t  d\/SD/k = 0.25 for L 2 / S ~  = 16; a t  0.333 
for L 2 / S ~  = 9; a t  0.5 for I ~ / S D  - 4; and a t  .\/%/A = 1 for L 2 / S ~  = 1. 
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high value that X A B  reaches a t  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 X A B  at  the first normal mode 
of vibration, an acoustical lining is placed in the box. This lining should 
be highly absorptive a t  the frequency of this mode of vibration and a t  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 35-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 

2.4, = R A B  + j X A B  (8.9) 

where X A B  is given in Eqs. (8.6) to (8.8) and 

R A M  = R,/3SM = 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 S M .  The units are mks acoustic ohms. 
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 Rf is about 100 mk. 
rayls for each inch of thickness. For dense materials likt 
P F  Fiberglas board or rockwool duct liner, the flow resistance 
may be as high as 2000 mks rayls for each inch of thickness of 
the material. For example, if the flow resistance per inch ol 
material is 500 mks rayls, the thickness 3 in., and the are: 
0.2m2, then RAM = 1500/(3)(0.2) = 2500 mks acoustic ohms 
It is assumed in writing this equatioll that the material doe: 
not occupy more than 10 per cent of the volume of the box. 

V B  = volume of the box in cubic meters including the volume of thc 
acoustical lining material. 

V M  = volume of the acoustical lining material in cubic meters. 

Graphs of Eq. (8.10) are given in Fig 8.8. 
At all frequellcws where the absorption cotffickntt of the lining is higl 

(say, greater than 0.8), the impedallce of the box presented to the bar) 
side of the dlaphrtlgrn will be the same as that presented to a piston in a1 

t Tables and graphs of absorption cocficicnts for common materials arc given il 
Chap. 10. 
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infinite baffle radiating into free space, so that  Z A B  is found from Fig. 5.3 
or Eqs. (8.2) and (8.3). 

Acoustical material may also be used t o  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 

material such as kapok or Cellufoam (foamed wood fibers), the com- 
pressions become isothermal. This means that  the speed of sound 
decreases from c = 344.8 m/sec t o  c = 202 m/sec. Reference t o  Fig. 8.7 
shows tha t  this lowers the reactance a t  low frequencies just as does an 
increasc in  hox dimension L. This also mealls that in Eq. (8.7) the value 
of r is 1 .O instead of 1.4. 
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One special type of closcd box with an absorptive lining is shown in 
Fig. 8.9.3 Here, the loudspeaker is mountcd near the end of a rectangular 
box of length I, and of cross-sectional area ap~)roximately equal to  *a2, 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 A B  (multiplied by 
Solpoc) for such a box with and without 
the wedge are given in Fig. 8.10. 

Three things of importance are ob- 
served about the impedance: (1) for a 
given volume of box, a t  low frequencies, 
the reactance X A s  is smaller than that  ,,d ,ho 
for the box of Fig. 8.2; (2) a t  high is2.5to 

- 

frequencies, the box resonances (normal FIG. 8.9. Special type of eabinct for 
minimizing the shift of resonance 

modes of vibration) are damped out so frequency of a loudspeaker mounted 
tha t  R A B  approaches poc/S~ and X A B  in a closed-box baffle. . . 

approaches zero; and (3) between these 
frequency regions [that is, 0.2 < L/X < 0.51, the reactance X A B  is 
positive. 

FIG. 8.10. Normalized specific acoustic impedance of tube of length L with absorbing 
wedge mounted in end. JVithout the  wedge, Rss = 0. 

EJect 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 

D.  A .  Dobson, "Closrd-box I ~ u d s p c a k e r  Enclosurrs," master's thesis, Electrica 
Ihginecring Department, Massachusetts Invtitutc of Technology, Cambridge, Mass. 
1951. 
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baffle, the frequency for zero reactance is 

where we have assumed that  the radiation reactance X A R  from each side 
of the diaphragm equals w M L ,  and that  ML1 = 0.27po/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 f t3 is 

. 0 . 2 ~ 0  where C A B  and M A B  are given by Eqs. (8.7) and (8.8) and M A 1  = -. 
a 

The ratio of (8.12) to (8.1 1) is equal t o  the ratio of the resonance fre- 
quency with the box to the resonance frequency with an infinite baffle. 
This ratio is 

If the loudspeaker occupies less than one-third of the area of the side of 
the box in which i t  is mounted, Eq. (8.13) is approximately 

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 Myl on the diaphragm will be exactly one-half itts 
value in an infinite baffle, that is, My,  = 0.135po/a. Hence, the ratio of 
the resonance frequency in the closed box j2 to the resonance frequency 
without baffle js is, approximately, 

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 i t  were a simple spherical source of sound. We find 
from Eq. (4.3) that the sound pressure a distance T away from such a 
source in a free field is given by 
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where jp( = magnitude of the rms sound pressure in newtons per square 
meter a t  a distance r from the loudspeaker 

1 U,I = lu,lSD = 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/m3 
for normal room conditions) 

T = distance T from the loudspeaker in meters (1 m = 3.28 ft) 
j = frequency in cycles per second 

FIG. 8.11. (a) f2/fl = ratio of the resonance frequency for a loudspeaker in a closed- 
box haffle to the resonance frequency for the same loudspeaker in an infinite baffle. 
( b )  f./fs = ratio of the resonance frequency for a loudspeaker in a closed-box baffle 
to the resonance frequency for the same loudspeaker unbaffled. 

At medium frequencies, where the diaphragm is becoming directive but 
yet is still vibrating substantially as  a rigid piston, the pressure a t  a dis- 
tance r in a free field is 

where Y ? A R  = 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) 



POC = charartcristic impcdarlce of air in mks rayls (atmut 107 mks 
rayls for 11orma1 room conditiorls) 

c = specd of sound in meters per second (about 344.8 m/sec for 
normal room conditions) 

.4t low frequencies, Eq. (8.17) reduces t o  Eq. (8.16) because0 =i 1 and 
9 t h ~  = rfZpo/~.  

I)iaphragm Volume Velocity U,. We determine the volume velocity 
L', from Fig. 8.4. 

where. from Fig. 8.4, 

The radiation mass and resistance '%AR and MA1 are generally given by 
Eqs. (8.4) and (8.5) hut 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 QT in the same manner 
as we do for electrical circuits. First, let us set 

where wo = angular resonance frequency for zero reactance. Then, 

1L A 

and 

Subs t i tu t io~~ of Eqs. (8.22) t,o (8.24) in Eq.  (8.18) yields 

When the right-hand side is so normalized that  its value is unity when 
w = wo, we have t,he equation for the universal resonance curves from 
which the exact resonance curve may be obtained without calculation 
when Q T  is 

F. E. Terman, "ILadio lSnginccrsl IIar~tfbook." pp. 136-138, ;l.lcCra\\.-IIill Book 
Company, Inc., New I'ork, 1943. 

Reference Volume Velocity and Sound Pressure. A reference diaphragm 
volume velocity is arbitrarily defined here by the equation 

This reference volume velocity is equal to the actual volume velocity 
above the resonance frequency under the special condition tha t  RA2 of 
Eq. (8.19) is small compared with w2MA2. This reference volume velocity 
is consistent with the reference power available efficiency defined in Par. 
7.8. 

The reference sound pressure a t  low frequencies, where i t  can be 
assumed that there is unity directivity factor, is found from Eqs. (8.16) 
and (8.26).t 

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 i t  here. 

Radiated Sound Pressure for ka < 1. The radiated sound pressure in 
the frequency region where the circumference of the diaphragm (2ra) 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 IU,I. 

The ratio, in decibels, of the sound pressure a t  the resonance frequency 
wo to the reference sound pressure is 

20 loglo 1 2 1 = 20 log l o  Q ,  
PC 0 

For $at response down to the lowest frequency possible, QT should 
approximately equal unity. (Note that  for critical damping Q T  = 0.5.) 

Referring back to Eq. (7.39), we find that  we suggested for satisfactory 
transient response that RM/Mnr = RA/MA > 184 sec-I. Let us see what 
this means in terms of Q T .  

t Equation (8.27) is the same as t h a t  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 compnred to radiation into half space (infinite baffle case). 
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In terms of QT the suggested criterion for satisfactory transient response 
is 

As an example, if wo = 2 ~ f o  = 2x40 = 250 radianslsec, then QT should 
be less than 1.36. This would mean that the peak in the response curve 

@/VO 
FIG. 8.12. Sound-pressure-level response of a direct-radiator loudspeaker a t  low 
frequencies. An infinite baffle or a closed-box enclosure is assumed. Zero decibel 
is referred to the reference sound pressure defined by  Eq. (8.27). QT is the same as 
QT of Eq. (8.23) and w o  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 QT'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. 

Equation (8.31) is plotted in Fig. 8.12. I t  should be remembered that  
Eqs. (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 %AR and M A 1  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 QT is not 
strictly constant because ! J A R  increases with the square of the frequency. 
In using Eq. (8.31) and Fig. 8.12, therefore, RA in QT probably ought to be 
calculated as a function of w / w o  Usually, however, the value of RA a t  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. If 
the diaphragm still vibrates as a rigid piston, we may find the ratio of 
lpl t o  lpcl by taking the ratio of Eq.  (8.17) to Eq. (8.27), using Eq. (8.25) 
for I U,( and assuming that we are above the first resonance frequency so 
that  w/wo >> wo/w. This operation yields 

where is given in (8.22) and 

*'" + R,, + 2 8 . 4 ~  (8.34) 
Ru = (R. + R,)SD 

Q = directivity index for a piston in the end of a tube (see Fig. 4.20) 

Equation (8.32) expressed in decibels becomes, 

where DI = 10 loglo Q = directivity index for a piston in the end of a 
long tube (see Fig. 4.20) 

4ifc 
10 loglo - = 35.7 db  a t  normal room conditions 

PO 

Inspection of Eq. (8.35) shows that the sound-pressure response Jpl of 
the loudspeaker relative to its reference response lpcj is a function of fre- 
quency, effective radius of the diaphragm, and the ratio RA/MA. 

For convenience in design, Eq. (8.35) is plotted in Fig. 8.13 for foul 
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 a t  frequencies where w/wo is large compared with wo/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 tht 
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 rcach the outside edges of the box simultaneously and in comhina- 
tion set up a strong diffracted wave in the listening space. T o  reduce the 
magnitude of the diffracted wave, the loudspeaker should be moved off 
center by several inches--preferably in the direction of one corner. 

Frequency in cycles per second 

FIG. 8.13. Graphs for calculating the relative frequency response in the frequency 
region where the loudspcakrr is no longer a simple sourcr, but below the frequency 
of the rlln resonance. The parameter is A f A / I Z A .  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. It is possible 

t o  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 t o  determine i f  a-c and d-c voltmeters and a 
calibrated variable-frequency oscillator are available. 
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b b ,  

During the tests, the direct-radiator loudspeaker is hung without bafle 
in an anechoic chamber, or outdoors, or in a large room tha t  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 a maxi- 
mum meter reading is obtained (see Fig. 8.14). From Fig. 7.2, we see 
tha t  maximum electrical loudspeaker impedance corresponds t o  maximum 
mechanical mobility, which in turn occurs a t  the resonance frequency 
fo  or WO. 

Measurement of RE. The electrical resistance of the voice coil is 
measured with a d-c bridge. 

frequency 
oscillator 

Loudspeaker 
FIG. 8.14. Circuit for determining the resonance frequency of a loudspeaker. The 
voltage V z  is held constant, and the oscillator frequency is varied until VI 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 i (see Fig. 8.14). Because e = Blu,, 
we may determine the shape of the velocity curve by plotting against 
frequency the quantity 

The width, Af cps, 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 Q for a constant current i is given by 

Measurement of MuD. T O  find MMD, we must determine the total mass 
of the diaphragm, including the air load, and subtract from it  theair-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 thediaphragm 
60 that  i t  does not bounce. Lead is used because it  is nonmagnetic. 



If the original resonance frequency was wo and the resonance frequency 
after addition of a mass M' kg is w',, then 

and 

where Cnrs = mechanical compliance of the suspension in meters per 
newton 

Msrl = 2.67aapo = 3.15aa = air-load mass in kilograms on the two 
sides of the diaphragm 

Simultaneous solution of (8.37) and (8.38) yields 

Determination o j  EMS. The mechanical resistance RMs of the dia- 
phragm suspension plus the air-load resistance is determined from the 
data above. From circuit theory we know that 

where %MR = 0.1886a6pO~4/~3 = (8.45 X 10-6)a6j4 mechanical air-load 
resistance in mks mechanical ohms for both sides of an unbaffled loud- 
speaker. This resistance generally can be neglected. 

Measurement of CMs 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, 

displacement (m) 
= added weight (newtons) 

The added weight is, of course, the added mass in kilograms M' times 
the acceleration due to gravity, i.e., 

Added force (weight,) = jl = M'y = 9.8M1 newtons (8.42) 

The compliance C M s  may also be determined from Eq. (8.37) if the 
massss M y D  + MM1 and the angular resonance frequency wo are known. 
In  this case the depth micrometer is not needed. 

Measurement of BL. The value of the electron~agnetic coupling con- 
stant Bl is determined by using an added mass and the depth micrometcl' 
described above or a bent piece of wire fastencd to the frame of the loud- 
speaker to mark the initial position of the diaphragm. Whcn :L mass )If' 

is added to the diaphragm, a downward displacement occurs. T o  restore 
the diaphragm to its original position, a steady force f, is needed. 

If a direct current i is passed through the voice-coil winding with the 
proper direction and magnitude, the required force f, will be produced as 
follows: 

f. = Bu (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 

f l  = fa  (8.44) 

Solution of Eqs. (8.42) and (8.43) simultaneously gives 

M'g 9.8M1 BL=--,=- 
z i 

Measurement of S D .  The effective area of the diaphragm can be 
determined only by coupling its front side to  a closed box. The volume of 
air VO 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 t meters, the manometer is read, and the 
incremental pressure p is determined. Then, 

where Po is the ambient pressure. The pressures Po and p both must be 
measured in the same units, and V O / ~  should be determined in square 
meters. 

Usually, S D  can be determined accurately enough for most calculations 
from Fig. 8.5a, that is, S D  = ra2. 

8.8. Measurement of Baffle Constants. The constants of the baffle 
may be measured after the loudspeaker constants are known. Refer t o  
Fig. 8.4. The quantities %na and XAR are determined from Eqs. (8.4) 
and (8.5). The electrical and mechanical quantities are measured 
directly. 

Measurement of XAs. Using the same procedure as for measuring wo 
in Par. 8.7, determine a new wo and solve for XAs from Fig. 8.4. 

Measurement of Rns. Using the same procedure as for measuring Q 
in Par. 8.7, determine a new Q and solve for Rne from 



 here MAD = MMD/SD2; MA1 is given by Eq. (8.5), and 

R M S  + X M R  
RAs + ' 3 ~ n  = So" 

Example 8.1. Direct-radiator Loudspeaker in Infinite Baffle. Determine QT and 
linrs 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 
effective area S o  = 0.0214 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 a t  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  QT 6. We also observe that  oo = 565 radianslsec. 

From Fig. 8 . 5 ~  we find that M M ~  0.0042 kg and 

The loudspeaker 

IIence, 

From Eq. (8.23) 

The radiation 
/see Eq. (8.211 

was in an infinite baffle so that,  from Eq. (8.3), 

2 M ~ l  = 
(2) (0.27) (1.18) = 7.25 

0.088 

we have 

= 1346 mks acoustic ohms 

rrsistanre 2%,4~ a t  w O  = 565 radianslsec (fo = 90 cps) should equal 

2%AR = (2)(0.0215)(90)2 = 348 mks acoustic ohms 

The damping contributed by the suspension a t  the resonance frequency is 

B21Z 
RAs = RA - ~ % A R  - 

(R, + RE)SD' 

From Table 8.1, RE was approximately 3 ohms. The loudspeaker was operated from 
an amplifier with an output resistance of 12 ohms, and B1 was approximately 2.5 
webers/m. So 

B212 - 25 = 700 rnks acoustic ohms 
(R, + I L E ) S U ~  (151(0.0214)~ 

Hence, 
RAs = 1:346 -- 348 - 700 = 298 mks acoustic ohms 

I t  is interesting to ohserve that QT is a function of frequency because RA equals 

For example, QT at  300 CPS equals 
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Ilefc.rc~nc:c to Fig. 8.12 shows that thc rcsponsc :it :300 rps essentially is t , l ~ ( ,  salnc. For 
QT = 1.62 as for its valuc of G a t  90 cps. 

Example 8.2. Wide-frequency-range Loudspeaker. A loudspeaker ticsigned to 
be operated without a tweeter unit has a non~inal di:lnlrtrr of 12 in. and the physical 
constants given below: 

a = 13 cm (effective radius) 
CMS = 2 X lo-' mlnewton 

M y o  = 12 g 
R, = 2 ohms 
RE = 8 ohms 

B = 1 weber/mz 
I =  l o r n  

RMS = I newton-sec/m 
SD = *a" 0.053 mz 

Su2 = 0.00281 m4 

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 f t  
= 3 fta is used. 

b.  Determine the height of the resonance peak, assuming RAB = 0. 
c. 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), 

The resonance frequency for the speaker in an infinite baffle is found from Eq. (8.11). 

- - 10" 
70 cps 

6.28 40.0516 
b rom Eq. (8.7) we find the formula for CAB. 

-' 6.06 X 10-T m6/newton 
The ratio of CA8 to CAB is 

Glr - 5.62 X 
= o,93 - -- 

( :AB 6.06 X lo-' 

From Fig. 8.11 we find thr ratio of the resonance frequency with a closed-box baffle to 
tho resonance frequency in an infinite baffle. 



That  is to say, the new resonance frequency is 48 per cent higher; SO 

b. The height of the resonance peak is to be found from Eqs. (8.23) and (8.29). The 
t o t d  resistance RM is given by Eq. (8.19) for low frequencies. Using Eq. (8.4) and 
f o  = 103.5 cps, we determine the radiation resistance a t  the resonance frequency. 

%AR = 0.01076f2 = (0.01076)(103.5)2 = 115 mks acoustic ohms 
R M S  1 RAS = - = - = 356 mks acoustic ohms 
SoP 0.00281 

So 

lo\ 356 + 115 = 4030 mks acoustic ohms 
R A  = (10)(0.00281) 

The value of M A  is given by Eq. (8.20). From Eq. (8.5), 

From Eq. (829, 

The resonance peak lies about 3 db above the reference pressure level. Because 
QT 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. 

c. For only a 10 per cent shift in resonance frequency, j2 = 70 X 1.1 = 77 cps. 
From Eq. (8.14) we find that  

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 

From Fig. 8.10 we see that  for this kind of baffle a vertical length is required of 

L = 0.2A = 0'2 344.8 = 0.9 m, or 35 in. 
77 

If the lZ-in.-wide loudspeaker is to fit into a cross-sectional area of 0.053 ml, 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. 

d. The height of the resonance peak is found from Q T .  To determine QT, we need 
R A  and X A .  

R A  = 4030 + RAB 
We find RAB from Fig. 8.10. 

= 1935 mks acoustic ohms 
which gives us 

R ,  = 4030 + 1935 = 6000 mks acoustic ohms 

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 t o  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 baffle, 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 I8  in.)(1.639 X = 0.31 ma. 

The other constants were determined by the procedures of Par. 8.7. 

RE = 5.5 ohms 
CMS = 2.82 X 10-4 m/newton 

a = 0.16 m 
S D  = 8.03 X 10-2 m2 

So2 = 6.45 X lopa m4 
R M S  = 2.3 mks mechanical ohms 

M M D  = 0.045 kg 
j o  = 39 cps 
w o  = 247 radians/sec 
Bl = 25 webers/m 

The volume of the box occupied by the loudspeaker was about 0.01 ma, so that 

From these quantities we determine the sizes of the elements in Fig. 8.4. 

GAS = CYSSD' = 1.82 X m6/newton 
RMS R A S  = -- = 356 mks acoustic ohms 
S D ~  
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A 3-in.-thick sound-absorbing blank<% with a flow resistance of 2000 n ~ k s  rayls/in. 
sf thickness is placed on the 18- by 35-in. wall of the box to rrducc the  cffects of stand- 
ing waves a t  higher frequencies. This material yields a \.slue of RAE t ha t  varies 
between the values given by Eq.  (8.10) a t  low frequencies to % A R  for a n  infinite baffle 
a t  500 cps. If the amplifier resistance is small, RAB may be neglected a t  low 
frequencies. 

Values of RAE,  calculated from Eq.  (8.10) a t  low frequencies and estimated a t  higher 
frequencies, are shown in Table 8.2. At very low frequencies, for example, 40 cps, the  
plywood box absorbs sound because of t he  frictional losses in the wood as i t  vibrates. 

D E T E R M I N A T I O N  OF &I.. 

Values of QT, MA/RA (for f > 150 cps), and w/wo are tabulated in Table 8.3. Also 
shown in Table 8.3 are thc values of t he  directivity index as determined f rom Fig. 4.20 
for a piston in a long tube. TABLE 8.2. Determinat ion of RA 

R, = 3 ohms R, = 130 ohms TABLE 8.3. Determinat ion of MA, QT, and M A / R A  
I 

f . . . . . .  

- 
t For kn < 1, % A R  = 0.01076.P. 

3 
-- - -- 

130 

w/wo. .  . . . . 

DI, d b . .  . . 

For exan~ple,  a t  40 cps, the  box might be  expected to  absorb one-half a s  much energy 
per square foot of area a s  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 t he  losses in the wood except a t  t he  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 B A R  and M A ,  (see Fig. 8.4) are  found from Fig. 5.7 or, for ka < 1. 
Eqs. (8.4) and (8.5). 

The quantity MALI for ka < 1 is found from Eq.  (8.8) and Fig. 8.6. For our box, 
the  quantity SD/LZ = 0.0803/0.618 = 0.118. From Fig. 8.6, we see t h a t  B = 0.788. 
The  value of M A B  for ka > 1 is equal t o  0.92po~/SDw times the ordinate of Fig. 5.3. 

DETERMINATION OF R A ,  M A ,  A N D  CA.  These quantities are given b y  Eqs. (8.19) to 
(8.21). For this example, calculated values of RA and MA are given in Tables 8.2 
and 8.3, respectively. CA is found a s  follows: 

CALCULATION OF FREQUENCY-RESPONSE CURVE. The data of Table 8.3 permit the calculation 
of the relativesound-pressure-level responsecurve fora 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 
cps and 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 BI by a factor of 0.5. R,  = 130 ohms is equivalent to changing BI 
by a factor of 5. 

0.27 
-- - 

2 5 
- 

0.4-3.0 

0-0.9 

Each curve has its own reference pressure. However, to show the  effect on thc 
relative level of the response curve (for constant e,) as the amplifier impedance R, was 
varied, the  reference pressures (in decibels) are shifted relative to each other by 

R + R  (Refercnce 1 minus reference 2) = 20 log,,, LE 
R,I + RE 

If the power-available-rfhicncy response (PAE) is desired, subtract t he  directivity 
index (DI) of T h l c  8.2 from the calculated response curves of Fig. 8.13. This gives 
the  sl~unc of the I'.41,;db C I I ~ V C .  

8 . 2  X lo-' 

5 . 7  X 10-34 

DETERMINATION o r  w 0  W I T H  BOX. The  value of wo with the closed-box enclosure is, 
from Table 8,2 and C A  given abovc, 

7 . 6  X lo-' 

X l O P 2  

8 X  lo-' 
-- 

6 X 10-33.6  

7 x 1 0 - '  

4 . 0  

6 x 1 0 - 4  

8 . 0  

5 X 1 . 6  X 10-3 
P 

5 . 0 10.0  

1 . 4  

6 . 0  

1 . 9  2 .4  3 . 4  4 . 6  



MEASURED FREQUENCY-RESPONSE CURVE. Thc frequency-response curvc 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 a t  a distance of 7 f t  on the 
principal axis of the loudspeaker. To be in the far-field of the loudspeaker a distance 

". 

Frequency in cycles per second 
FIG. 8 . 1 5 ~  and b. Graphs of the on-axis sound pressure level produced by a low-fre- 
qucncy direct-radiator loudspeaker below the frequency of rim resonance. The 
dashed curves are calculated. Solid curves with points are measured. Graphs are 
plotted relative to the reference pressure for R, = 3 ohms. Differences between 
ca!%lations and data a t  frequencies above 100 cps are due to cone resonances. The 

rim resonance e-curs a t  about 500 cps. 

greater than 7 f t  would have been desirable, but  the small size of the available anechoic 
chamber prevented this. The data for R, = 3, 14, 30, and 130 ohms with a constant 
value of the open-circuit amplifier voltage e, are also shown by the circlcs and solid 
line in Fig. 8.15. 

The agreement between theory and experiment a t  frcquencics below 100 cps is 
excellent, which indicates that  t h t  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 15411. 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 t o  tha t  for a 15-in. Piston in a Long Tube. Comparison of the D I  
Differences is Also Made with the  Differences between the Curves of Fig. 8.15 

1 4 

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 sirnilar 
difference between measured and calculated curves was also found for the &in. loud- 
speaker of Fig. 7.8. 

f 

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-rejlex Enclosures 

Directivity index, db 

Loudspeaker I Piston 

8.9. General Description. The bass-reflex enclosure is a closed box in 
which an opening, usually called the port, has been made.5-8 The area of 
the port is commonly made equal to or smaller than the effective area of 

A. L. Thuras, "Sound Translating Device," US.  Patent No. 1,869,178, July, 1937 
(filed 1930). 
' H. F. Olson, "Elements of Acoustical Engineering," 2d ed., pp. 154-156, D. Van 

Nostrand Company, h e . ,  New York, 1947. 
D.  J .  Plach and P. B. Williams, Loudspeaker Enclosures, Audio Engineering, 36: 

12ff. (July, 1951). 
J. J. Baruch and H. C. Lang, "Some Vented Enclosures for Loudspeakerr " 

unpublished rcport of Acoustics Laboratory, Massachusetts Institute of Technology, 
Cambridge, Mass., January, 1953. 

Differences in D I  
db 

Differences from 
Fig. 8.15, db 
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t,he diaphragm of the driving unit,. A common constructio~~ 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, a t  low frequencies, equivalent to a short length of 

Box with compliance 
CAB and mass MAB 
Diaphragm 

Port Area = SD 

Area = SD 
\ ~ u b e  of length Ifwith mass 

MA, and resistance RAP 
FIG. 8.16. Bass-reflex baffle. The port has an area S,, and the diaphragm has an 
area SD. The inner end correction for the tube is included in the magnitude of MAP. 

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  lca < 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 radiatidn 

--r--7 

UE ., ,. a - - 
FIG. 8.17. Analogous acoustical circuit for a loudspeaker box with a port. The v01- 
ume velocity of the diaphragm is U,, that  of the port is U p ,  and that  of the box is Ue 

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 
CAB and RAs The mass loading on the back side of the diaphragm is 
MAB. The mass and resistance of the air in the port tha t  penetrates the 
side of the box, including the inner end correction, are MAP and RAP, 
respectively. Finally, the series radiation mass and resistance from the 
front side of the port are, respectively, A B A 2  and %A.q2. The  values of 
these qu:tntitics are MAIl as in Eq. (8.8); RA" asin Eq. (8.10); CAB asin Eq. 
(8.7) ; n i r z  as ill ~ q .  (8.5), t,ut wit,h az  insteaci of a, that is, MA:! = 0.231~2; 
%AR2 as in E q .  (8.4) ; and 

MA,, = ( t  + O.Ga?)p0/*a2~ = acoustic mass of the air in t he  port i l l  

kilograms per meter4. This quantity includes thc inller 
correction. 

RAP = 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/m3). 

a,  = effective radius in meters of the port in the vented enclosure. 
If the port is not circular, then let a2 = GA, where S ,  is 
the effective area of the opening in square meters. 

S ,  = r azz  = 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. 

I n  case the port is comprised of a number of identical sma2l 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 MA2 and %AR2 are 

MA = (t + 1.7a3)pO/(~a32) kg/m4 [see Eq. (5.57)] 
RA = acoustic resistance of each opening in mks acoustic ohms [see 

Eq. (5.56)] 
a3 = effect,ive radius of each opening in meters 

The total acoustic mass and resistance for the N identical openings are 

MA2 + MAP = MAIN kg/m4 
Y 2 A R 2  + RAP = RAIN mks acoustic ohms 

The directivity factor for a group of holes is about equal t o  t ha t  for a 
piston with an  area equal t o  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 radiat~on Box rad~at~on Port 

B',* n - 1  /--n-7 - /-----T l-7 

e, BI 

FIG. 8.18. Complete electro-mechano-acoustical circuit for a bass-reflex loudspeaker. 
The total force produced a t  the voice coil by the clectric current is p,So, where So is 
the area of the diaphragm. The volume velocity of the diaphragm is lJ,, and that  
of the port is l ip.  The box is assumed to be unlined. If the box is lined with a sound- 
absorbing rnatcrial, a resistance must be inserted in series with MAE. Note that 
MAP 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 
is 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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S U M M A R Y  OF BASS-REFLEX DESIGN 

1. T o  determine the volume of the boz  and the t y p e  of port to go in  i t :  
a.  Find the values of M M D ,  CMs ,  and S D  from Par. 8.7 (pages 228 to 231).  

Approximate values may be obtained from Fig. 8.5.  
b. Determine M A D  = MMD/SDP and CAS = CMSSD'. 
c .  Select the volume of baffle box you desire, making it reasonably large, if possi- 

ble. Calculate CAB from Eq. (8 .7) .  
d .  Determine MAB from Eq. (8 .8 ) ,  and compute MA1 = 0.23/a,  where a is the 

2ffective radius of the diaphragm in meters. 
e .  Determine M A  from Eq. (8 .51) ,  and calculate MAT = MACASICAB. The 

¶uantity M A T  is the acoustic mass of the port. It is composed of two parts  MA^ 
and M A P .  

f.  Decide on the area of the port. Usually the area is between 0.5 and 1.0 
tirncs So. Calculate MA' = 0.23/a2,  where a2 is the effective radius of the port in 
meters. If the port is not round, a ,  = dmT, where S ,  is the port area in square 
meters. Subtract MA' from M A T  to get MAP.  

g. Determine the length t of the tube that  goes into the port from 

t = 0 . 8 5 M ~ p S p  - 0.6a2 

h .  Study Pars. 8.16 and 8.17 (pages 252 to 254) for construction, adjustment, 
and performance. 
2. T o  determine the response of the loudspeaker a t  frequencies below the r i m  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 a t  distance r from Eq. (8.64).  
c. Determine the values of Q,, Q.M, and Q2 from Eqs. (8.56) to (8.59) and the 

ratio CAS/CAB.  
d. Determine the sound-pressure response in decibels relative to the reference 

sound pressure a t  the three critical frequencies from Figs. 8.22 to 8.24. The valua 

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/m2 = lo4 gauss). 
I = length in meters of voice-coil wire. 

R, = output electrical resistance in ohms of the audio amplifier. 
R E  = electrical resistance in ohms of the voice coil. 

a = effective radius of the diaphragm in meters. 
MA,)  = M M D / S D 2  = acoustic mass of the diaphragm and the voice 

coil in kilograms per meter4. 
CAs = CMsSDZ = acoustic compliance of the diaphragm suspension 

in meters5 per newton. 
RAs = R,us /Su2  = acoustic resistance of the diaphragm suspension 

in mks acoustic. ohms. 
MA , = acoustic-radiation mass for the front side of the loudspeaker dia- 

phragm = 0.195p,,/a kg/m4. Note that we assume the loud- 
speaker unit is equivalent to a piston in the end of a tube. 

%nxl = 0.0107Gf2 = 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  Up, 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 into the upper opening a t  all instants. In other words, a t  
very low frequencies, the volume velocities a t  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 a t  fairly low frequencies. At those frequencies 
its dimensions are generally so small i t  can be treated as though i t  were a 
simple source. The loudspeaker diaphragm can also be treated as a 
simple source because its area is often nearly the same as tha t  of the 
opening. 

Referring to Eq. (4.3), we find that  the sound pressure a distance r away 
from the bass-reflex loudspeaker is 

where p ,  and p2 = complex rms sound pressures, respectively, from the 
diaphragm and the port a t  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. 

rl and rz = actual distances, respectively, of the point of obser- 
vation from the diaphragm and the port. 

U ,  = complex rms volume velocity of the diaphragm. 
T T ,  = complex rms volume velocity of the port. Note that  

the negative sign is used for lip because, except for 
phase shift introduced by R A E  and CAB, 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 

U e  = U ,  - U p  (8.48) 

If we now let rl = rz = r by confining our attention to a particular 
point in space in front of the loudspeaker where this is true, we get 

where # is a phasc nnglc equal to kr - ~ / 2  radians. 



Since U ,  - U p  = Zi", we have simply that 

Amazing as it seems, the sound pressure produced a t  faraway points equi- 
distant from cone and port of a bass-reflex loudspeaker is directly propor- 
tional t o  the volume velocity necessary t o  compress and expand the air 
inside the box! 

At very low frequencies, where the reactance of C A B  is very high, 
U,  becomes nearly equal t o  U p  and the pressure, measured a t  points 
r = T I  = rz approaches zero. I n  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, 

I ,. I I 
4 - 
2 

FIG. 8.19. Simplification of the circuit of Fig. 8.18. The generator pressure po equals 
e,f3l/(R, + RE)SD. 

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: 

The resonance frequency of the vented enclosure (wo = I I ~ C A B M A T )  
may or may not be set equal t o  that  for the loudspeaker itself. As is 
common practice, ;et t,Le resonance frequencies of the enclosure and the 
loudspeaker equal wo, that is, let 
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At the angular frequency 00, the impedance of the enclosure becomes 
very large, and nearly all the radiation takes place from the port. I n  
other words, U ,  approaches zero, and U p  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: 

The total impedance Z A  looking to the right of the terminals 1 and 2 
in Fig. 8.19 equals 

For zero reactance we find that  

Also, we shall need UB in terms of U,. 

I t  is difficult to handle these equations if Q z  is small. There is no 
advantage, furthermore, to a bass-reflex box over a closed box if Q2 is 
small. If R A T  is large, the box becomes the same as though i t  were 
tightly closed. If R A B  is large, then U B  is small and i t  would be better to 
use a closed-box baffle. We shall limit our studies to Q2 greater than 2.5.  
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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, Q2 equals 
either QM or Q c .  

Under these conditions there are generally three frequencies wL, wM, and 
U, a t  which the reactance to the right of terminals 1 and 2 becomes zero 
for given values of Qz and CAS/CAB. One of these frequencies, w ~ ,  is near 
the resonance frequency wo. Another frequency, wH, occurs a t  a value 
greater than wo. The third frequency, wL, occurs a t  a value less than wo. 

The upper and lower resonance frequencies are found from Eq. (8.61) 
as  follows: Set Q, = m and Q2 = QM. Then, wo/wL and w ~ / w o  are 
determined. The results are plotted in Figs. 8.20 and 8.21, respectively. 
Next, set QM = 00 and Q2 = Q,. Then, wo/wL and wH/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, = .o and the 
upper resonance frequency for QM = to. Figure 8.21 gives the upper 
resonance frequency for Q, = 00 and the lower resonance frequency for 
Qw = 0 0 .  

If the value of Q2 is greater than about 10, the two resonance fre- 
quencies, wl, and W H ,  are symmetrically located on either side of wo for a 
given value of CAsICAB. That  is to say, oo/wL A wH/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 Q2 = 

and if the angular resonance frequencies of the two parts of the circuit 
are wl  and w2, we find that,  for zero reactance to the right of terminals 
1 and 2 of Fig. 8.18, 

where wo is the geometric-mean angular frequency equal to 1/G2 and 
w1 = Gwo, w2 = wo/G, and wl,/wo = K = wo/wr.. Note that this equation 
is symmetrical about wo just as  Eq. (8.61) is for Q2 = w .  

8.14. Reference Sound Pressure. The concept of reference sound 
pressure has been discussed in Part  XIX and here is expressed as follows: 

By way of review, pc is the sound pressure that would be produced a t  r 
if the frequency were above the critical frequency w H  and if the loud- 
speaker were nondirectional. 

8.16. Radiated Sound Pressure a t  the Critical Frequencies. We 
expect that there are important fluctuations in the response curves a t  the 
three critical frequencies wH, IAM, and WL. At mu A wo, the radiation 
occurs principally from the port,, and the radiated pressure there depends 
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uo/q for QC = w 
wJw, for Q, = oa 

7 - 
FIG. 8.20. Value of two of the zero-reactance frequencies of a bass-reflex loudspeaker 
system as a function of CAS/CAB = MAT/MAS with Q2 as the parameter. wo is the 
resonance frequency of either the series or parallel branch of Fig. 8.19. The  region 
to the right of the dashed line A gives wo/wz for QC = m or wH/wg for QM = a. The 
near-vertical lines a t  the left of the dashed line A give wM/wo for QM = C=Y or wo/oM 
for QC = m. 

wH/q, for Q, = - 
w o / ~  for QM= , - - -  

FIG. 8.21. Value of one of the zero-reactance frequencies of a bass-reflex loudspeaker 
system as a function of CAS/CAB = MATIMAS with Q2 as the parameter. wo is the 
rcsonancc frcqucncy of either the series or the parallel branch of Fig. 8.19. 
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both on Q ,  and Q2. Regardless of the values of ( J 2  aud CAsICAn, thc 
upper frequency for zero reactance, wH, is about the same as though t.he 
port were closed off. This can be seen by comparing the curve of Fig. 8 . 2 1  
marked Q2 = 2 with the curve for Q2 = a. If wH/wo A 1  is small, the 

( c )  81 ( d )  
FIG. 8.22. Relativc response a t  the  lower critical frcquency, W L  for RAE - 0 as a func- 
tion of QM 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 baffle. This condition 
requires a large box (large CAB) which obviously approaches being an 
infinite baffle. 

For R A E  A 0 (Q, f m), No i l co~~s t i ca l  Afatcrial in Box. We find the 
magnitude of the ratio of the rms sound prcssure t,o the reference pressure 

at  the three frequencies, w,,, w , ~ ,  and W I I ,  from Eqs. ( 8 . 5 0 ) ,  (8 .G2) ,  and 
(8 .64)  and by solviug for l i ,  from Fig. 8 .19  with the aid of Eq. ( 8 . 6 0 ) .  

FOR w = wL. The pressure ratio a t  the lowest critical frequency is 

L 1 t 
Q M ~ ( W ~ , ~ / W O ~  - 1 ) I  

Plots of this equation, in decibels, are given in Fig. 8 . 2 2  for four values of 
WOIWL. 
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( c )  8% (d l  
FIG. 8.23. Relative response a t  the middle critical frequency, W M  = wo for = II 
as a function of QM and Q, .  Box unlined. 

FOR w = W M  A wo. The pressure ratio a t  the middle critical frequellcy 
is 

Plots of this equation, in decibels, are given in Fig. 8 .23  for four value? of 
( : * S / ~ A B .  

FOR w = w,. The ratio a t  the highest critical frequency is, 

This equation, in deritwls, is plotted 111 I'lg 8 21 for four values of we/wo.  
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For RAT 0 (QM A m), Acoustical Material i n  Box. 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, = a. 

PIG. 8.24. Relative response at the upper critical frequency, W H  for RAB 0 as a 
function of QM and Q,. Box unlined. 

FOR w = WL. The pressure ratio a t  the lowest critical freque~lcy is 
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This equation, in decibels, is plotted in Fig. 8.25 for four values of 
W O / W ' .  

FOR w = w M  A a,. The pressure ratio a t  the middle critical frequency 
is 

This equation, in decibels, is plotted in Fig. 8.26 for four values of 

. . 
FIG. 8.25. Rrlative response a t  the lower rriticnl frequency, or, for R*T - 0 a$ P 

function of Q, and (7,. BOX lined. 



won w = w w .  Thc prcshllrc ratio at the highest crit~cal frequency is 

This equation, in decibels, is plotted in Fig. 8.27 for four values of 
i OIf,'WO. 
8.16. Performance. With t,he formulas and charts just given, i t  is 

possible t o  calculate the response of the loudspeaker in a bass-reflex 

(c) 81 ( d l  
FIG. 8.26. Relative response a t  the middle critical frequency, w~ ma for RAT A 0 
as a function of Q, and Q,. Box lined. 

enclosure a t  the t,hree critical frequencies. A complete example is given 
in Par.  8.18. 

From Fig. 8.19, we see that  for frequencies below wo, radiation from the 
port (proportional t o  - U p )  is out of phase with the radiation from the 
diaphragm (proportional t o  U,). As a result, the response a t  very low 
frequencies is usually not  enhanced by the  addition of the port. Above 
the resorlance frequency wo, radiation from the port is in phase with that  
from the diaphragm, with a resulting enhancement over the closed-baffle 
response. The  amount of the increase in response generally averages 
about 5 d b  over a frequency range of one t o  two octaves. 

An important reason for using a bass-reflex enclosure is that  the loud- 
speaker produces less distortion a t  frequencies between wo and 2wo for a 
given acso~~st ic  power radiated than would be the case if the box were 
closed. 'Tl~c :~ssumption on which this statement is made is that  the 

mo(ior1 of the air in the port is distortionlcss even though the ampl~tude 
of vil)r>rt ion is large. Thls is true generally because there is no suspension 

A or magnetic circuit in the port in which nonlinear effects can occur. 

FIG. 8.27. Ttelativc response a t  the upper critical frequency, w~ for RAT A 0 as  a 
function of Q, and Q1. 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 fre(1uenc.y as possible and to achieve 
the widest possible frequency range of enhancement. 



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, i t  is 
best to tune the port exactly to the loudspeaker resonance. 

For a very large enclosure, i t  is permissible to tune the port t o  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 t o  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 critical frequencies w~ and w x  are observed as 
peaks in the voltmeter reading. These should occur a t  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, 
wo = 1/2/MAC,S. 

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. ,  
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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 i t  
will radiate the same amount of power regardless of its size for a given 
volume velocity. Arbitrarily, let us select the area S p  to be a little more 
than one-half of the area of the diaphragm, say, 

S p  = 0.055 m2 

Calculate the acoustic mass a t  the outer end of the port. 

The remaining mass of the port is 

So t, the length of the tube behind the port, is 

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). 

= 6 (0.12) mks acoustic ohms 

T o  get an average value of RAP, let us take w = wo. 

RAP = a (0.12) 1.82 mks acoustic ohms 

The resistance from the front side of the port is 

Let %ARI and %AR2 equal their value a t  w = wo, that is, fo = 36.8. Then, 

%AR~ = %AR~ = (0.0107)(1355) = 14.5 mks acoustic ohms 

Finally, 

RAT = RAP $ %AR2 16.3 mks acoustic ohms 



and, for later use, 

9.7 
lo' + 356 + 15 mks acoustic ohms 

R A 1  = R. + 5.5 

This value of Q is very high. Let us see whether or not Q, is smaller. 
The box contained one 18- by 35- by 3-in. piece of P F  Fiberglas board 
\\.ith a flow resistance of about 2000 mks raylsjin., or GOO0 mks rayls for 
3 in. Hence, from Par. 8.9, 

- - 4920 = 90 mks acoustic ohms 
5.9 + 49 

Qc = 
lo6 

(90) (231)(2.14) 
A 22 

and 

Hence, we may assume that Q2 A Q,. 

FIG. 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 
pe is that  sound pressure which would exist a t  the entrance to the port if the port 
were blocked off so that  U p  were zero. The magnitude of the volume velocity U p  
equals IPSICABW It is assumed that  RAB << I/wCAB. 

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 Uc = 0, then - U p  = U B .  Placing a microphone inside the box 
measures the sound-pressure drop pa across the compliance CAB. A plot 
is then made as a funct,ion of frequency of the product of this sound pres- 
sure and the frequency of the oscillator. This plot is proportional t o  the 
volume velocity U p .  Then, Q2 is found by dividing the frequency (cycles 
per second) for the peak of the curve by the width of the curve (cycles per 
second) a t  the points where the volume velocity is 0.707 of its peak value. 
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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 cps 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 tha t  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 R A B  would be 

R A B  1 330 mks acoustic ohms 
Hencc, 

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 

W M  wo = 231 radians/sec 
f o  = 36.8 cps 

W H  = 1 . 5 5 ~ ~  = 358 radians/sec 
f, = 57.0 cps 

To determine the relative sound-pressure response a t  the three critical 
frequencies, we use Figs. 8.25 to 8.27. First, we shall determine Q 1  a t  
these three frequencies for the four values of amplifier resistance R,, 
namely, 3, 14, 30, and 130 ohms. 

The values of RA1 and Q1 are given in Table 8.5. 

TABLE 8.5. Values of RA1 and QI vs. Amplifier Resistance 

130 

1 . 0 9  X 10' 

2 . 2  

R,, ohms. . . . . . . . 
- -- 

RAI  
- 

& 1 

14 

5 . 3  X lo0 
- 

0 . 4 5  

3 

1.18 X lo' 

0 20 

30 

3 . 1  X 10' 

0 .77  
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We obtain the values of the sound-pressure-level response relative to 
the reference sound-pressure-level response a t  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 CHAPTER 9 

HORN LOUDSPEAKERS 

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 a t  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. I t  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. 

PART X X I  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 a t  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, i t  should 
be mentioned again that the radiating efficiency of a direct-radiator loud- 
speaker can be increased a t  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 direcLradiator 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 a t  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 conditiocs of vibration of a loudspeaker 
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cone arc c,omplcx, so that normal variations in the uniformity of cones 
result in substantial differences in the phases of t h e  radiated signals of 
differcnt cones a t  htgh frequencies. A very irregular and unprcd~ctable 
response curve and directivity pattern rcsult. 

This problem does not arise with a horn where only a single driving unit 
is employed. When two or more driving units are used t o  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 directrradiator 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. I n  this paragraph 

Mouth of 
the horn 

FIG. 9.1. Cross section of a typical horn loudspeaker with an exponential cross scction. 
For this dcsign, the radius of the throat is 0.2, thc radius of the mouth 3.4, and thc 
length 5.0 (arbitrary units). 

we restrict ourselves to that  part of the frequency range where the com- 
plex mechanical impedance Z M T  looking into the throat of a horn is a pure 
resistance, 

1 
Z M T  = - = P o ~ S T  mks mechanical ohms 

Z M T  
(9.1) 

where po = density of air in kilograms per cubic meter 
c = velocity of sound in meters per second 

poc = 406 mks ohms a t  22OC and lo5 newtons/m2 ambient pressure 
S T  = area of the throat in square meters 

Z M T  = 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 

' An nutlroritativc discussion of horn loudsprakcrs is found in 11. F. Olson, "1Sle- 
m m t s  of .4c:o11stic::il 1Sr1gir1wring," 2d ed., Cliap. V I I ,  11. Van Nostr:trrd Cornp~ny,  
Inc . ,  K c w  \.ark, 1!)17. 
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a total mass M M , , ,  3 mechanical compliance C,,, and a mechanical 
resistance R M s  = l / r ,ws .  The quantity rhrs is 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 
C,, 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 
Rnrs = l / r M B  with a magnitude also 
equal to that given in Eq. (9.1). This 
resistance combines with the mechan- 
ical radiation resist,ance of the throat, 
and the diaphragm must develop 
power both to its front and its back. 
Obviously, any power developed be- 
hind the diaphragm is wasted, and a t  
high frequencies this sometimes be- 
comes as much as one-half of the total 
generated acoustic power. 

In front of the diaphragm there is 
s n  air space with compliance Chfl. At 
low frequencies the air in this space 
behaves like an incompressible fluid, 
that  is, wCvl is small, and all the air 
displaced by the diaphragm passes into 
the throat of the horn. At high fre- 
quencies the mechanical reactance of 
this air space becomes sufficiently low 
(i.e., the air becomes compressible) so 
that  all the air displaced by the dia- 
phragm does not pass into the throat 
of the horn. 

Phase correction plug 

Em 
coil 

1 screen-) Lcover plate 
Magnetic case ~Woo l r8  filling 

(a) 

Pole piece 
Voice coil Sound;cmber 

Top plate \ 

~ a g n e t ]  I ~agn'et ic case 

Throat 

( b )  
FIG. 9.2. Cross section of two typical 
horn driving units. The  diaphragm 
couples to the throat of the horn 
through a small cavity with a mechan- 
ical compliance C M I .  

The voice coil has an electrical resistance RE and inductance L. As 
stated above, z M T  is the mechanical mobility a t  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 e ,  and R,. The electric current is i; the linear velocity of 
the voice coil and diaphragm is u,; the linear velocity of the air a t  thc 
throat of the horn js u r ;  and the force a t  the throat of the horn is f T  11s 
before, the area of the diaphragm is S n ,  and that of the throat is ST. 
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9.3. Reference Power Available Eficiency. In the middle-frequency 
range many approximations usually can be made to simplify the analogous 
circuit of Fig. 0.3. Because the driving unit is very small, the mass of 
the diaphragm and the voice coil MMD is very small. This in turn usually 
means that the compliance of the suspension CMs is large in order to keep 
the resonance frequency low. Also, the responsiveness of the suspension 
TMS usually is large, and the reactance wCMI is small. Hence, in this freo 

FIG. 9.3. Electro-mechano-acoustical analogous circuit of the mobility type for the 
driving unit, assuming that  the mechanical impedance a t  the horn throat is ~OCST, 
that  is, the mechanical mobility is ZMT = 1/pocST. 

eg$-z-rzl;'i rMT Et212 

r, B212 

( b )  
FIG. 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 . 4 ~ ~  where 
the responsiveness behind the diaphragm is 

1 
r M ~  = - mks mechanical mohms 

POCSD (9.2) 

With the area-changing and electromechanical transformers removed, 
we get Fig. 9.4b, where the radiation responsiveness a t  the throat is 

mks mechanical mohms 

As before, ST is the area of the throat and So 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 res~onsiveness of the horn r ~ , . .  Also. Tnrv usuallv is smaller than 

Part XXI] H O R N  D R I V I N G  U N I T S  263 

rnrB so that most of the power supplied by the diaphragm goes into the 
horn. 

Solutioli of Fig. 9.4b gives us the reference current i = imf, 

The maximum electrical power available to the loudspeaker from the 
generator, assuming R, fixed, is 

e 
Max power available = P 

4R0 
(9.5) 

The reference power available eficiency (PAERf) is equal to the reference 
power delivered to the horn, li212B212rMT, times 100 divided by the 
maximum electrical power available. 

From Eqs. (9.3), (9.4), and (9.6) we get 

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, A ,  B, and C, as shown in Fig. 9.5. 

Mid-frequency R ~ n g e . ~  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. I t  is apparent from Fig. 9.3 that since wCM~ is 
small, zero reactance will occur a t  the frequency where 

See also Fig. 7.2, p. 188, of reference 1. Note that Olson's efficiency is the ratio 
~OOTMTB~~~/(RE + TMTB~P), assuming that r M B  >> r M r .  
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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 TMT, 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 

s; 
0 
C a .- '0 
0 

- 
a 

%., 10 
0, - 
n - .- - 6 DB per octave 

9 
m 

f (r,, constant) 
- 12 DB per octave 

l *  
100 1000 10,000 

Frequency 

FIG. 9.5. Power available efficiency of a horn driver unit, in the frcq~~cmcy region 
where the mechanical impedance of the horn a t  the throat is a pure resistance porS~. 
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 ZMT of the horn near the 
lowest frequency a t  which one wishes to  radiate sound is uot a pure resist- 
ance. Hence, region A needs more careful study. 

FIG. 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 a t  the throat is ZMT. 

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 MMD, the compliance Cull and the responsivenesses TMS and 
T M B  may all be dropped from the circuit, giving us Fig. 9.6. 

Solving for the mechanical mobility a t  the diaphragm of the driving 
unit vields 
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where 

zMT = mechanical mobility a t  the throat of the horn with area S T  

The mechanical impedance a t  the diaphragm of the 
reciprocal of Z M ~ ,  

where ZMT = 1 / ~ . ~ ~  = mechanical impedance at the 
with area ST. 

driving unit is the 

(9.11) 

throat of the horn 

As we shall show in the next part, the mechanical impedance a t  the 
throat of ordinary types of horn a t  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, 

The German 3 in gnrT indicates that  this resistance varies with frequency. 
Iisually, its variation is between zero a t  very low frequencies and P o ~ S T  
[as given by Eq. @.I)] a t  some frequency in region A of Fig. 9.5. Hence, 
the mobility zyT = l/ZMT 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 ZMe can he canceled out by letting [see Eqs. 
(9.11) and (9.12)] 

So2 - -- 1 - - -- 1 - -- + -- 
S T '  C.uT ( J M ~  - ( Ct,) 

Then, 

where r . ~ ~  is the acoustic responsiveness of the throat of the horn a t  low 
frequencies transformed to the diaphragm. 

The power available efficiency for frequencies where 
circuit of Fig. 9.6 holds, and where the conditions of Eq. 

The responsiveness rM, usually varies from "infinity" 

the approximate 
(9.13) are met, is 

a t  very low fre- 
quencies down to A'T/(Su2po~) a t  some frequency in region A of Fig. 9.5. 

High Praquenci~s. At very high frequencies, the response is limited 
principally by the combined mass of the diaphragm and the voice coil 
idMD. If CMl were zero, the response would drop off a t  the rate of 6 db 
per octave (see region C of Fig. 9.5). I t  is possible to choose C M ~  to 
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resonate with M M o  a t  a frequency that extends the response upward 
beyond where i t  would extend if i t  were limited by M w D  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 a t  a selected high frequency. Above this resonance frequency, 
the response drops off 12 d b  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, i t  is possible to extend the region of 
flat response of a driver unit over a range of four octaves by proper choice 

FIG. 9.7. Analogous circuit for a horn driver unit a t  high frequencies where the 
diaphragm mass reactance is much larger than its compliance reactance. 

of CMl a t  higher frequencies and by meeting the conditions of Eq. (9.13) 
a t  lower frequencies. 

9.6. 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, = RE = 24 ohms 
B = 19,000 gauss = 1.9 webers/m2 

1 = 3.49 m 
B212 = 44 webers2/m2 
ST = 3.14 cmf = 3.14 X m2 
SD = 28.3 cm2 = 28.3 X lo-' m2 

ST/SD = 0.111 
ST/SD' = 3.14 X 10-'/(28.3 X 10-4)2 = 39.2 m-2 

TMT = 39.2/406 = 0.0965 mks mechanical mohms [see Eq. (9.3)) 

Solution. To increase the PAE,,r, i t  is seen from this example that  the electrical 
resistance RE should be reduced as far as possible without decreasing the length I 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 a circular 
cross section. This means that  the voice-coil mass will be increased. Reduction of 
RE further will demsnd 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 
T M T ,  and hence the ratio ST/So2, would seem to need to be large for high efficiency. 
However, if ST/So2 becomes too large, reference to Fig. 9.4b shows that  too much 
power will be dissipated in rM8 and the efficiency will be low. A compromise is needed 
to cffect the desired frequency response a t  high efficiency and minimum cost. The 
optirrlum value of ST/So 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  

Then Eq. (9.7) becomes 

To determine the maximum value of PAE, we differentiate the equation with respect 
to a and equate the result to zero. This operation yields 

Inverting, 

Substitution of the constants from the previous example gives us 

or aopr = 0.555. Hence, 

 ST^ = 
28.3 

lo-' = 15.7 X 10-4 m2 
1.8 

Substitution of a = 0.555 into the equation for PAE above gives 

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, R, = 1 ohm), 

and 

This result shows that for maximum efficiency the amplifier impedance should approxi- 
mately equal the loudspeaker impedance. 
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PART XXII Horns 

9.6. General Description. A horn is in effect an acoustic transformer. 
I t  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 a t  
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  t o  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 k a  > 1: that  is, C/X > 1, where C is the circum- 
ference of the mouth of the horn and X is the wavelength of the lowest 
tone that i t  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. 

FIG. 9.8. Ilorn with a n  exponential cross 
section. Thc  mouth area SM equals ST 
exp (ml), whrre m is the  flare constant 
in units of irrvcrsc meters, 1 is the  length 
of the horn in meters, and ST is the  
throat aren in square meters. 

Hence, for good design, the mouth 
circumference C or mouth area SM, 

C = 2 f l M  > X (9.16) 

where X is the longest wavelength 
of sound that is to be radiated 
efficiently. 

9.8. Exponential Horns. Many 
types of longitudinal section are 
possible for a horn. I t  may be 
parabolic, conical, hyperbolic, or 
one of a number of others in shape. 
For a horn to be a satisfactory 
transformer, its cross-sectional area 
near the throat end should increase 
gradually with x (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- 
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tional area at  ally point x along the axis is given by the formula 

where S = cross-sectional area a t  x in square meters 
ST = cross-sectional area of the throat in square meters 
m = flare constant in inverse meters 
x = 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 I is "infinite" is 

where p = 

C = 

m = 

A solution 

where 

sound pressure a t  a point along the length of the horn. (It is 
assumed that the pressure is uniform across the cross section 
of the horn.) 
speed of sound. 
flare constant. Obviously, m determines the magnitude of 
the second term of the equation above, which expresses the 
rate a t  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, i.e., a horn with zero flare. 
to Eq. (9.18) for the steady state is 

The volume velocity U a t  any point x is [see Eq. (2.58)] 

Impedances. The acoustic impedance Z A ,  a t  a point x along the horn 
where the cross-sectional area is S, is 

2 4  m' . poem mks acoustic ohms (9.22) 
s ' - q @ + - l ~  
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At the throat, where S = ST, the mechanical impedance ZMT = ZATST2 is 

1 
= R M T - / - ~ ~ ~  mks mechanical ohms (9.23) 

The acoustic mobility ZA = I/ZA a t  the throat is 

The real and imaginary parts of ZA and zA behave alike with frequency 
and differ only by the magnitude (S /po~)~  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 ZA a t  any point along the horn where the area is S. 

Flare Constant and Throat Impedance. When the flare constant m is 
greater than 4~ divided by the wavelength (m > 2k, low frequencies), the 
acoustic resistance RAT and the acoustic reactance X A T ,  a t  the throat of 
the horn where the area is ST, are 

When the flare constant m equals 43r divided by the wavelength, the 
acoustic resistance and reactance are 

For all cases where m is less than 43r divided by the wavelength (m < 2k, 
high frequencies), 6he acoustic resistance and reactance a t  any point x 
along the horn where the cross-sectional area is S are 

where C A T  = 2ST/pOc2m. 
For very high frequencies, the reactance approaches zero and the 

resistance approaches poc/Sr or poc/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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Cut08 Frequency. The special case of m = 4r/X occurs a t  a frequency 
which we shall designate f,, where 

This frequency f, is called the cutof frequency because for frequencies 
lower than this no power will be transmitted down the horn, i.e., the 
impedance a t  all positions along the horn is purely reactive [see Eq. 

To obtain the acoustic impedance a t  the throat of the horn in terms of 
the cutoff frequency, we observe that f,/f = m/2k. Substituting in Eq. 
(9.22) yields 

where ST = throat area in square meters 
poc = characteristic impedance of air in mks rayls 
f, = cutoff frequency 
j = driving frequency 

Graphs of two quantities A and B that are directly proportional to the 
resistive and reactive parts of the acoustic impedance a t  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 a t  the throat. The relations among A,  B, RAT, 
XIT,  TAT^ and XAT arc 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 a t  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. 
T o  illustrate what the words "large bell diameter" and "long length" 
mean, let us refer t o  Fig. 9.10. 

If the circumference of the mouth of the horn divided by the wave- 
length is less than about 0.5 (i.e., the diameter of the mouth divided by 
the wavelength is less than about 0.16), the horn will resonate like a 
cylindrical tube, i.e., a t  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 (i.e., 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/fc is greater than about 2, which is the case of mouth diameter/ 
X > 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 c of Fig. 9.10. 

When the length of the horn becomes less than one-fourth wavelength, 
i t  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 Distortion. A sound wave produces an expansion and a 
compression of the air in which i t  is traveling. We find from Eq. (2.6) 
that  the relation between the pressure and the volume of a small "box" 
of the air a t  20°C through which a sound wave is passing is 

where V = specific volume of air in m3/kg = 

P = absolute pressure in bars, where 1 bar = lo5 newtons/m2 
This equation is plotted as  curve A B  in Fig. 9.1 1 

Assuming that the displacement of the diaphragm of the driver unit 
is sinusoidal, it acts to change the volume of air near it sinusoidally. For 
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( b )  Frequency =v& (e) 
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 

frequencyf, = mc/47r and the throat d~ameter = 0.0075 c/f, ; both are held constant. Bell circum- 
ferences are ( a )  C =  0.236A,, ( b )  C =  0.47AC, ( c )  C=0.71Ac, ( d )  C =  0.94A,, and ( e )  
C  = m .  The mouth of the horn is assumed to be termin~ted in an infinite baffle. (Af ter  Olson.).  
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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. 

P-Absolute pressure in ban 
V- Specific volume 

=l/p,, in M ~ K ~  
>= 1.403 

'(t  
FIG. 9.11. Plot of the gas equation PV7 = 1.26 X lo4, valid a t  20°C. Normal 
atmospheric pressure (0.76 m Hg) is shown as Po = 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) 3 s 4  

where p, = rms sound pressure of the fundamental frequency in newtons 
per square meter 

pz = rms sound pressure of the second harmonic in newtons per 
square meter 

Pa = atmospheric pressure in newtons per square meter 
k = w / c  = 2r/X = wave number in meters-' 
y = 1.4 for air 
x = distance the wave has traveled along the cylindrical tube in 

meters 

a A. L. Thuras, R. T. Jenkins, and H. T. O'Neil, Extraneous Frequencies Generated 
in Air Carrying Intense Sound Waves, J. Acoust. Soc. Anm.,  6 : 173-180 (1935). 
' L. H. Black, A Physical Analysis of the Distortion Produced by the Non-linearity 

of the Medium, J. Aco~cst .  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 i t  has traveled a 
distance x 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 x, so as t o  
obtain the rate of change in p, with x for a constant pl. Call this equa- 
tion (9 .31~) .  

2. In Eq. (9.31a), substitute for pl the pressure pTe-mz/2, where pT is the 
rms pressure of the fundamental a t  the throat of the horn in newtons per 
square meter and m is the flare constant. 

3. Then let pT = 1/=, where I T  is the intensity of the sound a t  the 
throat in watts per square meter and pot is the characteristic acoustic 
impedance of air in mks rayls. 

4. Integrate both sides of the resulting equation with respect to x. 
This yields 

Per cent second-harmonic distortion 

- - 50(y + '1 f [I - e-"i,y (9.32) 
Y Po fc 

For an infinitely long exponential horn, a t  normal atmospheric pressure 
and temperature, the equation for the total distortion introduced into a 
wave that starts off sinusoidally a t  the throat is 

f Per cent second-harmonic distortion = 1.73 - fl~ X lop2 (9.33) 
jc 

where j = driving frequency in cycles per second 
jc = cutoff frequency in cycles per second 
IT = intensity in watts per square meter a t  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 fc 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. 



Unfortunately. a high cutoff f w q n m ~ y  is !lot 2 fes?ib!r : ; ~ ! ~ t i ~ i i  foi 
horns that arc designed to  operate over a wide frequrnry range. In this 
rase, it is necessary to operate the horn a t  low power a t  tho higher fre- 
quencies if the distortion is to  be low a t  these frequencies. This goal is 
achieved automatically to  some extent in reproducing speech and music, 
because above 1000 cps the intensity for thcse sounds decreases by about 
a factor of 10 for each doubling of frequency. 

FIG. 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). 

where S =. cross-sectional area a t  x in square meters 
ST = cross-sectional area of throat in square meters 

Conical Horn (see Fig. 9.13). 
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Hyperbolic fi ortz (see Fig. 9.14). 

where x = axial distance from the throat in meters 
xo = reference asial distance from the throat in meters 
ill = parameter which never exceeds unity 
fc = cutoff frequency = C / ~ H X O  CPS 

c = speed of sound in meters per second 

Throat 
area 
1 cm2 L = y =  Area = 100 crna 

Parabolic 
Conical 

FIG. 9.13. 1,ongitudinal sections of conical and parabolic horns. 

Throat 
area Area = 100 cm2 

\ ~ ~ ~ e r b o l i c  

FIG. 9.14. Longitudinal sections of a hyperbolic horn. 

At very high frequencies, all these types behave about alike. At low 
frequencies, however, there are considerable differences. These differ- 

I ences can be shown by comparison of the throat impedances for the conical 

i 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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t h ~ o a t  resistance for the hyprrldica horn I-c~ac.11~~ poc a t  about onc- 
t\\entieth the frequency a t  which the spcc.~frc throat resistance for the 
conical horn reaches this value. Similarly for the hyperbolic- horn, the 
specific throat resistance approaches unity a t  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, i t  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 
t o  area increase than is the case for the other horns For minimum dis- 
tortion a t  given power per unit area, the conical horn is obviously the best 

Frequency in cycles per second 

FIG. 9.15. Quantities A and B proportional to the acoustic resistance R A T  and acoustic 
reactance X A T ,  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 i t  falls between these two extremes. 

9.10. Bends in Horns. A horn loudspeaker for use a t  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. As a 
consequence, i t  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. I n  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 radiat,ed sou~ld. 

Good data on the comparative performanw of folded horns are not 
nvailable. This is partly because i t  is difficult, t.o measllre t.he rcsponse of 
iargc foldcd horns in an nncchoic chamh:r ~ ~ n t l  part,Iy Im:ause com- 
mercial companies guard their data. Some ciut,a are availal)lt~, 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. 

I t  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 a t  
the bend. Then the attenuation is very small. 

9.11. Cross-sectional Shapes. Earlier i t  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. 

Frequency in cycles per second 

FIG. 9.16. Attenuation of sound due to the introduction of 19" and 90" bends rts 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 t ha t  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 a t  wavelengths that  are submultiples of the width of the 
duct, i.e., a t  frequencies equal to  

or wavelengths equal to  
21, ) , -  
n 

where n is an integer, that  is, 1, 2, 3, 4, . . . . 

For example, suppose that  the width of the horn was 1.5 ft. Then 
resonances (standing waves) would occur a t  377, 754, 1.508, c.t,c.., cps. 
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:\t these frequencies, rcduced power output generally occurs. In general, 
t,he upper frequency limit for operation of a horn should be chosen suffi- 
ciently low so that  t,roubles 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 a t  
one or more frequencies in the range of operation, "dips" in the power- 
output curve will occur. Tindamped thin metal is the least desirable 
material because the horn from which i t  is made will resonate violently 
a t  fairly low frequencies. Heavy metals, covered on the outside with 
thick mastic material so tha t  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, i t  gives satisfactory results if 
its thickness exceeds 3/a in. and if i t  is braced with wooden pieces glued on 
a t  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. I t  is desired that  
the frequency response be  flat between 70  and 6000 cps and that  the  horn combination 
l ~ c  designed to fit into a n  average-sized living room. The system will be used for 
rcprodueing high-fidelity music in the  home. The maximum acoust,ic powers to be 
radiated in six frequency regions are  estimated a s  f o l l o ~ s : ~  

Frequency range Power level, db re 10-la watt 
70-250 102 

250-400 102 
400-1000 102 

1000-2200 99 
2200-3000 96 
3000-8000 96 

Solution for Low-freyuency Horn. We shall sclect the exponential horn as the best 
co~npromisc shape of horn for our use. Because the lowest frequency a t  which good 
radiation is desired is 7 0  cps, we choose the  mouth area from Eq.  (9 .16) .  

X2 c2 
Mouth area SM = - = - = 1.93 m 2  = 20.8 fta2 

47r 4lrf 

Twenty square feet is probably too large a mout,h area for thc living room of most 
Iromes, so that  a compromise in design is necessary. 

l,et us choose arbitrarily a mouth area of ahout 1 0  ft2, that is, 0.93 m2. This cor- 
~ w p o n d s  to thc bell opening shown in Fig. 9 . 1 0 ~ .  \Vc see from this chart  tha t  b r l o ~  
J = 2f, there will be two resonances tha t  are not desirable, but  they are fairly \veil 
da~npcd .  

Let us design for a cutoff frequency of 

"1. F. Hopkins and N. R. Strykrr,  A I'roposed 1,011tlness-efficic~~cy Iiating for 
1,oudspeakers and thn Determination of Systcm I'owcr Itcquircrnents for Enclosures, 
Pror IRE, 36: 315-335 (1948) .  
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The flare constant nl equals [see Eq.  (9 .28)]  

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 

Assume the other constants to be a s  follows: 

R, = RE = 6 ohms 
Bl = 15 webers/m 

From Example 9.2, it appears tha t  for maximum efficiency SD/ST should equal 2. 
However, to keep the length down, let us make 

ST 
Then, 

ST T M T  = - = 1 
POCSD' 

(406) (0.049) = 0.05 mks mechanical mohms 

1,et us calculate the reference PAE. Assume in Fig. 9.4b t ha t  ~ . V B  >> ~ M T .  Fronl 
Eq.  (9.71, 

As a trial, let us make S u / S r  = 2.0. Then TMT = 0.025, and PAE = 24 %. Finally. 
let ST/SD = 2.  Then, rMr = 0.1,  and PAE = 15.8 %. 

I t  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) ,  

The intensities for a horn with a throat area of 0.049 m2 are as follows, assumit~g 
uniform pressure distribution: 

Frequency Power, watt,s 
Watts/cm2 a t  

throat 
---- 

a 22 X 10F6 
3 22 X 
9 . 2 2  X 
1 .62  X 10P 
8 . 1 6  X lo-' 
8 .16  X lo-' 



Let us set the upper limit of operation a t  600 cps. Then f / j c  = 10. Extrapolation 
of the line for 10 in Fig. 9.12 to 3.22 X shows tha t  the per cent second-harmonic 
distortion in the horn will be about  0.02 pcr cent, which is negligible. I n  fact, the 
power level could be incrcascd 30 d b  before the distortion would become as  large a s  
1 per cent. 

This calculation would seem t o  indicate t h a t  the low-frequency unit could be 
operated successfully above 600 cps. However, i t  seems from experience tha t  for 
psychological reasons the changeover from the low-frequency to the  high-frequency 
horn should occur a t  a frequency below 600 cps for best auditory results. 

END VIEW 
F I G .  9.17. Plans for a simple straight exponential horn with a cutoff frequency of 
60 cps, a throat area of 0.049 m2, and  a mouth area of 0.93 m2. 

Lct us see what value the  total  compliance in the  driving-unit circuit ought to  have 
if i t  is to halance out the mass reactance of the  horn a t  frequencies below thediaphragm 
resonance frequency. From Eqs. (9.12), (9.13), and (9.23), 

The quantity Cnr2 includes the  combined compliance of the loudspeaker and the 
enclosure behind it. Reference to  Fig. 8.5d shows tha t  this is a reasonable value of 
compliance to expect from a loudspeaker of this diameter. I n  case the compliance 
is not correct, we can vary the  size of the  throat, or even m somewhat, in order to 
achicvc the desired value for Cnr2. 

Two possible horns for our design are the  straight square horn shown in Fig. 9.17 
or the foldcd horn of the  Klipsch typeGhown in Fig. 9.18. If the  straight horn is 
used, i t  will probably be necessary to pu t  i t  partially above the ceiling or below the 
floor in ordcr 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  clcctrical crossover network of 500 cps, which will make effective 
usc of 110th horns and is a good choice of frequency from the standpoint of the psy- 
chology of listening. 

The  flare constant is [see Eq.  (9.28)1 

1'. W. Klipsch, A ],ow-frequency Horn of Small I)irnensior~s, J. Acoust. Soc. Amer., 
13:  l:{i I 4 1  ( l ! l l l ) .  
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Let us assume that  the driver unit is the one discussrd i n  ISxample 9-1. For this, 
S T  = 3.14 X lo-' m2. 

ISOMETRIC SECTION HORIZONTAL SECTION 
(Sect~on 2 . 2 )  

VERTICAL SECTION TRANSVERSE SECTION 
(Sect~on 3 - 3 )  

FIG. 9.18. Sketches for a Klipsch type of folded exponential horn. Th i s  particulal 
horn is about 40 in. high and has smooth response below 200 cps. 

The horn should radiate sound well a t  400 cps, so that  the mouth+pening are; 
should be, if possible, greater than that  given by Eq. (9.16), 

As we learned in Ch ;~p .  4, in ordvr to  got a wide directivity pattern,  s a y  f 30" ovcr : 
wide range of frcq~lc~ncirs, the horn should have a curved mouth. Let  us select : 

design that is ahotit (i in. in h ~ i g h t  and has a circular curved mouth with an  arc Icngti 
of 30 in. Thc morlth arca for thcsc, tlirr~cnsions is 180 in.?, or 0.1 163 m2, which i 
double that called for above. 
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The length of the horn is found from Eq. (9.17), 

5.01 
z = --- = 0.541 m = 21.3 in. 10.9 

The horn will have the shape and cross section shown in Fig. 9.19. 
The cutoff frequency is a t  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 loudspt~aker; hence there is no real need to halance (wC.U~)-' against thc mass 

LONGITUDINAL SECTION 

PLAN 

FIG. 9.19. Plan for a simple straight exponential horn with a cutoff frcquency of 
300 cps, a throat area of 3.14 X lo-' mz, and a mouth area of 11.6 X 1W2 m2. The 
dividers guide the wave along the horn and tend to produce a plane wave front of 
uniform intensity a t  the mouth. 

reactance of the horn. Nevertheless, let us calculate the value of ( ' ~ 2  from Eqs. 
(9.12), (9.13)) and (9.23), 

The magnitude of this compliance, also, is not an unrr~asonable 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 

a t  the throat of the horn IT in the 3000- to 8000-cps band will equal 

.4t our upper design frequency of 6000 cps, which gives us 

\w see from Fig. 9.12 that the second-harmonic distortion will cqt1a1 about 0.4 per cent. 
Tl~is  is low distortion, and we conclude that our drsign is sat,isf:~ctory. 

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 a t  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 
absorbmg 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 he 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 mi11 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 Icads to simplcr formulas than thc detailed study of a par- 
ticular case. 

10.2. Stationary and Standing Waves. One t,ype of small regularly 
shaped enclosure, the rigidly closed tube, has hccn 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 x 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 wave1 if the intensity along the tube is zero or 
what is called a standing wave if there is absorption a t  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 kl -+ 0, the 
pressure in the tube reaches a very large value. That  is to say, the 
pressure is very large whenever 

kl = nx 
Then, because 

we have 

where 
n = 1 , 2 , 3 , 4 , .  . . ,  .r, (10.4) 
fn = nth resonance (normal) frequency of the tube 
A, = c/j, = nth resonance (normal) wavelength of the tube 

Equation (10.3) tells us tha t  the pressure is very large whenever the 
length of the tube equals some integral multiple of a half wavelength 
(W). 

The condition where the frequency equals nc/21 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 arc found in "Anicrican Stand- 
ard Acoustical Terminolcgy," 224.1-1951, American Standards Association, Inc., 
N ~ . H  Y O T ~  N .Y 
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normal mode oJ'vibraiion of tile air space i l l  the tube. The frequency f, 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. 

If the transverse dimensions are I. 
have greater can be a small than described room one-half which, by wavelength, the if rectangular, dimensions we FIG. lzEID1y 10.1. A Dimensions 1, and  coor- 

dinate system for a rectangular 
shown in Fig. 10.1. Waves can travel enclosure. 

in the room backward and forward be- 
tween any two opposing walls. They can travel also around the room 
involving the walls a t  various angles of incidence. If these angles are 
chosen properly, the waves mill 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 i n t e r e ~ t e d . ~ , ~  

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 nith 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,, n,, n. = integers that  can be chosen separately. They may take on 

all integral values between 0 and m .  

l,, I,, 1, = dimensions of the room in meters. 
c = speed of sound in meters per second. 

P. M. Morse, "Vibration and Sound," 2d ed., Chap. VIII, McGraw-Hill Book 
Company, Inc., New York, 19.18. 

P. M. Morse and R. 1%. 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, l,, is less than 0.1 of 
ill wavelengths being considered. This corresponds to n, being zero a t  
ill times. Hence, 

:,et 1, = 12 ft  and I ,  = 10 ft. Find the normal frequencies of the 

Mode: ( 2 , O . O )  

Mode: (1.1.0) 

Mode: ( 2 . 1 , O )  

FIG. 10.2. Sound-pressure contour plots 
an a section through a rectangular room. 
The numbers on the plots indicate the 
relative sound pressure. 

n, = 1, nu = 1 and the n, = 3, 
nu = 2 normal modes of vibration. 
We have 

fl,l.o = ll34.i d i 4 4  + 3 i 0 0  

= 73.5 cps 
and 

f3.2,o = 11% 4 x 4 4  + 4 i o o  
= 181 cps 

Morse2 shows that  the sound- 
pressure distribution in a rectan- 
gular box for each normal mode of 
vibration wit,h a normal frequency 
wn is proportional to the product 
of three cosines, 

rnzz 
cos - e7-n'  (10.7) 

1, 

where the origin of coordinates is 
a t  the corner of the box. It is 
assumed in writing Eq. (10.7) that  
the walls have very low absorp- 
tion. If the absorption is high, 
the sound pressure cannot be 
represented by a simple product 
of cosines. 

If we inspect Eq. (10.7) in detail, 
we see that  n,, nu, and n, indicate 
the number of planes of zero pres- 
sure occurring along the x, y, and 
z coordinatcs, respectively. Such 
a distribution of sound pressure 

levels can be represented by forward- and backward-traveling waves ic 
the room. This situation is analogous to that for the closed t,ubc (one- 
dimensional case). Examples of pressure dist,rihutions for three modes 

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 x and 2/ coordinates, respectively. 

The angles 0,, 0,, and 0, a t  which the forward- and backward-traveling 
waves are incident upon and reflect from the walls are given by the 
relations 

0, = similarly 

l y  = lo' 

I Y 

FIG. 10.3. \Vave fronts and direction of travel for (a )  n, = 1, n, = 1 normal mode of 
vibration; and (0) n, = 3 and n, = 2 normal mode of vibration. These reprtsrnt 
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, nu = 1 and n, = 3, nu = 2, the 
traveling waves reflect from the x = 0 and x = 1, walls a t  

1 12 
(Oz)l,l,o = tan-' 2 = tan-' - = 50.2" 4 10 

21, 
(Or) 3.? ,0  = t a l l  I - = t ari-' 0.8 = 38.65" 

344 

The angles of reflection a t  the y = 0 and y = I ,  walls are 

31 30 
(0u)3,2,0 = tan-' -l! = tan-' - = 51.35O 

21, 24 

The wave fronts travel as shown in ( a )  and (b) of Fig. 10.3. I t  is seen 
that there arc t\\ o forward-trawling wavcs (1 and 3) and t\\ o lnckward- 
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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 a t  
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 1,1, walls, the sound pressure a t  that wall would be 

1" celotex board 
on 16" x3O" wall 

Frequency 

( 6 )  
FIG. 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 
(% in. diameter) measured a t  2 in. in free space. Zero decibel for the source curvr 
is about 50 db re 0.0002 microbar and for the transmission curve is about 78 db rq 
0.0002 microbar. [From Hunt, Beranek, and Maa, Analysis of Sound Decay i: 
Rectangular Room, J. Acoust. Soc. Amer., 11: 80-94 (1939)l. 

lower than a t  the other 1,1, wall and the traveling wave would undergo a 
phase shift as i t  reflected from the absorbing surface. 

All normal modes of vibration cannot be excited to their fullest extent 
by a sound source placed a t  other than a maximum pressure point in the 
room. I n  Fig. 10.2, for example, the source of sound can excite only a 
normal mode to  its fullest extent if i t  is a t  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 a t  a corner of a rectangular room, it will be possible for 
it to  excite every mode of vibration to its fullest extent provided it radi- 
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ates sound energy a t  every normal frequency. Similarly, if a microphone 
is a t  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 a t  the center of a rectangular 
room, only one-eighth of the normal modes of vibration will be excited or 
detected, because a t  the center of the room seven-eighths of the modes 
have contours of zero pressure. I n  Fig. 10.2, as an illustration, two out 
of the three normal modes portrayed have contours of zero pressure a t  the 
center of the room. I n  fact, only those modes of vibration having even 

Frequency 

( b )  
FIG. 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. 

C 0 
n (a) 
f 40 

numbers simultaneously for n,, n,, and n, will not have zero sound pres- 
sure a t  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 a t  the corner over that with 
the source a t  the center is apparent. It is apparent also tha t  the addition 
of sound-absorbing material decreases the height of resonance peaks and 
smooths the transmission curve, particularly a t  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 

2 30 
e 
(L 

1" celotex board 
on16"x30"wall 
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one or more of thc st,ationary-wave possibilities, i.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) equals4 

where K = 

k, = 

source constant determined principally by the strength and 
location of the source and by the volume of the room. 
damping constant determined principally by the amount of 
absorption in the room and by the volume of the room. The 
more absorbing material that is 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 tha t  particular mode of vibration builds up 

+ L  - - 
fn f n  fn 

FIG. 10.6. Resonance curve for a normal mode of vibration. Sound pressure level vs. 
the ratio of frequency to fn. 

according to a standard resonance curve as  shown in Fig. 10.6. The 
width of the resonance curve a t  the half-power (3 db down) points is 
equal to6 

'F. V. Hunt, L. L. Beranek, and D. Y. Maa, Analysis of Sound Decay in Rec- 
tangular llooms, J. Acousl. Soc. Amer., 11 : 80-94 (1'339). 
' L. L. Beranek, "Acoustic Measurements," pp. 329-336, John Wiley & Sons, Inc., 

New York, 1949. 
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FIG. 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 closcly 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. t coordinate system. 

The magnitude of the sound pressure p ,  is given by 

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 kn 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 has 
been stored initially. The pressure for each normal mode of vibration 
will decay exponentially a t  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. 
1 0 . 7 ~  and as given by 

Stated differently, on a log p,  scale vs. time, the magnitude of the rms 
sound pressure level decays linearly with time. 

FIG. 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. 10.76 and c). 
Also, i t  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, i t  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 a t  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, thc nearer together wlll be the normai ire- 
quencies and the larger will be thc number of modes of vibration excited 
by a single-frequency source or by a source with a narrow band of 
frequencies. 

10.6. Examples of Rectangular Enclosures 

Example 10.1. Determine the normal frcqucncics 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 

f1.0.o = X 350 = 28.3 cps 
f 9 , l . o  = 'I3% X 314 = 40.4 cps 
f ~ . ~ . o  = 'I3% d%oo f 3196 = 49.3 CpS 
fz.0.0 = l13?4 X = 56.6 cps 
f2.1.0 = 'I3% d % 0 0  + x 9 6  = 69.6 CpS 
fo.o.1 = 113% X 36 = 70.7 cps 

From Eqs. (10.8) to (10.10) we find the direction cosines as follows: 
For (1,0,0) mode: 8, = 0; 8, = 90'; 8, = 90' 

(0,1,0) mode: 8, = 90"; 8, = 0"; 8, = 90" 

(1,1,0) mode: 8, = cos-1 566 = 55" 
20 X 49.3 

0, = cos-' 566 = 35" 
14 X 49.3 

e, = go0 
(2,0,0) mode: 8, = 0; 8, = 90"; 8. = 90" 

(2,1,0) mode: 8, = cos-I 1132 = 35.5" 
20 X 69.6 

8, = cos-I 566 = 54.5" 
14 X 69.6 

0, = 90" 
(0,0,1) mode: 8, = 90"; 8, = 90'; 8. = 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 kn equals 
2.0 sec-I. 

Solution. We find from Eq. (10.13) that 



296 S O U N D  1 N  I S N C 1 , O S l J R E S  [Chap. 10 

Inspection of ISq. (10.13) shows th:tt if w,, = w and k,, = 2, then Ip,l = 0.5K. 
Hence, expressed in decibels, the rnagnitudc in decibels of the six normal modes of 
vibration given above, relative to 0.5K, is 

I t  is obvious t h a t  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. 

1,=8 ft. I,= 14 f t .  1,=20 ft. 
Frequency band 450-550 CPS 

FIG. 10.9. Normal frequency diagram, drawn to scale for a 20 by 14 by 8 f t  rectangular 
room with hard walls. Most of the vertical lines are omitted to avoid confusion. 
[.4fter Hunt, Beranek, and Mas,' Analysis of Sound Decuy an Rectangular Ilooms, J .  
Acoust. Sac. Amer., 11: 80-94 (1939).] 

Example 10.3. A rcctangulrtr room with dimensions 1, = 8 f t ,  I ,  = 14 f t ,  and 
1, = 20 f t  IS exc~tcd by a sound sourcc located in one rorncr of t h r  room. Tllc ~ o ~ r l d  
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pressure lcvci dcvct1opc:tl is ~nrasrlrcd a t  another corner of the room. T h e  sound source 
produces a continuous hand of frcqicncics between 450 and 550 cps, wi th  a uniform 
spectrum level, and n total acoustic-power output of 1 watt. When the  sound source 
is t l ~ r n r d  off, a lincer decay rtlrvc: (log ,D vs. 1)  is obtained which has  a slope of 30 db/scc. 
(u) Dctcrmine grap11ic:llly the number of normal niodes of vibration excited hy the 
source; (b) dctcrrninc the approximate angle of incidence of the  traveling-wave field 
involving the walls a t  x = 0 and x = I, in each of the principal groupings of normal 
frequencies shown in the  graphical construction; (c) determine the reverberation time 
2'; (d) determine the decay constant k ;  ( e )  determine the width of t he  resonance curve 
a t  the one-half power (3 db  down) points; (f) determine the  sound pressure level a t  
the resonance peak for each mode of vibration, assuming equal division of energy 
among the modes of vibration and tha t  K in Eq. (10.11) equals Ud'o/V, where U O  
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 t h e  origin of 
coordinates to  one of the black spheres shown. Tha t  frequency will be  made up  of 
three components given by  cn,/21,, cn,/21,, and cn,/21,. Notice t h a t  along the  verti- 
cal coordinate the  normal frequencies occur in increments of 112%G; along the right- 
hand axis in increments of l l 2 Y i o ;  and along the remaining axis in increments of 
1 l29d8 .  On the layer labeled No, there are 69 normal frequencies. T h e  total  number 
of normal frequencies between 450 and 550 cps for this room is 560. T h e  average 
frequency is 500 cps. 

b. The 8, angles of incidence can be divided into eight principal groups as shown 
in Fig. 10.9. The angles are a s  follows: 

c. Decay rate = 30 db/sec 

T = time for 60 db  of decay (see Par t  XXIV) = 2 sec. 

d. k = 6.91/T (see Eq.  10.32) = 3.46 sec-I 
e .  f" -I' = k,/r = 1.1 cps. 
f .  The power supplied to  each mode of vibration W ,  = = 0.00179 watt. 

From Eq. (4.4) we see that ,  for a simple source, UO is related to W ,  = 4rr21 ,  by 
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PART XXIV S o u n d  Fields in Large Irregularly Shaped Enclo- 

sures 

10.6. Introduction. Large irregularly shaped enclosures also have 
normal modes of vibration that  respond when driven a t  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 i t  sets 
up standing waves that  involve each wall a t  nearly all angles of incidence, 
even if the frequencies in the source are bunched in a narrow frequency 
band. Also, a t  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 
di$use sound field. 

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 i t  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) t o  give us the sound energy densi ty ,  

where jp,,,j = rms magnitude of the sound pressure averaged in space and 
in time in newtons per square meter. 

pot = 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 rpom, we can visualize 
the acoustical conditions by imagining a wave traveling around inside the 
room. This wave travels in a straight line until i t  strikes a surface. I t  is 
then reflected off the surface a t  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 m e a n  free path as the average 
distance a sound wave travels in a room between reflections from the 
bounding surfaces. 
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ICriudsen6 determined experimentally the mcan free path in 11 very 
differently shaped large enclosures and found it to be vcry nearly 

4v 
Mean free path = d = - m (or ft) S (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, a, and n. 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 wi1I be less during its 
next traverse of the room. 

Let us give to each reflecting surface a sound absorption coefficient a, 
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, i t  
involves the surfaces a t  various angles of incidence. In a large irregular 
room the number of waves traveling are so numerous that  a t  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  nearIy these conditions as  possible. Hence, 
our a, is obtainable directly from official  publication^.^^^ 

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: 

= Slal + S 2 ~ 2  + S 3 a 3  + . . . + S n a n  

S (10.17) 

where 81, Sz, S3, . . . are the areas of particular absorbing surfaces in 
square meters or in square feet; all a2, CYO, . . . are the absorption 
coefficients associated respectively with those areas; and n is the average 
sound absorption coeficient 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 t o  

V. 0. Knudsen, "Architectural Acoustics," pp. 132-141, John Wiley & Sons, Inc., 
New York, 1932. 
' "Sound Absorption Coefficients of Architectural Acoustical Materials," Acoust. 

Materials Assoc. Bull. 14, 1953, New York, N.Y. 
"Sound Absorption Coefficients of the More Common Acoustical Materials," 

Natl. Bur. Standards Hull., Letter Circ. LC870. 
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TABLE: 10.1. Coefficients of General Br~ildi~lg M:rt.c~.i:llst 

'hick- 
ness, 
in. 

Coefficients Thick- 
ness, 

in. 

I -- 

Building material 

-- - ~ 

Brick wall, unpainted.. . . . . . . . . . . . . .  
Brick wall, painted.. . . . . . . . . . . . . . . .  
Plaster, gypsum, on hollow tile, plair 

or painted . . . . . . . . . . . . . . . . . . . . . .  
Plaster, gypsum, scratch and browr 

coats on metal lath, on wood studs. . 
Plaster, lime, sand finish on metal lath 

. . . . . . . . . . . .  Plaster, on wood wool.. 
. . . . . . . . . . . . . . . . . .  Plaster, fibrous.. 

. . . . . . . .  Poured concrete, unpainted. 
Poured concrete, painted. . . . . . . . . . . .  

. . . . . . . . . .  Ifrood, solid and polished.. 
IVood, paneling, 2 to 4 in. air spacl 

behind. . . . . . . . . . . . . . . . . . . . . . . . .  
TYood platform with large space be 

neath . . . . . . . . . . . . . . . . . . . . . . . . . . .  
Glass. . . . . . . . . . . . . . . . . . . . . . . . . . . . .  
1:loors: 

Slate on solid.. . . . . . . . . . . . . . . . . . .  
IVood on solid.. . . . . . . . . . . . . . . . . .  
Cork, linolwm, gypsum, or ruhbo 

tile on solid.. . . . . . . . . . . . . . . . .  
tf'ood block, pitch pine.. . . . . . . . . .  

Carpets: 
Wool pile, with underpad.. . . . . . . .  
IVool pile, on c0ncrrt.e.. . . . . . . . . . .  

Draperirs and fabrics: 
Velour, hung straight 

lOoz/yd2 . . . . . . . . . . . . . . . . . . . . .  
14 oz/yd2.. . . . . . . . . . . . . . . . . . . .  
18 oz/yd2.. . . . . . . . . . . . . . . . . . .  

Velour, draped to half arca 
14 oz/yd2..  . . . . . . . . . . . . . . . . . .  
18 oz/ydP.. . . . . . . . . . . . . . . . . . .  

Seats and prople (n,S in square feet pf 
person or per seat) : 

Srats 
Chair: upholstered back, leathe 

scats. . . . . . . . . . . . .  
Chair: thvatrr, hra\.ily upho! 

s t r rcd  . . . . .  . . . . .  
Orchr~strn chairs, wood . . . . . .  
Cushions for pews, per prson 

In  uplmlst.ered seats (add to I . . . . . . .  lrathrr-swt chair absorption). 
In heavily upholstered srats .  . . . . . . . . . .  
In orchtrstra seats with irrstru- 

hold, i t  is necessary tha t  no one part  of the room has a preponderance of 
the ahsorbing material. Equation (10.17) is \rritt,en on the assumption 
cither that E is very small or that  all surfaces have nearly the same 
absorption coefficier~ts. I t  is common design practice for satisfactory 
listening conditions tha t  t,he absorbing materials should not  be con- 
centrated on surfaces in one part  of the room. Furthermore, it is 
unlikely t,hat a diffuse sound field exists in a room if z becomes much 
greater than 0.3, because the  traveling waves die out very rapidly. 

Note tha t  the absorption coefficient a,  is actually a measure of the  
ahsorbing 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, a,  A 1.0.t  The  absorpt,ion of an  
area of acoustical m:~t,erial or another surface of a room is, therefore, 
expressed in terms of the  equivalent area of open window. For  example, 
10 ft2 of \vallboard may absorb the same percet~tage of incident sound 
energy as 4 ft2 of open window. Hence, a,, for the wallboard equals 0.4. 

All materials have absorption coefficients that are different a t  different 
f'requc~n(~its. For a complete specification of the absorbing properties of a 
rnateri:J, a c u r w  of (Y as  a function of frequency would need t o  he dra\vn. 
I t  is stanclad pravticc to  specify s o u ~ ~ d  al~sorptiolr coefficients in manu- 

n ~ r n t s  (add to wood-srat ah- 
sorption). . . . . . . . . . . . . . . . . . . . . . . . .  

Child in high school, sratrd, in- 
cluding seat. .  . . . . . . . . . . . . . . . . . . . . .  

Child in elementary school, seated, 
inciuding seat . .  . . . . . . . . . . . . . . . . . . .  

Standing. . . . . . . . . . . . . . . . . . . . . . . . . . .  
In church pew (no seat cushion). 

t This s t a t r ~ ~ ~ r r ~ t  is stric.t.ly t r 1 1 ~  only i f  the window is sr\.c~r:tl \v:r\~rlrngths or more 
w i d  I h i 1 1  \ \ ' I I ~ I I  ~ t s  ~ l ~ n ~ < . r ~ s i o ~ ~ s  arcL ~.or~~j):lr;rl~lc \\.1t11 or sr~rallr~. t11;t11 a wave- 
lvngtl~, it.; ;~l)sot j , l io~~ ~.o( , I I ic i( .~~t  \ v ~ l l  : 11)1)1~  to I)c grc.atc2r or 11.s~ Lhxn 1 . 0  I)cc:ituse of 
t11v effcv.1~ of (1illr:11.l iou 

. . . . . .  



I'a(.t.urers7 literature a t  125, 250, 500, 1000, 2000, and 4000 cps. 111 dis- 
(,ussing the pri-formance of a ~na,teri:tl i n  a cllrsory way, i t  k IISI I :L~ t0 
specify its performance a t  500 C ~ S .  

The acoust,ical effect, of people, chairs, seats, tables, dcslts, and so 
forth, \\.hi& are objects that  arc 11ot part of the t)ounding mi-faces of the 
room, must be collsidered also. It, is customary to assign an *Can numher 
to  each person or thing and t,o add it  into the numerator of E(1. (10.17). 
For example, if 20 seated persons are in a room, and if the Sa,  number for 
each seated person a t  a particular frequency is 4, then 80 units must be 
added into the numerator of Eq. (10.17). No modificatioll is made of 
the total area S. 

0 1 I 
125 250 500 1000 2000 4000 

Frequency in cycles per second 

FIG. 10.10. Average absorption characteristics of perforated tiles cemented directly 
to hard backing. The numbcr of holes in the perforated face is between 400 and 500 
per square foot and their diameter is between x2 and $is in. 

For use in solving problems, typical values of absorption coefficients 
for common materials and for seats and people as measured in reverbera- 
tion chambers9 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 3i6 in. in diam- 
eter, are given in Figs. 10.10 and 10.1 1. I n  Fig. 10.12 wc shon. 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 showir i n  I:i#. 10.13. Dc:tailed dat,a on com- 
mercially a~ail:J,le materials may be ohtttill(:d from thc sources given in 
rcfcrences 7 and 8. 
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I 1 I 
125 250 500 1000 2000 4000 

Frequency in cycles per ~ c o n d  
FIG. 10.11. Effect of mounting on noise-reduction coefficient of %-in. perforated tile. 
The quantity NRC is the noise-reduction coefficient obtained by averaging the 
coefficients a t  250, 500, 1000, and 2000 cps, inclusive, to the nearest 0.05. 

Frequency in cycles per second 

FIG. 10.12. Variation of absorption with spacing of holcs in a paintable sheet metal 
cover. 

1. 3-in. rock wool, uncovered. 
2. 3-in. rock wool covered with 22 I3wg stvc.1 sheet ( (1) ~~nywrforated; (b)  44-in. 

holes a t  3i6-irl.  ccnters; (c) %-in. holrs at 26-irl. cc,ntc,rs; ( d )  '.g in. holm a t  If,i-in. 
ceutcrs; (e) 14-in. holes a t  1%-in. centers. (From f i u l i o w l  l'hysical Laboratory, 
En &nd.) 

Bcranek, 0 1 1 .  cit., pp. 860-8639. 



10.10. Decay Rate. The decay rate of the sound in a large irregular 
room may be found easily.lOJl Assume that the sound source has just 
stopped and that  the sound is decaying in the room. Let 

d 4V t' = - = - sec 
c c s  

Frequency in cycles per second 

FIG. 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 t' = time in seconds for the sound wave to  travel one mean free 
path 

c = 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/m3. 
Then after nt' sec, the sound wave will have undergone n reflect,ions. On 
each reflection the energy density a t  that  instant will be reduced by (see 

lo W. C. Sabine, "Collected Papers on Acoustics," pp. 43-45, Harvard University 
Press, Cambridge, Mass,  1927 (out of print). 
" R. F. Norris, "A Ihrivation of the 1teverl)cration I'orrnula," published in Appen- 

dix 11 of V. 0. Knudscn, 'LArchitccturttl Acoustics," John Wilcy & Sons, Inc., New 
York, 1932. 

2 3 5 6  8 2 3 5 6  8 
100 400 loo0 4000 10,000 
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Fig. 10.14). Hencc, the cncrgy drnsity D after each successive reflection 
is 

D ( t f )  = D f ( l  - &) Surface with 
N 

D(2t1) = D'(1 - E ) ~  

( n )  = I '  - ) (10.20) 
But 

so that, from Eq. (10.19), K 
l l ( t )  = D'(1 - n)(CS/4V)1 (10.22) 

Now, 
1 - 5 elom ('-a) (10.23) 

Then, FIG. 10.14. Path of a sound wave 
with enerev densitv D' as it  reflects 

time t. apart 

If we convert this to  sound pressure level \\.it11 the aid of Eqs. (10.15) 
and (1.18) we get,? 

Hence, the sound pressure level decays a t  the rate of 

Metric Absorption L'nits. Wr: shall define arbitrarily a constant a' as 

a' = S[-2.30 loglo (1  - n)]  
metric absorption units in m2 (10.28) 

where S is given by Eq. (10.18). 
Absorption 7,-nits i n  Sabins. For the special case of E ~ ~ g l i s h  units, the 

quantity a' of Eq. (10.28) is called a, the number of absorption units i n  
sabins. The quantity a has the dimensions of square feet. 

In practice, E is found from Eq. (10.17), and [-2.30 log,, ( I  - E ) ]  is 
found from E 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 loglo eZ = 0.4342; log. 102 = 2.302; and log. y = 2.30 log10 y. 



10.11 Boundary Absorption Only. Reverberation T ime  T. The 
reverberation time T is defined as the time required for the sound energy 
density to decay 60 db, that  is, to  lou6 of its original value. From Eqs. 
(10.27) and (10.28), we see that  the reverberation time is 

60 V T = ------- 
1.085cat 

sec 

where V = volume of room in cubic meters 
c = speed of sound in meters per second 

a' = metric absorption units in square meters 

B 
FIG. 10.15. Chart giving -2.30 log10 (1 - Z )  as a function of 

Metric Units. For metric units, a t  normal temperature (22°C or 
7 1.6"F), the reverberation time is 

v T = 0.161 7 sec 
a (10.30) 

English Units. For English units, a t  normal temperature (22°C or 
71.6"F), the reverberation time is 

v T = 0.049 - sec 
a 

(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 
of the SE product for the room [see Eq. (10.17)], can be found directly 
from Fig. 10.16, for rooms whose maximum dimcnsion 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 SC product and a is iricorpor~ttctl 
automatically in the formula to within 5 per cent accuracy. 

Decay Constant /in. As an added item of interest, u7e should note that 
if the exponent of Eq. (10.24), which gives the rate of decay of the sound 

m 10.OM) @,ow l00.aoo 400.000 I.oco.000 2,000,000 
Volume of room in cubic feet 

FIG. 10.16. Relations among reverberation time, volume, and SZi units in square feet. 
The -2.30 loglo (1 - Z )  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, 
2kn), which gives the same quantity, we get 

or, from Eq. (10.29), 

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 T. 

10.12. Air and Boundary Absorption. Sound is absorbed not  only a t  
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 
sm:~ll. In this case, the air absorption is gencrally not important. In a 
vcry large' auditorillm or rhurch, the time a wave spends in the air hctwrcn 



reflcctio~ls 1,ecomcs Inrgt so that. t.ht al)sorpt,ion of energ!. i l l  t.hc air it,sc,lf 
call be neglected no 1011gtr. 

'The reverl)eratio~~ c y r ~ ; ~ t i o ~ ~ s  (10.29) to (10.31) must, l)c modified to take 
; ~ r t o  account the air :~l)sorptio~t i f  a ( ~ i ~ r i ~ t , t :  r('su1ts are rtcluircd. 'I'his is 
1rec.essary partic.ularl? at  the higher I'rctluc~~~c~ic:~ (al)o\.e 1000 caps), as we 
shall see shortly. 

Referring back to Eq. (10.20), we see tha t  each time a wave traverses 
t.he room, i t  experiences a reflection and the energy density is reduced by 
t,he ahsorption coefficient 6. After the time t ,  the sound has experienced 
t / t '  reflections, \\here t' is the time for the u.ave t.o travel a Incan free path. 

In  t,he period tha t  the nrave is traversing a mean fret. path of dist,allw, 
the energy density will decrease owing to  air al,sorpt,ion alone by the 
relation 

] ) ( t t )  = w d  (10.33) 

\\her<: I)(I') = cnergy density after the \ v a \ ~  has travclcd o r ~ c  rncarl free 
p t , h  in watt-seconds per cwhic* meter 

I)' = iliitial energy density a t  t = 0 
7n = energy at.telluation c o ~ ~ s t a n t  i l l  mcters-I 
d = mean-free-path length in meters 

-After the time 1 ,  the  wave will have experienced t / t '  reflertions a n d  \\ . i l l  
have travtled a, distance of t d / t l .  Hence, the energy dcnsit,y is given, 
with the  aid of Eqs. (lO.l(i), (10.19), and (10.22), by 

Rwcrhcrat ion 7'zme. When converted t o  the t ~ m e  required for ti0 dl) of 
deca~ . ,  11 c obtain the re\crl)c~ration equat~ons.  

M h T I t I C  UNITS. 

Ivhcre 7' = reverberation time in seconds 
1' = volume of room in cubic met,crs 
c = speed of sound in meters per s t m n d  

a' = number of metric a b s o r p t i o ~ ~  units given t)y Eq. (10.28) 
m = energy athmuation constant in met,ers-I as given from Eqs. 

(10.38) and ( 1 0 . 3 9 ~ ) ~  following. 
ENGLISH UNITS. For English unit.s, a t  normal t c m p ~ r a t ~ u r e  (2z0C or 

71.6"F), the  reverberation time including t,he effects of air ahsorption is 

\\.11(,r(. 1-  - \ .ol~~nit\  of rooni i l l  cut)ic feet 
a = :~\tsorl)t io11 units i l l  s : ~ l ) i ~ ~ s  (s(111;~l.e feet) 
n7 = cl~crgy : ~ t t ( > ~ i u a t i o ~ ~  ~ . o I I s ~ . : L I ~ ~  i l l  feet;-' a s  given from IS(ls. 

(10.38) a ~ i d  (10.3!111) or from b'ig. (10.18) 
I)cferiiritln!ioi~ OJ 137~er!j!j tl t tunuat iot~ ( 'o~ i s lar~ l  m .  T h e  quantity m, the 

e r ic~r~y  :1tt,cn11atio1l ( . o ~ ~ s t a n t ,  is made up of two parts. One part  arises 
from thc cff'cc.ts of viscosity and heat conductio~t in the gas and the other 
part from the effects of molccwlar ab~orpt~ion and dispersion in polyatomic 
gascs involving an escha~lge of translational and vibrational energy 

For air, the first part  is given by the equation 

The second part,, m,,,, is found from 1;ig. 10.17. T o  determine m ,  from 
Fig. 10.17, thc follo\virlg p rocdure  is used: 

1. I k g i ~ i  \vit,l~ t,hc proprr tempcrstr~rc in degrces centigrade and move 
lcJl from the lo\vclr co~t t .~ ' r  line of thc nomogram (15°C in the  example 
s h o ~ v ~ ~ ) .  

2. Stop the line a t  thc propt'r rc>l,zt,ivc humidity (50% 1i.H. in the 



-, 
3. a love vertically to  the lo~vcr cdgr of the shaded rcgion. 1tlc11 move 

right to the proper frequency contour (3000 vps in the examplc sho\vn). 
4. Then move downward t o  the K scale (K = 2.4 in the example 

shown). 
5. Start  with the temperature again, and move to the right t o  the lower 

right curve and thence upward to  the log M + 7 scale (in the example 
shown, log M + 7 = f-0.07). 

Relat~ve humidity in per cent 

FIG. 10.18. Measured values of the  energy attenuation constant m as  a function of 
relative humidity for different frequencies, I ( x )  = lo exp (-mz). The  temperature 
is assumed to be about 68°F. (AJter Knudsen and Harris,12 "Acoustical Designing 
in Architecture," p. 1G0, 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-I). 

The value of m is equal t o  the sum of the two parts, 

or, 
m = 0.305(ml + m,) ft- (10.390) 

where m1 is given by Eq. (10 38) and m, is given by Fig. 10.17, both in  
metric units 

At normal room tcrnpcrat11rrs (F A G8"1;), measured qusnt~t ics  cquiv- 
alent to  Eq. (10 3%) are p l o t t d  in Fig. 10.18 as a function of relative 
humidity in per cent.12 Thcse qu:~~itities are higher than those calculated 

V. 0 I < n ~ l d s m  and C. ;\I. llarris, "Acoustical T)c:sigrlir~g in Arcllitecturc," p. 160, 
Fig. 8.10, .To1111 \Yilry h Sons. In( , . ,  Ncw Ynrk, 1!)50. 
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from Eq. (10.390) for reasons that  are not fully understood. It is com- 
mon practice to  use the measured values in solutions of pracatical problems. 

As incidental information, the number of decibels that  the wave is 
attenuated in traveling through the air for each unit of distance is 

A, = 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 t o  the room by the  source a t  
a rate faster than i t  is absorbed a t  the boundary surfaces until a condition 
of equilibrium is achieved. I n  the equilibrium condition, t he  energy 
absorbed and the energy supplied by the source are equal. 

I t  is convenient t o  divide the sound field into two distinct parts, the 
direct sound jleld and the reverberant sound jield. By definition, the  sound 
field is "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 D  will be absorbed by the wall a t  the time of the first reflection, 
and WR will be absorbed during all subsequent reflections. Obviously 
W = W o  + WE,  neglecting absorption in the air for the moment. 

Boundary Absorption Only .  If the sound source is nondirectional and 
is centrally located in the room, the spherical sound wave emitted by i t  
will undergo a reflection after i t  has traveled a mean-free-path distance. 
The walls from which i t  reflects have an average absorption coefficient E .  

Hence, the power supplied by the source associated with the direct 
wave equals the power absorbed on first reflection. This power is, by 
definition, 

WD = WE (10.41) 

and the power supplied by the source to  the reverberant sound field is 

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 E is equal to  l/tf = cS/4V. 
Then the total reverberant cnergy per second removed from the room is 

E 
D'V = W R  

t 
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steady-state reverberant sound energy density in watt- 
seconds per cubic meter 
total power supplied by the source in watts 
volume of room in cubic meters 
speed of sound in meters per second 
area of surfaces of room in square meters 
average sound absorption coefficient 

Combining Eqs. (10.15) and (10.43), we get 

whtrc:, by definition, 

s E  11" = room constant, m2 
1 - 6  

(10.45) 

where S is in square meters, or 

s E R = ---- = room constant, f t2  (10.46) 
1 - 6  

whcrv S is in square feet. 
7 7 1 he 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 R. 

.4ir and Boundary Absorption. The reduction in the energy density of 
the sound wave due t o  air cbsorption while i t  traverses one mean free 
path of distance equals D' exp ( - 4 m V / S ) .  I n  t sec the sound wave will 
make t / t l  mean free path traversals, where t' = 4V/cS  is the time for the 
wa1.e t o  make one traversal of the room. The total power absorbed from 
the reverberant waves in the room will equal that  absorbed a t  the bound- 
aries plus tha t  absorbed in the air. 

Powcr absorbcd a t  boundaries = D'I. ($)a (10.47) 

c s  Po\\ er abso rhd  i n  air = L)' V - ( 1  - e-4mV/s)  (10.48) 
4 v  

Total power ahorbed  from revcr11cr:rnt sound field 
- - we-4mv/s (1  - 3) (10.49) 

= total room constant, m" 
where 

4mV 
E T I h + -  

S 

= total room constant, ft2 
Then, in metric units ,  

Equation (10.56) is identical in form to Eq. (10.44) except that the 
average absorption coefficient has been increased by 4 m V / S .  

10.14. Total Steady-state Sound Energy Density. Nondirectional 
Sound Source. Near a point source of sound, the sound int,ensity is 
greater than a t  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 ~nouth,  the room surround- 
ing them has negligible effect on what the listener hears when the second 
person talks. *It 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 

where D, = 

Pr - 
energy density a t  a point a distance r from the center of a 
spherical source in watt-seconds per cubic meter 
magnitude of the rms sound pressure nt  the samv point in 
newtons per square metcr 
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The sound pressure due to a spherical sourcc is rclat,cd to  the power 
radiated as 

Combining the equations for the direct and the reverberant sound 
energy densities (10.44) and (10.581, we get the mean-square pressure 
lpl* a t  any point a distance r away from the source in the room, 

Expressed as sound pressure level in decibels, 

SPL = 10 loglo W + 10 loglo poc + 04 

where SPL = sound pressure level in decibels re 0.0002 microbar (0.00002 
newton/m2) a t  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 (71.6OF) and 751 mm Hg, 10 loglo POC = 10 log10 
407 = 26.1 d b  (mks units). 

r = distance from the center of the source in meters. 
R' = S E / ( ~  - E) = room constant in square meters. If there 

is air absorption, E is replaced by ET of Eq. (10.53). 
E = average sound absorption coefficient for the room (dimen- 

sionless) [see Eq. (lO.l7)]. 
S = area of bounding surfaces of the room in square meters [see 

Eq. (10.18)]. 
Finally, remembering tha t  the power level PWL is 

W 
PWL = 10 log10 

lo-l3 
= 10 loglo W + 130 d b  

we get, in metric units, 

SPL = PWL + 10 loglo p o ~  - 36 

In  English units, SPL, W ,  pot, and E are the same as given after Eq. 
(10.60), but r2, I?, ant1 S are in square feet. We ha1.e 

At normal temperature and pressure (71.G°F and 30 in. I-Tg), 

SPL = PWL + 10 loglo (& + i) + 0.5 db  (10.64) 

where r = distance from the center of the source in feet 
R = room constant in square feet [see Eqs. (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). 

Sea 
level 

5000 5 - 
10,000 .5 

a, 

15,000 2 - - 
20,000 : " 

m 

25.000 .: 
e 

30,000 $ 
35.000 

FIG. 10.19. Corrections for temperature and barometric pressure t o  be added to 
Eqs. (10.61), (10.66), (10.73), and (10.75). The temperature is in drgrers Fahren- 
heit, and the atmospheric pressure is in inches of mercury, B. Zrro 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 parameter in the curves 
is the average absorption coefficient E, or ET 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 t o  the power 
level in decibels, with the room constant R in square feet as the parameter. 

IJct us  look in detail a t  the curve for R = 1000 (square feet). \Vhen 
tht: o1)serving microphone is wit,hin 3 f t  of the cerltcr of a cont.iriuonsly 
s o u ~ ~ d i l i g  sphc:rical source, thc: sound pressure Icvcl is nearly thc same as 



i f  t,lle room \vcre no t  ~ . I I C I T .  T h a t  is t o  sag,  tllc p r c ~ i ~ ~ r ( '  is dilTvr(v1t I)y 
less t han  1 dl)  from t h a t  in open air. 0 1 1  thc  01,110r ~ : L I I ( ~ ,  \ v ~ ( ~ I I  on(; is 

more than  20 f t  from t h e  w n t e r  of t h e  sourcc, t hc  s o ~ ~ n d  p r c ~ ~ l r ~  l cvd  on 
t . 1 1 ~  average is constant  a t  :ill positions in the  room. As 11.c st :~tctl  I)vforc, 
it, is necessary in measuring the  sound prcssr~rc t o  rot:tt,c or otherwise 
move the  microphone over a wavelength of tlista~lcc so  a s  t o  obt,ain the 
rms average of t h e  s tanding waves in t.he room. 

Room volume V in ft3 

FIG. 10.20. Valuc of thr room constant 11 as a funct ion of room volume for rooms 
lvitlr proportions of ;ilm~lt 1 : 1.5:2. Thcse proportions givc S = 6.2~V3~.  The 
par:tmet.cr is the averagc, sorll~(l-:~hsor~tion coefficirnt for the room. Thc subjrctive 
ratings "dead," "live," and so forth, arc the author's and arr not necessarily in 
standard use. 

As a practical example i t  is clear t h a t  a workman with his head very 
near a noisy machine v-ill receive very little benefit from increasing the  
magnitude of t h e  average absorption in t h e  room, i.e., increasing R. 
However, workmen a t  a distance from the  machille will be exposed t o  
3 db less sound pressure level for  each doubling of the  room constant R. 

Small Directional Sound Sol~rce. We have dealt  with nondircctional 
sources in the  precedirrg so t h a t  t h c  direction in which r was 
measured did no t  ma t t e r .  'I'hc dircrtivity of :L sur~rc~(:  long any  radial 
lilw (called :in axis) m a y  bc spcc,ified by mcx;tlls of the  ciirt:cti\.it>y factor &. 
r .  
l h e  directivity fac tor  i s  sirrlply tllc r : ~ t i o  of tIic Incwl-scllIar(' sound 
Pressure p' l ~ r o t l u c d  I,y t]l(: s ~ u r t ~ :  at, a point dist f1.0111 the 
sour('c to  thct mtxll-s(lll:~r(> ~ 0 1 1 1 1 ( ]  p r ( ~ - ~ ~ r ( ~  t,h:~f, wo,11(1 1 ) ~  r)rodtl(wl :lt f h t ,  

S:LI~I(: p o i ~ ~ t ,  l)y a ~io~\( l i~ . (~(*t iorr :~l  s o ~ ~ r ( ~ ~  of ~ I I V  same r)o\vcr. 'IYiis ( ~ U L L I I -  

tit,y, of collrsc, is not  orrly a function of the  axis calioscn b u t  also a function 
of t.he position of the  source in t h e  room and, for most sources, a function 
of freclucncy. 

T h e  rc.verberant sound errcrgy densit,y is indepentlcnt of position in the  
room, except for fluctuations due  t o  standing waves, and  is proportional 
to  the  tot.al power radiated 1)y the  sourc.c. I-Ie~rce, t,hr directivity factdot 

Distance frarn acoust~c center of a nond~rect~onal source in feet= r 

FIG. 10.21. Chart for determining the sound pressure levcl in a large, irregular room, 
produced by a nondirovtional sound sourcr. Thv ordinate equals the sound pressure 
levcl in decibels relative to the sound po\vcxr levcl. The parameter is the room con- 
stant II in  sqrlarc fwt. a s  definrd on the graph. For example, an  R of 1000 at a dis- 
tance of 0 f t  f rom the w n t c r  of the source givcs an ordinate reading of -22.5 db. If 
the powrr lc,\.cl is 125 dl,, the sound prrssurc level at  9 ft will be 102.5 db. 

has little effect on t h e  reverberant sound energy density o r  t h e  sound 
pressure level associated with i t .  An exception to th is  si tuation occurs 
when a highly directive source beams sound a t  a very highly absorbing 
surface in the  room. Very little reflection then occurs t o  produce a 
reverberant sound field. 

'I'hc tlircct sound energy density on a n y  axis is proportional t,o the  
dirt:rtivity factor 0. IIence, we simply have to make a correction t o  one 
part  of I<q. (10.O2). This  equatiorr in nzetric units becomes 

whtrc. ;dl syrnhols arc2 defi~red ;tltchr I$:(l ( IO.(iO) and  I'LVI, is given by 
ISc1 (10 C i l ) .  



&'or normal temperature and pressure, with r2 and R i n  square Jecl, 

SPL = PWL + 10 log10 (& + i) + 0.5 d b  (10.66) 

zorrections for temperature and  barometric pressure are given in Fig. 
10.19. Those  lumbers are  t o  be added to the sound pressure level given 
2y 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 

Relative sound pressure level = 

10 logl0[& + 4 t o 5  DL3 

The absolute sound pressure 
level equals the sum of the 
ordmate, and the power level 
at normal roorn temperature 
and pressure conditions 

the surface of the room 

4 5 6  8 2 3 4 5  
10 

Distance from acoust~c center of a d~rect~onal source in ft.= r 

FIG. 10.22. Same as  Fig. 10.19, except for a directional sound source with a directivity 
factor Q greater than unity. 

clearly tha t  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  uni ty ,  the direct sound field extends t o  a 
greater distance than if Q is uni ty  or less. 

For example, if Q = 16, t h e  direct sound field for R = 1000 (square 
feet) predominates out  t o  10 f t ,  a n d  the reverberant sound field does not 
predominate until a distance of 40 f t  has been achieved. However, for 
d! = >/4, the direct sound field for It = 1000 predominates o111y out to 
1.0 f t ,  and thc rcverbcrant sound prcdomil~;ttc:s as early as 5.0 f t .  In 
these examplcq we have ass~lrned that, the  sources are small enough SO 

tha t  we are i n  their "far-field." 

I!:\.oII \ ~ l i c r ~  the source is ~lornin:dly nondirectional, the  directivity 
factor (I) depends on the positio~l of the source in the room. For  example, 
wc see from Pig. 4.20 tha t  if a no~ldirectional source is located in a plane 
\\all, Q = 2 because the  power is radiated into hemispherical space only. 

S= total area of boundaries of room in sq. ft. 
S=average energy absorption coefficient of 

the surface of the roorn 

Q =directivity factor 

Distance from acoustic center of a directional source in ft.= r 

FIG. 10.23. Same as  Fig. 10.19, except for a directional sound source with a directivity 
factor Q less than unity. 

In Table 10.2, we show values of Q for four typical positions of a small 
nondirectional source in a large room. 

TABLE 10.2. Values of Q for Small Nondirectional Sources Located a t  Typical 
Positions in a Large Rectangular Room 

Poszlion in room Q 
Nearcenter . . . . . . . . . .  1 . . . . . . . . . . . . . . . .  

In center of onc wall . . . . . . . . . . . . . . . . . . . . . . .  2 
. . . . . . . . .  At edge, halfway between floor anti ceiling. 4 

Atcorner . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .  8 

We mentioned earlicr that-when the enclosure is small, i t  will react on 
the source to  modify its ~ d i a t . e d  power. Whether an enclosure is to  be 



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 cps. Such a 
room is a "small" room a t  lower frequencies below 200 cps and is a 
" large " room a t  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 a sound source is in 
a corner a t  either the floor or the ceiling level. Under this condition, the 

Frequency in cycles per second 

FIG. 10.24. Frequency response of a loudspeaker for four locations ( a )  a t  cornrr of a 
rectangular room; (b)  a t  center of onr wall a t  floor level; ( c )  a t  center of one wall 
halfway between Hoor and ceiling; and ((2) s~~spcnded a t  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 i t  a t  low frequencies than if i t  were elsewhere in the room. 
As an example, the average sound pressure levels in a near-rectangular 
room for a direct-radiator loudspeaker placed a t  each of four positions 
are shown in Fig. 10.24. I t  is seen that  about e,ight times as much power 
(9 db  more) is radiated from the loudspeaker a t  low frequencies if it is in 
t,he 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 out)put of this loudspeaker is not affected by the reaction of the 
room. 

Finally, we make t,he observation that the average direct energy density 
DD is relat,ed to the power radiated by the source regardless of its direc- 
tivity factor by 

where t' is the time for a mean free path. From Eq. (10.19), \ye have 

Large Sound Source Coverinq 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 = SWL, where S m  is the area of the radiating mall and 
L is the length of the room perpendicular to it. 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 densit.v 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 I, across the room, whereupon it 
experiences its first reflection. 

The reverberant part of the sound energy density is, from Eq. (10.43), 

The direct part of t,he 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/c, so that  

TVL W L  - W Du = -- = -- - - 
v c  SwLc Swc 

where ST = area of the radiating mall in square meters 
L = length of the room perpendicular to the radiating wall in 

meters 
'I'he total sound energy density D T  is the sum of Eqs. (10.69) and 

(10.70), 

In terms of sound presswc, rlsirig Eq. (10.15), we have 
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The validity of this equation in the frequency range above 150 cps for a 
room with dimension L = 16 f t  and Sw = 9 X 12 = 108 ft2 has been 
established by London.13 

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-field" 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 log,, (A + ;) + 0.5 db 

where PWL is as given in Eq. (10.61) and is for the power radiated by the 
wall, and 

S w  = area of the radiating wall in square feet 
R = & S / ( l  - 6) 

S = total area of all surfaces of the room in square feet 
5 = average absorption coefficient of the room 

In the "far-field," that  is to say, a t  a considerable distance from the 
wall, the sound pressure level will be somewhere between that given by 
Eq. (10.73) and tha t  given by Eq. (10.66), with Q = 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 RT 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 f t ,  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 a 2  = 0.4; the rear 
wall has a 3  = 0.6; and the front wall and floor have a 4  = 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 iu; 
(c) the total number of absorption units in sabins; (d) the reverberation time of the 
room; (e) the reverberant sound energy density; (1) the direct sound energy density; 
(g )  the sound pressure level a t  20 f t  for Q = 1 and for Q = 20. 

Solution. a. The volume of the room is 

V = 1.2 X 106 ft3 (3.4 X lo4  m3) 

The total surface area is 

S = 8.8 X lo4 ft2(8.15 X lo3 m2)  

l3  A. London, Mcthods for Determining Sound Transmission Loss in the Field, 
J. Research Natl. Bur. Standards, 26 : 410-453 (1% 1). 
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c. The total numbcr of absorption units in sabins is (see Fig. 10.15), 

d. The reverberation time is 

e. The reverberant sound energy density is (see Eq. 10.43), in metric units, 

f. The direct sound energy density is (see Eq. 10.68), in metric units, 

g. The power level is 
PWL = 10 loglo 10 + 130 

= 140 db 
The room constant is 

SG 8.8 X lo4 X 0.28 R = ---- = 
1 - 6  0.72 

= 3.4 x 104 f t2 

I The sound pressure level for Q = 1 is given by Eq. (10.64). 

I The sound pressure level for Q = 20 is given by Eq. (10.66). 

SPL = 140 + 10 loglo 
4 x 10-4 + T) + 0.5 

= 140 - 24 + 0.5 
= 116.5 db re 0.0002 microbar 

Example 10.6. The power level of a noise source in the adjoining room is atten- 

i 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) a t  a distance of 100 ft from 
the wall? 
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b. In  ICq. (l0.66), we find that  the  first tcrm in the xrgrin~ent of t,hc logarithnl equals 
2/(4a X 104) = 0.159 X lo-'. I n  ( a ) ,  the first term rquxlrd >iOo0 = 1.67 X lo-'. 
Thc  true answer is sorncwhcre in bct\vcen, so Ict us assume arbitrarily the first term 
to  equal 0.5 X lo-'. This yields 

SPL = 80 + 10 loglo (0.5 X l W 4  + 1.26 X lo-') + 0.5 
= 80 - 37.5 + 0.5 A 43 d b  

PART XXV S o u n d  Transrn ission t lzro~llz  IValls between Enclo- 

sures  

10.16. Transmission Loss (TL) and Noise Reduction (NR). Trans- 
mission Loss. The characteristics of a wall placed hetwcen two rooms is 
usually expressed in terms of the trat~smission loss (TI,) in decibels. 
Transmission loss is defined as the ratio (expressed in decibels) of the 
acoustic energy transmitted through the wall to  thc acoustic energy 
incident upon it. Because the area is the same for both the numerator 
and denominator, the transmissiori loss is said to apply to unit area. In 
the United States, this is usually taken to be 1 ft2. Mathematically, 

where W1 = acoustic power in watts incident on the wall of area ST,, 
(measured with perfectly absorbing wall) 

Wz = acoustic: power in watts radiated by the \vall into a perfectly 
absorbing space 

T = lYz / lV l  = transmissiot~ coefficicl~t, 
The transmission loss may be deterrni~letl by at1 experimental arrange- 

mcnt like that  shown it1 Fig. 10.25 3 1 1 ~ 1  \ v l~ i~ .h  is cur~.cntly uscd a t  the 
National Bureau of Standards. Thc wall unclcr test is 7 ft  G in. wide atid 
6 f t  high, and the dimensiorls of the sound-tratlsmitti~~g area of the panel 
are G f t  G in. wide by 5 ft. The sour(:(: of sound is placed in room I ,  and 
the  transmitted so~lncl is mc:~surc:(l in room 2. 

'I'he sound prcssurc level is measurcd i n  both rooms by rnovitlg micro- 
phones so as to measure the rms average i n  space. In room 1, the source 
is usually small, and t,he sound prcsstlre level is measured in the rever- 
berant region of the room, i e . ,  where thc room constant & is small com- 
pared to 1Gar2 and (3 is essentially unit3y.'* In room 2, the sound is 
either measured by averaging the sound pressure level over the entire 
volume of the room or else averaging i t  in a plane parallel to  and very 
near the wall. London13 recommends the latter technique. He has 
shown, also, that  if one makes measurements very near the wall in a 
highly reverberant room, the sou11d pressure levels are about 2.5 db higher 
than those obtained by averaging the sound field in the room. This 

L~ane l :  7'6 x 6' high Room No. 2: 9' high 

FIG. 10.25. Two-room arrangement used a t  the National Bureau of Standards for 
measnring the transmission of sound through panels. The panel under test is mounted 
brtn-cen 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)] 

4 
SPL~ PWL + 10 loglo - db  (10.75) 

R1 

where PWL = 10 loglo (W/10-13) db re 10-l3 watt. 
W = acoustic power i t1  \vatts radiated by the source in room 1. 
R1 = [&i.S/(l - 6)11 - room constant in square f e d  for room 

1. If there is air absorption, replace 5 by ZT of Eq. 
(10 53). 

Normal temperature and pressure are assumed, and the 0.5 db term of 
E(1. (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 thc power W(l - E ) ] ,  because an energy density propor- 
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tiona] to &W is associated with the direct sound field [see Eq. (10.41)]. 
The acoustic power W1 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 S W C Y ~ / S E ~ ,  that is, 

The subscripts 1 indicate that the quantities are for room 1. 
The power W2 transmitted into room 2 equals 7W1 [see Eq. (10.74)]; so 

Expressing Wz as power level in decibels gives us the source power level 
in room 2 in terms of the power Ievel of the actual source in room 1. 

S w  PWL2 = PWL + 10 loglo - - TL db (10.78) 
R1 

From Eq. (10.75), we get 
s w PWLz = SPLl + 10 loglo - - TL db 
4 

(10.79) 

Substituting PWL2 into Eq. (10.73) yields the sound pressure level in 
room 2. 

In terms of the power level in room 1 (see Eq. 10.75), 

Solving for the transmission loss from Eq.  (10.80~) gives 

Noise Reduction. The noise reduction in decibels is defined as 

NR -- SPLl - SPL2 db (10.82) 

Then, the noise reduction provided by a wall between two rooms is 

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- 

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. 

Sw = area of the transmitting wall either in square meters or in 
square feet. 

Rz = room constant for room 2 = [&/(I - ~)]2 ,  where S is the 
total area of the surfaces of the room on the secondary side 
and ZY is the average absorption coefficient for room 2. 
S must have the same dimensions as Sw. If there is air 
absorption, replace E by a~ 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. 

I t  should be noted especially that if the secondary side of the panel 
opens into a room with large absorption (R2 large) or if i t  opens outdoors, 
the noise reduction equals 

N R = T L + 6 d b  (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, a t  a 
great enough distance from the wall, Eq. (10.80) becomes 

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- 
mission Loss. The  National Bureau of Standards and the Riverbank 
Laboratories a t  Geneva, Ill., are the accepted "official " laboratories in 
the United States for measuring the transmission loss of walls. These 
laboratories generally measure a t  frequencies of 125, 250, 500, 1000, 2000, 
and 4000 cps. The  average transmission loss is determined by taking a 
simple arithmetic average of the transmission losses in decibels a t  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 a t  200, 300, 500, 700, 1000, 1600, and 2000 cps. 
The average transmission losses generally do not differ much between the 
two countries. 



Single  W a l l s .  T h e  transmission loss (TIJ) 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 frequelicy. The thick- 

ness is generally not important for walls tha t  are under 12 in. except in SO 

FIG. 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 incidrnt normal to the face of t he  panel, the transmission loss 
increases 6 d b  for a doubling of the  abscissa rather than  5 db  a s  is shown hcre for 
randomly incident sound. 

f a r  as  i t  increases the  surface density. T h e  transmission-loss curve, for 
sound t h a t  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. I n  
Table 10.3, we show the surface densities for a l-in.-thick wall made from 

TABLE 10.3. Wcights of Common Building Materials 

Sur face  densi ty ,  
h l n h i a l  I b / f t 2 / ( i n c h  th ickness)  
. . . . . . . . . . . . . . . . . . . . . . .  Brick 1C-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 matc,risls tabulated. Icor a 2-in.-thick wall, the surface density 
clo~~bles, and so forth. 

Jl ul f iple  Walls .  When the average transmission loss must exceed 
40 dl), it is ~ c ~ ~ r r : ~ I l y  cconorni(~:tl t,o use double walls. The  avcrage trans- 
missiot~ loss t l i r o ~ ~ g h  them is usu:~lly 5 to 10 db greater for a given weight 
of matcrial than i t  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 coristructions is shown. 

FIG. 10.27. Average transnrission losses (TI,) for various structures constructed as 
shown. In  compiling this chart ,  it was assumcd t h a t  no flanking paths exist. That  
is to say, all the  sound arrives in the receiving room through the  panel and not via 
alternate paths. 

1 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 

1 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  
thc transmission loss would increase a1)out 5 db, as  we found in the  
previous sections. IIerice, the double wall is about 8 db  better than the 
single wall for the same total weight. 

'fhe problem of incorporating double walls into building structures is 
beyond the scope of this book. Tht: render is referred to  C u l l ~ r n ' ~  

" I). J .  W .  Cullurn, ' ' T l ~ e  I'ractical Applicatiori of Acoustic Principles," pp. 53-61, 
Span, Ltd., l,oridon, 1949. 
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for some architectural details. Extensive research has been done in 
England16 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. T o  determine the value of the transmission loss for insertion 
into Eq. (10.83) or Eq. (10.85) so as  t o  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 

total area of all surfaces of the enclosure either in 
square meters or in square feet 
areas of particular surfaces of the room in the same 
units as S 
transmission coefficients for those surfaces, respec- 
tively, found by use of 

where T,, = 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 36-in.-thick glass window in it, 
if the areas are 200 ft2 and 20 ft2, respectively. 

Solution. From Fig. 10.27 we see that,  for glass, TL1 = 26 db and, for 4 in .  con- 
crete block, TL, = 46 db. So 

7 1  = (antiloglo 29io)-' = (4 X 10')-I = 2.5 X lo-' 
7 1  = (antiloglo 49{o)-1 = (4 X 10')-1 = 2.5 X 

Hence, 
SITI + S 2 7 2  - 0.05 + 0.005 = 2,75 

T*vg - S 
- 

200 

I t  is seen that  the transmission through the small window (Slrl) is much greater 
than that  through the remainder of the large wall (S2rZ). The transmission loss for 
the combination is 

l6 Building Research Station, Watford, Herts., England. 
1' 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 
>I-in.-thick panes separated 1 in., the transmission loss for the whole structure would 
cqual 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 f t .  In this wall is a double window, 
made of two 35-in.-thick panes separated by 6 in. of air and having dimensions of 
10 X 3 ft. Determine the sound pressure level a t  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. 

In front of the window, the noise reduction is found from Eq. (10.83). 

The sound pressure level equals 

To one side of the window, the sound pressure level equals 



CHAPTER 11 

NOISE CONTROL 

PART X X V I  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 bec~oming lighter and lighter in - 

weight. Because of the absence of specifications for tolerable noise 
levels, building codes in many nations have permitted specvlative build- 
ers t o  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 t o  our cities. The airport noise problem 
has been a major deterrent t o  widespread private flying because the com- 
plaints of neighbors concerning the noise have made it  necessary to  locate 
flying fields in relatively inaccessible regions. 

I n  the factory and office we have serious noise problems also. Drop 
I 

forges, riveting machines, cutters, grinders, can-making, and weaving I 
i 

machines are a few examples of sources of noise that  may affect hearing 
permanently and interfere with speech communication. 

Passengers inside aircraft must t)e protected from the intense noise of 
the propellers and exhausts. This is accomplished partially by lining the 

1 
fuselage with acoustical materials. I 

In  recent years, the jet airplane has become one of the worst of our \ 
noise sources. The engines themselves must be tested in test. (:ells that  
are rendered sufficiently quiet so as not t o  disturb neighbors. Jet air- 
caraft not in flight must be backed against large mufflers located on the 
ramps a t  airports when warming up. As yet, there is no solutioll t o  the 
problem of ~ s t ~ c r i o r  noise radiated in flight. 

I 

2\11 these problems require the attention of acoustical engineers. A 
purpose of t,his c:hapter is t o  p r e sc~~ t  the procctlurcs by \~hic.h on(: attempts 
to solve typical ~roise problctns a n d  t,o givs pcrforrnance d:~t:t 011 some of 
the more comrnolr acoustic: struc.t.ures t~sc:d i r ~  rroise toll t1.01. 
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,, J hc ptw1)lern of' ~loiw ~.~(lu(*tiolr is giv(~ll it,s p ~ . o p ( ~  mealling and (-on- 
test  hy the prcsc\nce of ptoplc as 1ist.eners. Criteria for ncoustical design 
have been developed for factory spaces, offices, aircraft, and residential 
dist,ricts. Somc of t,hesc criteria will be prescl~ted in Clhaj). 13, which 
deals with psychoacoustiml phenomena. 111 this chapt,er, we shall con- 
fine oursc:l\w to the physii'~i1 side of the problem, leaving the amount of 
necessary noise reduction for a particular problem as something to be 
derided a f k r  a, psychoacoust,ic criterion is selected. 

11.2. Noise-control Procedures. Factors in Noise Control. The first 
rule of noise control is to  design or t,o modify the construction of the 
marhine or device so that  it is less noisy. Sometimes this can be done 
by such steps as replacing gears by a V-belt drive; using vibrat,ion mounts 
under the foot,ings so that  vibrations will not be transmitted into other 
structures t o  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 t.he direction in which the list,ener is located. This may some- 
times be accomplished by rotdating 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 t o  the sides where the audience 
was seated. 

Still another approach is t o  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. I n  that  case, we must resort t o  one or more of the three stand- 
ard techniques for noise control, r~iz . ,  relocating, muffling, or enclosing 
the device. I n  order that  the engineer may apply any one of these tech- 
niques quantitatively, mre must consider the following factors if a satis- 
factory solution t o  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. lisually, noise meas- 
urements are made in one of the following wavs:' 

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. 

h. With a one-t,hird octave-band analyzer having 25 frequency bands: 
20 t,o 45, 45 to 57, 57 to 71, 71 to '10, 90 to  114, 114 to 142, 142 to 180, 180 



to 228, 228 to  284, 284 to 360, 300 to  456, 450 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, 45-14 to 57G0, 57GO to 72!Ni, 7296 t>o 9088, and 
0088 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 haye 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 
1-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 a t  
various frequencies should be measured. 

3. The  transmission path or environment coupling the source of noise 
t o  the listeners' ears should he 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 i 
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 
in te r~ening  structures such as mufflers, ducts, \valls, and hills. These 

1 

must be considered, \~he ther  near the source or near the listener, or both. I 
4. The criteria that  are applicable to  the problem a t  hand must be 

I 

selected. For example, if i t  were decided that  workers near a factory 
should be able t o  converse a ~ d  tha t  distant neighbors should not be 
annoyed by the noise, the sound levels should be reduced below those ! 

I 
shown by the appropriate curves in Par t  XXXII  that express the maxi- i 
mum sound pressure l e ~ e l s  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 fartors above. The  power level (in decibels) plus 
the directivity indcx ~ n i n l ~ s  the cffects of environment and intervening 
structures give the s w i l t l  j)rcwure levc.1~ due t o  the source a t  the listener's 
position. The difftw>nrc I)c.t\\.ctcw thc sound prcssurc levels a t  the listen- 
er's position and tllc, ;~j,plic,:~i)l~ vritcrion curve is the anlount of noise 
rctluction (in clecibcls) 01:l t  11111~(, I)(! :t(:l~ieved. 

V,ibralion Isolation. Al1,hough this text is devoted entirely to  the 
acoustdcs side of noise redurtion, t>he importance of and the need for 
vibrat,ion isolation should not bc overlooked. Many times a device can 
be quieted adequately hy merely mounting it on rubber isolators so that 
its vibrations do not excite sl~rrounding structures that will in turn 
radiate noise. Recent texts on vibration are referred t o  in the 

Illustration of Noise Control. To aid 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 
ahown beside the first diagram (a). The noise spectrum is measured in 
eight octave frequency bands a t  the position marked M on the first 
diagram. 

The bar diagram a t  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 t o  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  XXXII .  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 a t  the lower 
frequencies. I n  this example, vibration isolation is of value but is not in 
itself sufficient. 

In  (c) we show that  a small advantage results from erecting a short wall 
next t o  the machine. 

I n  (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 
a t  the higher frequencies. 

C. 15. Crede, "Vihr;ttion nnd Shock Isolation," John Wiley & Sons, Inc., New 
York, 1951. 

I f .  M. IIanscr~ m d  1'. l?. Chenen, " hlechanics of Vibration," John Wiley & Sons, 
Inc., New York, 1952. 
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Frequency band in cycles per second . - 

FIG. 11.2. Average long-time sound power levels relative to 10-la watt are shown for 
average male voices and for 15- and 75-piece orchestras. For the human voice, the 
pe&ks 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. 

Frequency band in cycles per second 
FIG. 11.3. Sound power levels as read on the slow meter scale of an octave-band 
analyzer for chipping hammers of various makes operating with 90 lb/in.2 air. ( A )  
Hammer operating on 1% by 18- by %-in. (thick) steel plate; (B) hammer operating In 
mid-air; (C) same for arc welding with 300 amp current. 
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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 

--- 1 Swingframe grinder 
2 Electric grinders 

3 140 4 Portable air grinders 
2 Arc welders 
3 Oxyacetylene torches 

- . . . . . . . . . . . . . . 1 Small pneumat~c wrench 

Freauency band in cycles per second 
FIG. 11.4. Sound power levels as read on the slow meter scale of an octave-band 
analyzer for a number of industrial tools. 

Frequency band in cycles per second 

FIG. 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 cxample, a ventilating fan used in 
air-conditioning systems appears t o  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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Frequency band in  cycles per second 

FIG 11.6 Office machinrry nolsc. Da ta  were taken In large offices, and d~f fuse  room 
c o n d ~ t ~ o n s  were assumed. Da ta  ue re  read from a n  average meter a s  3 d b  bclow 
frequent peaks. All office n ~ a c h ~ n e s  mere of a v ~ n t a g e  prlor to 1050. 
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Frequency band in cycles per second 

FIG. 11.7 Sound power levels produced by turbo-jet engines (without propellers) for 
three powers of jet. 

There are cases, of course, where a small enclosure react.s on the source 
so strongly as t o  modify its radiated power. S11c.h situations must USU- 
ally be handled by exact mathematical an:tlysis. 

We shall divide sound sources into sever:d gc,nernl grollps for analysis. 
These groups fall into three 1)ro:id ca t  tyy)ricss a s  sho\v11 i n  Ta1)lt. 1 1 . 1 .  
Po\wr li~vc~ls, tit.trc,r directly rncnsuwtl or c'stjrnatwl from a\.iiil:il)lc data, 

Frequency band in cycles per second 

FIG. 11.8. Sor~nd poner l r ~ e l s  produced by a ;i-in.-diameter stcam liost~ useti for 
clcanmg nlcat-grinding equipment. 

Tip speed in ft/sec 

FIG. I I.!). Over-all sound po\vcr lrvels produced in flight by propc,ll(:rs of 1952 aa a 
function of t ip  sprrd and horsq)o\vrr per blade. 

for t,hc Sew sourc,cs list,ed in Table 1 1 .  I, are shown in Figs. 11.2 to I 1.1 I .  
Thcse graphs exprcss the po\ver l e \ d  in each of eight frequency bands, 
wlicrc power l e \ d  is dcfincd as 

12' 
PWI, = 10 log,, --, dh (11.1) 

1 0- 
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11.4. Directivity Patterns of Sources. The directivity pattern of a 
source of sound 1s a description, usually presented graphically, of the  
intensity levels a t  a given dis1:mc.e from the center of the source a s  a func- 
tion of angle 0 about the source on a designated plane passing 

1801 - I I I I I 

through 

20 75 150 300 600 1200 2400 4800 
75 150 300 600 1200 2400 4800 10,000 

Frequency band i n  cycles per second 
FIG. 11.10. Sound power band levels for two 4-engine aircraft a t  cruising speeds (1952 
vintage). 

1 Overall power level (all bands1 I I I I I 

I at rated load = 
100s 10 loglo HP 
DB RE 10-13 watt I I I I I  

Frequency band in cycles per second 

FIG. 11.11. Chart for determining the sound power band levels for ventilating fans 
of two types. Thc over-all power levcl is first dcterrnincd from the formula given 
on the graph, whcrc 131' is the rated horsepower of the fan when it is operated as  
rated. 
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Pressure level in decibels 
relative to Dressure at 0-0 

Pressure level in decibels 
relative to pressure a t 4  = 0 

FIG. 11.12. Directivity patterns for the human voice. [After Dunn and Farnsworth, 
J .  Acousl. 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. 

from the source so that they are in the far-field, i.e., the sound pressure 
decreases linearly with distance along the designated axis. 

I n  Figs. 11.12 to  11.14 we show the  directivity patterns a t  selec,ted 
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 Par t  XI. 



( a )  ( b )  

FIG. 11.13. Ilirectivity p:tttcrns for cruising aircraft. (a )  I'ropcllcr aircraft. (b) Jct 
aircraft. 
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~ ,AR'I .  XXV 11 Acorrstic Il'ransmission Paths 

The soul~d sourc2c and the 1istenc.r are roupled 1)). an aco~~st ic  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 
o~~ tdoor s  and eventually arrive a t  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 a t  a point in free space (spherical radiation) is related to the 
power radiated and the directivity index by t  

SPL = PWL + DI - 10 loglo S,  + 0.5 db (1 1.2) 

where PWL = power level in decibels re 10-l3 watt [see Eq. (11.1)] 
DI = 10 loglo Q = 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,  = 4ar2 = surface area in square feet of a sphere whose 

radius equals the distance r a t  which the sound pressure 
level is being determined 

I n  writing Eq. (1 1.2) 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. 

Hemispherical Radiation. Often, the sound source is located near the 
ground so that the power is radiated into "half space." In this case, a t  
all points, the sound intensities will he doubled, which means that they 
are 3 db  higher than those given by Eq. (11.2). The formula for this 
case is 

SPL = PWL + DI - 10 loglo Sh + 0.5 db (11.3) 

where Sh = 2ar2 = surface area in square feet of a hemisphere whose 
radius equals the distance r a t  which the sound pressure level is bring 
determined. In  this case also, the sound pressure level decreases G db for 
each doubling of distance. 

A i r  Losses-Theoretical. If the frequency of the radiated sound is 
greater than 1000 cps, loss of acoustic energy in the air may beco~ne sig- 
nificant and must be taken into account. The loss expressed in decibels 

t This equation comes directly from Eq.  ( I O . G G )  with R = m. 
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per ~nct,cr or per foot is [see Eq. (10.40)], 

A, = 4.34(mI + m ? )  db/m (1 1.4) 

A, = 1.324(mI + m,) db/ft (11.3) 
\\.here m, = loss in meter-' due to  viscosity and heat conduction as  given 

by Eq. (10.38) 
mz = loss in meter-' due t o  molecular absorption and dispersion 

and given by Fig. 10.17 

4 
j0 

Frequency in cycles per second 
F I G .  11.15. The relative importance of wind in increasing the attenuation of sound 
ovcr t h a t  measured under laboratory conditions. T h e  bottom curve gives the  attcnu- 
ation as calculated for air undcr laboratory conditions a t  40 per cent relative humidity. 
The two rcmainjng curves show values of attenuation actually mcasured in outdoor 
expcriments with the wind blowing from the  observer toward the source. The effects 
of spherical divergence and of humidity (the lowest curve) tvere subtracted. The  
diffcrcnce bet\vecn the upper two curves represents the attenuation due to the gusti- 
ncss (turbulcnce) of the wind and is seen to bc of the  order of magnitude of 4 t o  6 d b  
p ~ r  100 m. 'I'hcsc results were obtained by  measuring the sound pressure level a t  
tiiffcrcnt distances from the sound source located in a 12-m- (30-ft) high tower. 
If the wind hlo\vs from the source toward the  obscrver, the attenuations are nearly 
thme  of the bottom curve. (From Ingard.') 

Air Losscs-Measured4 Outdoors, the  attenuation of sound will be 
much greater than tha t  indoors, even on days when the air is "calm." 
7 7 I he greater attenuation is caused by ever-present air movements and 
loc.:~lizetl temperature gradients and rotational motion. I n  Fig. 11.15 we 
show a set of curves for outdoor-air attenuation 

I<. U. Ingard, Rcvicw of the Influence of Mctcorological Conditions on Sound 
I'ropng:~tion, J .  Acousl.  Soc. A t n c ~ . ,  25:  l05--ll  1 (1!15:3). Much of thc material in 
!Ills cl~:tptcr (.:in ljc f o ~ ~ n d  in "llnntlbook of Acoustic Noise Control," Vol. I ,  Physical 
. \wt~st i l . s ,  i,y 13oIt 1lvranc.k and Newman, Inc.  (1952). Order from Office of TechnicaJ 
S ~ : ~ - \ J ~ W S .  Ikp:trf.~nc~nt of Cornmcrce, Washington, D.C., PI3 No. 111,200. 
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T E I Z I ~ A I N  LOSSES. In addition t o  the  absorption in the air itself, sound 
is also attenuated in traycling over the  terrain. Wooded areas are more 
effective in attenuating sound than are grassy ones. Hills also aid in 
scattering the sound energy. Unfortunately, practical situations are so 
varied tha t  i t  is not possible to  discuss this problem here. 

@ O ~ l m  urn 0 a 20 40 60 80 100 120 140 160 

Sound speed Range in thousands of feet 
In tt/sec 

Temperature in OF Wmd velocity Dislance from sound source in feet 
In mt/hr ( e )  

FIG. 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 ncgative sound-spccd gradient, airplane a t  10,000 f t ;  (b) uniform positive sound- 
specd gradient, airplane a t  5000 f t ;  (c) temperature inversion, airplane a t  10,000 f t ;  
(d) temperature inversion of opposite type, airplane a t  5000 f t ;  ( e )  negative temper- 
a ture  gradient, source a t  5 f t ;  (f) positive temperature gradient, source a t  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 uaves and, hence, an  enhancement of their levels. 
T h e  reverse effect nil1 be observed on a hot summer's day when the sur- 
face of the earth is hcntcd to  a ternpc1l.ature much higher than that of the 
air :L dozen or more fact above it .  I n  this case, the sound may sccm to  
disappear ent i~cly in a distance of only 100 f t  



Six examples of diffrac*t,ion rauscd by tempc:r:tt.rlre gmdicnts arc s h o l ~ n  
i l l  Fig. 11.16. In (a) and ( e )  the temperat,\tt.c grntfient is negat.ive, and 
the sound is audible t o  a limited distance and the11 bends upward. I n  
(b) and (f) the gradient is positive, and a large part of the energy radiated 
ripward 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 
a t  about 5000 ft. The sound a t  the ground for these cases is refracted in 
a manner similar t o  the refract,ion of radio waves in the Kennelly-Heavi- 
side layer of ionized gas in the upper atmosphere. Note that  where t,he 
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 
t o  the simple relations of Eqs. (11.2) and (11.3). In  noise-reduction 
problems, the effects of temperature gradients must be borne in mind, 
hecause a noise-reduction treatment t ha t  is satisfactory most days and 
nights may, on certain occasions, be inadequate because of the failure of 
the inverse-distance law t.o 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 
Jvall, on the wavelength of the sound, on the distances the source and the 
listener are from the wall, and on the heights of the source and listener 
above the ground. Unless both the source and listener are a t  ground 
level and unless the noise source is reasonably near the wall so tha t  i ts  
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 assumpt,ion that  
the source and the microphone are near the ground, is s1lon.n in Fig. 
1 1. 17.5 The al)scissa to  this figure is given hy 

where H = height of barrier above the line of sight between source and 
observer 

R = horizontal distance from source to  barrier 
D = horizontal distance from harrier t o  obstrver 

Measured data are plotted on t h ~ s  graph for comparison. I t  is seen 
that  the attenuations are llm~ted In practice to about 15 to 'LO dh. 

R. 0. Frhr ,  The Reduction of I l i d~~s t r in l  Machine Soisc, I'roc. 2d Natl. Noise 
.4bulrn1~nt Syrr~posium (1951 \.  

11.6. Enclosing Walls. I\ \cry comnlon procedure for noise control 
is to cnclose completely 1,1111 source of noisc. If this is done, the con- 
siderations shown in Fig. 11.1 apply basically. First, the enclosure must 
be newly hermetically s ca ld ,  except for p l a ~ ~ n e d  ventilation. Second, 

the mass and structure of thc walls, windows. nnd doors must be so chosen 
that the desired a t t e~ lua t~on  is 
achieved. Third, the sorirce of 
~ ~ o i s e  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 Transmiss ion  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 
t~nclosure. 

Doors. Doors are a particularly 
troublesome problem because of 
the difficulty of achieving ade- 
quate seals around the edges and a t  
the threshold. Many nationally 
advertised doors, claimed to  give 
35 t o  45 db  average a t t r r~ l~a t ion ,  
have k e n  found to  give onlv 20 to 
25 db  of attenuation uhrn  in- 
stalled, simply owing to the lack 
of proper seals. 

The primary problem xvith seals 
is that  nearly all doors are irregular 

FIG. 11 17. .4ttenuat1on due  to a wall 
e rwted  to a h e ~ g h t  H above the  line of 
s ~ g h t  het\\cen sound source and observer 
lAfler Pehr The R~duclzon of Industrzai 
Machzne Nozse, Proc 2d Natl. Noise Abate- 
ment Symposzurr~ (1951) ] T h e  circles arc 
measured data  for H = 30 f t ,  R = 20 ft 
D = 100 ft, hi 40/X Beyond N = 15 
A was never greater t han  20 d b  ancl 
dropped to 12 db  at 3500 cps. 

enough so that some parts of the seal must be compressed as  much as 
54 in. in order for other parts of the seal t o  come in contact with the door 
Hccause of the large area involved a t  the points of pressure and becausc 
of the stiffness of t,he rr11)l)er or felt used, the force necessary to  produvc 
adequate caompression of the seal is very large. I t  is difficult, therefore 
for a person to push the door shut. Also, a heavy strain is put on thc 
fittings. 

Onc simple, and gent:rally sat,isfactory, type of seal is shown in Fig 
11  .IS. 'I'hc door closes ag:iinst an extruded rublxr gasket, 0.5 to 1.0 in 
wide. l'hc gasket can I)e run cwntinuorisly arourltl the door. 'rhc 
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principal disadvantage is that a raised sill is necessary, with the necessity 

?clearance for door 

An extruded rubber 
gasket door seal "- 

I 

FIG. 11.18. Example of a door seal 
made from an extruded rubber 
gasket. This seal runs around ail 
four edges of the door. 

for a sloping threshold on one side of it. 
'l'wo possible seals a t  the threshold 

are shown in Fig. 11.19~ and b.6 The 
draft excluder is a device that  is actu- 
ated by a plunger on the inside edge of 
the door. When the door is closed, the 
seal is forced down against the floor. 
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- 
mission, or else it must have heavy 
panels on each side floated in rubber 
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 

Seal to sill 

( a )  

Draft excluder - with door closed 

Draft excluder. with door open 

( b )  
FIG. 11.19. Two possible means for providing seals a t  the threshold of a door. (A f ter  
Cullum, " T h e  P~act ica l  Application of Acoustic Principles," Spon,  Lld., London, 1949.) 

the source of noise in order to reduce its disturbing effects. Instead, a 
muffler or a sound-attenuating duct must be uscd. 

9. J. W. Cuilum. "The Practical Application of Acoustic Principles," Spon, Ltd., 
h n d o n ,  1949. 
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I n  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. 

/ 

L,=12" 19" ber 

f 
sound wave 

(a )  

16 
Effect of adding 
bends to ducts , 

-.- 

Frequency in cycles per second 

(c) 
FIG. 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 ) .  

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. I t  is 

seen that  the attenuation is high a t  the basic resonance of the duct side 
walls (900 cps), a t  L1 = X/2 and 3X/2 and a t  high frequencies. 

If the bends are lined with an acoustic material with an absorption 
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cocficient in excess of O.S, the  losses arc given approximately by the 
curves of Fig. 11.21. 

LININGS. Linings in ducts are commonly used to  reduce noise emanat- 
ing from ventilatir~g fans. The  measured pc:rformance of four ducts each 
about 8 by 11 in. inside dimw~sions and each lined with a different 
material is shown in Fig. 11.22. T h e  da ta  are given as decibels per foot 

IS 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, bu t  the  
~bscissa is t h e  r:it io of the  perimeter P to  the  open cross-sectional area .4 
n itlrllc:s I .  I'rcc1uetrc:y is given as  thc parameter. From these data ,  it 

caonc:luded that ati approximate formula for the sound attenuation is7 

' H. J. Sabint., The AI)sorptiori o f  Noise in Vetitilating I h c l s ,  J. Arousl .  SOC. 
17m- . ,  12: 53 (1940). 

n,hcrc 5 = >t\rcxt.;Lge a\)sorpt ion cbocfic*icnt for t h t  acoustic material lining 
t hc: tit1c.t 

P = pcrimctcr of thc: itisiclc~ of the duct i n  inches 
A = cross-srrtionnl arcti of t.hc insidc of the drlct in square inches 

Frequency In cycles per second 

( b )  
FIG. 11.22. {a )  Sketch of a lined duc t ;  and (6) measured attrnuat~ons in drcibels prr 
foot for t h e  duct of (a )  with four d~fTrrc~nt materials. 

.4coustic Filters. Acoustic: tiltcrs arc, used in the exhaust pipe of 
e \ w y  automobile arid diesc.1-cngine locomoti\-e and on many industrial 
marhines. If a filter has no openings t o  t,he outside air except for the  
nercssary outlct opcning, i t ,  is easy t,o make it. rr:jec:t high-frequency 
s o ~ ~ n d . V t  is n11lc.h mow clifficwlt, t o  makc a filtttr reject lo\r.-frequency 
sound \\.hilt: passit~g h i~I~- f r ( : c l~~cn(y  sound. I n  general, there must be a 
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P/A i n  inches .- 
FIG. 11.23. Attenuation 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 mess- 
wed by Sabine.7 

Low pass 
No. 1 

Low pass 
No. 2 

Low pass 
No. 3 

High pass 
No. 1 

High pass 
No. 2 

Filter 

S2 (closed I 

. ,... . - 

pen I 

- b, (open) 

& 

TABLE 11.2 

Analogous circuit 
- 

Attenuation characteristic 

scparatc space into which onc can blccd the low-frequency sound if  a 
high-pass filtcr is to  be achieved, or else series diaphragms must  he used. 
Obviously, if continuous air flow through the filter is desired, series dia- 
phragms are not practical. 

rCircular section 

wo slots in 
ach of two 

lnta enter pipes 

Section A -A  
FIG. 11.24. Cross-sectional sketches of three nondissipative-type filters. (a)  Simple 
two-chamber filter with connecting tube. (b) and (c) 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 bascd on the assumption tha t  the filters are 
terminated a t  both ends in their image impedances. In  practice, this 
will not be true, arid the exact performance will depend on the nature of 
the  termination, Also, all dissipation has been neglected in the circuits. 



8 

Frequency in cycles per second 
FIG. 11.25. .1Ieasured attenuation curves for the threc filters of Fig. 11.24. 

Baffles wlth perforated .L Concrete duct 
metal facings 

FIG. 11.26. Elevation \,icw of thc cnd of a 1 ; ~ r ~ v  d ~ ~ c . t  rontni~ling ~~:tr;tllcl baffles. The 
Percentage open area is 1OO(S - l ) ) / , S .  l . : : ~ 1 1  I,nfRc. is I I S I I : I I I ~  co~~s t rnc tcd  from two 
parallrl shcrts of prrforittrtl 111cta1 fill(:(l wit11 gl;~ss 01. rnilrcr:~I i~oo l .  
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For low-pass filtcr. 1 ,  the holes on either end are acollstic masscs, arid 
t,he side protuberance is a n  acoustic capacitance. I n  the  impeclance 
analogy one obtains t,he equivalent, circuit shown. For  low-pass filter 2, 
t,he tulws on either cnd serve a s  ac:oust,ic masses. The  side protuI)erancc 
is a scrics :woust,ic: mass III-ovitled hy the  holes and an  acoustic complia~lce 

C A 2  111 low-pass filter 3, two  side protuberances and three sections of 

4 ~nch th~ck baffles 
fllled w ~ t h  

Frequency band in cycles per second 
FIG. 1 1  27. Attenuation In decibels per foot for baffles that  are 4 in. thick and  mounted 

~ t h  thc on-center spacings lnd~cated on the curves. The baffles usr~ally are filled 
ii 10) 1 l h ~  f t 3  I'lberglas or 6 Ih/ft3 rock wool. A ront~nuous-spectrum noise is assumed. 
Smoot htd curves were drawn through the exper~mental points. 

tube  are  shown. These produce two shun t  acoustic compliances and  
three series acoustic masses. 

I t i  the case of the high-pass filt,ers, the  shunt  branch is simply a tube  to  
the  open air. If L I  is made short ,  the  filters will not cut  off on t h e  high- 
S ~ q u e n c y  end until the  frequency is great. 

I!:xamples of thrcc practical filters are shown in Fig. 11.24. T h e  meas- 
urc~tl a t t c t~ \~ : t t i o r~s  :it.(: sho\v~i  in Fig. 11.25. IVoticct that, t h e  a\,erage 
a l  ~ ( . I I I I : L ~  ious for a f i l l  (%I.  of t l ~ i s  (.onst ruct io11 Iwc~omt~s 3s 11ig11 :is 25 db  
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a t  higher frrquencies More scrlions will incrtase the high-frccli~enc~ 
at,tcnuation, and a larger size will lower the lowest frequency of high 
attenuation 

5 - 
0 ..- 
L 

% 4 
V) - 
IU 
!2 

% 3 
(II .- 
c 0 .- 
w 

z 2 
IU c 
=x 

1 

0 
37 75 150 300 600 1200 2400 4800 
75 150 300 600 1200 2400 4800 10,000 

Frequency band in cycles per second 

FIG. 11.28. Same as Fig. 11.27 except with 6- and 8-in.-thick baffles filled with absorb- 
ing material a s  indicated. 

FIG. 11.29. Isometric drawing for standard Soundstream absorber. Each column has 
a maximum width of 5 f t  and a length of 8 f t ,  measured from thin portion to thin por- 
tion. The columns are separated so that  the latcral 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 a t  high speeds with low back pressures. For these 
applications, a series of 11arallcl 1,afTlt~s are frecluently used as in Fig. 
11.26, whwe parallel baffles of thickness I1 are shown with an on-center 
spaving ,9. 
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Th(~  pcdorrnanw of such I~af lcs  with t,hickncsses of 4 and 8 in. for n 
numtm of on-center spacings is shown in Figs. 11.27 and 11.28. The 
data are given in terms of decihcls per linear foot and are measured by 
moving a microphone through the structure (i.e., into the page for Fig. 
11.26) and plot,t,ing t,llr: sound pressure level as a function of distance. 
The slope of this curve gives the attenuation 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 d b  or more) are very difficult t o  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. 

100 

90 

80 
VI - 2 70 .- 
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$ 60 , .- , 50 
0 .- 5 40 
t 

2 30 
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20 

10 
I I t 1 1  I 1  
P 3 5 6  8 0 3 5 6  

20 40 100 400 loo0 4000 ?0,000 
Frequency i n  cycles per second 

FIG. 11.30. Performance curves for three lengths of standard Soundstream absorbing 
units constructed and mounted a s  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 f t  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 M u f i r s .  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 ease of d / h  = 1 a t  370 cps. These curves are valid approsi- 
mately for other sizes of mufflers if the abscissa is replaced by the scale 
given a t  t,he top of the graph. 

Flanking Transmission. I n  conclusion, i t  should be emphasized that, 
a sound-attenuating structure is no better than the most, transmissi\.c of 
its component parts. If  a concrete test cell for a propeller is t o  Ix used 

t This material is soid ~ l n d r r  t h r  trade namc of Soilndstrcam Al~sor l~er .  



i t ,  a location where the  criterion requires :t noise reduction of (iO d h  a t  a 
particular frequency, i t  does no good to provide this amount of att,enua- 
tion with thc  intake and exhaust, trcatmtbnts of the stacks and then t,o 
c.hoose conrrete jvalls tha t  a t t e n ~ m t e  the sorind only 45 dl). Also, i t  must 
he rememhercd tha t  sound \\.ill he tdrarrsmitted as vibrations along 

. 10 d -----------I 
( b )  

FIG. 11.31. Construction of two types of dissipative mufflers: (a)  solid packed; (b) 
airspaces and compartmentation behind absorptive layer. 

75 150 300 600 1200 2400 4800 10,000 
Frequency band in cycles per second 

FIG. 11.32. I'rrforrnance of the mufflers of Fig. I 1.31, for the special case of d/X = 1 a t  
370 cps. 

mechanical members and he reradiated a s  sotrnd. Jlcncc, vibration 
hreaks must be providctl a t  suffirient int,ervals t,o preserve thc  full value 
of the treatment. ITs~ially, vibrat,ion 1)rcaks are ncccssary in concrete 
structures and met,al mufflers whenever thc at.terluat,io~i exceeds 25 dh 
a t  frequencies below 100 cps or cxcectls 50 dl) at  freclucnc:ies abo1.e 
1000 cpfi. 

CHAPTER 12 

ACOUSTIC MEASUREICIENrTS 

PART XXVIII Measrzrement 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 

This part  discusses the  technique of measuring sound pressure levels, 
sound levels, arid power levels in frequency bauds of various widths. 
I t  presents the techniques t h a t  one must use when measuring fluctuating 
sounds and describes the  effect the angle of incidence has on the  readings 
of the sound-level meter. I t  tells how to  choose microphones, analyzers, 
and recorders for part'icular purposes. The effect of the  observer's 
presence on measured d a t a  is discussed, as well as the effect of the  meter 
case itself. Finally, this par t  discusses briefly the use of the American 
Standard sound-level meter. 

12.1. Sound Pressure and Power Levels. In  most cases, t h e  param- 
eter of a sound field tha t  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 tha t  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. Bcranek, "Acoustic hlensurcrnents," John Wilcy & Sons, Inc., New York, 
111.29. 

'A.  1'. G. I'ctcrson and I,. I,. Beranek, "IIar~dl~ook of Noise ~ l rasurement , "  
Concral 1l:rdio Con~p:tny, Caltil)r.idge, Muss., 195X 

E. (:. Itirhardson, "l'cchnicnl Aspects of Sound," Elsevier Publishing Company, 
Iuc., Ncw \'ark, 195:I. 
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Because of the wide range of sound prcssurcs cncountcrcd in practice, 
measurements are usually exprc?sd in terms of the sound pressure level, 
in decibels, defined as 

SpL = 20 loglo p + 74 db re 0.0002 microbar (12.1) 

where p is the sound pressure in microbars (0.1 newton/m2 or 1 dyne/cm2). 
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) i t  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 sufficient 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 continuousIy 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, a t  high frequencies, the pass band covers a wider range in cycles 
per second than a t  low frequencies, so that one needs to take fewer read- 
ings a t  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, i t  will also be wide enough a t  the higher fre- 
quencies to contain any of t,he harmonics. 

A third commonly used irlstrument, the octave-, half-octave-, or third- 
octave-bandwidth analyzer, has many applications in situations where 
great detail is not required in the analysis of continuous-spectrum noises. 
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:Is indicated by the name, t,he 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 4 5  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  GOO, 600 t o  1200, 1200 to 2400, 2400 to  
4800, and 4800 t o  9600 cps. 

With any of these types of analyzers, care must be taken tha t  attenua- 
tion of the filter outside the  pass band is adequate. This becomes par- 
ticularly important in cases \vliere the spectrum of the noise slopes 
markedly or where one is measuring loiv-level soutlds in the presence of 
very high level sounds. 

Once the  sound pressure level is known a s  a furiction 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 loglo Af decibels (12.2) 

where SPL = sound pressure level measured with a bandwidth A j  
Af = bandwidth in cps 

,f = center frequency 
T h e  spectrum level is what would have been measured if the analyzer 

had a bandwidth of 1 cps 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 da ta  to  spectrum levels has meaning only if the spectrum of the 
noise is continuous and does not contain prominent pure-tone components. 

T o  convert octave-band readings in decibels (for a continuous-spectrum 
noise) t o  spectrum levels in decibels, use the values in Table 12.1. 

TABLE 12.1. Coriversion of Octave-band Levels to Spectrum Levelst 

Octave band, 
cps 

Yurnber of decibels 
to be subtracted 

from octave-band 
levels 

Plot a t  the frequency. 

cPs 

'The mcas~ir t~mcr~ts  of s o ~ ~ t i d  pressrlrt Icwl made with arl analyxel. 
having a bantl\vidth Af may he 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, 

where SPL, is the sound pressure level in the critical bandwidth. This 
formula should 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 

~ . -  ~ - 

Frequency in cycles per second 
FIG. 12.2. Critical bandwidths for listening. ( A )  One-ear listening. ( B )  Two-ear 
listening. l 'hc right,-hand ordinate is 3f in cycles prr  src-ond. The  left-hand ordinatc, 
is 10 loglo A j  in tircihels. 

t,he manner in which a listener will hear the noise, the  da ta  are  plotted as  
shown in Fig. 12.3. Here the sound pressure levels of the continuous- 
spect,rum 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 i t  is t o  
become inaudible in t h e  background noise. T o  convert from octave- 
band readings in decibels (for a continuous-spectrum noise) t o  critical 
band levels in decibels, one may make use of the  values given below in 
Table 12.2. 

Meas~iremcnt  o j  Total Power and Direclivity of a Source. I n  many 
situations, it is necessary t,o take measurements of sound pressure level 
around a machine or other noise-producing device and to derive from 
these measurcrncnt.~ t.hc 1)roperties of the source defined by the following 
quantities or l 'u~~c~t ions:  



FIG. 12.3. Typical  method for plotting a combined continuous-sp~ctrum and line- 
spectrum noise. The  continuous part  is expressed in decitx.ls for critical bandwidths 
referred to  a referrnce intensity. The  discrete components are plotted directly as  
measured. The  result,ing graph yields the  number of decibrls tha t  any linr component 
must be reduced eithcr to  bccome inaudible in t he  prcsrnrc of t.he continuor~s-spectrum 
noise, or i f  thcre is no noise, t o  fall below the  threshold curve. 

TABLE 12.2. Conversion of Octave-band Levels to Critical Band Levelst 

Octave band, 

CPS 

0 (or - 1 )  
0 (or -1 )  

1 .0  
6 . 0  
9 .0  

11.5 
13.0 
13.5 
14.0 

Numbrr  of decibels 
to  bc subtractrd 

from octave-band 
levcls 
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levcls as a, function of frcqucncy defined in dlscrete f~equcncy hands. 
Nondzrect~onczl Sound Sorirces If a sound source IS known to be non- 

dlrcctional arid is located In free space, measurements as a fur~ctlon of 
frequency of the sound pressure level a t  one location a t  a d~stance of 
several source d~ameters  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 loglo r + 10.5 db  (12.5) 

Plot a t  the frequency, 

cps 

where r is the distance of the microphone from the source in feet. This 
relation and Eq, (12.6) are correct a t  68°F and 30 in. Hg. At other 
temperatures and pressures i t  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. Tha t  is to say, the measurements are made in the 
reverberant field a t  a distance r from the source and if 16rr2 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, 

IZ PWL = SPI, + 10 loglo q - 0.5 db (12.6) 

where IZ is the room c.onstant 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 t,o 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 a t  many points on a 
sphere surrounding the source must be measured or estimated. The 
radius of the sphere should be several source diameters so tha t  the data 
are taken in the far-field. In  practice, measurements are made only a t  a 
limited number of locations around the machine (see Fig. 4.19), and the 
sound levels a t  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 a t  a sufficient number of positions such 
that the maximum variation between measurements is no greater than 
about 6 dh. In reading the sound level meter a t  a measuring point, the 
meall r e a d i ~ ~ g  of the metcr should be recordotl i f  the total fluc.tuation is 
G dl) or 11:s~. Other~vise, thct region surrounchrig the source should be 
ljrokvlr 1111 i n t o  more arcas. 

'1'0 tlcterrnillc the tot:tl :~c,oustic power a t  a given frequency, t,he 
sphere (or hemisphere) over \vhich rneasurrtmel~ t s hove l m : r ~  t s  ken should 



i,e tiivided into the same rlurr~i)e~ uf a lms  as ~r~easurcment positions used 
to obtain data. The power in watts, Ws (at  normal temperature and 
barometric pressure) t ha t  passes through each area, a t  a given frequency, 
is found approximately from 

\\.here S = area of the incremental surface in sg7tai.e J e ~ t  
SPL = sound pressure level in decihels 

c;r from 

10 
watts 

where S' = area of the incremental surface in square meters.t The sum 
of the powers so determined for all the areas represents the t,otal acoustic 
power W ,  in watts, radiated by the source a t  a given frequency or in a 
given octave band. 

The calculations can be greatly simplified by computing an average 
sound pressure level, W L ,  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 casc 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 a t  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 f 1 db. If the spread of 
measured values is 5 db  or less, add no correction. Here also, the error 
mill always be less than 1 db. 

Methods for dividing a spherical surface into 10 or 20 sections of equal 
area were given in Part  X I  (page 110). I n  practice, i t  is often not possible 
to obtain readings over a surface completely surrounding the source, a t  a 
distance of several source diameters. However, the radiation pattern 
produced by the sound source frequently will exhibit some form of sym- 

1 metry such that  the sound pressure level can be assumed constant along a 
given i n .  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 symmet.rica1 al)out some 
axis. Meas~lrernents in a horizotltal planc along a circle surrounding 
the source will then suffice. If a dirtwtional sound source is located 

i~~duuls ,  ~ l l t '  h110111d m&ke czrtain that t h e  mznsii;.cmcn:s of :!;c d i r e c t  
air-borne sound are without any appreciable contribution from the 
reflected sound. To ensure that the reflec-ted sound does not contribute 
appreciably to  the readings, the average sound pressure level measured 
a t  the selected measuring points should be at least 8 db higher than the 
average sound pressure level measured a t  more distant points, where 
reflected sound predomi~iates. 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 directivity factor also can be 
calculated after the average sound pressure level WL has been deter- 
mined. The F L  can be determined by the approximate method given 
above or by use of 

SPL, = PWI, - 20 loglo r - 10.5 db (12.8) 

where PWL = power level for the source in the given frequency band 
r = radius in feet for which the average sound pressure level 

is determined 
The directivity index DI(e,,+) in a particular direction given by the angles 
0 and 4 is related to  the sound pressure level SPL(,,e,,) measured a t  dis- 
tance r by the formula 

- 
DI(s.,+) = SPI,(,,e.,+, - S P L  (12.9) 

The directivity factor Q(e,,+) is obt,ained from the directivity index by 
converting the value of DI in decibels irito a power rat,io, i.e., 

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 t o  be meas- 
ured, only certain types of microphorles are suitable. If measurements 
are desired a t  very low frequencies or a t  very high frequencies, other 
types of microphones are best suited to the task. If durability is an 
important consideration a t  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 
noise, high-frec~ut:l~c:y noise, and the eSfect,s of varying temperature, severe 
handling, and long cables. 

Low Sound Lcl~Ls.  A mic~ophone that is used to measure low sound 
levels must have low " self-~~oise," :id it, must prodilc.e an output voltage 
suflic.ictnt to ovcr~~id(: the lioisc a t  tht, grid of the first, amplifier tulle in the 
souriti-level mcttr.  I<oc~hc!llc: salt and moving-coil microphones are 



idcaiiy suited to  measurements of iow sounti ic~~,cis. ;,'or i)oi,il i,hese 
types the output voltagc is sufic%mtly high to permit rncasurement 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 t h e  region above 20 cps. The ambient 
noise level for the dynamic mirrophone is equivalent to  a sound pressure 
level of I5 db. Therefore, by using the dynamic microphone i t  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 a t  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 a t  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. If a microphone must operate in an environ- 
ment where the temperature varies radically from one time to  another, 
i ts response and other relevant properties should not be a strong function 
of temperature. A t,ypical Rochelle salt crystal microphone has the 
temperature characteristics shown in Fig. 12.4. I t  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 a t  130°F 
and should not be used a t  temperatures above 113°F. 

I lumid i ty .  In  general, most modern microphones are relatively 
unaffected by large changes in relative humidit,y. However, extended 
periods of operation in relative humiditice greater than 85 per cent should 
i )c avoided, a11d if rlwcssary, somc: mc.i/as of desiccation should be 
provideti. Desiccation is particul:trly important Sor capacitor micro- 
phones. 

Lozq ('z?:lc.s. If ! e ~ g  c 2 ! ? ! ~ ~ ~  !!l!!rt !T ~.!rc(!, t!!e o:!i.p~.!i nf f11c micro- 
phone should be a t  low impcdanw. 'Yhis may he accomplished either by 
using an impedance-mat,c,hi~lg tmnsformer or a suitable vacuum-tube 
circuit a t  the microphone or by selecting a microphone with a low- 
impedance transducing eltment. A moving-coil microphone may be 
used with cables of nearly any length provided the loop resistance is 
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FIG. 12.4. Variation in response as a function of microphone temperature for a typical 
Rochelle salt crystal microphone with a capacitance of 1600 mmfd a t  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 R a d i o  Conzpany, 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 Fl~ucfuating Sounds. When a sound being measured 
fluctuates in intensity, the values of sound pressure that  are measured will 
depend upon the dynamic characteristics of the indicator used. The 
type of indicator choscn \\.ill tlepcnd on the at>trihute of t,he sound pressure 
level \\.hich is to  l)e rnc:~sured. Ortlin:xrily, if one wishes to measure 
~ I I , I ; L J I ~ : I I I ( : O I I ~  J X X ~  p r ( x s s ~ ~ r ( ~ ~ l  a11 osc,illosc:ope will I)e necessary. "1:asi " 

rnctcrs, or higli-spccd g,l.itpl~ic: level r(:ro~xIers, may be used for invtst.igat- 
ing rc~li~iivcly rapid changes in sound pressure level. For oht,aining long- 



time rcx-rrage x.z!!!es, "s!~?!." !.?.c!~rs, Or ~c!'!>T<!c?s, 're ! : S d  \x;!::::;:: YCSpGfise 
is intentionally made very sll~ggish by appropriate design of their elec- 
trical or mechanical caircar~its. The long-time average v:tlue and the range 
of i n s t a n t a n e o ~ ~ s  peaks and dips of the sound pressure are usually suffi- 
cient stat.istics to  charact,crizt: t,he s o ~ ~ t ~ d  for practical purposes. 

So~rnds  at Grazing and IZnrtn'om In,cidence. For the proper measure- 
ment of sound pressure levels it should be remembered tha t  the  response 
of most microphones varies somewhat with direction of the sound imping- 
ing upon it,. For  most diaphragm types of microphones, the "flattestn 
response characteristic is obtained for randomly incident sound. This 
response is nearly the  same as  tha t  for grazing-incident sound. However, 
both the  random and the grazing-incidence responses differ greatly from 
the response for riormally 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 tha t  when the sound 
level meter is held in the usual manner, t,he sound being measured 
impinges on the diaphragm of the  microphone a t  grazing incidence. In  a 
reverberant room, the  sound is approximately randomly incideut and the 
orientation of the  microphone is uncritical. If by any chance consider- 
able reflected sound a t  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, i t  is often desirable to  use equipment whose 
indications are Iveighted in accordance with the  way in which the human 
ear would respond to  t,he noise. No such meter has been invented, but a 
meter has Ixcn standardized that  was originally thought to  measure 
something akin t o  loudness level. Iteatlings from this meter are called 
"so1111t1 le \ds ."  The American Standards Association has published a 
set of specifications in which the requirerneilt,~ for a standard sound-level 
meter are given.4 Three weighting networks are used to  simulate the 
response of the hearing mechanism t o  low-, medium- or high-level pure 
tones. The 11, H ,  and C networks give response  characteristic:^ that  are 
approximately t>hc inverse of the 40-, 70-. and 100-phon equal-loudness 
contours .for pure tones. rxqwtivcly,  a s  s h o \ \ . ~  in Fig. 12.5. The sound 
level of a noise i s ,  by  deJinitioll, the reading ( ! f a  sound-leoel rneter 61cilt to con- 
form to the il merican Standard repuirenien/s and opcrntcd ahout as  ,follo~ws: 
Use t,he A network if the readings lie bet,ween 24 t o  35 db ;  13 network for 
readings Ixtween 55 t>o 85 dl);  C network for readings above 85 db. 
Readings are usually taken with each of the three weighting networks. 
From these readings, information regarding the freclutmcy distribution of 
the  noise can be obtaiiied. If the sound level is the same on each of the 
networks, the sound energy is probahly predomina~~t ,  : ~ t  frequencies above 

' A~nr,r ici \r~ Stnnd:lrd %2,1.3 -~-I!)-!  1.  " , i j ) ~ ~ n d  I,(:v(>I \ l ( ~ t v r s  for 3lcasrlrc.inent of 
Noise a n d  O t h r r  Sounlls." Arne,ric:~rl St:in(l:lr~ls Associirtion, In(. . N r w  I.oi-k. 

300 c2ps. I f  t , l~e  sol~ncl Ic\.c.l is the S:LIIIC for networks I3 and (', I)ut less 
\\.it11 ~ ~ c t w o r k  A ,  the sound p~~ot)al)ly p ~ ~ l o m i n a t e s  in frequencies het,wecn 
150 and 1000 cps. Finally, if t,he sound level is greatest, \vith ~let,\\.ork C, 
the sound predominates in frequencies I ~ l o w  150 cps. I t  is emphasized 
that although these \ r c i g h t i ~ ~ g  ~ ~ e t w o r k s  arc useful in giving t,he loudness 
level of pure tones, they are not able to give t,he loudness l e \ d  of complex 
noises. This subject will he discussed more in Chap. 13. 

Since the  C network has a uniform response with frequency, i t  may also 
be used to  read sound pressure levels. 
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FIG 12 5 I:~cqricnc,~-rrsponsr  (h,uacterls t lcs  taken from the Amcrlcan S tandard  for 
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EgPcl of Ohserver and  Mafcr Case on  Measured Data. If the sound-level 

meter is held in the  hands of an  observer, the  readings a t  the higher fre- 
quencies will be disturbed by his presence. The  magnitude of the error 
for one type of sound-level meter can be evaluated from comparison of 

I t,he dashed and solid lines shown in Fig. 12.6. These d a t a  shorn the 
I 

difference bet,nreen the  readings of the meter with and without the  

i observer present, a s  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 f ront  of the observer. The  graphs show tha t  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 a t  the micro- 
phone as slio\vn by the solid lines of Fig. 12.6. T h e  effect, of the meter 
case is gi,c;ltt.r at, Irigll frc:cluc.~~c.ics thau :it. lo\\ f'rcqucncies, and i t  varies 
cunsidclx1)ly \\.it11 atlglc of in(. ide~~ce. 



When very accurate data are required, the microphone should be tor,- 

nected to  the meter by an extension cable. In  this case, the microphone 
should be held so that the sound radiated directly from thc machine 
approaches the microphone from the side a t  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 i t  is 
impossible t o  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 a t  the test location is to be 

Frequency in cycles per second 
Fro. 12.6. The  effect on the frequency response of using the microphone directly on a 
General Radio type 1551-A sol~nd-level meter with and without an ohserver present. 
The decibel readings were obtained using a single-frequency plane nco~~st ic  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 a t  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 t o  the presence of the background noise. 

If the ambient noise level is steady, a correction may be applied to  the 
measured data  according t o  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 dirncnsiorls of floor, walls, and wiling. Description and loca- 
tion of nearby ohjects and personnel. 
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2. Description of device under test (primary noise source): Dimen- 
sions, name-plate data, and ot,her pertinent facts including speed, power 
rating, pulley or gear sizes, etc. 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. 

DB difference between total noise and background alone 

FIG. 12.7. Background-noise correction f o r  sound-level measurements. 

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 a t  noise control and personnel protection. 
4. Audiometric examinations. 

One suggested two-page data sheet is shown on page 376. 



PAGE I 

SOUND 5l lRVEY 
O A T €  

ORGANIZATION 

ADDRESS 

INSTRUMENTS USED 
SOUNO-LEVEL METER - TYPE MOOEL X 

MICROPHONE TEMPERATURE C A B L E ( L e n g t h ) -  

ANALYZER - T Y P E  MODEL X 

OTHERS 

NOTE: I f  noise i s  directional, record - Oislanc+ of the source, microphone position, 
incidence on microphone (Normal. Grazing. Random). 

INDUSTRY TYPE O F  MACHINE 

MACHINE MOOEL I NUMBER OF MACHINES- 

LOCATION O F  MACHINE I N  ROOM 

ENVIRONMENT (Type of building, walls, ceil ing, etc.; other operations, any 
attempts at sound control) 

PERSONNEL EXPOSED - DIRECTLY INDIRECTLY- 

EXPOSURE TIME PATTERN 

ARE EAR PLUGS WORN T Y P E  - 
ARE THERE AUDlOMETRlC EXAMINATIONS 

PREPLACEMENT PERIODLC - - 

Note information as to who makes these exammallons, cond!:~ons under whlch 
they are made. t lme of day they are made, where records are kept. 

1,aboratory st,andard microphones are calibrated by a primary tech- 
r~ique, i.e., one that, depends on measurements only of length, mass, time, 
and rat,ios of other quantities. There are several primary techniques for 
nlicrophone calibration, but, except for the reciprocity technique, these 
generally are based on assumptions difficult to verify or are limited to a 
particular frequency range. 

12.5. The Reciprocity Principle. The principle of reciprocity is 
expounded in texts on linear-circuit theory. Stated in one of its simpler 
forms, i t  says that  if a constant-current generator i is connected to two 
accessible terminals of a linear passive electrical network and an open- 
circuit voltage e a t  two other accessible terminals is measured, then, as a 
second experiment, if the same constant-current generator i is connected 
to the second set of terminals, the same open-circuit voltage e will be 
measured a t  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 il is 
connected to the terminals of transducer I and, as  a result of this action, 
an open-circuit voltage e2  is produced a t  the terminals of transducer 2. 
Then, as a second experiment, assume that a constant-current generator 
i2 is connected t o  the terminals of transducer 2 and an open-circuit 
voltage el  is measured a t  the terminals of transducer 1. By the reciproc- 
ity theorem, 

Referring to Fig. 12.8c, d, and a, we can, by extension of the reciprocity 
theorem, write that  

where i',' = short-circuit current for a generator of internal impedance R 
and open-circuit voltage e','. This generator is used in Fig. 12.8d t o  pro- 
duce el. 

As proof of Eq. (12.12), let us assume that  the internal impedance a t  
the terminals of transducer 2 is Z2. Thcn e: (see Fig. 12 .8~)  is related t o  
the open-circuit voltage e2 (see Fig. 1 2 . 8 ~ )  by 
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Also, the current i2 (see Fig. 12.8b and d) is related to the voltage e',' by 

From Fig. 12.8e, 

Substitution of Eqs. (12.13) and (12.15) into Eq. (12.11) yields Eq. 
(12.12). 

il 
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FIG. 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 clnstic medium (air). Reciprocity says that  e 2 / i l  = e l / i 2  or e : / i l  = er/i','. 
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The equality given in Eq. (12.12) makes i t  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 tha t  the directivity patterns of 8 

given transducer a t  the same distance r (Fig. 12.9) are the same whether 
it is used as a microphone or as a loudspeaker. For large values of r the 

Air 

" 

r) 

" 
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directivity patterns arc independent of r because the sound pressure 
decreases linearly with r if r is large enough. 

In Fig. 12.9, a pair of transducers is shown, one of which can be rotated 
in a plane a t  angles 8. If the open-circuit voltage of transducer 2 varies 
as some function of 8, say e2 = EZj2(8), when a constant current i~ is 
applied to the terminals of transducer 1, and if the open-circuit voltage el 

Air 

No. 1 Na 2 

Transducer 
NO. 2 

T,ransducer 
No. 2 

FIG. 12.9. Two electro-mechano-acoustic transducers in air. 

- 
4 

for a constant current iz applied to the other transducer equals Elfl(0), 
then, from Eq. (12.11), 

E2fdo) - Elfl(0) (12.16) 
i I i2 

If jl(0) = fz(0) = 1 for 0 = 0, we have from Eq. (12.11) that  

E2 - E I  - - -  for 0 = 0 
il i z  

So, a t  all angles, 
f2(@ = fl(0) 

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 pfl prior to insertion of the microphone. Expressed 
in decibels, 

P=f a = 20 loglo e"" + 20 log10 - 
Pff eref 

where pmf and el.er are reference pressure and voltage, respectively. These 

quantities are often taken as 1 dyne/cm2 and 1 volt, respectively, so that  
the second term on the right-hand side of Eq. (12.19) is zero. It is the 
quantity &i that  we wish to determine by the reciprocity technique. 

12.8. Reciprocity Theorem for Electro-mechano-acoustical Systems. 
Referring t o  Fig. 12.9, let us consider transducer 1 to be the one for which 
the, response &i as a function of frequency is dcsired, and let us consider 
that transducer 2 is an auxiliary transducer. To apply the reciprocity 



prin~aiplc n.1111ol1t trror, thc sound field ratliat.cc1 1)y t.~.:tnscli~c~r 2 rnr~st 
~ ~ l c c t  c,c:rtnin c,ontlitions. \Ye shall see t.h;tt t l ~ c s ~  conditions (.an he met 
r~s i~rg  a n y  lintar passive re\,rrsihlc t,ransducw pro~.ided its presclicc in the 
c~speriment  doc^ not affect the value of for thc ot,her transducer ancl 
provided that tllc transtluc~rrs are located in the far-fields of each other. 
The  far-field of a transducer was defined in Par t  X as  tha t  part  of the 
medium beyond a dist,ance r ,  from the transducer such t h f .  t,he sound 
pressure along a radial line passing through its acoustic center varies in 
inverse proportion to distanc,e r .  

Spherical 1 L- radiator of, K:i:k Transducer 
small area S 

(c) 
FIG. 12.10. 13loc.l; til:tglan~s tor a transtluccr and t h r  acoust~c  mccl~um In the imped- 
ance-type analogy. 

U ' ~ V I I  transducer 1 is driven by  an  electric current ir, 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 a t  the position of trans- 
ducer 2, bu t  without No. 2 present. Let this small area S be represented 
hy an  acoustic impedance. Let us represent transducer 1 by a four-pole 
net\sork as  shown in Fig. 12.10. The  air lying between i t  and the very 
small a w a  S is reprcscnted hy a second four-pole network connected in 
tandem nnd tcrmiri:~tc!d hy t.hc R ( : O I I S ~ ~ C  impedance of the area S .  

'I'hc small >trca. S is :tssumcd t,o he far (,nough away from the t ~ m s d u c e r  
SO tha t  the :ic,oustic impedance for it is p o c / S .  Then, by the cxtt~nsion of 
the  reciprorit y t 1loorc.m provcd in 1':~r. 12.5, 

where ir = olcrtric currttnt in amperes supplied to transducer 1 1\.hc:11 i t ,  is 
operat,ed as  a lo~~clspealier. 

c,,,. = open-oirc~~it  volt:~ge in volts produced by transducer 1 n.hen 
it. is operntvd :IS a microphone in the sound field of transducer 
2. The free-fic.ltl sou~lti pressure a t  distance r ,  p,,, is meas- 
ured prior to  insertion of the transducer. 

U, = volume velocity i l l  cubic meters per second of the  air particles 
normal t o  the very small ares  S located a distance 1. from 
transducer 1 with No. 2 absent. This velocity is produced by 
a current ir in the coil of transducer 1. 

p ,  = sound pressure in newtons per square meter a t  this very small 
area S located a distance r from transducer 1 with No. 2 
absent. Note tha t  p, = pocV , /S .  

p s  = sound pressure in newtons per square meter t h a t  would be 
produced a t  the surface of an acoustic generator of very small 
area S and internal acoustic impedance poc/S if it were 
terminat,ed in infinite acoustic impedance. 

I , ' s  = volume velocity in cubic meters per second t h a t  would be 
produced a t  the surface of an  acoustic generator of area S and 
int,ernal acoustic impedance p o c / S  if i t  were terminated in a 
zero acoustic impedance. Xote tha t  LTs = psS /poc .  

T = reciprocity constant for transducer 1 plus the  acoustic 
medium with an  acoustic-impedance termination p o c / S  and 
a n  open-circuit electrical termination. 

12.9. General Calibration Equation. I n  order tha t  the  reciprocit,y 
theorem hold, transducer 2 must produce the  same sound field as though 
i t  had the same internal acoustic impedance as  t,he very small area 5 
presents t o  a plane wave, namely, poc/S. We now determine this sound 
field. At  points in the  far-field ( r  > r,) of the  small source of area S ,  thc 
source may be treated a s  though i t  were a simple spherical radiator ot 
area S = 4ra2 with a n  internal impedance poc /S .  For such an idealizeu 
source, the  free-field (undisturbed) sound pressure p,f at distance r. i: 

pll = (rh 

and, from Ey. (2.64), 

where Z A S  = acoustic radiation impedance in mks acoustic ohms for : 
spheric:al so1irc.e of very small radius of a rnetcrs 

po = sound pressure a t  the surface of the sphere in newtons pc. 
square mt:tc:r 



The acoustical circuit for our small spheric~al transducer is given by 
Fig. 12.1 1 .  From this circuit we see that, 

p o f b  u2 approximately, 

FIG. 12.1 1. Acoustical circuit 
for a s n ~ a l i  spherical source with where ps was defined after Eq. (12.21). 
an  intcrnal impedance poc/S  This equation is valid i f  jwal << C. 
and a radius a. Substitution of (12.24) into ( 1  2.22), re- 
membering that  S = 4xa2 and ps = Uspoc/S, gives 

When Eq.  (12.25) is substituted in Eq .  (12.21), we get 

From (12.20) and (12.26), 

The ratio on the left side of this equation is the desired calihration of 
the microphone. We must now devise a means for determining the mag- 

FIG. 12.12. Experimental arrangement lor calibrating a transducer by the self- 
reciprocity method. 

nitude of the ratio at the start of the right side without resorting to measure- 
ment 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- 
connecting the transducer from a source of electrical power and connect- 
ing it  to  an audio amplifier in a small fraction of a second. 

In performing the experiment,, the microphone is connectt:d to a con- 
stant-current gcnerator that generates a train of waves of the frequency 
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at n11ic.h a ca1iI)rtttion is drsired and of sufficient length t o  establish a 
cll~as~-stcady-statc contlit~on in the middle part of the wave train. The 
quasi-steady-state current iT into the microphone is measured. The 
train 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 tha t  the transducer operates as a microphone. When the 
reflected wave train reaches the transducer, an  open-circuit voltage e,, is 
measured. The data  are expressed as a ratio, eo,/iT. 

The quantity r in Eq. (12.27) is equal t o  2d, the total distance the wave 
has traveled. The sound pressure p j j  arriving a t  the microphone in the 
reflected wave is exactly the same as p,, tha t  sent out by the transducer 
when it  was acting as a loudspeaker. Hence, we can write 

Substitution of Eq. (12.28) in (12.27) yields 

% PII = 4- e - 7 [ r / - k d 1  

Z T  p0c 

where e,, = open-circuit voltage of the transducer, in volts 
plf = free-field sound pressure acting to  produce the open-circuit 

voltage e,,, in newtons per square meter 
li = 2x/X, in meters-' 

poc = characteristic impedance of air, in mks rayls (newton- 
seconds per cubic meter) 

In the measurement, the absolute value of e,, and iT 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 Po 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, a smooth concrete floor in the centel 
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 mus7 
be contended with. 

With the use of an auxiliary transducer and an anechoic chamber, thl 
snitc.lring npparai.\~s and the  necessity for performing measurements out 



doors is ohvi:ttcd. 1351 t,his metlio(1, 11111 o1111)11t 01' the t ralisd~~cacr I , ( > i n g  
calit)ratcd (No. 1)  is measured by an auxiliary t~ransducer (No. 2) a t  a 
distance d (see Fig. 1 2 . 1 3 ~ ) .  Therl t,he sensitivit,y of the No. 1 trans(]ucer 
is compared with t,hat of No. 2 by placing them successively in the same 
sound field and finding the rat,io of their complex voltage outputs (see 
Fig. 12.132, and c). In  the (b) and (c) tests, the distance d' must be great 
enough so that  no interaction betj\veen the loudspeaker and the two 
transducers occurs, arid i t  need not equal d. 

Transducer 
No. 1 

Auxiliary 
transducer 

No. 2 

Loudspeaker 

FIG. 12 13. Experimental steps in the  free-field cahbrat~on of a transducer by the 
auxll~ary-transducer method. 

From these measurements the first ratio beneath the radical of Eq. 
(1 2.29) becomes 

where iT = 

e2 = 

eoc = 

e: = 

current in amperes supplied t o  t,ransducer 1 when it  operates 
as a source 
open-circuit voltage in 
test ( a )  
open-circuit voltage in 
test (15) 
open-circuit voltage in 
test (c) 

Substitution of (12.30) in (12.20) 

volts produced by transducer 2 in 

volts produced by t,ransdueer 1 in 

volts produced by transducer 2 in 

gives 

-411 quantities are in practical electrical and in mks units. Xote here that 
the total distlanc.e the wave travels is d instead of 2d as was the case for 
the self-reciprocity method. 

'I'hc dcsircd TChpOllbf 6i i n  decibels is found by inserting (12.31) 
into Eq. (12.19). 
12.12. Pressure Response of a Microphone. Sometimes, me are 

interested in dctcrminilig the open-circuit voltagc response of a micro- 
phone e,, due to an average sound pressure p d  over the diaphragm. 
Expressed in dec~t~els ,  

The quantities pret and emf were discussed after Eq. (12.19). 

f Test cavity 
(coupler) 

(c) 
FIG. 12.14. Expcrirnental 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 t o  the sound pressure a t  the diaphragm 
producing it. We shall designate the pressure a t  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 t o  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 elect,rostat,ic types, although microphones of the eleetromag- 
~iet.ie type might, in special designs be calibrated. 

With this type of ca1il)ration two auxiliary trausduccrs arc always 
used. The a r ra~~gcments  of the transducers during t,he thrcc parts of the 
test are sho\vn in I'ig. 12.14. 

VTe dt:siKl~atc. t.he t,rnnsdr~cor Ij~illg ibaliljratc:d as To. 1 : ind 1 .11~  two 
ar~silial,y 1 ~ . a ~ ~ s c l ~ ~ c . c r s  as Nos. 2 a r~d  3. I h r i l t ~  v:tc.lr of 1111: 1 1 1 1 ~ ( :  part,s of 



the tests two of the transducers are coupled togctlicr by a rigid-walled 
cavity having (after the microphones are inscrted) an cncloscd volume 
V A .  The diaphragms of the transducers 1 and 2 have acoustic imped- 
ances ZADl and ZADZ, respectively. The  diaphragm impedance of trans- 
ducer 3 is of no particular importance. 

I n  order to  simplify the analysis, we shall make the following assump- 
tions: 

ZADl = 2 . 4 ~ 2  

where C A  is the acoustic compliance of the coupling cavity, 

FIG. 12.15. Acoustical cir- 
cu i t  for transducer with in- 
ternal acoustic impedance 
Z A ~ ?  operating into a cavity 
v.ith an acoustic compli- 
ance CA. 

where V = 81, 1 is the length of the cavity, S 
is the cross-sectional area, Po = atmospheric 
pressure, and 7 = ratio of specific heats. The 
length 1 must be less than xoth to  >Seth wave- 
length depending on the accuracy desired (see 
Part XII I ,  Par.  5.5). 

Analogous t o  the case for the free-field cali- 
bration of a microphone [see Eqs. (12.20) and 
(12.21)], we have the reciprocity relationships 

pd2 = T ~ T  (12.36) 
eoc = TUS (12.37) 

where pd2 = sound pressure in newtons per square meter a t  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 

Us = 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 a s  a source, as is required by Eq. 
(12.37), we have the circuit of Fig. 12.15. From it we see that 

Thc calibration that we desire is co,/pdl, SO t,hzt 

From Eqs. (12.3G), (12.37), and (12.10) we gct, 

Rut, we see that 

The ratio ez/iT we get from experiment (a) of Fig. 12.14. From (b) and 
(c) of Fig. 12.14 we get eL,/ei. 

Now pdz/ez must equal pLz/e; because transducer 2 is assumed linear, 
and pdl/e,, must equal p',,/eb, for the same reason. Hence, we may 
rewrite Eq. (12.42) as  

But, in (b) and (c) of Fig. 12.14, pil = p',, because ZAD] = ZADP Hence 
we have 

Substitution of (12.44) in (12.41) gives us the desired equation, 

Finally, the pressure response 6 i d  is found from Eq. (12.32). 



PART XXX Hearing 

The hearing mechanism is the final recipient of sounds produced by 
audio systems. Designers of audio syst,ems must kno\?- t>he range of 
frequencies and the sound pressures to  which this mechanism responds 
and the manner in which speech sounds and music must he presented to 
the listener if he is to  gain a satisfactory amount of informat,ion and 
pleasure from the audio signal. Some of the basic characteristics of 
hearing and speech are covered in this chapter. The prol~lem 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.'-3 

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 quant,it,ies to study by knowledge gained from theory and 
from related measurements. Fwthermore, i t  is generally possible t o  
hold constant all hut a few of the independent variahlrs atid to measure 
the behavior of the system as a few of the variables are systematically 
maneuvered. In  many systems, i t  is possible to superimpose t,he results 
of varying quantities intli\-idu:tlly to obt,ain the behavior under conditions 
where several quantit,ics arc changing simultaneoudy. 

I n  psyc:lrologic~ul st,~lclies w t .  rnl1 :tlso meilsttre, 01. at. least ratc, qt~atttit ics 
such as just perccpti1)le escitatiot~s, just notic~cal,lc diffcrc~lrc.(~s, o~rset, of 
pain, increased ncr\.oIls acativity, personal likes and dislikes, : t l , t l  so 1'01.tll. 
However, t,he situation is difft:rent f t~) tn  that in physicas, l~eca~~lsc, thc1.e 
exists almost no theoretic-a1 body of' kno\vledge to g ~ ~ i d e  us as to \\,hat 
constitutcs a valid measurement or, for that  matt,cr, as to which val.ial,les 
are important and which are ancillary. In psychologjral measuremcnt,s, 
i t  is very difficult to hold part of t,he independent variables constant, and 
generally the principle of supc~posit,ion does not hold. Experimenters 
soon learn t,hat responses obtained as a result of a stimulus presented to  a 
l i~t~ener  under one set of conditions are not the same as the responses 
obtained tjo 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 init.ia1 
condit'ions. " 

In  reading the material which follo~vs you should bear in mind t,hat 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 H i r ~ h . ~  

I n  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 t,he indicator of a response that the ~vhole man 
represents. 

No small physical apparatus possesses properties any more remarkable 
than those of the ear. I t  not only can withstand the most intense sounds 
produced in nature, which have sound pressures of lo3 to lo4 dynes/cm2, 
but  a t  the other extreme it responds to  sound pressures, a t  some fre- 
quencies, which are as small as dyne/cm2. These very small sound 
pressures produce a displacement of the eardrum that is of the order of 
10-9 cm for frequencies near 1000 cps. 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 f'rcquencies can be detected in the presence of inter- 
fering background noiscs; i.e., the hearing mechanism operates as though 
i t  were a set of cwntiguous "filter" bands. Even more remarkable is 
the ability of t h c  alrc1itot-y system to  judge loudness, pitch, and musical 
quality, funrt,iol~s Lh;11 :LIT ~)erfornrcd in some manncr in associat,ioll with 
the \)rain. 



13 1% Mcchanicr! Pr~perties ~f t h ~  Ear. Iii siii~piifieti form, the ear 
is something likc t.he reprcsentat,ion of Fig. 13.1. The sound enters i t  
through the a~tdifor?y canal (external ear). This canal has a diameter of 
about 0.7 cm and a length of about 2.7 cm. The eardrwn is a thin mem- 
brane terminating this canal and has a n  area of about 0.8 cm2. Three 
small bones, or O S S ~ C ~ S ,  joined together, called the hammer, anvil, and 
stirrup, are 1oca.tcd in the middle car. The first of these small bones con- 
nects t o  the main eardrum, and the third connects with a second mem- 

Round 
wcndow 

-0asilar 
membrane 

Nerve 
trunk 

Eustachian 1 
tube 

FIG. 13.1. Drawing of the human ear. Sound waves enter the auditory canal and 
move the eardrum, which sets the three ossiclcs in motion. Whcn the oval window 
moves, it  causes a motion of a colorless liquid inslde the cochlea, with a rcsulting move- 
ment of the basilar membrane. [Af ter  W i e n e r ,  Physics  l 'oday, 4 :  13 (December, 
1951).] 

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 a t  one end of the cochlea. The cochlea is a 
hollow, snail-shaped member formed from bone and filled with a colorless 
liquid. It is spiral-shaped with a length of about 35 mm and with a 
cross-sectional area of about 4 mm2 at the stirrup end, decreasing t o  
about one-fourth that  size a t  the far end. It is divided down the middle 
by the cochlear partition (see Fig. 1 3 . 2 ~  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  i t  may seem, the basilar membrane is smaller a t  the larger end of the 
cochlea (see Fig. 13.2b). On the surface of tho basilar membrane there 
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terminate about zb,uuu nerve endings oi the main auditory nerve. The  

liquid-filled chamber is further divided into two parts by a very thin 
membrane called Reissner's membrane. I n  addition to  the oval window, 
which communicates with the liquid-filled chamber above the cochlear 
partition (see Fig. 1 3 . 2 ~ ) ~  there is a round window which communicates 

Reissner's ,cd 
membrane 

Basilar 
membrane 

(a )  Cross sectional view through A - A  of ( b )  

Basilar 

0.5 mm 

I 
I ( b )  Top view I I I 
I I 

Cochlear partition (contain- 
ing basilar membrane) 

Stirrup 
Liquid 

Round 
window (c) Side view 

I 
a I I 

Millimeters 

(4 
FIG. 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 a t  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 mm2, and that  of the round window I 

is about 2 mm2. 
The volume of air contained in the middle ear is about 2 em3. The 

- .  

mechanical advantage of the system of three small bones (ossicles) in 
transferring vibrations from the eardrum t o  the oval window is about 1.3 I 

to  1. However, the effective ratio of areas of the eardrum and of the 
I oval window times this mechanical advantage provides an increase in 
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sound pressure from t>hc ea rdr~ lm to  the liqr~icl of the c ~ h l t ~ ~  of a factor 
of about 15. This transformatiol~ is ad\~ant.ngcorls to t,he transfer of the 
\Tibrations of the air to  the cochlear fluid. 

A motion of t.he oval \vindo\v protll~c.cd I)y a motion of the eardrtlm 
sets up one or more waves tha t  t r a \ ~ l  a lo t~g  t.hc mernl~rane :tnd through 

the liclrlicl, Ivith the rcs~llt  that  for each 

400 cps 

- - 

Distance from stapes 
in millmeters 

FIG. 13.3. Graphs of t he  relative 
an~pl i tudcs  of vibration of thc bnsilar 
membranc a t  various f re~uencics .  
[Ajlcr  v.Bdkdsy, A k u s l .  Z., 8: (3-76 
(1943).] 

frcqu(.ncy there is a point of maximum 
exc*itation on the membrane (see Fig. 
13.2d). The end of the membrane 
nearcst t he oval window "resonates " 
a t  the  higher frequencies, and tha t  a t  
t h r  far end of the spiral "resonates" 
a t  the  lower frequencies. The  nature 
of the  vibration pattern has been ex- 
plored, and the results are shown in 
Figs. 13.3 and 13.4. In  Fig. 13.3, 
measurements of the relative ampli- 
tude of motion of the different parts of 
t h e  membrane are shown for seven dif- 
ferent frequencies. These and other 
da ta  yield a curve of pos~tion of maxi- 
m u m  vibration against frequency as  
shown in Fig 13.4. In other words, 
the  basilar membrane is a wide-band 
mechanical filter which part ially 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  by 
other frequencies. 

It might be assumed from Fig. 13.3 
t h a t  the  hearing mechanism is a rather 
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 
1 1  resonance." 

We shall conveniently select a mathematical model to  explain the  
ability of the ear t o  det,ect, one tone in t h e  presence of equally intense or 
more intense tones of other frequencies. I t  does not follow tha t  this 
mat)hematic:al model will hold for ot,her sit,~iations. This model is the 
s:lmr: onc as we would use i n  desc:ril)ing t,hc ~)ropclties of an e1ectric:al 
filtel for  sc1):~rnting one frcqr~cncy cornpontnt from an :~sscmltlage of such 
componcmts. 111 dcsc.ri\)inK clcc:trical filters, ollc speslis of' " tmndwidt hs." 
We sh:tll ( l o  t . 1 1 ~  snmc 11c.rc.. 

'I'hc I):LIIc~\\ i d l l~s  of t h  IIC;LI ing !)I OWSS, as mcnsurcd by a 
abilit y to  dctert a purc toll(, in tlrc prcscncc of a 11 hite, random noise,t arc 
cwmmonly ctallt~l o ~ l l c n l  Onr~d~c.~tlllrs $ In  detecting a tone in the  prcsencac 
of noiw, thc hearing mwh:mism appears to rejcct thc noise outside thc  
critival l ~ a n d  centered on the  pure tone, Ihckrcby nuking it appear to 
behave as  a filter set. These critical bandvidths are shown plotted a s  a 

20 100 1000 10,000 
Frequency in cycles per second 

FIG. 13.4. Position coordinate T of auditory-nerve patches along the basilar membranc 
for various frequencies. Zcro on the left-hand ordinate is located a t  the  widest par; 
of thc basilar rncmhranc and 100 a t  the stapes. The distance (measured from th(  
stapcs) of the position of masirnum vibration is given on the right-hand ordinate 
[dfter u.Rbkdsy, A k u s l .  Z., 7 :  173-186 (1942).] 

function of frequency in Fig. 13.5. T h e  critical bandwidths for one-eal 
listening are slightly different from those for two-ear listening, so t h a  
two curves are shown, one for each ease. I n  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 see tha t  the frequency region below 250 cps seems tl 
occupy a very small portion of the  basilar membrane. This woult 

t Random noise is an  aco~stic.:tl quantity ( e . g . ,  sonnd pressure) or an  electric8 
quantity (e.g., voltage) whose in s t an tanco~~s  amj,litudcs occur. as a fllnction of timc 
according to a normal (Gaussian) distrihntion curve. A common random noise i 
t h a t  resulting from the rand on^ motion of molecules of the air. Another is tha  
produced by the random motion of clcctror~s in an  electrical resistance. Randal, 

noise ncvd not have a flat (uniform) frequcr~cy spcLctrum. 
\Yl~itcx noise is a sound wavcx or rlectrical wave having a continuous and uniforr 

tlistribution of energy a s  a function of frcqurr~c.y in the audiblc frcquency rangt 
\Yl~ite noisc rrced not t)e random. 
: Tlict concept of crit.ic:al bar~dwidths \vt~s proposed by II. Fletcher, Auditor 

]':it terns, / lu ' .s.  of Alod. I'h?/s., 12: 47-65 (10-10). J,ater work was done by J. 1'. I<ga 

iind 1 1 .  Itr. 1I:~lic, On the. 11:~slit11g I'attc,rrr of :I S~lnplr  Auditory Stimulus, J. Aco7rs 
Sot. . ~ I , I ~ , I . ,  2 2 :  622 (15150) ; L I I ( ~  1 ) ~  '1.. 11. S(.h:tft,r. cl ul., I'rcqurncy Sl'lcctivity of t,h 
I,:ar :is I )(,tvr.rr~ir~c~l I)y 3l:tskirl~: I':xpc:rir~~vl~ts. .I. A coust .  Soc. A~ner., 22 : 490 ( 1  950 



make it sccm that low-frequency sounds are less important or less easily 
scparatcd than those in the middle-frequency range. Nevertheless, as 
listeners, n c  particwlarly 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. I t  is also 
possible that  the low-frequency sounds are sent to the brain for analysis 
rather than being analyzed a t  the basilar membrane, as is the ease for 
the higher-frequency sounds. 

Frequency in cycles per second 
FIG. 13.5. Critical bandwidths for listening a s  determined by detecting pure tones in 
the  presence of white, random noise. ( A )  One-ear listening; ( B )  two-ear listening. 
The  left-hand ordinate is Af, in cycles per second, and the right-hand ordinate is 10 
log,, AfC db.  [After French and Steinberg, J .  Acoust. Soc. Amer., 19:  90-119 (1947).] 

13.2. Thresholds of Hearing. Thresholds of Audibi l i ty .  A threshold 
of audibility for a specified signal is the minimum effective sound pressure 
of tha t  signal tha t  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 a t  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 a t  a point where the center of the head will be located. 
A similar curve, except that the sound is suppl~cd by earphones and the 
sound pressure is measured a t  the entrance to the ear canal, is show11 as 
curve 1 of Fig. 13.6. 
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' l ' ~ v 0  sig11ilic:lnt dif'l'trcnres art, scc.11 \)et,\vcen c3urvcs 1 and 2 of Fig. 13.6. 
First, t.hey arc tlispl2~ccd from t ~ ~ ( ~ h  othcr by a11 a\,crage of 10 db, 
and, second, curve 2 has morc irrcgularitics in it. 'l'he relative displace- 
mcnt is a combination of two factors. The binaural (two-ear) threshold 
would be displaced downward about 2 dh from the monaural (one-ear) 
threshold. The rcrnait~ing difference of about 7 to 8 db is believed a t  low 
frequencies to be caused by noise produced under the earphones by the 
irregular t~vitching of the muscles against which the earphones rest. 
Because of this, for the same pressure at the e a r d r ~ m  in each case, a sound 
produced by a loudspeaker is audible a t  a pressure 5 to 10 db loser than is 
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FIG. 13.6. Thresholds of audibility determined in three ways. ( 1 )  Monaural curve; 
signal by an earphonc and sound pressure rncnsured a t  the entrance to the  
ear canal. [Af ter  Iladson und King, J .  Laryngol. Otoloyy, 46 : 366-378 (1952) ; v . B i k h y ,  
Ann.  Physik,  26 :  554-566 (1936).] (2) Binaural curve; pressure presented by a 
single source a t  a distance in front of the listener; sound pressure was measured in the 
field before an  observer entered it. (American Standard for noise measurement, 
224.2-1942.) ( 3 )  Hinnural 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 und Ross, J .  
Acoust. Soc. Amer., 18:  401-408 (1946).] 

a sound produced by earphones. The greater differences in curve 2 a t  
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 
a t  2 cps and that  listeners appear to  hear a t  frequencies that low. Note, 
however, that  a t  2 cps a sound pressure level of about 135 db  would be 
necessary to produce audibility. 

The uppcr limit of hearing is quite variable from person to  person. 
I t  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 a t  which the tone is presented is important. 
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r 7 1 he threshold of audibility varies with a great many factors. I t  is 
different from person t o  person. Even for the same person, i t  varies 
from day to day and hour t o  hour. After exposure to even a moderate 
noise level, temporary, though slight, deafness occurs which shifts the 
threshold upward. 

Age in years 
FIG. 13.7. Shift in average threshold o f  hearing with age as a function of frequency 
for men and women. 

One of the principal factors affecting the threshold of audibility is age. 
I n  Fig. 13.7 we show the results of studies of progressive loss of aural 
sensitivity with increasing age t 

Thre.sholds of Tolerance. At the other extreme of the hearing range we 
are interested in the maximum sound levels whivh the ear can stand with- 
out  discomfort, tickle, or pain. 1,isteners wearing earphones report that 
they hegin to  expcrience disromfort when a pure ton(. ( s~ne  wave) reaches 

t These data  are part  of thr: results of a s tudy by a group undcr the chairmanship 
of W.  A .  Itoscnblith appointed hy Arnvrican Standttrds Assoriation Sectional Corn- 
mittee 2-24. T h e  rcsi~lts  :ire rc,j)ortc:tl in "The Ilclations of llcnring 1,oss to so isa  
l.:xposure," American Star~durds .i\ssociatiorr, Inc., Ncw York. 

I C I , C ~ S  ~w: t t . (~r  t11a11 I 10 (117 T C  (1.0002 n~icrobi~r  ( S ~ V  'l'a\,l(. 13.1). !I t i r l i l i~~g  
se~~s:lt,ion is aro~iscd in thc car whcn the levels are greater than 130 dl). 
Definite pain may occur when the levels exceed 140 db. These values 
seem 1.0 be 1lea1.1~ independent of frequcnc:y in thc range between 50 and 
8000 cps. 1,isteners who arc exposed 1.0 high levcls daily can s t a~ ld  ahout, 
10 db  more in two of the three rategorit:~ just listed (see T a l ~ l e  13.1). 
Similar results are rcport,ed for noises which havc a continuous spectrum, 
such as has white noise or random noise. In the case of a continuous 
wide-band spectrum, ho\vever, t.he threshold is reached when the  energy 
in any one critical bandwidth a t  some point along the frequency scale 
reaches the levels given in the previous paragraph. 

TABLE 13.1. Threshold of Tolerancet  
fi 

I Pure tones 
- -- 

/ cars cars 

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   lo^" 
to "high," such as a musical scale. Pitch is a subjective quantity. I t  
is chiefly a function of the frequency of a sound, but i t  is also dependent 
upon the sound pressure level and the composition. The unit is the mel. 

Frequency is a physical quantity tha t  is measured with physical 
apparatus; the unit is cycles per second. Two tones of the same fre- 
quency, but with different sound pressure levels, \\-ill sound different in 
pitch. Tha t  is to say, a 200-cps tone of one level will sound as  though i t  
had a different frequency from a 200-cps t,one of another level. We also 
find that  a listener does not usually consider an octave in frequency as  a 
doubling of pitch. 

T o  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 connect>ed alternately to  a loudspeaker or t o  
earphones. The observer is asked to adjust the frcyucncy of one of the 
oscillators until i t  seems to have t.wice the pitch of the other. This 
procedure is repeated for a number of settings of t,he reference oscillator 
extending eyer the frequenry range. The ohser\.er is also asked to 
increase and to dccrcase thc pitch 1)y other factors. From these data ,  a 

Discomfort 
T1chk 
Pam 
Imrncd~ntc~ d:trn:tgc 

110 1 120 
132 110 
140 / 
150 to 16Of 

I 

t Sound supp l~ed  by earphones. Frc~clutlnc~es between 50 and 8000 rps 
1 Not  accurately knou n 



scale of pitch in mels is developed. A reference pitch of 1000 rnels was 
chosen as thc 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 ill 
Fig. 13.8. 

An interesting feature of the curve of Fig. 13.8 is that i t  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. 

Frequency in cycles per second 
FIG. 13.8. Relation between subjective pitch expressed in mels and frequency. Note 
that subjective pitch increases more and more rapidly as frcclucncy 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 tha t  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 in the distance is "not very loud." These qualitative expres- 
sions of " very loud," "less loud," or "soft" have been made cpantitative 
for some kinds of sound. 

The simplest way to speak q~ant~i t~a t ive ly  of the loudness of a sound is 
t o  compare i t  with some standard sound. This standard sound has been 
chcsen to he a 1000-cps tone. Thc l oudness  level of any other sound is 
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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, i f  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 t o  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 

FIG. 13.9. Equal-loudness contours for pure tones by Fletcher and Munson. (Amer- 
ican Standard for noise measurement, 224.2-1942.) The dottcd 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).1 

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 a t  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 



t,orlcs were measurcd ivilh 1111: listc.~~c:r out of the souncl field a t  a point 
corresponding to  thc c ~ l ~ t c r  of his 1le:td. 

, 7  1 hc: s c ~ o ~ l d  set, of gr:tp11~ (solid lints of 1;ig. 13.10) is :~Iso for pure t,ones, 
the  clat a Iwing taken in I':l~gland ~ ~ n d c r  sin1il:tr ( . ~ ~ ( - ~ I I I I s ~ : L I I ( : c s  t 0 those of 
Fig. 3 These con tmrs  are usually c*:~llocl tlrc Churcl~er-King con- 
tours. I t  is not known whct.hcr the  curves of 1:ig. 13.9 or those of Fig. 
13.10 are more typical of the populatjion at  large. In this country, a t  
present, we generally use the set recon~mcnded by the American Stand- 
ards Association. 

I 1 1 , 1 

20 50 100 200 500 1000 2000 5000 10.000 
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FIG. 13.10. J:q~~al-loudness corito~irs for plrrr tor1r.s hy Churchcr and  King.  [ J .  Inst. 
Blec. E ~ g r s .  ( I , o d o n ) ,  81: 57-90 (1!J:$7).] Thtt tlottctti curvtas arc t h i ~  same as for 
Fig. 13.1). 

T h e  t,hird set of graphs (dotted lines on Figs. 13.9 and 13.10) is for 
1)allds of noise, 2.50 mels wide (see Par .  13.3 P i t c h ) ,  supplied by an  ear- 
phone. The  sound pressure levels were measured just beneath the  
cushion of the  earphone supplying t h e  sound. These contours resemble 
c1ost:ly t.he shape of the Churcher-Icing contours. 

The  equal-loudness curves are of particular significance in the  design of 
radio receiving equipment,. In  concert halls, music is usually played a t  
yuit,e high levels. When this music is reproduced in our homes via the  
radio or phonograph, we  of'tctri list,cn t o  i t  a t  greatly reduced levels. 
I3ecausc the ear disvrimiriatc~s :tg:~inst low-frctcl~~enc:y tones when the levels 
are low, as \IT (:an scc fro111 1 . 1 1 ~  c~clr~:tl-1o~ldrrc:ss c:rlr\.cs, t lie rnrlsic appears 
to have lost, it,s t):tss clu:~lity. I I I  ord(:r to  gi\re t.lle illr~siol~ tha t  the  ni~isic 
is being rcpro(ir;cetl. wit.11 t,hc sar1lo to11:~I ( : O I I ~ P I I ~  as it h:td i l l  t,he concert 

11aI1, ru11o (Itssigt~ers i 1 1 ~ 1 : 1 1 1  ~ ~ O I I ~ ~ ) ( ~ I I S : L ~ I I I ~  nvt,\v~rks \ \ l l i (~1~  (~]lallKo 1 1 1 ~  
rcsponsc of tllc audio s y s t ~ i  in l11(: radio xu to~na t ica l l~  \\-hcrl the \.olrlnw 
W I I  t rol is ncljust c d ,  in t 1 1 ( ~  opposi t ( ,  rn:tllner to  the \vay the c:tl. (.h;~llges its 

response as the signal I( : I . (~I  is \.:tric>tl. St~c,h cwmpensation is c.ullcd ,{re- 
qttericy uw'!lhtitiy, and tllc ~ l ( v ~ t r i c d  tlv\.icc that modifies thc frecl~lc'nc8? 
response is cdlcd the uxiyhlitcq ?&i:orl; or the  tone control. 

1,outlncss. The conccl~t, of loudness lc\:el, \vhic.h \ve ]lave just learned, 
is very useful, but  it does not give the  whole story. From the loudness- 
level csol~tours of Figs. 13.9 and 13.10 i t  is not possit~lc to say h o w  m u c h  
louder one sound is t,h:tn anot,hcr. For  example, is a sound \vith a loud- 
ness I e ~ e l  of 100 dh  twice, three times, or four times as loud as one with a 
loudness level of 80 db?  T o  answer this question several extensive scts of 
measurements have been made to  determine a scale of loudness. B u t  
first let us define loudness. 

Loudness  is defined as  t'he i~ltensive 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, -10 d b  above a normal listener's 
threshold, produces a loudness of 1 sone. In  the measurements t h a t  led 
t,o a loudness scale, subjects \\-ere asked t o  change the loudness b y  fact:ors 
of 2, 10, 0.5, and 0.1. From these da ta  a curve of loudness vs. loudness 
level was constructed, as sho\vn in Fig. 13.11. 

We see from Fig. 13.11 that,, for higher sound pressure levels, 10 d b  in 
loudness levcl corresponds roughly to a doubling of the loudness in sones. 
At lower levels, 10 d b  correspond to  a change in loudness amounting t o  a 

! 
factor of about 3. At  the very lowest levels, 10 db  change in loudness 

1 level corresponds to  a change in loudness by  a factor of nearly 20. 
This curve has been under review recent,ly by various experimenters, 

and there is good evide~ice tha t  it should have a smaller slope. It is xell  
cstablishcd, however, tha t  this curve is useful in the determination of the  

i loudness level of a comples sound given the loudness level of its com- 
ponents or t.he spectrum level. Therefore, we shall call the  curve of 

i Fig. 13.1 1 the transfer fnnr t ion .  
Calculat ion oJ Lo7idness L c w l  of ( , 'ombinations of P u r e  Tones .  T h e  da ta  

of Figs. 13.9 t.o 13.1 1 provide us with information from which it is possible 

I t,o cstimat.e the loudness level of a combii~ation of pure tones if we know 

1 t,hc s o ~ m d  pressure l c \ d  of c5ch. The  method is simple if  the tones are 
spwcd 110 (.loser t.ogc:thcr that1 about 450 mels (see Fig. 13.8 for the rela- 
tion l)et\vcxc:n f r c q u e ~ ~ c y  :~nd  mds) .  If their frecluttnc~i(:s are rloscr tharl 
:tl)out 450 nic:ls of ( x . 1 1  othvr, their I\-cightcd intolrsiti(x must he added 
and t11(: sun1 t r ~ a t c d  as :t sitigl(: pure t>ollc, as I\-(: sh:~lI rlon d c s ( . r i l ) ~ . ~  

' I , .  I , .  1 h . r a r1 i . k~  A .  1'. (i. I ' ( ~ ~ ~ ~ I v , I I ,  J 1,. ~ l : ~ r s l ~ a l l ,  :md A.  I,. ( h d \ v o r t l ~ ,  (hlculation 
:ind hI( . :rs~~~.t . lr~(,r~t ,  o f  t l~c l I ~ ~ ~ ~ ~ I r ~ ( ' ~ ~  o f  S O I I I I ~ S ,  .I. . I I . o I , s ~ .  Sor .  A ~ I I C I - . ,  23: 2(il 269 



For a c*omt)ln:~t~on of N t O I I W ,  five steps are ntccssary I n  the c a l ~ u l a t ~ ~ ~  
of the coml)lncd lout111cs.s I(,\ (11 

I .  Divide the N tonm :LC cxol t l ~ n g  t o  frequency to form 7 to  10 groups, 
t a r h  group preferably having the frequency limits shown in Table 13 2 , t  
and determine the weightcd rms sound pressure level of each group By 
the  "weighted" sound pressure level we mean that the tones are all 
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FIG. 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 prcssure 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. Anzer., 9 ,  
1-10 (1937).] 

converted t o  the middle frequency of the  band with the aid of equal- 
loudness contours. Suppose t h a t  we have two tones of 100 and 200 cps 
with sound pressure levels of GO and 50 db, respectively. Then, from 
Fig. 13.9, we see tha t  the 100-cps tone of 60 dh is equivalent in loudness 
to  a 150-cps tone of 55 db  and the  200-cps tone of 50 db  is equivalent in 
loudness t o  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 bc seer~ from this rc~fcrencc, calculation of Ioudncss has o111y limited 
meaning. 

f Eight octavc-frrqucncy bands m a y  bc u s ~ d  instcad of the 10 of Tnblc 13.2. 

Band No.  
l'i t,cl~ 

limits. rnc%ls 
hlt,:tn pitch, 

mcls 

- 

150 
450 
750 

1050 
1350 
1650 
1 'Xi0 
2250 
2500 
2850 

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. 13.1 1 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 I,e~lel of Continuor~s-spectrum Noises. The 
loudness level of a continuous-spectrum noise may be calculated in a 
manner similar to that outlirled in the preceding section. In  this case, 
the noise is first analyzed into sound pressure levels by a series of cwntigu- 
ous band-pass filters such as the 10 given in Table 13.2. T h e  level in  
each band is then treated as though i t  \\ere the level of a pure tone Ivhose 
frequency lay a t  the mean-pitch frequency of the band. Thc s : m e  pro- 
cedure as that givcn for tal(wl:it,ing the loudness level of a group of purc 
toncs is follo\\.c~l [sec stctps 2 to 5 in t,hc prc\.ious p:~rngraph]. 

13.5. Differential Sensitivity to Sound Pressure and Frequency. 
Minim 1 1 7 ~  I'i.rc~c,j~lilile ( 'I~ntc<j, s in ,So ! t  rr tl I'wssrcw 1,cl:cl. A Iwrsorl is able 
to detect, :t ( . I I ; L I I ~ ( ~  i n  s01111(1 ~ W S S ~ I I T  I('\.ol of :~I)ollt, 1 dl) for : L I I ~  tone 
t)ct\vcen 50 :111(1 10,000 rps i f  the l v \ ~ l  of 1 1 1 ~  to11c is g w : ~ t ( ~ r  t,llan 50 d b  
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:tbo\.t the thrcd~oltf for that tollc. I;lrdcr itlc:~l 1:ll)or:ttory listening 
c.ontlit~iorrs, \\-it11 sign:tls supplied 1)y an carpholrc, c>h:ilrgcs i l l  lcvel of as 
l i t  t lc as 0.3 db  can 1)c detectad t,hc ear in the n~itl(ll(~-fr.cc~l~cl~(~~ range. 
I'or sorind prcssurc Icvrls less t h a r ~  40 dl), char~ges ill I(!\-cl of 1 to  3 db  are 
tlecms:try in order to  be perceptible. 

.Ilinimvm I'crccplible Changes in  P'rcqucncy. For frequencies above 
1000 cps and pressure l e \ d s  in excess of 40 db, thc minimum perceptible 
change in frequency which the ear can det.ect. is of the order of about 
0.3 per cent.t At frequencies below 1000 cps and for t.hc same range of 
pressure levels, the ear can det,cct a change in frequency of as little as 
about 3 cps.t At low pressure Icvcls and partiwlarly a t  IOIV frequencies 
the minimum perceptible change in frequency may he many times these 
values. 
13.6. The Case of the Missing Fundamental. IIarrnonic distortion a t  

the lower frequencies in a small radio rcceiving set or loudspeaker may 
ha\-e some beneficial effects. kkcause i t  is impossihlc to  radiate a sizable 
percentage of the available power from a small loudspeaker a t  low fre- 
quencies, one finds i t  difficult t o  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 
tha t  of a 200-cps tdone. However, i f  the  frequencies 500 and 700 cps are 
added, the pitch will drop t o  t,hat 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, hut  rather that  of the constant 
difference frequency. 

Even when all t,he frcquencics of a musical composition below a certain 
value, say 300 cps, are removed, the quality of the music remains t,he 
same t,o a surprising degree. This happens even \vit,hout harmonic dis- 
tort,iorl in the sound-reproducing system because most music is relatively 
rich in harmonic content, bu t  i t  is especially true if just the right amount 
of harmonic distortion is produced a t  the lower frequencies. 
13.7. Masking. The acoustical engineer is often asked the question, 

T o  what level do I need t o  reduce a tone so that  i t  will t)ecome inaudible in 
the presence of background noise? In  aut,omot)iles, for example, a tone 
may be emitted from the loudspeaker of the car radio a t  the frequency of 
the vihrat,or in the po\qrer supply. I t  may not he ec~onomical to eliminate 
this tone completely, but i t  could coilceivahly he rctlucacd until i t  is lost in 
the general noise inside the ~tutomo1)ile. 'I'o cstnhlish t,hc tolerable level 
for this tone, we lieed to  know to what ex(,c:nt o~rc svul~d liidcs, or musks, 
another. 

( ) U L L I I ~ . ~ L R ~ , ~ V ~ ~ ~ ,  wc d(:fine a t.c>rm, ~nusliir~y, as 1 hct nr~tnlxr  of dec:il)els 
t Sec rt*fvr(.l~t.c, 2, j ) ~ ) .  30 37. 
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by \vhic,l~ :t listcncr's t,h~whold of audibility is r:list:tl (c.h:~ngcttl) by t.hc 
presence of : t n ~ t . h ( ~  (masking) sound. As an cxamplc, let, 11s suppose 
tha t  we have a t,one whose freqnenry is 1500 cps. Lct 11s assume that i t  
can be he:trd ul~til  its level becomes less t.han + 1 db  re 0.0002 microl~ar. 
Tha t  is, the threshold of audihili t ,~ for this t>ol~c is + 1 dl). Xext,, let us 
turn on a second tone with a frequency of 1200 cps and a level of, say, 
80 db. Now \\-e fil~d that the first t,one of 1500 cps is not audible unt,il 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 dh, which equals 53 db. 

Masking stimulus: 80 DB overall 

f = frequency in cycles per second 
FIG. 1:3.12. \Tasking produced hy two stimuli, one a pure tone at 400 cps and thc 
ot11c.r n n:trrow h n ( 1  of noisc ccntcred at 410 cps, as a function of frrqitency of t hc  
tonc hcing masked. [A f t e r  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 narro\v 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. Heats in 
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. I;or this case, o111y the noise in a narrow frequenvy band on 
either side of a pure t.one serves to mask the tone. In other I\-ords, the 
prop~rt~ies  of the ear which make it perform like a filler come into action. 
1,ct 11s explorc this fact furt,l~er. If the level of t,he noise is expressed ill 
t.erms of its .spc~rlrwn lcz'cl, z .c . ,  rms sound prctssure lcvels i n  bands 1 c:ps in 
\ v i t l t l ~ ,  a ~ I I I X !  t.ot~(: to lx ;tu(lil)lc mmst I~avc! :L lo\.ol \vIricl~ is grcatcl. t1ln11 
(111: s l ) ( ~ ( ~ l r ~ i r ~ ~  Icvcl of' the: noise I)y the ~rurnl)cr of c1c:c:il)c:ls s l ro \ \ .~  i l l  I i g  



13.5. ,inother n-ay of snyirlg t>his is 1h:lt t h ~  Icvd of the. purc tone mllst 
exceed slightly the tot.al rlns lex.cl of t.he ~roisc i n  a cri l icol  bnnd~oidth if the 
tone is to  be heard. Criticnl bantlwidths Af, expressed in cycles per 
second and in decibels (10 loglo Aj,) are shown on the two ordinates of 
Fig. 13.5. 

The meaning of a critical bandwidt,h can he clarified further by refer- 
ring to  Fig. 13.13. Let us assume that  we have a purc t,one of some fre- 
quency and a continuous-spectrum noise with a flat spectrum whose 
extent in frequency is from fa tofb CPS. Also, let us assume that  the band- 
width of this noise fb - fa = Af cps, can be varied 01-er a wide range 

Width of noise band in cycles A f 
Fro. 13.13. Ratio of the  intensity of t he  masked tone I, to the intensity per cycle of 
the  nolse I ,  plotted against t he  width of t he  noise band Afin cycles. [ A f t e r  Fletcher, 
Revs. M o d e r n  Phys., 12: 37-65 (1940j.l 

centered around the frequency of the pure tone. When the bandwidth is 
zero, the masking \\.ill 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 X X X  I Speech Intelligibility 

The suhjcct of spccch communication is too large to  be treated here, 
but a few of the simple attrihutcs of spccch signals and a method for 
estimation of syllnbic i~lt,elligit)ility \\.ill I)c given. llefererlces for further 
reading arc gi\.el~ i n  1,l~c f o o t 1 1 o l , c s . ~ . ~ , ~ - . ~ ~  

1,. Id. Ikranek,  \V. 11. Itadford, . J .  A J i cx i l~ r ,  a n d  .I. 13. Ii'iesncr, Specrh-reinforce- 

13.8. Speech Spectrum. Spccch is a surccssioll of uti,crnncc~s 1 hat 
producm a wave ~vl~osc  frccluenc:ics and :~mplitudcs c11ange rapidly \vit,l~ 
time. Wc have already shown in Part  XXVI (page 338) that t,hc l~umnn 
voice has, on the average, a power spectrum t,hat. pwks (for men) a t  
about 500 cps and a spectrum (in oct,ave bands) that drops off ahox-e 
1000 c:ps a t  a rate of about 8 db  per octave. We also showed tha t  a t  high 
frequencies the voice is directional. 

Each syllable of speech lasts about sec, and the average interval 
between syllables is about 0.1 see. Some sounds, the vowels for example, 
are produced a t  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. I t  is unfortunate that  the consonant sounds are so 
weak and, therefore, are easily masked by noise. In  some 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 I m in 
front of the talker, i t  appears as shown in Fig. 13.14 by the curve marked 
"average level of speech." Tests reported by French and Steinherg7 and 
Beranek8 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 Steinberg7 have shown tha t  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 meal: 
the level a t  each frequency above which the hearing mechanism 110 

longer seems to respond to the stimulus. 
-- 

merit System Evaluation, Proc. IRE, 39: 1401-1408 (1951). 
It. II. Bolt and A. D. MacDonald, Theory of Speech Masking by Reverberation, 

J .  Acoust .  Sac. Amer. ,  21: 577-580 (1949). 
N. R .  French and J. C. Steinberg, Factors Governing the Intelligibility of Speech 

Sounds, J .  Acoicst. Soc. Amer., 19: 90-119 (1947). 
L. L. Beranek, Design of Speech Cornmllnication Systcins, Proc. IIZE', 35: 880-SO( 

( I  947). 
G .  A. M~l l c r ,  "1,anguage and Communication," h i~Cra\ \~-Hi l l  Book Colnpnny 

Inc., Ncw York, 1951. 
l o  I t .  I i .  l'otter, (;. A .  Kopp, and H. C.  Green, "Visible Spc~(,ch," D. Van Iiostranc 

Comp:~ny, Irlr., New I'ork, 1947. 



speech level 69 DB at 1 met 

380 630 Go 1230 1570 1920 23'70 3d00 3950 5 
Mean frequencies of bands of equal 

contr~bution to articulation index 
li'1o. 1:3.14. Plot, on a spectrum level basis, of (1) the  specch area for a man talking in a 
raisld voicc; (2) the region of "overload" of the ear of an  average male listener; and 
(3) the tliresllold of audibility for young ears. All  curves are plotted a s  a function of 
frequency on a distort.cd frequency scale. [Ajter  Berunek, I'roc. IKE, 36: 880-890 
(1  947). j  

('2) the  peak, average, and minimum l e ~ e l s  of speech for a raised man':; 
voice measured a t  a dis tanw of I m directly in front of him; and (3) t!lc 
1 1  overload spectrum levelJ' for thc  ear. 

:l~~c*orclilig to  the work of French and St.cinberg and of Bernnek, if the  
spcxat.~.urn 1cvc:ls of speech :it n listclicrJs 1::tr arc'suc:h that  the  ccnter 
s l~ ; td td  rc\gion of $'ig. 13.14 lies a l ~ o v c  thc thl.csliold of hcnring of the  
list'wer : t ~ ~ t l  : L ~ O V C  th(: :~lnI)i(:nt, noise, l ) r l t ,  l,clo\\~ thc o\wioad line, all 
s?.l~;1~)10s of t .11~ spi~c.tl   ill I)(: :~u(liI)l(: t,o t l l ~  Iisic~i(:r :tnd the speech intel- 

,..a . 
i i i  I k t  i y  I .  1111s c.orrcsporlcis to a n  a.~.ticlrinlio,~, irltl(~s 
of 100 pcr cent. 

0 1 1  the ot.hcr ~ : L I I ~ ,  if ~ioise cao\.ers part  of the slltzilctl spccch rcgio~r or il'  
p:~rt  of t 1 1 ~  region fd i s  11clu\v t > l x  threshold of he:tring or :~ \ )ovc  t.llc ovw- 
1o;ltl lc:\.ol for t . 1 ~  he:~ri~ig mccli:~~~jsrns, t,hc articulat.iotl i ~ i d c s  is Icss ~ I I : L I I  
unit,y. 

'l'lie pcrcvxtage articulation index is defined as the ratio (times 100) of 
the speech area not covcred over by the items named in the  prel.' , IOUS 

sent,ence t,o the total speech area a s  sho\vn in the center of Fig. 13.14. 
Procrdurejor  Calculation of Ar t i cu la t ion  I n d e x .  To calculate t.he speech 

intelligibility for a given situation, the  following st,eps must be followed. 
1. T h e  orthotelephonic g a i n  of the  system should be determined as a 

f l~nr t ion of frequency. The  orthotelephonic gain is defined a s  

P 2 Orthotelephonic gain = 20 l o g , ~  - (13.1) 
PI  

where p l  = long-t.ime average of the  sound pressure produced a t  the  
listener's ear by a n  average male talker a t  1 m distance in an 
anechoic chamber, the  talker using a raised voice (6 d b  above 
a normal voice). This is the reference condition. 

p2 = long-time aI7erage of the sound pressure due t o  the  direct 
spcwh produced a t  the  listener's ear by the same talker using 
a raised voice bu t  with the actual conditions of communica- 
tion present. T h a t  is to  say, pz includes the  effects of 
amplification, focusing, distance, and barriers hetweeri 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 l  and p2. 

The directivity characteristics of a speech-reinforcing system or of a 
reflecnting surface or canopy near the talker are treated a s  par t  of t,he 
orthot.clcphonic gain. For example, if a reflecting canopy boosts t,he 
direct speech level by 3 dh, i t  adds 3 d b  to  the directivity index for the  
voice it,self. Hence i t  adds 3 d b  to  the orthotelephonic gain. 

I11 free (anechoic) space the orthotelephonic gain is found from Fig. 
13.15. Tha t  is to say, the voice level decreases uniformly with distance 
a t  the rate of G dl) 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 nonrevcrherant space is given in Fig. 13.15. The 
effects of voice strength arc also included. This chart also holds for the 
dircct porf ion of the spcerh in a reverberant room, provided that  reflertiolis, 
from focwsing surfaces or from reflecting canopies, that combine \\-it,hi~i 
0.0.5 sw: \\.it11 the direct sourid are treated as additions to the direct portion. 
2 "1'11(: slladed region of Icig 13.14 is moved up\\.ard or down\vartf mid 

its shape is cliai~ged as a. fuliction of ircc{t~cwc:y I)y adding t.o it t .11~ or.(lro- 
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Normal Raised Very loud Shoutmg 
conversation volce talking 

FIG. 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 a t  the distances shown. It also takes into account the effect of 
voice level. Zero decibel corresponds to a raised voice a t  3 ft. In free space, the 
orthotclephonic €..in is a function of distance alone and not of frequency. 

telephonic gain (in decibels). If the  person is talking a t  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 
I I I I 

Loud as possible 
Normal Raised 

without straining Shouting 1 joiCe 1 vocal cords 1 
3. The long-time average spectrum level of the ambient noise arriving 

a t  the listener's ear is determined a s  a function of frequency and is plotted 
on the same graph. 

4. Iteverbcrant sound is also treated as  ambient noise. Bolt and 
MacDonald6 have presented data  which, when modified t o  include the 
increase in the directivity index of the direct speech due t o  the addition 
of a sound system or a reflecting canopy, permit one to  plot a reverberant 
"speech" spcctrum or1 the graph of Fig. 13.14. The shape of the 
reverberant spcech spectrum as  a. ft~nction of frequency is dekrmined as 
follo\vs. 

I 

a. Determine the reverberation time in seconds and the room constant 
I2 in square feet a t  each frequency. 

b. Determine thedifferential direc- 

Shift in lcvcl, d b .  . . 

tivity index a t  each frequency, de- 
fined as the difference between the 
directivity index for the actual situa- 
tion and the directivity index for the 
voice a1one.t Convert t o  directivity 
factor [see Eq. (4.19)). 

c.  Using the reverberation time, 
the differential directivity factor Q, 
the room constant R, and the distance 
between the source and the listener 
r ,  determine 10 log (QR/rZ). Then 
enter Table 13.4 to  determine a t  each 
frequency the number of decibels N 
shown. 

d. T o  o b t a i n  t h e  r e v e r b e r a n t  
speech spectrum, subtract, a t  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 
or down with the shaded speech 

+ 12 

Arficdation index A 
F I ~ .  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. (Frona unpublished data of the 
author.) 

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$ 

10 log (QR/ r2 )  

- - 

$ R is the room constant as dcfincd in Part XXIV,  T is the distance between the 
listencr and the source, and Q is the differential directivity factor of thc source. 

t Tllc directivity index for thc voicc alone is dctc:rmincd from the directivity 
patterus given on 11. 343. 

Reverberation time, sec 

N 
Direct speech peak level minus reverberant 

speech level, db 
-- 



.i 'J'lrc. nr~icu la t io~z  i7zrlrx is determined I ) j r  fintli~lg thc pcl.centage of tllc 
till;~lIy plotted center-shaded region of Fig. 13.14 that does not lie below 

Signal - to  - noise ratio in  decibels 
FIG.  13.17. Relation between articulation-test score and thc difference in level 
between speech signal and noise for test  list of different size. The listeners knew the 
vocabulary for each test. [Prom Mil ler ,  Heise, and Lichten, J .  Expll .  Psychol.,  4 1 :  
329-:335 (1951).] 

the noise level, or below the threshold of hearing, or 1)elow the reverberant 
specch level, or above the overload line a t  95 db. 

6. Estimate the word articulation from the graph of Fig. 13.16. 
13.10. Psychological and Linguistic Factors Affecting Sentence and 

Average number of sounds per word 
1 13.18. The improvement o f  
articulation as the number of sounds 
per word is incrcascd. Five groups of 
20 \vords, having differcnt average 
~r~imlm-s of sounds per word, werc: 
r w I  20 times to a grorll) of listeners. 
I .  I j l l  r k'ynn, OSRI) 1Zepl. 3802 ( N o v .  1, 
1!1 l l j ]  

Word Intelligibility. The prediction 
of sentence or word intelligibility is 
very difficult because i t  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 t o  256 and for monosyllables. 
The listener knew the vocabulary and 
had only t o  choose among the words 
t o  make his response. I n  Fig. 13.15 
we show the improvement in articula- 
tion as the number of sounds per word 
is increased. D~ffcrent 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 

111(1 ~ s 1 1 1 t s  of a n  nrtictr~lntion tcst. For example, i n  1:ig. 13.21 \rc s h o ~  a 

100 
Quiet El 
Noise I I 

Announcers 
FIG. 13.19. Bar graph showing the differences in word-articr~lation scores obtained 
with four different announcers. [After  Egan, OSRD Rep t .  9802 (Kov .  1, 1944).] 

Noise Quiet fm 

Listeners 

1'1<:. 13.20. Bar graph showing the diferences in word-articulation scores ohtair~c:d 
\+ it11 a typical group of listeners. [ A j l w  Bgan, OSRD 12epl. 3802 (iVozr. 1 ,  19441.1 
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typical learlung c x n c  for a liste~iing test vrew, with all other factors 
except thelr learn~ng held constant. 

These various factors reveal tha t  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 

T A B L E  13.6. Calculation of Art,iculation Index 

Rever- 
eration 
speech 
spec- 
trum, 

db 

(7) 

17 
23 
22 
23 
23 

2 1 
17 
17 
16 
15 

14 
13 
12 
9 
6 

4 
0 

- 5 
- 12 
- 22 

irticula- 
on index, 
Col. (2) 
minus 

Col. (8) 
divided 
by 600 

(9) 

0.030 
0.032 
0.035 
0.035 
0.035 

0.038 
0.038 
0.040 
0.040 
0.042 

0.042 
0.043 
0.043 
0.045 
0.045 

0.047 
0.047 
0.048 
0.050 
0.050 

speech 
peaks 
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ortho- 
tele- 

phonic 
a h ,  db 

(2) 
.- 

40 
49 
52 
54 
54 

53 
50 
50 
49 
49 

48 
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46 
43 
40 

38 
34 
29 
22 
12 

Spec- 
trum 
evcl of 
mbient 
noise, 

db 

(3) 

Cnergy 
umma- 
.ion of 
:01s. (3 
md (7) 

(8) -- 

22 
30 
31 
33 
33 

30 
27 
26 
25 
24 

23 
2 1 
20 
16 
13 

10 
6 
0 

- 8 
- 18 

QR 0 log -> 
T =  

db 

(5) 

18 
2 1 
22 
23 
23 

23 
24 
24 
24 
24 

24 
24 
24 
24 
24 

24 
24 
24 
24 
24 

Frequency, 

CPS 

(1) 

270 
350 
490 
630 
770 

920 
1070 
1230 
1400 
1570 

1740 
1920 
2130 
2370 
2660 

3000 
3400 
3950 
4650 
5600 

Successive practice days 
FIG. 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. [ A f t e r  Egan, OSRD R e p t .  3802 (Now. 1, 1944).] 

T A B L E  13.5. Characteristics of Auditorium, Voice, and Reinforcing System 

Rever- 
beration 
time T, 
sec, full 
audience 

(2) 

2 . 0  
1 . 8  
1 . 6  
1 . 5  
1 .4  

1 . 3  
1 . 2  
1 . 2  
1 . 2  
1 . 1  

1 . 1  
1 . 1  
1 . 1  
1 . 1  
1 .0  

1 0  
1 . o  
I . o  
1 . 0  
1 . o  

Differcn- 
tial direc- 

tivity 
'actor Q o 

system 

(6) 

Ambient 
noise in 34 

octave 
bands, db 
r e  0.0002 
microbar 

(7) 

42 
36 
36 
33 
33 

32 
30 
29 
26 
25 

24 
24 
24 
24 
24 

24 
24 
24 
25 
26 

Speech 
peaks, 
raised 

voice, a t  
1 m, db 

Room 
constant 

R, f t2  

(3) 

Orthotele. 
)honic gaii 
t t  GO f t ,  dt 

(5) 

- 10 
- 2 

0 
2 
3 

3 
2 
3 
4 
5 

7 
6 
6 
5 
3 

2 
0 

- 2 
- 5 
- 10 

Frequency, 
CPS 

.. 

270 
380 
490 
630 
770 

920 
1070 
1230 
1400 
1570 

1740 
1920 
2130 
2370 
2660 

3000 
3400 
3950 
4650 
5600 

- -- 

indicate that absolute predictions of articulation scores are not possible. 
However, one can say that  if the calculated articulation index exceeds 
60 per cent, a speech-communication system is probably satisfactory. 
If thc articulation index is less than 30 per cent, the system is probably 
unsatisfactory. Retween 30 and 60 per cent, the system should be viewed 
with suspicion and tlct,ailed articulat,ion tests performed if possible. 

I,. I,. Jh,rnnck, ".4coustic I\Teasurcmcrlts," pp. 625-G35, 761-792, John \?'iley & 
Sons, Iric., Ncw York, 1949. 





85 db  re 0.0002 microlm-. ' V k l o \ v  300 cps, o ~ l y  sketcahy tlat.:~ arc avail- 
able so that, only tcnt,:~t,ive cstim:~t(:s (:a11 I)(> ~n: tdc. '~  These ~ s t , i m ~ t , ~ d  
levels of pure l.ones or of crit,ical t)andwidths of rontinuous noise for no 
damage t o  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 
tha t  divide the frequency scale up into 8,  l G ,  or 24 regions, each region 
being about one octave, or one-half octave, or one-third octave in width. 
I n  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 logla N (13.2) 

where N equals the number of critical bands lying within the wider band. 
Application of Ey .  (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 loglo 16 1 12 db. This number 
added t o  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 ull the  frequency bands by, say, as much as 
5 db, the chance is very small tha t  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 
available 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 
tha t  band by, say, as much as 5 db, there is a fair chance tha t  some people 
will suffer a hearing loss due t o  the noise if they work in that  environment 
for periods of more than a year. 

I t  is known tha t  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 a t  a stable threshold of audibility. 

Furthermore, there is great variability among people, and some people 
become deaf even doing normal outdoor work (like gardening) owing to 
age, disease, and other causes. Furthermore, deafricss, 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 l'ahle 13.7 
must, therefore, he viewed as  r(::~so~lable ones t.o use in acoustical design. 

Employers l ~ i l l  do well t o  havc a positive program for c:hecking the 
hearirig of employres a t  the time of employment and for rechecking their 

I~caring at frcclrlel~t, intc~rv:ds if t,l~crc is ally s~~l ,s t :~nt i :~I  I ~ O ~ S C  in tho plant 
- wren though t,liis noise may lie below thc numbers indicated in Tablc 
13.7 ill all frccjuer~cy bands. 

13.12. Speech-interference Levels. In the preceding part we dis- 
cussed some of the factors goverriirlg speech intclligibility. We said t'hat 

the speech energy be lo^ 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 t o  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. T o  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 2?40 = 0.67. However, a difference in any one band t ha t  is greater 
than 30 d b  is called 30 db. 

Reference t o  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. 13.11), an intensity average in the 
300- t o  1200-cps band is not correct. Moreover, usual available analyz- 
ing equipment includes the bands 300 to GOO, 600 to 1200, 1200 to 2400 
and 2400 to  4800 cps. 

To  a sutkiently close approximation, we can, if the level in the 300- to 
600-cps band is not more than 10 db  above that in the 600- t o  1200-cps 
band, use the 600- to  1200-cps band as the first band and then define thc 
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.l5>' 
However, if the levels in the 300- to  600-cps band are more than 10 dl 
above those in the 600- t o  1200-cps band, the average of the levels in thl 
four bands between 300 and 4800 cps should be used instead. 

It must be emphasized that  the speech-interference level for a noise a t  : 
particular location does not say anything about how intelligible speecl 
will be to a listener a t  that location because it  does not describe the levc 
of the speech itself. If the levels of the peaks of speech are also known a 
that  locatlion, an estimate can he made of the articulation index by th 
following procedure: 

"L. L. Bcranck, Airplane Quieting 11-Specification oi  Acccptable Noise Levcl: 
Trans. ASMLS, 67:  07--100 (1947). 

l a L .  1,. 15eratlck and 11.  \V .  l t ud~nose ,  Sound ( h l ~ t r o l  i n  Airpln~~os ,  J .  Acoirsl. $0 
Ainer . ,  19: 357-364 (1947). 



1. ITsing the "slow" scale (highly damped (*irruit.) on the octave-band 
det,ermine the rms long-time x\.(:r:~gc. sor~nd pressure levels of 

t hc ~~oisc, in the 1,a~lds (iOO 1.0 I 'LOO, 1200 to 2 100, :111(1 2400 tJo 4800 cps. 
'I'llc~l t,ake the arithmet,ic averugc of the ~ioisc 1e1.d~ in t,llese three bands. 
r 7 1 his average is the speech-in t,t~~ft:~wlc.e levcl. 

2. {'sing the "fast"  scale on the ortave-l)antl analyzer, determine the 
peaks of t.he sound pressure levels in the ba~lds GOO to 1200, 1200 to  2400, 
and 2400 t,o 4800 cps. The  noise le\& must he sufficiently low so as not 
to  contribute to  the peak readings, or else some means must be used to  
separat,e the two-such as  turfling the air-conditioning system off, or 
waiting until an  hour when the background noise has died down. Find 
the arithmet,ic 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 he added to t,he figure just deter- 
mined. This gives the adjusted peak levels of speech. 

3. The difference between the adjusted pealc levels of speech and the 
sj)eech-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 otlier in a noise field, the maxi- 
mum speech-interference levels tha t  just permit, reliable communication 
a t  various voice levels and distances are as shown in Table 13.8. I n  
making up this table, average male voices and good hearing are assumed, 
as \\ell as unexpected word material. If the vocabulary is limited or if 
sentences only are spoken, the permissible spcc.c*l1-i1iterference levels may 
be increased by about 5 db. If a woman is speaking, the  permissible 
lcvels should be decreased by ahout 5 db. Absence of reflecting surfaces 
is assumed. 

TABLE 13.8. Spcech-interference Levels (in Dccil)rls re 0.0002 Microbar) That 
Rarely Permit Reliable Word lritelligibility a t  the Distances and Voice Levels 
Indicated. No Reflecting Surfaces to Aid the Direct Speech Are Assumed1 

Voice levcl (avcl.ago male) 

13.13. Criteria for Residential Areas. Tlte m:tnagement of factories 
locat,ed near residential areas often needs to  consider the noisvs made hy 
it,s operat,ions. Xlt,hongh t,his problem has always rsistctl, t htr ad\,c:nt 
of the jet,-aircraft, engine brought the qut:st,ion of neighhrhood noise 
control into the foreground. Several acoustics groups have rccently 
played important parts in the establishme~~t' of these c:riteri:t, but, as 
stated earlier, particular numbers are likely to be revised as more experi- 
ence with this type of criterion accumu1ates.t 

Response 
Vigorous 
legal action 

Threats of 
legal action 

Strong 
complaints 

Mild 
complaints 

Mild 
annoyance 

No 
annoyance 

Noise rating 

FIG. 13 22. Relation betwcen response of rcsidcnts In a nclghhorhood to t l ~ c  ratma of 
the noise causing the response. (After Rosenblzlh and Stevens, Handbook o j  Acoc~slw 
.\'ome Conl~ol,  Vol. 11, Nozse and Man . )  

To arrive a t  a criterion curve for a given neighborhood, use is made of 
Figures 13.22 and 13.23, and Table 13.0.2 First, decide what rcspoilse 
from the neighborhood you wish to  achieve, e .q . ,  no annoyance, mild 
annoyance, mild complaints, strong complaints, threats of legal action, or 
vigorous legal action. Then enter Fig. 13.22, arid choose the letter 

( A  to I) that  results from this choice. For example, assume tha t  no 
annoyance \vhatsoe\:er is desired. Then noise rating A applies. 

Nest  Ilse Table 13.9 to  adjust the rating upward or downward by a 
cwtain number of lett,ers. For example, let 11s assume a case where we 
ha1.e a colltinuol~s-spectrum noise (0) ; an impulsive noise such as from a 
drop forge (+ 1 ) ;  10 to  60 exposures per hour ( -  1) ; an url)an neighbor- 
hood near some industry ( -2) ; dayt.imc, o~lljl ( -  1 )  ; caol~sitl(:~.:~l)lc: prcvious 
t:xposure ( -  1). This corn\)inatiori totals -4. Tile corrcct lcvcl rank 
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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 

Frequency band in cycles per second 
FIG. 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. (After Rosenblilh and Steve% 
"Handbook of Acoustic Noise Control," Vol. 11, Noise and Man.  WADC Tech. R e p L  
52-204.) 

lie above the curve drawn above the letter E on Fig. 13.23. If an addi- 
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 proccdurc is reversed. The measured octave- 
band noise spectrum is superimposed on Fig. 13.23. The level rank of 

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 t o  Level R a n k  to Give 
Noise Rating 

Influencing factor 

- - 

Spectrum character. . . . . . . . . . . . . . . .  

Peak factor. . . . . . . . . . . . . . . . . . . . . .  

Repetitive character (20- to 30-sec ex- 
posures assumed) 

Background noise 

Time of day. .  . . . . . . . . . . . . . . . . . . . .  

Adjustment to exposure. . . . . . . . . . . .  

Possible conditions 

Continuous 
Pure-tone components 
Continuous 
Impulsive 
One exposure per min (or con- 
tinuous) 
10-60 exposures per hr 
1-10 exposures per hr 
4-20 exposures per day 
1-4 exposures per day 

1 exposure per day 
Very quiet suburban 
Suburban 
Residential urban 
Urban near some industry 
Area of heavy industry 
Daytime only 
Nighttime 
No previous exposure 
Considerable previous exposure 
Extreme conditions of exposure 

Correction 
No. 

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. I n  a 
survey of noise conditions in a large metals-processing company, a radio- 
manufacturing company, and an educational institution, i t  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. I t  was also revealed that  the r a thg  
depended on the function of the office space, e .g . ,  private ofice, secretarial 



r~ppc'r hur izo~~ta l  sc.irlt. 

\Vhe~l cI\~estic~~ic.cl, c~rn1)loycw s:rid tlint point 11, in Fig. 13.211, cor- 
responded to  nc~rm:rl \-oire a t  !) 1'1 : ~ r l c i  1)oilrt. N c.ol~cspondcd to :L slightly 
raised voice a t  3 ft,. Comp:wiso~~ of thcsc: st:~tctmc:nts \vith t.he nulnl~ers 

Intolerably 
loud 

Very noisy 

a V1 - 2 Moderately 
noisy 

Quiet 

Very qulet 

Speech Interference levels In decibels. RE 00002 mlcrobar (average of 
sound pressure levels In bands 600 1200, 1200 2400.2400 4800 cps) 

FIG. 13.24. R a t i n g  scale f o r  r io iscs i n  offirc s p : i c ~ s  as a f1111c.tior1 of spccc:h-iritcrf~r(~11(~(: 
I r v c l s .  (.I flrr f l c r n r ~ ~ l i  (1nd .\'cioilrnn, 1r'f1/lnc1 of :l'olsc.s ~n Ir'oo~~rs, presrlllcd fit a rllc('~lYl 
of the 11cotr.slicnl S O C L P ~ : I /  of 11 l~zerica, I ' enns !~ lw~nia  Slate College, J u n c ,  1950.) 

Telephone use sat~sfactory 
Telephone Telephone use 

use dlfflcult unsat~sfactory 
I I I I I 

1000 10,000 lo0,ooo 1 .ooo,ooo 
Room volume in cubfc feet 

FIG. 13.25. O p t i m ~ ~ r n  w v r r l w r a t i o n  tirncs f o r  r o o m s  o f  v a r i o u s  v o l u m r s  and  uses. 
( C o ~ ~ ~ p i l ~ d  jrorn fhc lr/(,rntirrr n r ~ d  fro111 thc rrprrierlce of Boll I<c.t.anek: and  A-eci~~~cun,  
Con,s~il/nnls i n  .4cor~st1rs.) 

A reasonable summary of currently accepted optimum reverlmxt ion 
times is givcn in Fig. 13.25. These 1-alues are generally used a t  :I fre- 
quctrlry of 500 cps. T h e  optimum reverl~cration time a t  other fre- 
cjt~enc.ies relative to  that :it 500 cps is shown in Fig. 13.26. T w o  crlr\.es 
arc given, one for speech and thc ot,her for music. 

lr'oonz Constant Ti. A more recent \Yay of designating the optimum 
revcrheration ch:trartt:rist its of a room is in terms of the room c'o~~stant 
Ti defined on page 312. 'I'hc o p t i m ~ ~ m  valucs of R for three rategoriw 
of rooms are sho\vn in Fig. 13.27 in t,e~.ms of room rrolume. Somc m o d e r ~ ~  
c.orrcwt hnlls, sr~rll :IS t l r c ,  Itoy:rl I:osti\.al 1i:ill in I,ondon, arc dcsigncd for 
liigll definition Iargcsly I)c:c,a~~sc thc music: of tlic past. fiu~itlred years h:~s 
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Freauency in cvcles Der second 
FIG. 13.26. Various recommended curves of reverberation time vs. frequency for 
studios and auditoriums relative to the reverberation time a t  1000 cps. (1) MacNair, 
1930; (2) Morris and Nixon, 1936; (3) Danish broadcasting studios for music; (4) 
Richmond and Heyda, 1940; (5) v. B6k6sy 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 a t  all frequencies for speech rooms. 
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2 picture (high definition) 
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Organ (low definition) 

I l l  I I I I  
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lo3 3 x 1 0 ~  lo4 3x10' lo5 3x105 lo6 
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FIG. 13.27. Optimum values of room constant R a t  1000 cps as a function of room 
volume for three catagorics of rooms. 

Echo delay in M sec 
FIG. 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. [Alter 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 o j  room SC criterion curve 
Broadcast studios. . . . . . . . . . . . . . . . . . . . . . . . . . . . . 15-20 
Concerthalls 20-25 
Legitimate theaters (500 seats, no amplification). . . . . . . . . . 25 
Rlusic rooms.. . . . . . . . . . . . . . . .. . . . . . . . . . . . . . . . .  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). . . . . . . . . . . . . . . . . .  55 
Factories. . . . . . . . . . . . . . .  . . . . . . . .  . . . . . . . .  40-65 

t L. L. Beranek, J. L. Reynolds, and K. E. Wilson, Apparatus and Procedures for 
Predicting Ventilation Systcrn Noise, J .  Acoust. Soc. Amer., 26 : 313-321 (1953). 

become more intricate and detailed, requiring a reasonably dead hall for 
its faithful presentat ion. 

Echoes Ecahoes are known to oc2c3ur whenever an isolated reflected 
wave arrives a t  the ear of a listener more than K 5  sec (67 msec) after the 

i 
: time of a ~ r i v a l  of the original sound. In  auditoriums, there are  many 

i 



~.efle(:t(~l \vn\.es that, arrive a t  thc ear a t  time int,ervals grcater t,han 
70 msec bccanllse t,he revcr1)cration time may be as high as several seconds. 

I<ec.ent investigations show that  long-time reflections are not trouble- 
some if  their intensity is sufficicnt,ly below that  of thc initial sound.20 
In 1;ig. 13.28 we show a set of curves that relate the appro~imat~e  per cent 
of listeners noticing something wrong with the acoustics of the hall to  

.Frequency band in cycles per second 

FIG. 13.29. Speech-communication and annoyance rritcria for rooms. SC stands for 
speech communication, and the number followir~g it is the speech-interference level 
for that  contour. The  dashed A curves give the permissible low-frequency levels 
if the levels in the  GOO- t o  4800-cps bands are a c t ~ ~ a l l y  equal to the S C  levels written 
on the curves. If not, t he  low-frequency levels must be lower. This graph must be 
used in connection with Table 13.10. [After  Beranek, Reynolds, and Wi l son ,  Apparatus 
and  Procedure for Predicting Venti lat ion Sys tem 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 reflect,ion 
occurs 400 msec after the arrival of the direct sound a t  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. Freedom from noise is one 
of the most important considerations in the design of rooms and audi- 

It.  11. I3olt and 1'. I<. Tloak, A Tcntativc: Crit,crior~ for thr  Short-term Transient 
I ~ ( ' ~ ] x ) I I w  of A~~tli toriurns,  J .  Ac.o~tsl.  Soc. Aturr. . ,  2 2 :  507 500 il0.50). 

toriums. I V i l l i  l'nl,le 13.10 :i11d Fig. 13.29 \vc may a1.ri1.n at, c*rit,crioll 
curves giving t.hc masim~lm pwmissi1)le noise levels in any f~.cc~~lenc.y 
band for rooms of various t,ypes.?' 

For example, in a large :tsscml)ly hall \vith a good spcec:l1-rci1lforc.cment 
system, \ye sce from Tahle 13.10 t.hat thc 25-(ll) SC vritcrion cwrvc should 
be selected. If the noise is concent,ratctl i l l  a portion of the frccluency 
range, the appropriate solid c.1ln.e of Fig. 13.29 is used. If the noise 
levels principally lie near t,he appropriate curve in bands betwecn 300 and 
4800 cps, then, because of masking effects, the noise in the lo\vest three 
frequency hands may be higher. For this case, the dashed curves A 
may be used in design. I n  other words, more noise is permissible a t  lorn 
frequencies if there is high frequency masking noise than if t,here is not. 

21  L. L. Beranek, J. L. Reynolds, and K. E. Wilson, Apparatus and l'rocedures for 
Predicting Ventilation System Koise, J. Acoust. Soc. Anler., 26: 313-321 (1953). 



PROBLEMS 

Chapter 1 

1.1. (a)  Calculate the  wavelength in meters and in feet for sound in air for 72OF for 
f = 100, 500 cps. 

(b) Calculate the frequency of a sound whose wavelength in air a t  72°F is 1 m, 
1 ft, 1 in. 

1.2. What  is the characteristic impedance of air in mks units for a barometric pres- 
sure of 0.75 m Hg and T = O°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 t he  number of decibels as if these were pressure ratios, and then 
as if these were intensity ratios. Remember that  approximately loglo 2 0.3 and 
log,, 3 0.5. 

(a )  2/1- ( d )  0.002/1 
( b )  d 1 0 / 2 0 0  (e) 8/0.05 
( c )  30/1.33 (f) 17.32/1.6 

What are the exact values of log,, 2 and loglo 3? 
1.4. .4 microphone is connected to an  amplifier with an input rcsistance 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 produccs 0.013 volts (rms) across 
the input of the amplifier, what  is the  power gain in decibels of the  amplifier? The 
voltage gain? 

1.6. The sound intensity level measured a t  a distance of 100 f t  from a nondirectional 
loudspeaker is 70 db  re 10-l6 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. 
1.6. Given n different sounds of sound intensity level II,,, find the  total sound 

intensity level ILL (assume t h a t  the various sound intensities add arithmetically). 
1.7. The sound intensity level (re lo-" watt/cm2) of each of various sounds a t  a 

certain location outdoors is given bclow. 

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. Givan thr  noise levels measurcd in thc frequency bands indicated below for an  

airplane with ;I random noise sprctrum, calculate the spectrum level (sound pressure 
Icvcl in dccih~ls  for  bands one cyrlo u.idc) of the noise in each band, assuming that  i t  is 
uniform throughout cach band. l'lot the datum point for each band on two-cycle 
scmilog papcr a t  the geometric mcsnrl frcqucncy f, of that  band, i.e.,f, - djx = 1.411, 
and connect tllc. points with a curve. 

431 



1.9. Spectrum levcls 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, t he  datum point for each band being a t  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 ~ ' 5  f and that  the geometric frequency 
equals j +'5 

Frequency, Spec t rum level, db, 

CPS re 0.0002 dynelcrnz 
100 84 
200 85 
300 82 
500 80 
700 77 

1000 7 1 
1500 66 
2000 62 
2500 57 

1.10. A noise spectrum is nleasurcd with a General Radio sound analyzer. This 
analyzer has a filter whose mean frequency is continuously variable and whose band- 
width is equal to 0.02.f. 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, d b  
75 72 

150 75 
300 78 
700 74 

1100 69 
2200 63 
4800 59 
7500 53 

1.11. Plot the  speclrwn level (plot d h  for a 1-cps I~andwidth vs. frcquency on two- 
cycle sernilog papcr) of the  clectriral noiw tha t  will produce an output of 0.1 volt 

irldcpcndent of frcqut-ncy, f r o ~ n  the following pttrfcct fiItc.r.s. A.s a reference voltage 
Icvel llse 1 volt. 

( a )  A sound :irraiywr o i  i . i i c b  (wr i s i :~~~ i  I ) ( . I ( . V I I ~ B ~ C  I i a i i d ~  id i :~  type. Tills ; I lb i l  i i i i i i i i t  

 ha.^ a l~andwititlr cyr~al to 0.02f, whercf ix  tllc frequency to which the analyzcr is tuned. 
(1,) ;\ wave analyzer of a constant bandwidth typc. This instrument has a constant 

bandwidth of 3 cps. 
(c) An octave fi1tc.r S C ~  with the following contiguous bands: 

Lin i i / i vg  freq~tcncies of the bands, 
cps 

75-1 50 
150-300 
300-600 
600- 1200 

1200-2400 
2400-4800 
4800-9600 

For case (c) plot the  da ta  a t  the  geometric mean frequency of each band, i.e., 

1.12. You are asked to  measure a continuous noise spectrum extending over a 
frequency range of 20 t o  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. T h e  bandwidth 
of the low-frequency analyzer is a constant equal t o  100 cps. The  bandwidth of the 
other analyzer varies a s  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 

Hiyh-frequency Analyzer  
f S P L  

1.13. .4 sound wa1.e is propagated in a room. At a particular point t he  sound pres- 
sure is 1.-1/3!-0 and the  particle velocity is 0.02/-30". - Find the  specific acoustic 

impedance. 
1.14. A source of 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 rn 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, 
8l,8O, and 70db re 1 0  I h  watt/cm2. Assuming that the intensity ofthesound is uniform over each 
part, calculate ( a )  the total power radiated by the source; ( b )  the power level; ( c )  the average 
Intensity; (d)  the average sound pressure; and ( e )  the average sound pressure level.* 



Chapter 2 

2.1. On the conventional prcssrlre vs. volunic ( P V )  diagram, plot the behavior of a 
volume of perfect gas contained in a cylindcr 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 ease is acceptable.) If power is dissipated where does it go? 
2.2. A cylindrical tube having a radius of 3 cm is closed a t  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 a t  the open end for frequencies of 60, 
110, and 490 cps. What  is the  percent error if calculations are made a t  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 Uoeiwt. The diameter of t he  tube is small compared to a 
wavelength of the sound in it, which means that  only plane waves are found. I t  is 
assumed that  negligible sound power is radiated from the  open end, and consequently 
the sound pressure a t  this end is approxiniately 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 a t  the  piston end. 
2.4. For the  tube of Fig. 2.3, the specific acoustic reactance a t  a plane xo along its 

length is -500 mks rayls a t  1000 cps. What is the specific acoustic reactance a t  
values of X tha t  are greater than xo  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 hcld constant a t  100 db? 
2.6. A point source operating a t  1000 cps radiates 1 acoustic watt .  Determine, a t  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) rrns incremental 
density; and (h )  rms incremental temperature. 
2.7. A sound intensity level of 80 db  is measured 10 m from a spherical source of 100 

eps radiating into freespace. What is the total power radiated in all directions? What 
is the  power level? For this case plot the intensity level in decibcls as a function of r 
on scmilog paper with T on the logarithmic axis. How many decibels does the inten- 
si ty level decrease for each doubling of distance? Does the sound pressure level 
decrease a t  the same rate? 
2.8. Discuss the variation of sound intensity and of energy density with distance r 

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 

Here we have assumed tha t  pressure is independent of t he  coordinates 8, z and depends 
on T and t only. Show t h a t  

p o e i k ( c t + r )  

P--- v5 

satisfies this equation for 4r2k2 >> 1. What is the significance of the + sign in the 
exponent? 
2.10. Find the specific acoustic irripedancc a t  a distance T from the axis of a l o w  

cylindrical aource. Assume that  the source produces a sound field that  can be 

approximatrd by 

P R O B L E M S  

T o  what value does this impedance reduce for 4k2r2 >> l ?  See Tablc 2.1 for obtaining 
u in the steady state. Substitute r for x 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 2Cuz a t  each of the  four positions where 
they occur. 

[Constant - velocity 
generator = ,-Supporting springs 

3.2. (a) For the  mechanical system shown in Fig. P3.2, draw the  mobility-type and 
the impedance-type circuits. Motion is possible only along the  y axis. 

(b)  If the constant velocity source u is represented by u = 4 2  lurm.l eos ~ t ,  find the 
rms magnitude and the  phase (relative to u) of the  velocity of M M ~ .  

L Constant -velocity source 

FIG. P3.2 

3.3. In the sketch of a mechanical system shown in Fig. P3.3, the  mass M M I  is sup- 
portrd hy four springs each with a compliance Cul.  The  mcchanical rcsistnnce l l ~ 2  



s ~ t s  t i  t o :  i ~ i  I l I 1  I . Alotiol~ is ~ ~ o . v s ~ l ) l ( ~  ollly along 
t h r  !I :ts,s. 

( a )  I)r:t\v t , l ~ r  i n w I ~ : ~ n i ( ~ : ~ l  S V I I ( ~ I I I : I ~  i,,. 
(1))  I)ra\v t h r  mol>ility-typv r i r r r~ i t  
(c) I)ra\v t h e  i1npc.(l:~ncc-ty1~(~ (.itx.(lit.. 
( ( 1 )  If f.hr const.nnt vclocity ps~~c , r : r to r  is rc-pr(~ll t .cvi  Ily 71 = \ 3 .1  1-0s w l ,  &tcl.- 

i i ~ i n c  t l ~ v  f r r q ~ ~ r n c y  a t  w h i c l ~  tlrr vrlovity of A l w i  \vlll I)(% :t ~ri:~xitrrrili~, ;tssuming I:.,,, 
t o  b c  vcry small .  

- - M I  

, Comtant velocity 1 t o r  B 
3.4. An idc:tlizcd dr:~wing of itn aut.omohilc is sIio\v~i in Fig. 1'3.4. Suppose onc 

whrcl goes ovcr a. scrics of I3umps in tlic road,  giving t l ~ !  tire x velocity, \.crticitlly, 

Body 
MMB 

Tire- C,, 6 

Spring c$ ykM,hock absorber 

3.5. Draw the mob~l~ty-type c ~ r c u ~ t  for the agitator shown In Fig. P3 5 .  Indicate on the circuit 
d~agram the velocity up of the small part~cle M,,  that is/'allrrig through the viscous fluid held ins~de 
a test tube 7: The mass of the wall of the test tube is M , ,  . The mechanical resistance between 
the particle and the walls of the test tube is R, , . Neglect the smallUd-c" downward velocity of the 
small part~cle. Construct the mobil~ty- and impedance-type circuits, assumlng C, , = C,, . 

3.6. ( a )  Draw a n~obi l i ty - type  circuit and  sketch a mechanical system which \vould 
have t h e  a n n l o g o ~ ~ s  electrical circuit shown in Fig. 1'3.6, n-here i is analogous to  force j .  

(b )  \%'here m u s t  t h e  ground point  of this  circuit be  located if t h e  mechanical system 
is to  bc physically realizable? 

(c) Give the  nmgnitude of cach mechanical element in te rms  of t h e  cons tan ts  of t h e  
above circuit a n d  show l ch~re  a n d  in what direction t h e  force f is act ing.  

(d) Obtain t h r  dual  of t h e  electrical circuit. 1,abcl t h e  c l e n ~ c n t s  of t h e  dual  in 
ternis of the  given circ,uit. 

3.7. (a) Using t h e  impcdxnco-type analogy draw a circuit for t h e  acoustical 
system sliowr~ in Fig. 1'3.7, wllc.1.c h 4 ~ 1  is in k g ;  i l f ~ , ,  MA2, M A 3  a r e  in k g / m 4 ;  CAZ is ill 
~ r i ~ / r i c \ v t o r ~ ,  tilid I t A I ,  I t A 2  ;LIY i l l  mks acoustic otrnrs. 

i h )  ( h ~ ~ \ t . r t  this  (circuit to  a niobility-type rir(.ult.  



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. 

3.9. I n  the device of Prob. 3.2 the element sizes are as follows: 

MMl = 0.01 kg 
MM2 = 0.02 kg 
C M ~  = m/ncwton 
RM1 = 1 mks mechanical ohm 
R M 2  = 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: 

Moll = 0.001 kg 
S = 3 cm2 

MAl = 0.001 kg/m4 
RAl = 10 mks acoustic ohms 

M A 3  = 0.002 kg/m4 
M A Z  = 0.003 kg/m4 
R A ~  = 20 mks acoustic ohms 
CA2 = 10-7 m5/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 elcment and the total active and reactive power. 

Chapter 4 

4.1. A very small loudspeaker in u small enclosed bame behaves like a simple 
spherical source of the smnc arcu ILL low frtyuerlcic~s. If its rms amplitude of motion 
(i.e., rms displacement) is 0.1 crn a t  100 cps, and its di:t~nc,ter is 10 cm, tlctrrmine ( a )  

sound pressure a t  1 m ;  ( b )  intensity a t  1 m ;  ( c )  total power radiated; (d) sound prcs- 
sure level; ( e )  sound power lcvel. 

4.2. The sound power level of a nondirectional source of sound is 130 db. Find, a t  
a distance of 70 ft, ( a )  intensity; ( b )  sound pressure; ( c )  sound pressure level. 

Also find the peak-to-peak displacement a t  100 cps of the spherical source if its 
radius is 0.5 ft. 

4.3. Verify the directivity indexes given in Fig. 4.5 for the cases of h/2, A, and 3X/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 a t  3 m on the 
e = 0 axis for k a  - 0.5, 1.0, 2.0, and 3, with a PWL = 130 db re 10-l3 watt.  

4.6. Compute the directivity factor and directivity index for a microphone from 
the following data taken a t  3000 cps: 

Output  voltage level minus 
6 deg output  voltage level at 0 = 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 a t  2000 cps: 

Acoustic response in db 
relative to acoustic 
response at 0 = 0' 

0 
- 1 . 5  
- 6 . 0  
-10.0 
-17.0 
- 19 
-21 
- 22 
- 23 
- 25 
- 27 
- 29 
- 32 
- 47 
- 35 
- 30 
- 29 
- 27 

Calculate the directivity factor Q and the directivity index DI. Assume that a t  
2000 cps the sound pressure level a t  a distance of 15 f t  from the loudspeaker measured 
in an anechoic chamber is 111 d b  re 0.0002 dyne/cmz for an available electrical power 
input of 50 watts. What is the power available (PAE) efficiency lcvel in rib a t  15 ft? 
Would this answer be different if a distance of 40 ft  were assumed as a basis for calcu- 
lation, assuming, a s  before, tha t  111 was the level measured a t  15 ft? 



Chapter 5 

6.1. A synlmetric:~l l o r ~ ~ l s ~ ~ r : ~ l i r r  is I I I O I I I I ~ ( Y ~  i l l  a wall bc.twrcn two antyhoic rooms. 
1 I S  I I I I I I I S  v l o y  of I i i : p I ~ r : g ~ n  is 1 c m / s .  l)rtvr111l11r tilC 
tol:il ac,oustic. ~)owc~t- ~x I i : i I (~ ( l  : ~ t ,  100 and 1000 cps. I k t r r n ~ i n c  th r  i t~ tc t~s i ty  on tilc 
a.xis of the lor~(lspcxk(,r :it :i I r i  t1ist:llrc.c: : i t ,  I000 cps, taking into account, tlirc~c.tlvlty. 

6.2. :\SSIIIIIC t l ~ c  sourc~,  of 1:ig. 1.1 1 wit.11 a r:rdii~s of 30 crn for which dircv,tivity 
indrscls are givcn in I'igs. 1.12 a l ~ d  -1.20. ('alcul;ttc. for cases ( a )  and (f )  shown in Fig. 
4.12 the r ~ n s  vclocit,y of thc diaphragm noc(.ssary to produce a constant sonnd pressure 
icvcl of 100 dh a t  a. distancc of 10 f t  on thr  0 = O axis. 

6.3. A piston of radius a in an  infinite bafflc is vibrating with an  rms velocity u. At 
1 c ,.. = - - -, the power radiated is (0.12) ~ a ~ p , , c u ~ .  Approximately what is the power 2 a 

radiated a t  w2  = and a t  w 3  = 1 0 ~ 1 ,  assuming tha t  u remains unchanged? 
6.4. The acoustic device shown in Fig. 1'5.4 is used a s  the load on one sidc of the 

diaphragm of a transdircrr. 
( a )  Draw thc acoustic impcdancc-typc circuit. 
( h )  Alter the circuit diagram so that  i t  may be coupled t,t~rough the area S to a 

mechanical mobility-type circuit. 

(c) Attach an electrostatic transduccr to the area S. Assume that  it has an  elec- 
trical capacitance C E ,  a coupling constant T ,  and a mechanical conlpliance CM (see 
Fig. 3.37). 

(d) Attach an clcctromagnctic transducer to the area S. Assume that  it has an 
electrical winding impedance Z E ,  a coupling constant B1, and a diaphragm with a mass 
3 . l ~  (see Fig. 3.35). 

6.6. Sketch an  equivalcnt circuit for the mechano-acoustical system shown in Fig. 
1'5.5. The volumcs V1, 1'2, V3; the acoustic resistance and acoustic mass R A ,  M A ;  and 
the effective mechanical mass M y ,  mechanical compliance C M ,  and area S of the 
di:rphragm are in nlks units. Give the relation between each of the element sizes on 
your circuit diagram and the  mechanical or acoustical quantities given here. 

6.6. .4 Ior~dspc~akcr diaphragm has 2111 air c;~vity h h i n d  it and a rcson:itor. tlr:~t is 
c:o~~nc~ctcti into onc sidc of thc c:~vity.  Fillti t.hc mc~cllanical impedance load a t  100 
C I X O I I  the rcxr sill(: of tlio di:iphragn~ if the tliaplrragm arcw is 50 rrri2, the  volirme of 
the air cavity hc.lrind f l ~ c  diaphragtn is 1000 c1i13, and t 1 ~ :  rwon:ttor conlpri~cs x tube 
5 c ~ n  long and 2 C I I I  I I I  tli;i:~~c'ter connc~c~ting t.o a srcot~d v o l u ~ r ~ c  of 100 cm3. 

6.7. ;I londspr:tkvr and a n~icrophor~c :Irv plnc~ti  on opposite sides of a circular hole 
in a perfectly rigid wall as shown in the diagrar~i in Fig 1'5.7. Thc wall may be ncin- 

sidcred infinite in ext,rnt in all directions. If the hole is phqged with a rigid material, 
the loudspeaker produces a pressure p of 91 db  re 0.0002 dyne/cm%n the  left-hand 
surface of the wall a t  a frequency of 500 cps. 

(a) Compute the pourer tha t  emerges from the hole on the microphonr side of the 
wall when the hole is opened. 

(b) Assume that  a hemispherical wave (centcred a t  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 d b  re 1 volt for a sound pressure of one microbar. 

(c) How does the open-circuit microphone voltage vary as the  frequency 1s de- 
creased? Assume that  p (with the hole plugged) remains a t  94 db  re 0.0002 dyrle/cm2 
and that the microphone voltage is the same a t  all frequencies if i t  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 a t  the right and the left of the cavity are both S. Assume the 

L 
CA I Very long tube- 

Closed cavity behind plst0n with acoust~c compliance CA2 

FIG. 7'5.8 



dryice cirri be represented Ijy Ir~mpecl clcmcnts and assunlc thnt end corrections may 
be ncglcctcd. Show thc volun~c vclocity of the diaphragm L' on your circuits. 

6.9. Figure P5.9 is an  analogous circuit for a mechano-acoustical system. The 
elements within thc dottcd hoxcs arc mechanical clcmcnts. Sketch a possible arrange- 
ment of acoustical and mccllanical clcments that  has an  analogous circuit like that 
shown in the figure. 

5.10. An acoustical element made from a perforated sheet with a thickness of 0.0025 
m and an area of 0.01 m z  is needed tha t  has a " QA" of 2.0 and an acoustic mass of 135 
kg/m4 a t  an  angular frequency of 100 radians/sec. Find the  nunrher of holes required 
in such an element. Hints:  Assume that  the  large fraction a t  the right of Eq. 
(5.58) is approximately unity.  Assume (1 - a/b) 1 in Eq .  (5.57). At the crrd, 
test the percentage error in " Q A "  and MA made by these assun~ptions.  Note also 
that  thc number of holes n equals the  area dividcd by  bZ. 

Chapter 6 

6.1. A moving-coil microphonc 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 a t  500 cps a t  i ts  surface in a free field by a particular source is 1 dyne/cm2. 
The acoustic impedance of the diaphragm (when in place on the microphone) as 
measured a t  its external surface is (20 + j0) cgs acoustic ohms. What  sound pressure 
is produced a t  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 cm3. A microphone 
with a diaphragm impedance of 200 - j(106/w) cgs acoustic ohms is imbeddcd in 
another part of the inner surface. If the source diaphragm has an  rms displaceme~lt 
of 0.05 cm3, what is the complex rms velocity of the  microphone diaphragm a t  500 cps 
if it has an  area of 4 cm2? 

6.3. The response of a capacitor microphone is -52 d b  re 1 volt for a sound pressure 
of 1 microbar a t  the diaphragm. The capacitance when the microphone diaphragnl 
is csposed to the air (pD = 0) is 50.0 micromicroiarad (,iPf). l'he capacitance w h ~ l  
thc, microphonc diaphragm is blocked (UD = 0) is 48.0 j ~ ~ f .  The air volmnc behind 
the diaphr:rgm is 0.2 ~ 1 x 1 ~  ,znd thc diaphragm arca is 3 cm2. Draw an equivalent Cir- 
r .11 i t  for tlrc microphone a t  lo\\- frcqucncics and give the valucs of thc cl(~nients in mks 
11nits. 

6.4. ?Z c.:rp:witor mic~ropl~orrc whose diaphragm is Rush with one side of a s l a d  
cavity 11:~s t11v foi lowi~~g r~h:lruct,crist,ics.: 

I ) i i~p l~ r :~g~n  compliance = 5 X m/ncwton 
Compliance of air hcllind diaphragm = 2.2 X m/newton 

I'ol .'. ' a1 ulng voltage = 200 volts 
Spacing of t1i:tplrrngm and backplatc = lo-' m 

Area of diaphragm = 3 cmz 
I<Icctric.al capacit:rnce of the  microphone = 35 PPf 

Load rcsistance = 20 megohms 

Neglect the  mass and resistance of the  diaphragm. A small constant-velocity piston 
imbedded in one side of the cavity generates a pressure of 0.1 newton/mZ throughout 
the cavity tvith the microphone diaphragm fixed so that  i t  cannot move. The 
mec1ianic:tl compliance of the  cavity is 9 X m/newton. Compute the  voltage 
across the load resistance a t  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. PG.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 > i s  in. The  plates are  connected 

in parallel electrically. Assume tha t  for a given sound pressure the  microphone pro- 
duces an  open-circuit voltagc level of -60 db re 1 volt a t  frequencies of 100 and 1000 
cps and T = 40°C. What  will the voltage levels be a t  the same frequency if the 
sound pressure is held constant and the temperature is set  a t  each of the  following 
values: 10, 25, and 30°C? 

6.6. A barium ti tanate unit  is to be used in a microphone. Assume t h a t  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 a t  w = 1000 radians/sec is applied to the 
proper place on the bender Bimorph unit. 

6.7. .4 tentative design for a Rochelle-salt-pressure microphone calls for an  alumi- 
num diaphragm connected to one corner of a square-torque Bimorph crystal tha t  has 
been made from an X-cut shear plate (see Fig. 6.40). Physical constants are: 

Diaphragm diameter = 4 cm 
Diaphragm mass = 5 X kg 

Diaphragm compliance = 4.5 X m/newton 
Crystal arca = 1 cm2 

Crystal thickness = 2 mm 
Volume of cavity behind diaphragm - m3 

The platrs are connwtcd clectrically in parallel. Disregard the  cavity between the 
diaphragtn and sintercti plate. 

(u) (:o~npntc the low- f rc~~~r rncy  opcn-circuit pressure sensitivity in db  re 1 volt per 
microlxir, disrcga~ding the vl'fcrt of the sintcrcd metal plate. 

( 1 , )  1)isrcyprtlin~ t l r ~  :\il. load, c:tlcr~l:~Lc tlrc rcsonnncc frccluc~rrc~y wit11 tlrc tllcctrical 
ter~iiiri:rls r~~)c~~r-c~ircuitc'tl. 



Chapter 7 

7.1. A snlall (1irec.t-r:tdi:ttor lor~dspeakrr IS to Ije used both as a micropllonc and as a 
loit~lspc~akcr in an irltercon~~rlr~nii.atior~ sct. I t  is calil)r:ttcd ns a tnic.rophone in the 
~ l~ i t l d l c  of thc audio-frcquenry region where, to a ro11gI1 :t~)prosinr:itiotl, all muss and 
ntiffncss reactances may he neglcc,ted arid the sprcific r:idi:ition i~npcclarlcc on each 
side of the  diaphragms is pot. 

If the open-circuit free-field sensitivity a s  a microphone is -80 dl) re 1 volt for a 
I,locked-diaphragm sound pressure of 0.1 ncwton;m2, what will be tile maximum 
j)o\rrr availnhle efficiency of the  device operating as  it loltdspcakrr, assllming a 
generator resistance of 0.2 ohm, anti radiation into half-space? 

1,et voice-coil resistance RED = 0.2 ohm ; flux dcnsity in air gap B = 2.2 n-ebers/m*; 
length of wire in coil 1 = 2 m ;  effective radius of diaphragm = 0.03 m .  

7.2. A public address systcm with an over-all "gain" a t  1000 cps of 15 d b  is desired. 
The  "gain" of the  system, here, is 20 times the logarithnl to the base 10 of the ratio of 
the  sound pressure produced a t  a distance of 50 f t  hy the  loudspeaker in an  anechoic 
room to  t h a t  produced a t  t he  microphone by the  person talking. You have available 
:I microphone with a free-field opcn-circuit sensitivity of -90 d b  below 1 volt per 
niicrol~ar and an  internal resistance of 30 ohms. You also have a loudspeaker tha t  has 
a ~naximurn available power response of 96 d b  re 0.0002 microhar and 1 wat t  measured 
:3t 1000 cps and  20 It .  T h e  loudspeaker impedance is 8 + jO ohms and the amplifier 
Ixis a n  input impedance of 30 + j0 ohms and an  ontput  i n~prdanc r  of 26 + j0 ohms. 
\\ 'hat matched-impedance power gain in decibels must your amplifier have a t  1000 cps? 

7.3. The  power available efficiency of a loudspeaker operating in an infinite baffle is 
.i per cent, assuming radiation into half-spare. At a dist,ance of 20 f t  from the speaker 
there is a dynamic microphone. The  open-circr~it voltage calibration of the micro- 
phone is -90 d b  re 1 volt for a sound pressure level of 1 microbar. .4ssurne that  the 
speaker radiates a spherical wave. Also assume tha t  the  output  impedance of the 
inicrophone is essentially resistive and equal t,o 30 ohms. If the power available to 
the  loudspeaker is 10 watts, what is the power in :t :30-ohm resistor connected to the 
~nicrophone? 

7.4. In  a certain loudspeaker there is only a limited space for thc voice coil. Some 
of the constants and tli~nensions of this loudspeaker arc  as  follo\vs: 

Cone diameter = 0.25 m 
Mass of t he  cone = 0.03 kg 

Voice-coil diameter = 0.05 m 
Maximum radial thickness of the  voice coil winding = 0.0025 m 

LVinrling length of voice coil = 0.0125 m 
Xumber of turns on the  voice coil = 10 

(a )  Computc the  ratio of the  loudspeaker cfficiency for an  aluminum voice coil to 
the  lortdspcakcr efficiency for a copper voicc coil. Consider only the  ranae where 
ka  < 0.3. 

( h )  What is the  d-c resistance of each voice coil? 
7.5. For frcquencies below 500 cps, determine the resonance frequency and the 

t o l d  " &" of a direct,-radiator louclspcakcr with tlrc physical constants given helotv, 
assur~~irig an infinite baffle mounting. Let I t ,  = 10 ol~rrrs: RE = 8 ohms: B = 2.1 
\whcr,'ni2; I = 10 rn; bf ,,,,, = 0.02 kg; C v s  = 2 x 10-' m/ricwton; and effectiw 
di:~rrrt~tcr = 0.2 m.  

7.6. An idealized dircc:t-radiator loudspcakcr has the followirlg cllarac.tcristics: 

Mass of the, c.oncL and voicc roil = 0.025 kg 
Conrpliancc of suspcnsio~l = rn/nc\vtorr 

Air-gal, Ht~x = I wcbcr/n12 
Length of thc  voice-coil winding - 10 m 

Assume that  the  impedance of thc voice coil is ncgligihle a t  all frequencies of interest 
and tha t  the specific acoustic impedance of the air load on the cone is 407 newton- 
sec/m3 

( a )  At what frequency does the  loudspeaker resonate? 
(b) If thr  mass of the  air load had been taken into consideration, how would the 

resonance frcqucncy of t he  systcm 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 k g ;  mass of the 
voice coil = 0.005 kg;  mechanical compliance of suspension = 6 X m/newton; 
mechanical resistance of suspension = 1.5 mks mechanical ohms; air-gap flux = 1.0 
weber/m2; voice-coil resistance = 8 ohms; voice-coil inductance = negligible; diam- 
eter of voice coil = 0.05 rn; number of turns on voice coil = 50; and  generator 
resistance = 8 ohms. Find the  power availahle cfficiency a t  500 cps, assuming 
radiation to one side of :tn infinite baffle. 

7.8. Givrn a single-cone single-coil direct-radiator loudspeaker with the  following 
rharactcristics: diamctcr = 8 in.; mass of cone = 25 g ;  mass of voice coil = 2 g ;  
mechanical compliance of suspension = 5 X lo-' 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 nunrl)cr of turns on voice coil = 50. 

Assnmc that  a constant voltage of 1 volt rms is held across the  voice-coil terminals. 
Compute the acoustic power output  a t  1000 cps, and determine the  efficiency a t  this 
frequency, assuming radiation to one side of an infinite baffle. 

Chapter 8 

8.1. Design and give brief instructions for huilding a closed-box hame for a loud- 
speaker with an  atlvcrtisctl diameter of 12 in. The resonance frequency of the 
speaker in t,he closrti hox should be only 10 per cent higher t han  the  resonance fre- 
quency wi tho~l t  hame. 

Assume that  the  co~npliancc of suspension, CMs,  equals 2.1 X l W 4  m/newton and 
thc mass of diaphragm and \.oice coil, M M D ,  equals 0.012 kg. What  ~vould be the 
rc3son:rncc frcqurncy if thcl speaker radiated into the air on both sides of an infinite 
1)afflc.Y 

8.2. Thc loudspcakcr of I<\-arnplc 8.3 in thc  text, whcn mounted in a closed-bos 
11:iffo \vith :I volume of 0.3 m3, has a Q T  of 0.27 for R, = 3 ohms, and  a resonance 
frc:clr~(,ncy of 50 cps. 

( a )  ~ ) T R \ I .  ~ I I C  rcsponsc curve. at, frcqucncics bclow 400 CpS. 
( b )  \\;hat is thc csffcct on  t h r  rrsponsc of the loudspeaker in this frequency range 

rc~srtlting from rigtllly :ctt,:rc.llir~~ thrrc "domes" (cones with a height of 1 cm and a 
di:urrctc~r of 10 cm) to tllo c.c~n(~ SO :Ls to increasc thc mass of the  diaphragm? Calculatc~ 
two <.:ISI-S wIrvr(: ( ~ c I 1  of t l ~ c  t l ) r ( ~  domes has x mass, r ~ s ~ e c t i \ ~ c l y ,  of 0.02 and 0.1 kg.  
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Note: I n  the calculations assume that Q T  = ~ ~ A / R A  is the same a t  all frequencies as 
its value a t  100 cps. 

8.3. The loudspeaker of Example 8.3 in thc text, when mounted in a closed-box 
baffle with a volume of 0.3 m3, has a QT of 0.27 and a resonance frequency of 50 cps 
for R, = 3 ohms. 

( a )  Draw the response curve a t  frequencies below 500 cps. 
(b) What is the effect on the response of the loudspeaker of mounting a short sec- 

tion of a n  exponential horn in front of the loudspeaker that  loads the front side of the 
diaphragm with the following specific acoustic impedances (divided by pot) in placeof 
the front-side radiation impedance? 

Frequency, 7 

8.4. A particular 15-in. low-frequency direct-radiator loudspeaker is placed in a 
closed box 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 
B1 = 25 webers/m 

R M ~  = 2.3 mks mechanical ohms 
M M D  = 0.045 kg 

CMS = 2.82 m/newton 
Volume of box = 0.3 m3 

S o  = 8.03 X m2 
S D / 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)  If 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 a t  the frequency found in (a)? 

( c )  What are the new frequencies of cone resonance (i.e., and wfr for maximum 
cone velocitv)? " .  

( d l  Refer to Figs. 8.22 to 8.24. l'lot three points and skctch the on-axis pressure 
responses for Q2 = 0.5, 3.0, and 10.0. In plotting the curve, take into account the 
change in efficiency in region C, if m y  o c ~ u r s ,  relative to that for the closed box a t  
500 cps with R, = 0. 
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8.6. At frequencies below 500 cps, analyze the 1)ch:tvior of the small bass-reflex 
assembly sketch shown in Fig. P8.5, assuming thc following information: 

Inside volume of box 
not occupied by loudspeaker = 0.5 ft3 

Number of holes = 15 
Diameter of each hole = 0.5 in. 

Thickness of box side walls = 0.5 in. 
R, = 0 ohm 
RE = 2 ohms 

MMD = 0.0025 kg 
Cws = 3.6 X m/newton 
RMS = 1.0 mks mechanicrtl ohm 

Advertised diameter = 6 in. 
B1 = 5 webers/m 

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 a t  20 f t  in free space a t  40 cps. Assume an advertised diameter of 12 in., 
voice-coil length of >/a 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 f t .  

(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 length for this frequency. 
9.2. An exponential horn is to be constructed with a cutoff frequency f, of 70 cps. 

A driving unit with a diameter of 10 cm is available. Design the horn so that  i t  will 
he as small as possible consistent with producing a response within + 3  d b  between 100 
and 400 cps. Assume tha t  the specific acoustic impedance looking back into the 
driving unit is pot a t  a11 frequencies. 

9.3. A loudspeaker system is to be designed for the reproduction of music. I t  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 a t  the maximum acoustic power output desired of 10 watts. The lowest fre- 

quency to be is 90 cps. The crossover 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 (I~ells); (b) cutoff 
frequencies; (c) throat areas; (d) flare constants; ( e )  lengths; and (,f) the upper frc- 
quency limit on the high-frequency horn. 



9.4. Analyze: the horn of Fig. 9.18 in an effort to learn (0) its cutof? f r e q ~ ~ e n c y ;  (1,) 
its flare constant;  and (c)  the frequencies a t  whiclr t l ~ r  I)c>nds in t l ~ c  I~orn sl~ould pro- 
ti~l(;c irrrg~rlaritics in the response curve. Assume t l ~ t  thcb Iic,igl~t is 48 in., tlrt: over- 
; i l l  width is 30 in., and the  over-all dcpth is 40 in. 
9.6. Design the shortrst  possible length of csponenti;~l Irorn to be plxwd in front 

of ii direct-raduitor lontlspeakcr that will provide a miiss load of 0.1 kg a t  40 cps and a 
specific acoustic impedance load of ncarly poc a t  400 cps to t,he diaphragn~ whose area 
is 0.12 m2. Hzn t :  At 40 cps, the horn can probably be t,rcated as a cylindrical tube 
rontaining the same mass of air. 
9.6. I 'k t in~ate  the  power available efficiency a t  sevrral frcqr~encicis of a typical 

1.5-ft.-dianreter loudspeaker if it is terminated on tlir front side hy the horn of the 
previous example and on the rear side hy a closed box with a conlpliancc equal to that  
of the suspension. 

Chapter 10 
10.1. I n  a certain rectangular room the (1,0,0) mode occurs a t  10 cps, the (0,2,0) 

mode a t  30 cps, and the (0,0,3) mode a t  50 cps, when the air temperature is +20°C. 
( a )  What  is the frequency of the (2,3,1) mode a t  20°C? 
( b )  \Vhat would the  frequencies of the (3,0,0), (0,2,0), and (0,0,1) modes be a t  

-20°C? 
( c )  Sketch the contours of equal pressure for the (1,0,3) mode. 
10.2. Find the angles of incidence of thc traveling waves on the three walls of a 

rrctangular room \\-ith dimcnsioris 3 X 2 X 1 nl for the (10,17,3) arid (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. 
10.5. A source of sound with a frequency of 1000 cps and a power level of 100 db  re 

10-l3 watt  is located in t,he centtlr of a large irregular room with a roorn constant of 
1000 f t z  and approximate dimensions of 50 X 40 X 15 f t .  If the  source has a direc- 
tivity index tha t  is symmetrical about the  0 = 0" axis and is equal to +10 db  a t  
e = 0"; +3 d b  a t  e = 45"; -8  dh a t  0 = 90"; -30 d b  a t  0 = 135"; and -20 db  a t  
0 = 180°, plot the  rnls 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 

10 X 23 X 11 ft .  The  walls arc gypsun1 plaster on mctal lath, the ceiling is painted 
concrete, and the  floor is covcrrd with linoleum tile. T h e  window areas are 100 f t? .  
Prescribe suitable acoustical treatnrnnt. for t,he room, assuming 10 people seated in 
wooden chairs and a desired revcrheration timc of 1.1 sec a t  all frequencies. Is  air 
absorption important a t  4000 cps? 
10.7. A lecture room having d i ~ ~ ~ e n s i o n s  40 X 30 X 18 f t  seats 50 students in 

wooden chairs. T h e  walls and ceiling are gypsum plaster on I~ollow tile, and the floor 
is painted concrete. Two-thirds of the  area of one of the  18 X 40 f t  walls is occupied 
hy windows; the blackboard arca is 240 ft2. The  desired reverberation time is 1.2 see 
a t  500 cps. 

( a )  Determine the reverberation time of the  room a t  500 cps when empty, half full, 
and full. 

(b) l'rescribc acoustical correction, assuming half-capacity seating, and compute 
the new reverberation tinre w i t l ~  full rapac.ity. 
10.8. The prrssure response characteristic of a lo\~dspcakcr rneasurcd on the axis a t  

10 f t  in an  anechoic ehanibcr is as follows: 

/ t e spu ,~sc  r 11 dl) I c 0 0002 n~icrobu- 
F1 equcncy, cps  and a p o r u ~ ~  urm~lahle o f  1 1 m t 1  

100 98 
200 100 
400 102 

1000 97 
2000 100 
4000 104 

The d ~ r r c t ~ r  ~ t y  factor Q 1s found from Fig. 4.24. 
This Ioudspe,zkcr is to be used In a room with a volume of 104ft3, an  area of 5000 f t2  

and a revcrhcration time of 1.2 scc a t  all frequencies. Calculate the  sound pressure 
level, a t  the six frequencies above, t ha t  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 t o  be used is to be trcat,ed 

with acoustical material for optimum acoustical properties. The  dimensions and 
other specifications of thc  roorn are as follows: length = 90 f t ,  width = 100 ft ,  
height = 30 f t  a t  front and 10 f t  a t  back (see Fig. P10.9). 

Longitudinal sectton of room 
-4 l0.L 

FIG. 1'10.9 

The floor is wood; the  walls and ceiling are lime plaster on metal la th ;  t he  350 seats 
are wooden; and one-half of the  ceiling, one-third of the side walls, and all of the  rear 
mall are to be covered with the same acoustical material. Assuming a reverberation 
time of 1.4 scc a t  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 d b  re 10-l3 watt  is located in a 

large irregular room with a room constant of 1000. One wall of this room has  an  area 
of 600 f t2  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 hlowcr for a furnace produces, a t  the top of a smoke stack, a 

pure tone a t  1000 cps with a power level of 140 db. People living a t  a distance of 

1000 f t  complain about the  no is^, and a court order requires the company to reduw 
the level to 25 d h  re 0.0002 microbar under all weather conditions. Prescribe a snit- 
able sound treatment. Assume that  the st,ack is G f t  in diameter and tha t  this open 
area must be preserved in t,hc treatment. 
11.2. A quiet conference room with dimensions 30 X 30 X 15 f t  is t o  be  built next 

to a trading ccrrter with dimensions 200 X 75 X 24 f t .  The sound pressure levels 
in thc~ confc.rc-nce room must 11ot. rise above an nvcrnge of 40 d b  in each of the 600-1200, 
1200-2-100, a ~ r d  2400-.1SOO rl,s hands. If 40 people shout a t  one time in the trading 
ccbntc~r, wh;it wrnount and kind of acoustical trc3atrncnt must be provided in each of thc. 
t\so rooms :~rrd wh;~t  of wit11 should he installed between thrm to produce thr  
desircd Ir\~vls in Lhc ron f r r rn r .~  room? 
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11.3. Four tabulating machines arc, to be operated in a floor space of 15 X 15 f t  in 
onc corner of a large office measuring 50 X 90 X 14 f t .  I t  is desired that  the noise 
levels not exceed an average of 55 d b  in the 600-1200, 1200-2400, and 2400-4800 cps 
hands 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 tha t  produces the sound power 
levels shown in column 2 below: 

Frequency 
band, 

CPS 

Power levels 
re 10-l3 watt, 

db 

Criterion 
levels, 

d b  

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 f t  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 a t  the plane of the 
windows would be 90 db if the building were not there. The  sound waves arrive a t  
the wall a t  many angles of incidence. The average transmission loss of the window 
glass is 29 db, the area of windows is 60 ft2, and the room constant is 500 f t2  without 
treatment and 3000 f t 2  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. I n  a small factory room having dimensions of 30 X 50 X 20 ft, the reverberant 
noise level with all machines running measures 94 d b  re 0.0002 microbar. The 
reverberation time of the room with all machines quiet is measured to be 2.8 see. 

( a )  Compute the total absorption in sabins present in the room, the average absorp- 
tion coefficient, and the room constant R. 

( 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 tha t  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: 

A m p l i f i e r  

FIG.  1'12.1 

The cirwit values arc 1 2 1  = 999 o l ~ l ~ ~ s ,  1 2 2  = 1.0 ohm, ZL - 50 ohms resistive, and 
Zo = 50 ohms resistive. l ' hc  gc:ncr:rtor fi is first short-circuitcd and the microphone 
is irnmcrscd in a sound field. \Vit,h a free-field sound pressure of 74 d b  re 0.0002 
microbar, the voltmetcsr 1,' rc,:lds 10 volts. The sound field is tlicn turned off. The 
short circuit is now rernovd from the gencmtor. \{:hen E: is adjusted to read 2 volts, 
the voltmeter 17 again reads 10 volts. 

( a )  Compute theopen-circuit voltage of the microphone for the abovesound pressure. 
( b )  The microphone is connected to an amplifier with a power gain of 90 db and a 

loudspeaker with a power availablc response of 75 db re 0.0002 microbar and 1 watt 
measured in a n  anechoic chamber 30 f t  from the source. Assume matched impcdancw 
a t  the input of the amplifier. Compute the sound pressure level produced a t  thie 
same distance with a free-field sound pressure levcl of 70 db re 0.0002 microbar a t  the 
microphone. 

12.2. Indicate whether the following statements are true or false. 
(a) Rochelle-salt-crystal microphones are unaffected by temperatures below 150°F. 
( b )  Moving-coil microphones must be operated into very high resist,ances rather 

than their nominal resistances to avoid reduction in the response a t  very high 
frequencies 

(c) The output of crystal microphones is lower a t  high frequencies than a t  low 
frequencies when 50 f t  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 d b  re 0.0002 microbar a t  the centrrs of four equal sectors of a herni- 
s~hcr ical  surface with a radius of 1 m centered a t  the source. Determine the total 
power level assuming standard temperature and baronletric 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 sourcc. 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, 

CPS 

30 
50 

100 
200 
500 

1000 
2000 
5000 

10,000 

Band  level in db 
re 0.0002 n~icrobar 

33 
36 
44 
55 
52 
50 
50 
50 
50 

12.6. You are asked to measura the power-level spectrum of a large outdoor 60-cps 
power transformer equipped with largc cooling fans. The purpose of the tests is to 
determine the detailed spectrum of the noise and the octave band levels Assun~e 
that 1000 f t  of cable will be necessary; that temperatures up to 100°F will be encoun- 
tered and that  noise lcvels betwccrl 40 and 80 db are to be measured 

Discuss how you would sclect your apparatus, how and a t  what positions you would 
take the data,  and how you would record the data and plot the results. 

12.6. 'Two id(,r~t,ic:;il c:~p;tcitor mic~rophones arc to be calibr,zted by the reciprocity 
tcc:hr~i(~~~cx. I f  t l l ~  ol,cr~-circuit low-frcqucncy response of each is -50 dh re 1 volt for 
a sourid-prcsssr~re ficlti of 0.1 ncwton/rr~~;  if the electrical capacitance of each is 50 rrf 
when tlic microphone is in free space; if the acoustical compliance of eachdia~hragm 
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\\.hen the c,lectrical tcrmin:tls : I I T  opr~~-circ*uit.t.d is lo-'* m6/ncwton; and if t.he volume 
of the coupling airspace is 10-5  1n3, find Ihc ratio of the  open-circuit volt,agc. produced 
by the No. 2 ~rric~roplionc to the \.olli~ge driving the  No. 1 microphone when the 
di:tphragnis o i  110th terminate in t l r c .  ( m ~ ~ p l i n g  nirspace. 

Chapter 13 

13.1. Determine the  loudness level In phons of each of the following three sounds, 
and total loudness Icvcl of the co~nb ina t~on :  (a) a purcb tone of 70 d b  SPL a t  2000 cps; 
(b) a band of white noise of spectrum level equal t o  50 d b  located between 800 and 
1000 cps; (c) a pure tone of 80 db  SPI, a t  40 cps. 
13.2. Indicate whether the following statements arp true or false. 
(a) You are  listening to a 1000-cps Morse-code sigr~al in the presence of noise. A 

filter with a 100-cps bandwidth centered a t  1000 cps will improve your ability to hear 
thc signals. 

( b )  A pure tone of 60 d b  sound pressure level a t  100 cps is less than half as loud as 
a pure tone of 60 d b  sound pressure level a t  3000 cps. Assume tha t  the comparison 
is made in a free field and that  the transfer function of Fig. 13.11 is a measure of 
loudness. 

( c )  Pitch and the  position coordinate of auditory nerve patches on the basilar mem- 
brane are related to frequency in approximately the  same manner. 

( d )  I n  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 a s  a function of frequency passes through the 

following points: 
F~equency ,  

CPS 

50 
350 
700 

1000 
I600 
2200 
3000 
4000 
5000 
8000 

12,000 

Spectrum level, db, 
re 0.0002 microbar 

66 
5 3  
49 
48  
5 1 
57 
55  
51 
49 
45 
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-me1 bands u p  to a pitch of 3300 mels. Find the 

total loudness level. 
13.4. Given seven pure tones with the following frequency and sound pressure 

levels: 
Sound pressure level, 

db, re 0.0002 ~ ~ ~ i c r o b a r  
8 5  
80 
78 
R2 
(i 8 
75 
70 

(a) On semilog graph paper makc. a plot of loudness level vs. frequency b y  drawing 
a vertical line a t  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 detern~ine the loudness level of the combination. 

(c) In the light of the above exercise, does adjustment of the  volume control on a 
radio affect the faithfulness of what the listener hears? 
13.6. (a) The  noise in an antoniohile traveling a t  40 mph is measured with a sound 

analyzer tha t  has a filter which is continuously variable as a function of frequency. 
The bandwidth of the filter also varies and is equal t o  0.025. Convert t he  measured 
sound pressure levels, given below, to spectrum levels and plot a curve of them on two- 
cycle semilog paper. 

Frequency, 
CPS 

100 
200 
400 
800 

1200 
2500 
5000 

10,000 

Sound pressure level 
db re 0.0002 microbar 

64 
67 
69 
65 
6 1 
52 
49 
52 

( b )  A cooling fan, a vibrator, and a motor-generator set  are needed in the aut.0- 
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 se t  gives off a tone of 670 
cps. How should the noise specifications on these devices read if all three are to be 
inaudible when the car is moving faster than 40 mph? Assume tha t  the khree 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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DECIBEL CONVERSION TABLESt 

I t  is convenient in mcasurcments and calculations in electroacoustics to express tllc 
ratio between any two amounts of electric or acoustic power in units on a logarithmic 
scale. The decibel (Moth of the bel) on the briggsian or base-10 scale is i n  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 I1 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 I1 on the following pages can be readily found with 
the help of the following simple rules: 

Table I: Decibels to Voltage, Soztnd 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 d b  

Voltage (sound pressure) ratio: 9.2 d b  -* 

2.884 x 10 x 10 = 288.4 
Power ratio: 9.2 d b  -. 

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, dlvlde the value from the left- 
hand power-ratio column by 100 for each time you added 20 db. 

Example4iven:  -49.2 d b  



Power ratio: -9.2 d h  

0.1202 X !ion x !foe = 0.00001202 

FOR R A T I O S  S M A L L E R  T H A N  THOSE I N  TABLE. M ~ ~ l t i p l y  t,hv gi\.rn rntio 10 srl(.- 

cesqively until t.he product can h r  fo l~nd in the t a l~ le .  From thc n11ml)er of (ircil)(-ls 
t l ~ r ~ s  found, s r i l~ tmet  +20 drcibrls for each time yo11 multiplird 1)y 10. 

Exanlplc-Given: Voltage (sound prcssurc) r:itio = 0.0131 

0.0131 X 10 X 10 = 1.31 
From Tah l r  11, 1.31 -+ 

FOR R 4 T I O s  CREATER T H ~ X  THOSF: IZ T.<RI,E. Divide the g i ~ r r l  ratio Ily 10 sllccrs- 
sivrly until the remainder can he found in the table. To the number of dccilxls thus 
found, add +20 d b  for each time you dix-idcd by 10. 

Example--Given: Voltage (sound pressure) rat.io = 712 

712 X >.i'o X ! i n  = 7.12 
From Table 11, 7.12 -+ 

'~ADLF, I. Dccibrls to Voltage, Sound Pressure and  Power Ratiost 
'I'o I[ ,  ,.ourlt for t l ~ e  s i p  o j  the decibel. For positive (+) valucs of the decibel: Both 

volt,:rac* ;md power r:itios are grrnt.vr t,lr;in ~ i n i t y  Us? the two right-hand columns. 
t:or ~ktt~:tt ivc ( - ) V : L I U ~ ~ S  o f  th(3 ~ t ( x i l ) ~ l :  130th volt,:~ge and power ratios are less than 
o~l i ty .  ITse the  two left-l~and columns. Use the voltage columns for sound pressures. 

E x a m p l e .  Given: k9.1 db. Fznt i .  

Power Voltage 
ratio ratio 

Voltage Powcr 
ratio ratio 

-- 

Voltage 
ratio 

1.000 
1.012 
1.023 
1.035 
1.047 

1.059 
1.072 
1.084 
1.096 
1.109 

1.122 
1.135 
1.148 
1.161 
1.175 

1.189 
1.202 
1.216 
1.230 
1.245 

1.259 
1.274 
1.288 
1.303 
1.318 

I 334 
1 349 
1 365 
1 :380 
1 396 

Power Voltage Power 
ratio 1 ratio 1 ratio 

Voltage 
ratio 

1.413 
1.429 
1.445 
1.462 
1.479 

1.496 
1.514 
1.531 
1.549 
1.567 

1.585 
1.603 
1.622 
1.641 
1.660 

1.679 
1.698 
1.718 
1.738 
1.758 

1.778 
1.799 
1.820 
1.841 
1.862 

1.884 
1 ,905 
1.928 
1 950 
1.972 

Power 
ratio 

1.995 
2.042 
2.089 
2.138 
2.188 

2.239 
2.291 
2.344 
2.399 
2.455 

2.512 
2.570 
2.630 
2.692 
2.754 

2.818 
2.884 
2.951 
3.020 
3.090 

3.162 
3.2313 
3.311 
3.388 
3.467 

3 548 
3.63 1 
3.715 
3 802 
3 890 





TABLE I .  Decibels to Voltage, Sound Pressure and Power Rati0u.t- 
(Con1 inued) 

Voltage 
ratio 

-1 Power d b  

ratio 
- 

10-I 10 
lo-' 20 
10-J 30 
lo-* 40 

+ 
Voltage 

ratio 
l'ower 
ratio 

t T o  find decibel values outside the  range of this table, see page 455. Use the 
voltage ratio r o l ~ ~ m n s  for sound pressure ratios. 

?'ABI,E 11. Vult:~gc. arid So~11d I'ressure Ratios t o  Decibelst 
I'oltage und sound pressure ratios. Use the table directly. 
I ' o ~ u e ~  ratios. To find the number of decibels corresponding to a given power ratio: 

r\ssume the givcrr powpr ratio to be a voltage ratio and find the corresponding number 
of decibels from thc table. The desired result is exactly one-half of the number of 
decibels t h r ~ s  found. 

Example:  Given: a power ratio of 3.41. Find: 3.41 in the table: 

I'oltage 
ratio 

- 
1  . 0  
1 1  
1 .2  
1 .3  
1 . 4  

1 . 5  
1 . 6  
1 7  
1.8  
1 . 9  

2 .0  
2  1 
2  2  
2  3 
2 .4  

2 . 5  
2 .6  
2 .7  
2  8 
2 .9  

3 . 0  
3 . 1  
3 . 2  
3  3 
3 . 4  

3  5 
3 . 6  
3 . 7  
3  8 
3 . 9  

4  0  
4 .1  
4  2 
4 .'3 
4 -1 
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'I'AI31,E 11. Voltage and Sound Prcssure Ratios to Decibe1s.t-(Coniinued) 

\'ol tage 
ratio Volt age 

ratio 
-- - 

8 . 5  
8 . 6  
8 . 7  
8 . 8  
8 . 9  

9 . 0  
9 . 1  
9 2 
9 . 3  
9 . 4  

9  5 
9  6 
9 . 7  
9  8  
9 . 9  
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t To find ratios outside the range of this table, see page 455. 

TABLE 11. Volhgc and Sound Pressure Ratios to Decibe1s.t-(Continued) 

I I I 
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Conversion Factors 

The following values for the fundamental constants were used in the preparation 
of the factors: 

1 m = 39.37 in. = 3.281 f t  
1 lb (weight) = 0.4536 kg=  0.03108 slug 

1 slug = 14.594 kg 
1 Ib (force) = 4.448 newtons 

Acceleration due to gravity = 9.807 m/sec 2 

= 32.174 ft/sec2 
Density of Hz 0 at 4Oc = l o3  kg/m3 

Density of Hg at  O O C  = 1.3595 x l o 4  kg/m3 
1 U.S. Ib = 1 British lb 

1 U.S. gallon = 0.83267 British gallon 

CONVERSION FACTORS 

TABLE C.l Conversion Factors 

To convert Into Multiply by 
Conversely, 
multiply by 

acres 

atm 

circular mils 

cm' 

ergs 

ergslsec-cm' 
fathoms 
ft 

ft' 
miles' (statute) 
m' 
hectare (104m2)  
in. H'Oat 4°C 
in. Hg at O0 C 
f t  H,O at 4°C 
mm Hg at 0°C 
lblin.' 
newtons/m2 

kdm' 
O F  

in. 
ft 
m 
in.' 
cm' 
in.' 
ft' 
m' 
in.3 
ft3 
m3 
radians 
Ib (force) 
newtons 
lb/ft2 (force) 
ncwtons/mz 
ft-lb (force) 
joules 
ft-lb/ft3 
watts 
ft-lb/sec 
ft-lb/sec-ft' 
ft 
in. 
cm 
m 
in.' 
cm' 
m2 
in.) 
cm3 
m3 
liters 
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TABLE C.l Conversion Factors-Continued 

To convert Into 
Conversely, 

Multiply by 
multiply by 

ft H,O at 4°C in. Hg at  0°C 0.8826 
Ib/in.' 0.4335 
Ib/ft2 62.43 
newtons/m2 2989 

gal (liquid U.S.) gal (liquid Brit. Imp.) 0.8327 

gm 

hp (550 ft-lb/sec) 

in. 

in.' 

in. 

kg 

k d m 2  

k d m 3  

liters 

liters 
m3 
oz (weight) 
Ib (weight) 
ft-lb/min 
watts 
kw 
ft 
cm 
m 
ft2 
cm2 
m ' 
ft" 
cm3 
m3 
Ib (weight) 
slug 

gm 
Ib/in.' (weight) 
Ib/ft2 (weight) 

gmlcml 
l b / i ~ ~ . ~  (weight) 
Ib/ft3 (weight) 
in.3 
f t3 
pints (liquid US.)  
quarts (liquid U.S.) 
gal (liquid US.) 
cm3 
m3 

log, on 
in. 
ft 

Y d 
cm 
in.' 
f t2  

yd2 
cm2 
in.' 
f t3 

CONVERSION FACTORS 

TABLE C.l Conversion Factors-Continued 

To convert Into Multiply by Conversely, 
multiply by 

m y c o n t . )  yd3 
cm3 

microbars (dynes/cm2 ) Ib/in.' 

miles (nautical) 

miles (statute) 

miles2 (statute) 

nepers 
newtons 

newtons/m2 

Ib (force) 
Ib (weight) 

Ib H, 0 (distilled) 

Ib/in.' (weight) 

Ib/in.' (force) 

Ib/ft2 (weight) 

Ib/ft2 (force) 

lb/ft3 (weight) 

poundals 

slugs 

slugs/ft2 

km 
ft 
km 
ft2 
km' 
acres 
ft/min 
kmlmin 
km/hr 
db 
Ib (force) 
dynes 
Ib/in.' (force) 
Ib/ft2 (force) 
dynes/cm2 
newtons 
slugs 

kg 
ft" 
gal (liquid US.) 
Ib/ft2 (weight) 

k d m 2  
1b/ft2 (force) 
N/m2 
Iblin.' (weight) 
gm/cm2 

k d m 2  
Ib/in.' (force) 
N/m2 
Ib/in.' (weight) 

kglm3 
Ib (force) 
dynes 
newtons 
Ib (weight) 

kg 
k d m 2  -. 

tons, short (2,000 Ib) tonnes (1,000 kg) 
watts ergslsec 

h p  (550 ft-lb/sec) 
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relat,ion bctwccn microphonc*~ ant1 

loudspcakcrs, 378-379 
Directivity factor, 109-112, 317, 310, 

32 1 
Directivity index (see DI) 
DI (directivity indcx), calculation, 10!)- 

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, 340-350 
Doublet, microphone, 148 

sourcr, piston without baffle, 103-105 
simple, 97-100 

Draperies, 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, 365366, 393- 

394, 406 
diffcrrntial sensitivity, 403-404 
loudness, 401-403 
loudnrss lcvrl, 308 4 0 1  
masking, 404-40(i 
pitch, 3<17-398 

15:tr, tllrc.sholds, 391-307 
transfer funct~on, 401 

Eardrum, 389-3\10 
Earphone, moving-cod, 88 
lkhoes, 427 
1~:ffectlve l(~ngth of tube, flanged, 132- 

133 
unflanged, 133 

Effective particle veloc~ty, 10 
Effective sound pressure, 9 
Effective volume velocity, 10 
Efficiency, loudspeakers, maximum 

power available, 190-193, 195-198, 
262-265 

reference, 193-194 
IClectromagnet~c loudspeakers, 183-207 
Electromagnetic-mechanical transducers, 

70-71. 8 4 4 5  
Electromagnetic microphones, 151-157 
Electromechanical transducers, 70-75, 

86-90 
Electrostatic-mechanical transducers, 7 1- 

75, 85-86 
Electrostatic microphones, 157-164 
Elemcnts of circuits, acoustical, 62-69, 

128-143 
compliance, acoustic, 129-131 
general, 4&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, 2&35 
steady-state behavior, 291-294 
transient behavior, 291-295 
tube, 28-35 

End corrections, closed-box, 217-218 
flanged-tube, 132-133 
freertube, 133 

Energy, air-gap, 206 
dissipated, 80-82 
kinetic, 40 
potential, 40 
stored, 80-82 

Energy density, dcfinition, 11-12 
cxamplc, 45 
gcneral equation, 40 
kinetic, 40 
plane waves, 40-43 
potential, 40 
rooms, 208 

1Cncrgy 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, 141-1 42 
Exponential function, 25 
External ear, 390 
Eyring-Norris equation, 306 

Fans, ventilating, 342, 344 
Far field, 1 W 1 0 1  
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, 31 1 

Filters, acoustic, 143, 353-360 
electrical, 333-334, 362-365 

Finite-sized baffle, 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, 293-294 
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 field, definition, 22, 36 

reciprocity formulas, 382-385 
response, microphones, 157, 382-385 



Fraqucncy, an:tlyzcrs, 333 -334 
critical, 244-247 
definition, 7, 397 
differential sc!rlsitivity of ear, 404 
normal, 287 
resonance, 215, 229, 244, 2K3, 286-287 
weighting, 401 

Frequency response, filtrrs, 353-360 
loudspeakers, 189-192, 226-228, 246- 

253 
horn, 263-266 

microphones, 156, 164 
mufflers, 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, 33&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 
ear, 390-394 
loudness, 398-403 
masking, 404-406 
mechanisn~, 388-389 
missing fundamcmtal, 404 
pitch, 397-398 
thrrsholds, :3!)3-:3!)7 

Helmholtz resonator, 69 
Ilcmispherical radiation, 345 
History, 1 
Horn loudspeakers, 250- 284 
Horns, advantages, 259 

bends, 278 
cellular, 107-108 
conical, 276-278 
cross-sectional shapes, 279 
cutoff frequency, 27 1 
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, 269;272 
Klipsch, 283 
low-frequency, 280-282 
materials, 280 
mobilit ,~, 264, 27C-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, 308-31 1 
Huygens wavelets, 93 
Hydrostatically sensitive microphorics, 

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 
a t  discontinuities, 139-142 
horn, 269-273 
inverter, 85 
loudspeaker, 185, 213 
mechanical, 11, 52 
microphonrs, 157, 160-161, 165 
motional, 85, 187 
pcrforatod shrct, 138-1 39 
pipes, 13-135 
planc wavc, 35 
radiation (see J3adiation impedances) 
srrcc5ns, 1 : ( . I  - 13.5 

Impedances, slits, 135  136 
spherical wavc, 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, 106-417 
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 
Isot,hermal alternations, 19 

Jug, 130-131, 133 

Kapok, 220 
Kinematic coefficient of viscosity, 137 
Klipsch horn, 283 

Laboratory experiments, viii 
Large-amplitude waves, 272-274 
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 

Linc microphones, 96-97 
Iinguistic factors, 41 2-417 
I,ining, baffle-box, 219 
I,ining impedance, 219-221 
I,i~~irigs in ducts, 352-353 
I,istcrncrs, criteria, 417--429 

hoaring, 388-406 

I,istericrs, prc~f(!renccs, 205-206, 208 
speech intelligibility, 40G4 17 

Lithium sulphate, 164--177 
Lobe, principal, 90 

side, 96 
Losses, air, 308-3 11, 345-346 
Loudness, calculation, 401-403 

definition, 401 
differential sensitivity, 403--404 
principles, 398-403 

Loudness function, 401-102 
Loudness levels, calculation, 401-403 

contours, 399-400 
definition, 398-399 

Loudness units, 401 
Loudspeakers, bass-reflex enclosed, 142- 

143 
box-enclosed, 113-1 15 
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 

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 
hlass, 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 
blaterials, acoustic (see Acoustic mate- 

rials) 
sound-absorbing, 134, 2 19-22 1, 250, 

303-304, 335~339,350-360 
wall, 328 

Matrix, impedance, 84436 
transducer, 83-86 

Mean frw path, 288-289 



Measurement,  an:^ Iysis, 3 W  Xi5 
directivity, 365-36!) 
fluctuating sot~nds, 371 
high-frequency noise, 370 
high sound I c ~ t l s ,  370 
low-frequency noise, 370 
low sound levcls, 360-370 
sound power level, 365-367 
sound pressure, 361-376 
sounds in varying humidity and t ,e~n- 

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 
.\lrchanical mass, 52-53 
Mechanical ohm, 11 
Mechanical resistancc, 54 
Mechano-scoustic transducc$rs, 75 
Megaphone, 106-108 
Mel, 397, 403 
Membrane, stretched, 130 
Metals, density, 197 

resistivity, 197 
Aleters, iast-scale, 371-372, 420 

rms, 26 
slow-scale, 371-372, 420 
sound-level, 15, 372-373 
sound-pressure-level, 26, 361 355, 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 ~nicrophouw) 
cardioid, 148, 180-182 
ceramic, 17-1-177 
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, 151-1 57 
electrostatic, 157-1134 
hydrostatic, 167, 170, 175, 177 
impedance, 157, IA(kl(i1, 165 
incidence angle, 146, 972-374 
line, $16-97 
moving-coil, 1.51- 1 .57, :Hi:% 

3l1~~ropho1ivs, l)ic~zo~,l(.c.t,ri(*, 76, l(i-1- 177 
l)rrssurc, 144-177 
prcssurc-gradient, I4(i-1-29, 178-182 
~.il~bon (see Ribl~on microphones) 
velocity, 1-16-1 4!), 178-180 
(See also specific namc~sof ~nicrophor~t,>j 

h4itldlc rar, 390 
Missing funclamrntal, -104 
Mks units, 9, 82, 209 
Mobility, acoustical, 117, 120-121, 123- 

126 
analogies, 77-78 
conversion to  impedanrc analogies, 51 
definition, 52 
horn, 264, 270-271 
mechanical, 52-62 
ohm, 52 
radiation, 117, 120-121, 123-126 

Mode, normal, of vibration, 286 
Mohm, 52 
Mole, 19 
Motion equat,ion, 17-18, 39 
Motional impedance, 8.5, 187 
Mounting of acoustical materials, 303- 

304 
Mouth, horn, dcfinition, 259 

size, 268 
Moving-coil earphont,, 88 
Moving-coil loudspraker, 75-76 
Moving-coil microphone, 151--157, 363 
Moving-coil transducers, 71, 75, 88, 00 
MufArrs, 353-360 
Multiccll~~lar horns, 107-108 
Multiple loudspeakers, 259-260 

National Uurean of Standards tcst room, 
325 

Natural frcqucncy, 287, 296 
Near ficld. 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-~41!) 

on speech intelligibility, 408-4 16 
fan ,  342 
ma.chincry, 330-34 1 
~nc~; t s~~r rmcnt  of, 3(il-~:%7(i 
ranclom, 393 
sdf-, in rnicrophorrc~s, 174 
whitr, 393 

Noisr control, air lossrs. :{-!,!I :<.4S 
:mnlyzcrs, 333-3:3 1 
l)nrrirrs, 34s 

Noisc c:ontrol, critrrin, 334 
dir~ct~ivity, 334 

sourcc, 342-34 4 
doors, 349- 350 
ducts, 350-353 
emvironmcnt, 3.3-1 
factors, 333-335 
illustration, 335-338 
mufflers, 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, 41 7-428 
Noise measurement, 361-376 
Noise reduction (see Xoise control) 
Noise-reduction coefficients, 303 
Nomogram, directivity-index, 113 
Nonlinear distortion, horns, 272-276 

loudspeakers, 252-253 
microphones, 173 
plane waves, 272-274 

Sonlinearity in gases, 272-274 
Normal frequencies, 287 
Normal-frequency diagram, 296 
Normal modes of vibration, 286 
Normal threshold of audibility, 395 
Xorris-Eyring equation, 306 

Objective noise meter, 15, 372-373 
Octave, analyzers, 333-333, 362-366 

definition, 364 
Ohm, acoustic, 11 

mechanical, 11 
Open tube, 131-133 
Optimum reverberation time, 425 
Optimum room constant, 426 
Orchestra power levels, 338 
Organ pipes, 106 
Orthotelephonic gain, 409 
Ossicles, 390 
Oval w~ndow, 390 

Pain due to large sounds, 396-397 
Parabolic horn, 276 
Parabolic mcgaphone, 106-108 
Parallcl baffles, 356-359 
Particles, displacenlent, 7 

vclocity, 7 
plane wave, 35 
relation to pressure, 39 
rigidly closed tube, 20-31 
sphcr~ciil wavc, 36 

Partitions, hilding, 328-~329 

Perforated facings, 302-:<o:( 
Perforated shcet, 138-139 
Phon, 3!)9 
Piezoelectric coupling coeficient, 72 
Piezoclectr~c microphone, 76, 164-177 
Pieeoclectric substances, 167 
Piezoelectric transducers, 71-75, 00 
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 baffle, 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, office, 340 338-340 

orchestra, 338 
propellers, 34 1 
steam hose, 341 
ventilating fans, 342 
voice, 338 

Power-spectrum level, 15, 364 
Pressure, ambient, 7, 9 

atmosphenc, !) 
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l'rcssurc, barometric, 9 
definitions, 9 
differential sensitivity of ear, 403 
doubling, 131 
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, 361-369 
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, 308-31 1 
Propeller noise, 341 
Psychoacoustic criteria (see Criteria) 
Psychoacoustic factors, 208 
I'sychological 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 pcrforated 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 
sphcrical source, 117-1 18 

from linclar array, 93-98 
loudspcakcr, 222-228, 243-244 
from multicc.llrjlar horn, 107-108 
from piston, baffled, 101-103 

free, 103-105 
tuhc, 103-104 

I1ndi;r t ion, from sphcrical source, 36-39, 
92, 345 

Radios, audio system, 401 
receivers, 400 
tonc control, 401 

Random noise, 393 
Randomly incident sor~nd, 328, 372 
Rate of sound decay, 304-305 
Rayl, 11 
Reactance (see Impedancrs) 
Reciprocity, auxiliary transducer, 383-387 

self-, 382-383 
Reciprocity calibration, free-field, 382-385 

pressure, 385-387 
Reciprocity principle, 377-378 
R.eciprocity theorem, 3739-381 
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 rcsponse, 193, 194, 

246 
Reference power, 14 
Reference power available efficiency, 193 
Reference sound pressurc, 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, filt rrs, 35S-360 

loudspcakers, 189-192, 225-227, 246- 

Response, mufflers, 353-360 
sound-level meters, 372-373 
transducers, 379-381 

Responsiveness, acoustic, 65-66 
mechanical, 54 

Reverberantenergy density, 31 1-313 
Reverberant sound, 31 1-314, 318, 321 
Reverberation time, definition, 306 

enclosures, 30&311 
living rooms, 205206 
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, 17&173 

crystal structure, 164 
general, 164-174, 363 
humidity, 167, 174 
long cables, 371 
microphones, 164-174, 370-371 
nonlinear distortion, 173 
normalcy tests, 174 
plates, expander, 166-170 

shear, 165166 
properties, 167 
resistivity, 173 
self-noise, 173 
temperature effects, 167-174, 370-371 

&om 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, 2W201 
Sheets, pcrforated, 138-139 

sinusoidal absorbent, 358-359 
Side lobe, 96 
Silencers, 353-360 
Simple source, 91-93, 367 
Slit, impedance, 135-136 
Solutions to wave equation, onr-dimen- 

sional, 23-36 
planc wave, 35-36 
rigidly closcd tube, 28-35 
spherical, 3 6 3 9  
steady-state, 2 5 2 8  

Sonc, 401 
Sound, definition, 3 

diffuse field, 298 
dirc:ct, 311, 317, 320 
dispersion, 25 
intcnsity, 11-12 
pressure, 5, 9 
propagation, 9 
reverberant, 311-314, 318, 321 
sources, 338-344 
speed, 7, 10, 22, 24, 203 
transmission, 324-33 1, 345-346 

Sound absorption, in air, 307-311, 345- 
346 

coefficients, 299-305 
in materials, 299-305 

Sound-amplification systems (see Ampli- 
fication systems) 

Sound coefficients, 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, 106108 
directional, 316321, 367-369 
doublet (dipole) 97-100 
horn, 108 
infinite-impedance, 49, 51 
large, 321-322 
linear array, 9 6 9 7  
mechanical, 55-56 
megaphone, 106108 
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 
sphcrical wave, 36 

Specific heat of a h ,  19 
Spectrum level, measurement, 364 

power, 15, 334 
pressure, 15, 364 

Spcech, articulation indrx, 408 
direct, 409 
directivity patterns, 343 
intelligibility, 406-417 
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Spcech, s.rticul:rtior~ index, levels, 410 
peak and ~n~ni lnum,  408 

Speech, levels, power, 338 
range, 338, 407-408 

reverberant, 410 
spectrum, 338, 407-408 

Speech amplific,ation systems (see Ampli- 
fication systems) 

Speech-level range, 338, 407-408 
Speed of sound, air, 7, 10, 22, 24 

diaphragms, 203 
Spherical sources, properties, 91-93, 367 

radiation, 345 
impedance, 117-1 18 

Spherical wave, 36-39 
Standing wave, 286 
Stationary wave, 28-35, 286 
Steady state, 25-26,39,49,291-293,311- 

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 
me1 bands of 300-mels width, 40'3 
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 intcrfcrcnae levels, 420 
symbols, meaning of, 49-50 
thresholds of tolerance, 397 

Tables (seleatcd), unit conversion, 464-467 
voiw 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 

Th6venin1s, 78-80, 161 
Thermal diffusion wave, 19 
Thbvenin's theorem, 78-80, 161 
Thresholds, audibility, 394-396, 408 

damage, 397 
discomfort, 397 
bearing, 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 cont,rol, 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, 70-7 1,84- - 

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 

avcrage, 327-328 
definition, 324 
enclosures, 330 
flanking, 359-360 
men.snred, 327-330 

Transmission loss, walls, 324-330 
Transmission paths, air losscs, 345-346 

harriers, 348 
duct,s, 35G353 
clnclosing walls, 349-350 
Hanking, 359-360 
hemispherical radiation, 345 
mufflers, 353-360 
outdoors, 315-348 
spherical radiation, 345 
temperature gradients, 348 
terrain losscs, 347 

Transverse wave or resonance, 286-289 
Tubes, closed, 28-35, 128-129 

flanged, 132-133 
intermediate-sizcd, 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 

Unbaffled 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, 17&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, 335-330 

Vibration, normal modes, 286 
pick-ups, 363 

Viscosity cocfficicnt, 135 
kinematic, 137 

Voice (see Speech) 
Voice coil, definition, 185 

design, 195-198 
mass, 214-215 
velocity, 187-188 

Volume velocity, 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, derivat,ion, 16-23 
one-dimensional, 22, 39 
rectangular coordinates, 21, 39 
solutions, 23-39 
spherical coordinatcs, 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 microphona, 

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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Acoustical Design of Music Education Facilities, Edward R. McCue and Ri- 
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Ing. 678 pp., hardcover, 1989 (originally published 1981). 
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Acoustics ofAuditoriums in Public Buildings, Leonid I .  Makrinenko; John S. 
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quality in halls of public buildings in terms of the current state of the art in archi- 
tectural acoustics. 172 pp., hardcover. 1994 (originally puhl~shed 1986). 

Acoustics of Worship Spaces. David Lubman and l w a r t  A. Wetherill, Eds. 
I l raw~ngs ,  photographs, and accompanying data of cxisr~ny worship houses pro- 
\ , ~ d c  v~ral  inforrnat~on on problems and answers concernlny thc acoustical design 
o l c h ~ p c l s .  churches, mosqucs. remples. and synagogues. 91 pp.. paperback. 1985. 



ASA Edition of Speech and Hearing in Communication, Harvey Fletcher; 
,- T .  Jont B .  Aiien, Ed. Summary 01 n a v e y  F:~iihcr'.;, 33 yiZiiS of acous:ics wo;k 

Bell Labs. A ncw introduction, index, and complete b~bliography of F l e t ~ h e r ' ~  
work are important additions to this classic volume. 487 pp., hardcover, 1995 
(originally published in 1953). 

Aeroacoustics of Flight Vehicles: Theory and Practice, Harvey H. Hubbard, 
Ed. This two-volume set is oriented toward flight vehicles and emphasizes the 
underlying concepts of noise generation, propagation, predicting, and control. 
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noise, such as Propeller and Propfan Noise, Rotor Noise, and Sonic Boom. Vol- 
ume 2 contains eight chapters that relate to flight vehicle noise control and opera- 
tions such as Atmospheric Propagation, Jet Noise Suppression, and Interior Noise. 
Vol. 1: 589 pp.Nol. 2: 426 pp., hardcover, 1994 (originally published 1991). 

Active 95 Proceedings, Scott Sommerfeldt and Hareo Hamada, Eds. Contain- 
ing over 125 papers presented at the 1995 International Symposium on Active 
Control of Sound and Vibration, this volume is a valuable source of the latest 
technology on active control. 1400 pp., hardcover, 1995. 

Collected Papers onAcoustics, Wallace Clement Sabine. Classic work on acous- 
tics for architects and acousticians. 304 pp., hardcover, 1993 (originally pub- 
lished 1921). 

Concert and Opera Halls-How They Sound, Leo Beranek. Gives answers to 
the questions: How do concert halls compare? Which ones are rated the world's 
best? What are the acoustical and architectural features of the world's most fa- 
mous halls? Illustrated with 203 architectural drawings of 76 halls of music, 152 
photographs of these halls, and 47 other illustrations. 643 pp., hardcover, 1996. 

Electroacoustics: The Analysis of Transduction and Its Historical Back- 
ground, Frederick V. Hunt. A comprehensive analysis of the conceptual develop- 
ment of electroacoustics including the origins of echo ranging, the crystal oscilla- 
tor, the evolution of the dynamic loudspeaker, and electromechanical coupling. 
260 pp., paperback, 1982 (originally published 1954). 

Experiments in Hearing, George von BCkCsy. A classic In  the literature on 
hearing containing some of the vital roots of contemporary auditory knowledge. 
760 pp., paperback, 1989 (originally published 1960). 

Halls for Music Performance: Two Decades of Experience, 1962-1982, Ri- 
chard H. Talaske, Ewart A. Wetherill and William J. Cavanaugh, Eds. With draw- 
ings, photographs, and technical and physical data on 80 halls, this volume exam- 
ines standards of quality and technical capabilities of performing arts facilities. 
192 pp., paperback, 1982. 

Hearing: Its Psychology and Physiology, Stanley Smith Stevens and Hallowell 
Davis. This volume leads readers from the fundamentals of the psychophysiol- 
ogy of hearing to a complete understanding of the anatomy and physiology of the 
ear, including the relationship between stimulus and sensation. 512 pp., paper- 
back, 1983 (originally publ~shcd 1938). 

Nonlinear Underwater Acoustics, B. K .  Novikov, 0. V. Rudcnko, and V. 1. 
Timoshenko. Translated by Rohcrt 'I'. Beycr. Applies the bas~c theory of nonlin- 

ear acoustic propagation to direct~onal sound sources and receivers, including 
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tory tanks and test stations, precision sonars, fish detectors, and apparatus for 
geolocation and acoustic cartography. 272 pp., paper, 1987. 

Ocean Acoustics, Ivan Tolstoy and Clarence S. Clay. Presents the theory of 
sound propagation in the ocean and compares the theoretical predictions with 
experimental data. Updated with reprints of papers by the authors supplementing 
and clarifying the material in the original edition. 381 pp., paper, 1987 (originally 
published 1966). 

Origins in Acoustics, Frederick V. Hunt. A history of acoustics from antiquity 
to the time of Isaac Newton, this volun~e surveys sources beginning with the 
ancient Greeks and Romans, and documents experiments and observations by 
scholars from the Arab world during the Dark Ages and by pre-Newtonian scien- 
tists in Europe. 224 pp., hardcover, 1992 (originally published 1978). 

Papers in Speech Communication. Three-volume series containing reprint 
papers charting four decades of progress in understanding the nature of human 
speech production and perception, and in applying this knowledge to problems of 
speech processing. Contains important papers from a wide range of journals from 
such 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, 199 1. 
Speech Processing, Bishnu S.  Atal, Raymond D. Kent, Joanne L. Miller, 
Eds. 672 pp., hardcover, 199 1 .  

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 essays on theater design and an extensive bibliography. 167 pp., 
paperback, 1987. 



Vibration and Sound, Philip M .  Morse. This publication provides students 
and professionais with the broad speci~ U I I I  ui' i t i o u ~ i ; i s  iiieoi-ji, jiiciiidiiig wavl: 
motion, radialion problems, the propagation of sound waves, and transient phe- 
nomena. 468 pp., hardcover, 198 1 (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 conlinuum vibrations. 

Auditory Demonstrations on Compact Disc, A. J .  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. 


